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Abstract—Computers have been infected by the computer
anomalies. The availability of network data visualization tools
greatly facilitate to perceive computer users from being affected
by these anomalies. Many of the network data visualization tools
are designed particularly for users with advanced network
knowledge even though the tools are indispensable by diverse
computer users. We proposed an expert-aware approach to
designing a system which formulated with a large amount of
network data and adaptive for diverse computer users. In the
preliminary phase, we construct an intelligent expertise
classification algorithm which provides a default setting for the
expert-aware network data visualization tool. Besides, the tool
will learn from continual user feedbacks in order to statistically
satisfy the needs of majority tool users. In this paper, we will
focus on the expert-aware approach with the users’ expertise
level in network security and adapts the visualization views that
are best suitable for the computer user. Our initial results from
the approach implementation showed that it is capable of
representing several of network security data not only from small
network but also for complicated high dimensional network data.
Our main focus in this paper is to fulfill different requirements
from diverse computer users.

Keywords- network data visualization tool, network knowledge,
expert-aware approach, network security.

I. INTRODUCTION

The evolution of hardware technology resulted in ton of
data being captured and stored. Large volume of network data
is being requested by diverse computer users. The network data
are represented to computer users by using different kinds of
existing network data visualization tools. Nowadays, many
computers have been infected with the computer anomalies.
The availability of network data visualization tools greatly
facilitated to detect, perceive and defend computer users from
being affected by these anomalies. This definitely entailed
enormous network data visualization tools to completely
represent network security data to the computer users.
However, many of the network data visualization tools are
designed particularly for users with advanced network

awareness, although the tools are indispensable by various
types of computer users. There are numbers of network data
visualization tools that perform network security data in their
respective way such as, bar graph, pie chart and others data
visualization techniques. The network data are easily
represented to users by using a bar chart or pie chart if they are
a small amount, but very difficult for beginner computer user to
understand the data structures information [1]. An intelligence
approach shall come into the priority in order to improve the
network data visualization. A scalable and intelligence expert-
aware approach works by representing the network data in a
more comprehensive way, effectively combining maximizing
level of understanding among diverse computer users.

In Section II of this paper, we presented existing network
data visualization tools and problems. In Section III, we
discussed the architecture of the expert-aware approach.
Finally, we discussed comparisons between expert-aware
approach and existing approaches in section IV. The expected
results of the proposed method and the contributions will be
made in Section V and following by a conclusion of the paper
in Section VI.

II. EXISTING NETWORK DATA VISUALIZATION TOOLS AND

PROBLEMS

There are number of tools in the visualization area that have
applied on the network data visualization. Commonly, network
security data monitoring is the part that most of the
visualization applications have been focused on more
compared with others. Information on malicious attacks that
have been triggered by using an abnormal detection device will
be presented to the network administrators [2]. There are some
other areas that visualization tools have focused on such as
network intrusion detection and general network traffic. In this
section, we discussed eight existing network data visualization
tools which consist of network data and network security
visualization tool. Network data visualization tools namely,
WatchPoint, ntop, Nodemap while network security
visualization tools are VISUAL, SCPD, PortVis, NVisionIP
and NIVA.

A shorter version of this paper will appear in Proceedings of 2nd International Conference on Network Applications, Protocols and Services
(published by IEEE Conference Publication Services), 22-23 September 2010, Alor Setar, Kedah Darul Aman, MALAYSIA.

1 http://sites.google.com/site/ijcsis/ 
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A. Network Data Visualization Tools

1) Watch Point: WatchPoint is designed for presenting
real-time and historical view for the network parameters.
Besides, it is used to assemble and store the configured sources
of network data and able to present instant comparisons of the
current network without any loss of network data [3].

The disadvantage of Watch Point is the visualization will
only be understood by network experts.

2) ntop: ntop has been designed for analysing traffic
patterns. Some of the system experts have extended ntop by
adding embedded NIDS (Network Intrusion Detection System)
in order to improve the system. ntop NIDS is very distinctive
with its knowledge compare with current NIDS. It is also
dynamic and not specified at ntop start-up by means of
configuration files [4].

The disadvantages are designed for those network experts
and no customization are being allowed in ntop.

3) Nodemap: Nodemap is designed for the purpose to
present SNMP queries against network devices as well as to
determine the complicated networks link status. The detailed
information on network link status will be presented at low-
levels visualization together with higher levels summarizations.
This is to ensure network computer user can be easily to
determine the current state of a network and gained enough
information to analyse performance complaints without
needing to know every single detail about the network.
Besides, Nodemap is also useful for tracking DoS packets flow
in complex networks [5].

The disadvantages of this tool are only targeted to network
computer user with higher network data knowledge and not
permitted for customization from the computer users.

B. Network Security Visualization Tools

1) VISUAL: Visual Information Security Utility for
Administration Live (VISUAL) is a network security
visualization tool that allows network administrators to
examine the communication networks between internal and
external hosts, in order to rapidly aware the security conditions
of their network [6]. VISUAL applied the concept of dividing
network space into a local network address space and a remote
network address space (rest of the internet). In order to produce
its data visualizations, data will be taken from the log files of
Tcpdump or Wireshark. Previously, it was known as Ethereal
[7][8] until Summer 2006 due to trademark disagreement. It is
an open source tool which contributed to Unix and Windows,
especially for network protocol analyser purpose.

The advantage of VISUAL is to provide a quick overview of
the current and recent communication patterns among the
monitored network. Administrators can specify their network
and remote IP by using home and remote IP filter as shown in
Figure 2 in [6]. Based on the information provided by IP filter,
administrators can identify any single external hosts that are

connected with the number of internal hosts from a grid, which
may be relevant to be used in their network. The grid represents
home hosts; based on connection lines it allows the network
administrator to check the total traffic that exchanged between
home host and external host [6].

The disadvantages of VISUAL are useful for only small
networks such as home network and meaningful for network
experts.

2) SCPD: Another network security visualizations tool
such as Spinning Cube of Potential Doom (SCPD) is designed
for network professional and also presented simple information
on the network security frequency and threats extent to
beginner [9]. An example of SCPD has been shown in [9].

The advantage of SCPD is that it provided a complete map
of internet address space indicating the frequency and origin of
scanning activity will be provided by SCPD. User would be
able to visualize easily about the sensor data from a large
network. Rainbow color map has been used for the cube colors
dots of incomplete connections [9]. Port scans on a single host
represented by vertical lines and others scan across hosts will
be represented by horizontal lines.

The disadvantages of SCPD are simple information is being
presented to lower expertise and customization is not provided
in this system.

3) PortVis: Another network security visualization tool is
PortVis as shown in Figure 1 in [10]. It was focusing on a
single host at a time and doing the analysing on it. It designed
for outside security specialists.

The main advantage of this tool is to present outside data
entities to outside security specialists. Information such as each
TCP port during a period of one hour is being visualized and
large scale of security occurrence will be detected by PortVis.
PortVis also allow for small scale security occurrence
detection, which allowed for further investigation.

The drawbacks of PortVis are focusing on a single host at a
time and only security specialists will comprehend on the
shown information from PortVis.

4) NVIsionIP: Besides that, Figure 1 shown the NVisionIP
in [11] is also a visualization tool that targeted to provide and
improve the overall situational awareness of the network
among network security administrators. A graphical
representation of a class-B network and numbers of different
views of the data will be presented to network security
administrators. There are three main visualization views in a
single application of NVisionIP, namely Galaxy, Small
Multiple and Machine visualization views. NVisionIP targeted
to improve the interactivity among this visualization views by
allowing them to transferring data from one visualization views
to other visualization views.

The shortcoming of NVisionIP is the information and
visualization views only meaningful to security administrators.
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Others computer users with lower knowledge will find this
view meaningless for them

5) NIVA: Network Intrusion Visualization Application
(NIVA) is another network security awareness tool [12]. It is
an intrusion detection data visualizer which integrated with
haptic features. The novel haptic feature allows users to sense
and interactively analyse intrusion detection data over time and
also using three-dimensional space.

The advantage of NIVA is it provides visual and other
approach for the visual purposes. Users can fully sense the
network intrusion by using haptic features.

The disadvantages of NIVA are the approach is working well
in individual network instead of huge network and not
applicable to beginner or lower network awareness experts.

III. ARCHITECTURE OF EXPERT-AWARE APPROACH

A. Two-Dimensional Architecture Development

We proposed an expert-aware approach to designing a
system which formulated with a large amount of high-
dimensional network data and adaptive for different types of
users. Our proposed architecture not only focuses on a small
network but also on a complicated network data. In the
preliminary phase, we were conducting a knowledge survey
among different types of computer users and collecting data
from them. This survey is important in order to collect the
network knowledge level and requirements on the network
from different types of computer users. Diverse computer users
provided us with their requirement of network data details. We
construct an intelligent expertise classification algorithm which
provides a default setting for the expert-aware network data
visualization tool based on the knowledge survey results. The
system will learn from continual user feedbacks in order to
statistically satisfy the needs of majority tool users. Our focus
in on network security data and the expert-aware approach
looks at the users’ expertise level in network security and
adapts the most comprehensive visualization screens that are
best for the user understanding.

In our initial architecture design, expert levels will be the
most crucial and particular component. We will examine the
level of computer users. From the experts’ examination, we
concluded them into initial three different default levels, which
are the expert level-one also known as beginner, level-two or
intermediate and level-three or advanced. The details of those
different levels will be discussed in the following subsections.
This subsection will discuss more about the development of
two-dimensional screens for expert level-one and level-two
whereas the next subsection will discuss more about the
development in three-dimensional which targeted expert level-
three. The architecture is mostly based on the node concept. A
node is an entity (class, in our case with object-oriented
programming) containing several elements such as, an icon
(type depends on the programming language used), a x
coordinates and a y coordinates as an Integer type (to localize
the icon in the scene), some Strings containing the different IP
addresses, a date type and also a list of nodes.

1) Details of Expert Level-One (Beginner): The expert
level-one screen as shown in Figure 1 considers the user as a
beginner in computer sciences, or at least someone who has
very basic and common computer awareness. Based on the user
requirements, system generates the initial screen for computer
users, which are Figure 1 and 2. There are three types of data
that will be shown on the expert level-one default screen:

a) Node: Composing the network represented by a
machine icon, including IP addresses such as IP source, IP
destination and date of the analysis, displayed when mouse
moving above the concerned node.

b) Address book: Containing every computer shown on
the screen, allowing the user to have an overall view of who is
connected on the network.

c) Worm detection: The system detects any kind of
worms that present in the network and it will immediately
launch a pop-up window informing where the infection comes
from. An icon will appear on the involved node to show that to
the user in a more visual way.

Figure 1. Expert level-one screen shot.

Figure 2. Expert level-one screen shot with simple worm
detection alert.

2) Details of Expert Level-Two (Intermediate): Figure 3
showed the screen shot of expert level-two. In this expert
level, users consider as someone who has a little knowledge in
computer network. Three new types of data have been added
to the screen and some interactivity elements have been
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provided into this expert level. Animation features have been
included in the development phase for expert level-two. The
links between computers have been replaced by more complex
entities exchanges.

a) Packets per sec: This information is represented by
the speed of the packets coming from a computer to another. It
showed that the packet between the two nodes become faster
and the packet per second value of the network become
higher.

b) Network utilization: This data is shown using the
color of the packets by following this criteria; if it turns out
that the network is subject to a high utilization, the color of the
packets will be dark. And if the network is very less in used,
the color of packets will be slightly lighter.

c) Packets size ratio: It is represented on the screen by
the size of the packets that are exchanged between two
machines.

Figure 3. Expert level-two screen shot.

B. Three-Dimensional Architecture Development

Basically the three-dimensional (3D) architecture
development is targeted to expert level-three. The computer
users with high network knowledge will easily comprehend
with the 3D appearances.

There is an EntityNode class to represent a machine (blue
sphere) and its IP address. The constructor of this class takes
three parameters: the radius of the sphere, the vector locating
the sphere and the String which will be display above the
machine. Part of the programming has been shown in Figure 4.

The size of the text is then reduced because of the huge
default size that Java3D provides to its Text3D instances.

The Request class which make a 3D text going from an
EntityNode to another one. The constructor of this class takes
three parameters: a first EntityNode, from where the text will
come, a second EntityNode which will be the destination of the
text. The last parameter is the speed that the request will have
to go from the start point to the destination point. Figure 5 has
shown the programming to create the text.

Once, we have created the text, we need to use several Java
3D classes to make it move. The most important one is the
PositionPathInterpolator object as shown in Figure 6.

1) Details of Expert Level-Three (Advanced): Computer
user in expert level-three is expecting to have high awareness

on network security data and network data. Figure 7 and 8
shown the screens shot of our initial development which is still
ongoing process and will be improved from time to time.

Figure 7. Expert level-three single view screen shot.

Figure 8. Expert level-three multiple view screen shot.

IV. DISCUSSIONS AND CONTRIBUTIONS

In this section, we will briefly summarize and compare our
proposed expert-aware approach with the existing network
security visualization tools. A brief comparison summary
among existing network data visualization tools according to
their advantages and disadvantages is shown in Table 1.

Table 1. Comparison summary between expert-aware approach and existing
works.

No. Tools Advantages Disadvantages

1. Watch
Point

1.providing both a
real-time and
historical view

1. meaningless
to beginner
user

2. ntop 1.classifying
traffic hence
recognizing
specific attacks

1. meaningless
to beginner
user

3. Nodemap 1.produces
visualizations to
convey the
"holistic" state of
the network.

1. meaningless
to beginner
user
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4. VISUAL 1.present a quick
overview of the
current and recent
communication
patterns

1. only focus
on small
network

2. meaningless
to beginner
user

5. SCPD 1. present a
complete map of
internet address
space

1. simple
information is
presented

2.
customization
not provided

6. PortVis 1. present outside
data entities

1. only focus
on single host

2. meaningless
to beginner
user

7. NVisionIP 1. present class-B
network and
numbers of
different views of
the data

1. meaningless
to beginner
user

8. NIVA 1. as an intrusion
detection data
visualizer which
integrated with
haptic features

1. working well
in individual
network

2. meaningless
to beginner
user

9. Expert-
Aware

Approach

1. targeted on
different types of
computer users

2. focus on small
and huge network

1. required
input from
computer users

Initial results of the implementation of the expert-aware
approach for the network data visualization tool show that it is
capable of representing several of network data not only on
two-dimensional space in a computer but also three-
dimensional space. The tool able to represent different level of
network data details to different levels of users. Our proposed
approach is tested with dataset that has been captured by using
network monitoring system and system acceptance surveys
have been conducted among diverse computer users (beginner,
intermediate and advanced) to get the feedback from them in
order to improve the algorithm approach. System features such
as effectiveness and efficiency have been improved based on
the evaluation analysis result. The visualization effectiveness
has been enhanced by presenting sufficient network data to
relevant computer user as well as the visualization efficiency
has been improved by maximizing network data understanding
among computer users.

The results from the evaluation also showed that the expert-
aware approach that applied in network data visualization is
similar to some other existing network data visualization tools,

it lays out complicated network data on comprehensive
representation, and added further advantage by making it
possible to display very large volume of network data by
allowing the different level of computer users to view the
different level of network data details. It is able to show not
only the small portion of network security data but all relevant
data to different types of user.

The main contribution of our approach is targeted to fulfill
diverse computer users’ requirement on the different levels of
network data details. Our approach has also been tested among
the researchers and non-researchers from National Advanced
IPv6 Centre, Universiti Sains Malaysia.

Besides, small network and complicated network will put in
concern in this approach development.

V. CONCLUSION

In this research, we proposed and implemented an
innovative and intuitive expert-aware approach for the
network data visualization tools, which improved the existing
network data visualization tools. Our experiments in a network
lab suggest that the tool can be potential be further improved
as the tool has a high potential to a wide range of computer
users in the visualization area. The initial result showed that
the expert-aware approach has the capability for intelligence
adjustment change whenever network data are updated. It will
also improve on performance, effectiveness, and efficiency of
network data visualization. The well-developed network data
visualization approach makes it a promising network data
visualization tool for the future.
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Figure 4. Screen shot of programming to create node.

Figure 5. Screen shot of programming to create text.

Figure 6. Screen shot of programming to create animation.
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Abstract—Load balancing in distributed computer systems is the 
process of redistributing the work load among processors in the 
system to improve system performance.  Trying to accomplish 
this, however, is not an easy task.  In recent research and 
literature, various approaches have been proposed to achieve this 
goal.  Rather than promoting a specific load balancing policy, this 
paper presents and discusses different orientations toward 
solving the problem.    
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I.  INTRODUCTION 
Since the introduction of parallel computers, the main 

objective has been to allow more than one computer to cooperate 
in solving the same problem.  Obviously, distributing a work 
load equally between equally capable processors should give the 
best results.  Theoretically speaking, N computers should spend 
1/Nth of the time a single computer spends in solving the same 
problem [1].     

Unfortunately, cooperation by itself is not enough and 
could be potentially disastrous due to such factors as the 
communication overhead between processors and work 
imbalance distribution among processors.  Having some 
processors doing more or less work than others will degrade the 
overall performance of the system and, in the worst case, will 
cause some the multiprocessors to do nothing at all in reducing 
the time to solve the problem.  Since all processors have to 
communicate with each other at some point during their 
computation, a lightly loaded processor will spend most of its 
time waiting for a subsequent result from an overloaded 
processor.  Consequently, we find that most of the processor's 
time is spent in waiting rather than doing useful computation as 
intended.  

Load balancing, the process of distributing the work fairly 
among participating processors, is a sub-problem of a bigger 
dilemma: distributed scheduling.  Distributed scheduling is 
composed of two parts: local scheduling, which takes care of 
assigning processing resources to jobs within one node, and 
global scheduling, which determines which jobs are processed 
by which processor.  Load balancing is a vital ingredient in any 
acceptable global scheduling policy.  The aim of load balancing 
is to improve system performance by preventing some 
processors from being overwhelmed with work while others 
find no work to do. 

Achieving the best load balance in a distributed system is 
not an easy task.  A good load balancing policy should consider 

the following goals: (1) Optimal overall system performance-- 
maximum total processing capacity at acceptable delays; (2) 
Fairness of service--jobs should be serviced equally regardless 
of their origin; and (3) Failure tolerance--keeping the system 
performance at an acceptable level in the presence of partial 
failures in the system [4].   

For the purpose of this presentation we assume the 
configuration shown in Figure 1. This configuration is a one 
possible arrangement of a distributed homogenous computer 
system which has N processors connected through a computer 
network.  In this configuration, processors assumed to be of the 
same type and have the same power.  Tasks (jobs) are 
individually independent of each other, and can be processed 
by any processor.  Moreover, tasks arrive at each processor Pj 
has an arrival rate   λj and a First Come-First-Serve (FCFS) 
queue discipline is assumed for all queues in the system under 
consideration.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 1. An Example Distributed Computer System Configuration 
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Several attempts have been made in the load balancing 
field, yet with different approaches and orientations.  Two 
different approaches have been taken by researchers in their 
attempts to achieve load balance in distributed systems:  Static 
and Dynamic. 

In the static approach, enough information about the status 
of all processors in the system is assumed before distributing 
the work load among them.  Once tasks have been assigned to 
run at specific processors, however, this assignment is final and 
cannot be changed regardless of any changes occurring later in 
the system [4], [7], [10], [11], and [18].  Static strategies may 
be either deterministic or probabilistic.  A deterministic 
strategy assigns tasks to processors based on a fixed criterion, 
while a probabilistic strategy uses probability values when the 
assignment is made.  For example the load balancing policy 
that transfers extra tasks from processor A to processor B all 
the time is deterministic,  while the policy that transfer extra 
tasks from processor A to processor B with probability 0.7 and 
to processor C with probability 0.3 is a probabilistic one [5].  A 
static solution's ignorance of system workload fluctuations in 
decision making is a major disadvantage.  On the other hand, 
static algorithms are easier to work with and analyze [4], [5], 
and [18].  Several static algorithms have been developed and 
implemented, some of which can be found in [12]-[14], and 
[19]-[22]. 

This paper concentrates almost completely on the dynamic 
approach, due to its more realistic approach to load balancing.  
The goal of this paper is not to advance a specific dynamic load 
balancing policy, but rather to address the problem and present 
different approaches that have been used to develop a solution 
for it.  Section II presents dynamic load balancing strategies 
and Section III identifies different methods depicting the 
assignment of responsibility for conducting load balance.  
Section IV presents different solutions a load balance strategy 
could yield, Section V identifies some techniques used to 
model and analyze a load balance strategy, and Section VI 
concludes the paper. 

II. DYNAMIC LOAD BALANCING  
The dynamic approach looks at the load balancing problem 

more realistically by assuming little information is available 
before any assignment is made.  It does not presume any 
knowledge of where a certain task will finally execute or in 
what environment.  Dynamic load balancing algorithms 
monitor changes on the system work load and redistribute the 
work load accordingly [4], [7], [10], and [11].  Although the 
dynamic load balancing approach alleviates the drawbacks of 
the static approach, it is harder to work with and analyze [4].  
Several dynamic algorithms, e.g., [2], [3], [15]-[17], [23]-[26], 
have been developed and implemented. 

Research has shown that the dynamic approach 
outperforms the static approach and yields better system 
performance [5].  This section identifies some, not necessarily 
all or the best, dynamic load balancing strategies that have been 
reported in literature.  It has to be emphasized that the selection 
of these specific strategies is to serve for presentation purposes 
only and not to be interpreted as an exhaustive selection or 
classification.  Four strategies will be presented:  Bidding, 

Drafting, Threshold, and Greedy.  All presented strategies try 
to minimize the response time of each process. A comparison 
of the strategies will be used to demonstrate their relative uses 
and effectiveness.  The bidding strategy is compared with the 
drafting strategy based on their similarities more than their 
differences.  The way each of them approaches the problem is 
presented, in addition to identifying the major parameters and 
properties of each.  Communication overhead is used to 
discriminate between the performances of each strategy. 

Similarly, the threshold strategy is compared with the 
greedy strategy based on their similarities.  Since both 
strategies assume the same amount of information to reach the 
same objective, their performance will be compared in addition 
to presenting the features of each strategy. 

A. Bidding Strategy  
The main concept of this approach is bids.  The overloaded 

processor looking for help in executing some of its tasks 
requests other processors to submit their bids.  Bid information 
includes the current work load status about each processor.  
After receiving all bids from participating processors, the 
original processor selects to whom it will send some of its tasks 
for execution.  A major drawback of this strategy is the 
possibility that one processor will become overloaded as a 
result of its winning many bids.  To overcome this problem, 
some variations of this strategy would allow the bidder 
processor to accept or reject the tasks sent by the original 
processor.  This could be done by allowing it to send a message 
to the original processor informing it of whether the work has 
been accepted or rejected.  Since a processor's load could 
change while these messages take place, the final selection 
might not turn out to be as good as it seems to be at earlier time 
or vice versa [8].  Different algorithms have been proposed in 
the literature to determine who gets to initiate the bid, bid 
information, bid selection, bid participation, and bid evaluation 
[4], [7]-[11]. 

The performance of this strategy depends on the amount of 
information exchanged, the selection of bids, and 
communication overhead [4].  More information exchange 
enhances the performance and provides a stronger basis for 
selection but also requires extra communication overhead [4], 
[6], and [8].  Examples of this strategy can be found in [27]-
[30]. 

B. Drafting Strategy  
The drafting strategy differs from the bidding strategy in 

the way it allows process migration and in the manner it 
attempts to achieve load balance.  The drafting policy tries to 
alleviate some of the communication overhead introduced by 
the bidding strategy.  The drafting policy achieves load balance 
by keeping all processors busy rather than evenly distributing 
the work load among participating processors (which is one of 
the objectives of the bidding strategy).  In the bidding strategy, 
to keep all processors evenly loaded, groups of processes will 
be required to migrate from a heavily loaded processor to a 
lightly loaded processor.  Consequently, it is possible to find 
some of these processes migrating back as a result of the 
unpredictable change of the processor's work load.  To allow 
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for this problem in the bidding approach, the drafting strategy 
allows only one process to migrate at a time rather than group 
migration [8]. 

The drafting strategy adopts a process migration policy 
which is based on giving the control to the lightly loaded 
processors.  Lightly loaded processors initiate a process 
migration instead of having process migration being triggered 
by a processor being overloaded as in the bidding strategy [8]. 
In drafting, the number of processes currently at the processor 
is used for work load evaluation.  Each processor maintains its 
work load and identifies itself as in one of the following states:  
H-Load, N-Load, or L-load.  An H-Load, heavy load, indicates 
that some of this processor's processes can migrate to other 
processors.  An N-Load, normal load, indicates that there is no 
intention for process migration.  A L-Load, light-load, indicates 
that this processor is willing to accept some migrant processes.  
A load table is used at each processor to hold this information 
about others processors and act as a billboard from which the 
global information of the system is obtained.  When a load 
change occurs in a processor, it will broadcast its load 
information to other nodes so that they will update their load 
tables.  

As the processor becomes lightly loaded, i.e. L-Load, it will 
identify other processors having the status of H-Load from its 
load table and send them a draft-request message.  This 
message indicates that the drafting processor is willing to 
accept more work.  If by the time it receives this message it is 
still in H-Load, each remote (drafted) processor will respond by 
sending a draft-respond message which contains a draft-age 
information.  Otherwise the current load status will be returned 
to the drafting processor, adopting the concept that a process is 
allowed to migrate only if it is expecting a better response time 
and age is associated with each draftable process.  Some of the 
parameters that may be used for age determination are: Process 
waiting time, process priority, or process arrival [8].   

The draft-age is determined by the ages of those processes 
nominated to be drafted.  Various alternatives for draft-age 
calculations are possible.  The selection of the draft age to be 
the maximum age of all draftable processes, the average age of 
the draftable processes, or simply the number of draftable 
processes are some of them [8].  When all draft-response 
messages are received, the drafting processor calculates draft-
standard criteria.  Draft-standard criteria are calculated based 
on the draft-ages received and used to ensure fairness of 
selection among drafted processes.  The choice of draft 
standard is crucial to the performance of this strategy and is 
determined at the system design stage.  After calculating the 
draft-standard, a draft-select message is sent to the drafted 
processor that has the highest draft-age.  The drafting processor 
will send the draft-select message, only if it is still on the L-
Load state, otherwise it will not accept any migrating 
processes. 

Research has shown in [8] that the drafting strategy 
alleviates many drawbacks encountered in the bidding 
algorithm such as unnecessary communication messages and 
the possibility of having a bid winner processor being 
overloaded.  Simulation results and detailed comparison results 
are reported in [8]. 

C. Threshold Strategy   
In this type of load balancing algorithms, a threshold value 

T is used to decide whether a task is executed locally or 
remotely.  The threshold is the processor's queue length.  The 
queue length is the number of processes in service plus the 
number of processes waiting in the queue.  Threshold value 
assumes static value in an implementation of the algorithm [4] 
and [5]. 

In this strategy, a processor will try to execute a newly 
arriving task locally unless this processor threshold has been 
reached.  In this case, this processor will select another 
processor randomly and probe it to determine if transferring the 
task to the probed processor will place it above the threshold or 
not.  If it does not, then the task is transferred to the probed 
processor which has to execute the task there without any 
attempts to transfer it to a third one.  If it does place it above 
the threshold, then another processor is selected in the same 
manner.  This operation continues up to a certain limit called 
the probing limit.  After that, if no destination processor is 
found, the task is executed locally [5]. It should be noted that 
the threshold strategy requires no exchange of information 
among processors in order to decide whether to transfer a task 
or not [5].  This is an advantage because it minimizes 
communication overhead.  Another advantage is that the 
threshold policy avoids extra transfer of tasks to processors that 
are above the threshold.  It has been shown, in [5], that the 
threshold algorithm with T=1 yields the best performance for 
low to moderate system load, and the threshold algorithm with 
T=2 gives the best performance for high system load. 

D. Greedy Strategy   
In this strategy, the current state of each processor P 

represented by a function f(n) , where n is the number of tasks 
currently at the processor.  If a task arrives at P and number of 
tasks n is greater than zero, then this processor looks for a 
remote processor that has its state less than or equal to f(n).  If a 
remote processor is found with this property, then the task is 
transferred there.  The performance of this strategy depends on 
the selection of the function f(n).  It has been shown in [6] that 
f(n) < n must holds in order to achieve good performance.  
Also, n-1, n div 2, n div 3, n div 4, etc. are possible values for 
f(n). Furthermore, it has been shown in [6] that f(n) = n div 3 
yields the best results and that the greedy strategy outperforms 
the threshold strategy with T=1 in all experiments.   

The greedy strategy adopts a cyclic probing mechanism 
instead of the random selection used in the threshold strategy.  
In this cyclic probing mechanism, processor i probes processor 
(i+j) mod N, N representing the number of processors in the 
system, in the jth probe to locate a suitable destination 
processor.  For example, in a system with 5 processors 
numbered 0,1,2,3, and 4 respectively, Processor 1 will first 
probe processor 2.  If this attempt is not successful, it will 
probe 3 and so on.  As in the threshold strategy, once a task is 
transferred to a remote processor it must be executed there [6].  
Despite the similarities between the two strategies, it has been 
demonstrated using simulation results in [6] that the greedy 
strategy outperforms the threshold strategy.  This improvement 
is attributed to the fact that the greedy strategy attempts to 

10 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 4, 2010 

transfer every task that arrives at a busy processor whereas the 
threshold strategy attempts to transfer only when a task arrives 
at a processor which has reached the threshold T or higher. 

III. RESPONSIBILITY OF LOAD BALANCING 
Along with various load balancing strategies which may be 

applied independently or tailored to enhance the performance 
of an algorithm for solving a certain problem, different policies 
of where to put the control of the load balancing algorithm 
have been proposed in the literature:  centralized, distributed, 
or semi-distributed. 

A centralized load balancing strategy assigns a single 
processor the responsibility of initiating and monitoring the 
load balance operation.  In this strategy, a dedicated processor 
gathers the global information about the state of the system and 
assigns tasks to individual processors.  Despite its high 
potential of achieving optimal performance, centralized 
strategies have some disadvantages:  high vulnerability to 
failures, storage requirements for maintaining the state 
information - especially for large systems, and the 
dependability of the performance of the system on the central 
processor which could result in a bottleneck [9]. 

In a distributed load balancing strategy, each processor 
executes the same algorithm and exchanges information with 
other processors about the state of the system.  Each processor 
may send or receive work on the basis of a sender-initiated or a 
receiver-initiated policy.  In a sender-initiated policy, the 
sender decides which job gets sent to which receiver.  In a 
receiver-initiated policy, the receiver searches for more work to 
do.  Intuitively, queues are formed at senders if a receiver-
initiative policy is used, while they are formed at receivers if a 
sender-initiative policy is used.  Additionally, scheduling 
decisions are made when a new job arrives at the sender in a 
sender-initiative, while they are made at the departure of a job 
in a receiver-initiative policy.  The determination of which 
policy is adopted depends upon the load transfer request which 
can be initiated by an over-loaded or under-loaded processor.  
Many distributed strategies belong to either of the two policies.  
For instance, of the strategies discussed earlier in Sec II, the 
bidding strategy belongs to the sender-initiated policy, whereas 
the drafting strategy belongs to the receiver-initiated policy [4], 
[5], [8], and [9]. 

It has been demonstrated in [4], [5], [18], using analytical 
models and simulations, that sender-initiated strategies 
generally perform better at lower system loads while receiver-
initiated strategies perform better at higher system loads, 
assuming that process migration cost under the two strategies is 
comparable. Some of the advantages offered by the distributed 
policy are: Fault tolerance, minimum storage requirements to 
keep status information, and the availability of system state 
information at all nodes. The distributed policy still has some 
disadvantage, one of which is that optimal scheduling decisions 
are difficult to make because of the rapidly changing 
environment introduced by the arrivals and departures from 
individual processors.  Another disadvantage is the extra 
communication overhead is introduced by all processors trying 
to gather information about each other. To mitigate this 
overhead, some distributed strategies minimize the amount of 

information exchanged, which has a negative reflection on the 
performance of an algorithm. 

The semi-distributed policy comes in the middle between 
centralized and distributed policies.  It is introduced to take the 
best of each and to avoid the major drawbacks of each of the 
two policies.  The semi-distributed strategy is based on the 
partitioning of the processors into equal sized sets.  Each set 
adopts a centralized policy where a central processor takes 
charge of load balancing within its set.  The sets together adopt 
a distributed policy where each central processor of each set 
exchanges information with other central processors of other 
sets to achieve a global load balance. 

It has been shown in [9] that the semi-distributed policy 
produces a better performance than the centralized and 
distributed policies.  Research demonstrates that each central 
processor yields optimal load balance locally within its set.  
Moreover, this policy does not incur high communication 
overhead while gathering system state information.  Although 
this policy is a mediator between the centralized and the 
distributed ones, it fits large distributed systems better than 
small systems. 

IV. DIFFERENT OBJECTIVES OF LOAD BALANCING 
STRATEGIES 

Different load balancing strategies have different objectives 
and yield various solutions.  Some solutions are optimal or 
suboptimal.  This section highlights the features of each 
solution and its relationship with a load balancing policy. 

Optimal solutions can be obtained only if complete 
information regarding the state of the system, as well as the 
resource needs of a process, is known.  An optimal load 
balance strategy makes optimal assignments based on some 
criteria function.  Examples of optimizing measures are 
minimizing process completion time, maximizing system 
throughput [7]. 

Static load balancing strategies have a higher potential for 
yielding optimal solutions than dynamic ones.  In some 
situations, however, producing an optimal solution is 
computationally infeasible.  In this case, suboptimal solutions 
may be targeted.  Suboptimal solution could be either 
approximate or heuristic [7]. 

An approximate solution uses the same algorithm of 
producing an optimal solution, but instead of searching the 
entire solution space, it limits itself to producing a "good" 
solution in less time rather than a perfect solution.  Finding a 
good approximate solution depends on the availability of a 
function to evaluate a solution, the time required to evaluate a 
solution, the ability to judge according to some measurement 
criteria, the value of an optimal solution, and the availability of 
mechanism for intelligently reducing the solution space [7]. 

Heuristic load balancing strategies use static algorithms 
which make the most realistic assumption regarding the 
information available about process and system load.  Heuristic 
solutions try to identify parameters that affect system 
performance indirectly and monitor them.  For instance, 
clustering groups of processes that communicate heavily within 
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one processor would enhance system performance.  Although 
this act affects system performance directly by decreasing the 
overhead in passing information, it cannot be directly related in 
a quantitative way to system performance as seen by the user 
[7]. Four techniques of task allocation algorithms are usually 
used by static load balancing strategies whether it is trying to 
produce optimal or approximate solution:  solution space 
enumeration and search, graph theoretic, mathematical 
programming, or queuing theoretic [7]. 

V. LOAD BALANCING ALGORITHM MODELING AND 
ANALYSIS  

Before an algorithm is implemented, it is usually analyzed 
to anticipate the worth of its effectiveness were it to be 
implemented.  Relating to load balancing algorithms, analytical 
modeling and simulation were the dominating techniques in the 
literature.  They were used extensively to demonstrate and 
compare various strategies.  Queuing theory in particular was 
used in both analytical and simulation modeling.  Analytical 
modeling could be targeted to analyze the system performance 
in steady-state or in non-steady-state.  Steady-state analysis is 
based on birth and death Markovian processes while non-
steady-state would be based on how the system would perform 
in the presence of partial failure, i.e., system fault-tolerance is 
analyzed.  Simulation modeling could be either discrete-event 
or continuous event.  In case of discrete-event simulation, 
simulation languages such as SLAM, SIMAN, GPSS, 
SIMSCRIPT, etc., or any of high level programming languages 
such as C or MATLAB, are used to model the system. In the 
case of continuous modeling, differential and integral equations 
techniques are used.  Steady-state based analysis and discrete-
event simulation was heavily used to analyze and model load 
balance algorithms in the literature. 

VI. CONCLUSION   
This paper has attempted to present the most recent ideas and 

achievements realized in load balancing in distributed systems.  
The intention has been to provide a suitable understanding of the 
problem and different approaches that researchers have 
employed to solve it.  Specific load balancing strategies were 
presented to give an idea of where the research is headed in this 
field, rather than to elect them over others.   
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Abstract— Security has become a crucial issue for computer 
systems. New security failures are discovered everyday and there 
are a growing number of bad-intentioned people trying to take 
advantage of such failures. Intrusion detection is a critical 
process in network security. Intrusion Detection Systems (IDS) 
aim at protecting networks and computers from malicious 
network-based or host-based attacks. This paper presents a 
neural network approach to intrusion detection. We compare the 
use of our proposed multi-stage to single-stage neural network 
for intrusion detection using single layer perceptron. The 
advantage of the proposed mutli-stage system is not only 
accuracy but also the parallelism as every network can be trained 
on separate computer which provides less training time. Also the 
multi-stage powers the system with scalability because if new 
attacks of specific class are added we don't have to train all the 
networks but only the branch (the neural networks) affected by 
the new attack. The results showed that the designed multi-stage 
network is capable of classifying records with 99.71% accuracy 
and 98.67% accuracy for single stage network. 

Keywords-component; network intrusion detection; neural 
network; NSL-KDD dataset  

I.  INTRODUCTION 

The rapid development and expansion of World Wide Web 
and local network systems have changed the computing world 
in the last decade. The costs of temporary or permanent 
damages caused by unauthorized access of the intruders to 
networks and computer systems have urged different 
organizations to, increasingly; implement various systems to 
monitor data flow in their networks. These systems are 
generally referred to as Intrusion Detection Systems (IDSs) [1].  

There exist two main types of network intrusion detection 
methods: anomaly-based and misuse-based. Misuse detection 
methods, uses well-defined patterns of the attack that exploit 
weaknesses in the system and application software to identify 
the intrusions. A characteristic trait of the intrusion is 
developed offline, and then loaded in the intrusion database 
before the system can begin to detect this particular intrusion. It 
has drawbacks: firstly in most systems, all new attacks will go 
unnoticed until the system is updated (i.e. they cannot detect 
new attacks that have never occurred in the training data), 
creating a window of opportunity for attackers to gain control 
of the system under attack. Secondly, only known attacks can 
be detected [2]. 

Anomaly-based systems (ABS), on the other hand, build 
statistical models that describe the normal behavior of the 
network, and flags any behavior that significantly deviates 
from the norm as an attack. This has the advantage that new 
attacks will be detected as soon as they take place [3].  

II. PREVIOUS WORK 

An increasing amount of research has been conducted on 
the application of neural networks for detecting network 
intrusions. The idea behind the application of soft computing 
techniques and particularly ANNs in implementing IDSs is to 
include an intelligent agent in the system that is capable of 
disclosing the latent patterns in abnormal and normal 
connection audit records, and to generalize the patterns to new 
(and slightly different) connection records of the same class 
[4]. 

There are researches implement an IDS using MLP which 
have the capability of detecting normal and attacks connection 
as in [5], [6], [7]. They are implemented using MLP of three 
and four layer neural network. References [8], [4] used three 
layers MLP (two hidden layers) not only for detecting normal 
and attacks connection but also identify attack type.  

Neural Network was also used for dimension reduction of 
features as in [9]. The SOM was also applied to perform the 
clustering of network traffic and to detect attacks in [10], [11], 
[12] and [13]. In [14], self-organizing maps was used for data 
clustering and MLP neural networks for detection.  

Most of the previous studies that used MLP were 
implemented with at least three layers.  
Our study use MLP with no hidden layer to perform less 
complicated network structure and decrease the computation 
time. The idea of this study is based on the combination of both 
ideas which are to be able to identify normal and attack records 
without exhausting the network of identifying attack type to get 
higher accuracy and also being able to detect attack type by the 
next levels. This approach has the advantage to flag for 
suspicious record even if attack type of this record wasn't 
identified correctly. 

III. DATASET DESCRIPTION 

KDDCUP’99 is the mostly widely used data set for the 
evaluation of these systems. The KDD Cup 1999 uses a version 
of the data on which the 1998 DARPA Intrusion Detection 
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Evaluation Program was performed. They set up an 
environment to acquire raw TCP/IP dump data for a local-area 
network (LAN) simulating a typical U.S.Air Force LAN. 

A. Types of Networking Attacks 
There are four major categories of networking attacks. 

Every attack on a network can be placed into one of these 
groupings [15].  

1) Denial of Service Attack (DoS): is an attack in which 
the attacker makes some computing or memory resource too 
busy or too full to handle legitimate requests, or denies 
legitimate users access to a machine. e.g. apache, smurf, 
Neptune, ping of death, back, mail bomb, UDP storm,etc. 
2)  User to Root Attack (U2R): is a class of exploit in 

which the attacker starts out with access to a normal user 
account on the system (perhaps gained by sniffing passwords, a 
dictionary attack, or social engineering) and is able to exploit 
some vulnerability to gain root access to the system. e.g. xlock, 
guest, xnsnoop, phf, sendmail dictionary etc. 
3) Remote to Local Attack (R2L): occurs when an attacker 

who has the ability to send packets to a machine over a 
network but who does not have an account on that machine 
exploits some vulnerability to gain local access as a user of that 
machine. e.g. perl, xterm. 
4) Probing Attack: is an attempt to gather information 

about a network of computers for the apparent purpose of 
circumventing its security controls. e.g. satan, saint, portsweep, 
mscan, nmap etc. 

There are some inherent problems in the KDDCUP’99 data 
set [16], which is widely used as one of the few publicly 
available data sets for network-based anomaly detection 
systems. The first important deficiency in the KDD data set is 
the huge number of redundant records. Analyzing KDD train 
and test sets, it was found that about 78% and 75% of the 
records are duplicated in the train and test set, respectively. 
This large amount of redundant records in the train set will 
cause learning algorithms to be biased towards the more 
frequent records, and thus prevent it from learning infrequent 
records which are usually more harmful to networks such as 
U2R attacks. The existence of these repeated records in the test 
set, on the other hand, will cause the evaluation results to be 
biased by the methods which have better detection rates on the 
frequent records [15]. 

The data in the experiment is acquired from the NSL-KDD 
dataset which consists of selected records of the complete 
KDD data set and does not suffer from mentioned 
shortcomings by removing all the repeated records in the entire 
KDD train and test set, and kept only one copy of each record 
[15]. Although, the proposed data set still suffers from some of 
the problems discussed by McHugh [17] and may not be a 
perfect representative of existing real networks, because of the 
lack of public data sets for network-based IDSs, but still it can 
be applied as an effective benchmark data set to help 
researchers compare different intrusion detection methods. The 
NSL-KDD dataset is available at [18]. 

IV. PROPOSED MULTI-STAGE NEURAL NETWORK  

A. Dataset 
In this study we examine using two attacks from each DOS 

and Probe classes to check the ability of the intrusion detection 
system to identify attacks from different categories. The sample 
dataset contains 20000 record for training (10000 normal and 
2500 for each attack type) and 1200 for testing (600 normal 
and 150 for each attack type). 

B. System Architecture 
The proposed system architecture is shown in Fig. 1. The 

input data are preprocessed. The data must be of uniform 
representation to be processed by the neural network. 

 

Figure 1.  System Architecture. 

1) Information Collection: The first module is responsible 
for data collection. We use the NSL-KDD dataset. 
2) Data Analyzer: The second module is for preprocessing.  
The preprocessing phase: Features selection, Numerical 
Representation and Normalization 
a) Dimension reduction by excluding the features that 

are constantly zero over all data records. Hence the data 
vector is reduced to 30 dimensional vectors. 

b) Converts non-numeric features into a standardized 
numeric representation. This process involved the creation of 
relational tables for each of the data type and assigning 
number to each unique type of element. (e.g. protocol_type 
feature is encoded according to IP protocol field: TCP=0, 
UDP=1, ICMP=2). This numerical representation was 
necessary because the feature vector fed to the input of the 
neural network has to be numerical. 

c) It is important to shuffle examples before training so 
that the network weights are not biased towards a specific 
attack.  

d) The ranges of the features were different and this 
made them incomparable. Some of the features had binary 
values where some others had a continuous numerical range 
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(such as duration of connection). As a result, the features were 
normalized by mapping all the different values for each 
feature to [0, 1] range. 
3) Detection 
We use neural network for classification. We compare 

between the proposed multi-stage neural module and single-
stage neural network. 

a) Multi-stage Neural Network 
Attacks of the same class have a defined signature which 

differentiates between attacks of every class/category from 
others, i.e. DOS attacks have similar characteristics which 
identifies them from attacks of Probing. That's why there's 
often misclassification between attacks of the same class. For 
that reason, we thought of making a multi-stage neural network 
consisting of three levels as shown in Fig 2: 

• Level 1: is a Neural Network that identifies attacks 
from normal 

• Level 2: is a Neural Network that identifies classes 

• Level 3: is a neural network that specify attack type 

 
Figure 2.  Multi-stage Levels. 

The data is input in the first level which identifies if this 
record is a normal record or attack without exhausting the 
network to identify the attack name. If the record is identified 
as an attack then the module would raise a flag to the 
administrator that the coming record is an attack then the 
module inputs this record to the second level which identifies 
the class of the coming attack. If record was classified by 
network II to be DOS then it would be entered to the DOS 
network of the third level that identify attacks' type of DOS 
otherwise it would be introduced to the Probe network. The 
idea is that if ever the attack name of the third level is 
misclassified then at least the admin was identified that this 
record is suspicious after the first level network. Finally the 
admin would be alerted of the suspected attack type to guide 
him for the suitable attack response. 

1. Level 1 Architecture: Neural Network that identifies 
attacks from normal as shown in Fig. 3. 

 
Figure 3.  First Level Network which differentiate between Normal and 

Attack. 

2. Level 2 Architecture: Neural Network that identifies 
classes DOS and Probe as shown in Fig. 4. 

 
Figure 4.  Single Layer Perceptron of Second Level Network which Classify 

the Attack Class DOS or Probe 

3. Level 3 Architecture: Neural network that specify attack 
type 

ATTACK TYPE OF DOS CLASS WHETHER NEPTUNE OR SMURF 
AS SHOWN IN FIG. 5. 

 
Figure 5.  Single Layer Perceptron of third Level Network which Classify 

Attack type of DOS category. 
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ATTACK TYPE OF PROBE CLASS WHETHER SATAN OR 
PORTSWEEP AS SHOWN IN FIG. 6. 

 
Figure 6.  Third Level Network Single Layer Perceptron which Classify 

Attack type of Probe category. 

b) Single Stage Neural Network 
In this experiment we examine the use of the neural 

network for classifying normal and attack type, which means 
that we input the record and let the MLP identifying the normal 
and specify the attack name as shown in Fig. 7. 

 

Figure 7.  Single-Stage Single Layer Perceptron Network which Classify 
Normal and Attack type 

C. The Over-fitting Problem 
One problem that can occur during neural network training 

is over-fitting. In an over fitted ANN, the error (number of 
incorrectly classified patterns) on the training set is driven to a 
very small value, however, when new data is presented, the 
error is large. In these cases, the ANN has memorized the 
training examples; however, it has not learnt to generalize the 
solution to new situations. One possible solution for the over-
fitting problem is to find the suitable number of training epochs 
by trial and error which isn't reasonable for cases that which 
takes too much time in training. A more reasonable method for 
improving generalization is called early stopping. In this 
technique, the available data is divided into three subsets. The 
first subset is the training set, which is used for training and 
updating the ANN parameters. The second subset is the 

validation set. The error on the validation set is monitored 
during the training process. The validation error will normally 
decrease during the initial phase of training similar to the 
training set error. However, when the ANN begins to over-fit 
the data, the error on the validation set will typically begin to 
rise. When the validation error increases for a specified number 
of iterations, the training is stopped, and the weights that 
produced the minimum error on the validation set are retrieved 
[19]. In the present study, this training-validation strategy was 
used in order to maximize the generalization capability of the 
ANN. 

D. Performance Measures 
To evaluate our system we used two major indices of 

performance. We calculate the detection rate and the false 
alarm rate according to [20] the following assumptions: 

• FP: the total number of normal records that are 
classified as anomalous  

• FN: the total number of anomalous records that are 
classified as normal 

• TN: the total number of normal records 

• TA: the total number of attack records 

• Detection Rate = [(TA-FN) / TA]*100 

• False Alarm Rate = [FP/TN]*100 

V. EXPERIMENTS AND RESULTS 

A. Training of Neural Network 
This research aims to examine the difference between a 

multi-stage MLP and single-stage MLP. Also one of the 
objectives of the present study is to evaluate the possibility of 
achieving the same results with this less complicated neural 
network structure. Using a less complicated neural network is 
more computationally efficient. Also it would decrease the 
training time. Therefore we use a single layer perceptron with 
no hidden layers for all the networks in the two experiments. 
For each network 20% of the training data were set for cross 
validation. Early stopping criterion for validation set was 
applied to stop the training process to prevent over-fitting. 

1) Training multi-stage Neural Network 
All the 3 levels are a single layer perceptron feed-forward 

networks (which is the output layer as the input layer contains 
no processing so it's not considered a layer) with softmax 
activation function which output results of summation equal to 
one.  

The output layer of first level consists of two neurons one 
for normal and other for attack. The training process was 
stopped with mean square error equal 0.0015 at 10000 epochs. 

The output layer of second level consists of two neurons 
one for DOS and other for Probe. The training process was 
stopped with mean square error equal to 0.000672 at 7914 
epochs. 
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There are two networks in level three. The first one 
contains two neurons one for Neptune and the other for smurf. 
The training process is stopped with mean square error equal to 
0.000001 at 1574 epochs. 

The second network of level three consists of 2 neurons one 
for satan and the other for portsweep. The training process was 
terminated with performance 0.00233 at 5838 epochs. 

2) Multi-stage Neural Network Testing Results:  
a) Level 1 Testing 

The testing phase resulted in success rate 99.83 with error 
rate 0.167. Table I shows Correct Classification Rate for each 
of the 2 classes (Attack-Normal) and the total average 
classification accuracy. 

TABLE I.  LEVEL 1 CLASSIFICATION RESULTS 

Class Name Training Set Testing Set 

Normal 99.48 99.67 

Attack 99.99 100 

Average 
Success Rate 

99.74 99.83 

Error Rate 0.265 0.167 

 

b) Level 2 Testing 
The testing phase resulted in success rate 100. Table II 

shows the Correct Classification Rate for each of the 2 classes 
of Level 2 and the total average classification accuracy. 

TABLE II.  LEVEL 2 CLASSIFICATION RATE 

Class Name Training Set Testing Set 

DOS 99.95 100 

Probe 99.77 100 

Average 
Success Rate 

99.86 100 

Error Rate 0.14 0 

 

c) Level 3 Testing 
The testing phase resulted in success rate 99.5 with error 

rate 0.5. Table III shows the Correct Classification Rate for 
each of the 4 classes and the total average classification 
accuracy. 

TABLE III.  LEVEL 3 CLASSIFICATION RATE 

Level 3 
Networks 

Class Name Correct Classification 
Training Set Testing Set 

DOS Network 
Neptune 100 100 
Smurf 100 100 

Probe Network 
Satan 100 98.67 

Portsweep 100 99.33 
Average Success Rate 100 99.5 

Error Rate 0 0.5 

 

3) Training single-stage Neural Network 
This network is a single layer feed-forward networks with 

SoftMax activation. The output layer of this network consists 
of 5 neurons (normal, Neptune, Smurf, Satan, Portsweep). The 
training process was terminated with mean square error equal 
to 0.00034 at 12078 epochs. 

4) Single-Stage Neural Network Testing Results  
The testing phase resulted in success rate 98.8 with error 

rate 1.2. Table IV shows the Correct Classification Rate for 
each of the 5 classes and the total average classification 
accuracy of the single-stage neural network. 

TABLE IV.  SINGLE-STAGE CLASSIFICATION RATE 

Class Name Training Set Testing Set 

Normal 99.4 99.33 

Neptune 100 99.33 
Smurf 99.8 100 

Satan 100 100 
Portsweep 99.85 94.67 

Average Success Rate 99.81 98.67 
Error Rate 0.19 1.2 

B. Discussion 
Building all the networks with a single layer perceptron 

with no hidden layers gave the advantage of less computation 
time and less complicated network. The experimental results 
show that using a multi-stage neural network is more 
promising than single-stage network as shown in following 
tables and figures. Table V shows the Correct Classification 
Rate of testing dataset for each of the 5 classes for both Multi-
stage and single-stage. 

TABLE V.  CLASSIFICATION RATE OF MULTI-STAGE AND SINGLE-STAGE 

Class Name Multi-Stage Single-Stage 

Normal 99.67 99.33 

Neptune 100 99.33 

Smurf 100 100 

Satan 98.67 100 

Portsweep 99.33 94.67 
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Figure 8.  Comparison between Multi-Stage and Single-Stage 
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TABLE VI.  FALSE ALARM COMPARISON 

Method Multi-Stage Single-Stage 

FP 2 3 

FN 0 7 

TN 600 600 

TA 600 600 

Detection Rate 100 98.83 

False Alarm Rate 0.33 0.5 
 

100

0.33

98.83

0.5

98

98.5

99

99.5

100

100.5

Multi-Stage Single-Stage

False Alarm Rate
Detection Rate

 

Figure 9.  Detection and False Alarm Rate of Multi-Stage and Single-Stage 

VI. CONCLUSION AND FUTURE WORK 

In this paper we develop a multi-stage neural network and 
compare its results to results of single-stage neural network. 
The proposed multi-stage neural network consists of three 
detection levels. The network data are introduced to the 
network of the first level which aims to differentiate between 
normal and attack without exhausting the network in 
identifying the attack name. If the input record was identified as 
an attack then the administrator would be alarmed that the 
coming record is suspicious and then this suspicious record 
would be introduced to the second level which specifies 
whether this attack is DOS or probe. The similar characteristics 
between the attacks of the same class that often results in 
misclassification between attacks of same class gave the 
importance of the second level that we have at least identified 
the class type of the coming attack. The third detection level 
consists of two networks one to identify attacks of denial of 
service and the other for probe attacks. Finally the 
administrator would be alarmed of the expected attack type. 
The second experiment is for a single stage where the input is 
classified as one of the 5 classes (normal, Neptune, Smurf, 
Satan, Portsweep).The results show that the designed multi-
stage system has detection rate equal to 100% while the single 
stage network has detection rate equal to 98.83. The advantage 
of the proposed mutli-stage system is not only higher accuracy 
but also the parallelism as every network can be trained on 
separate computer which provides less training time. Also the 
multi-stage powers the system with scalability because if new 
attacks of specific class are added to the dataset we don't have 
to train all the networks but only the branch (the networks) 
affected by the new attack. 

 
Future work can include more attack scenarios and use 

larger dataset. In addition other soft computing techniques will 
be experimented for classification of U2R and R2L attacks. 
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Abstract         

In the present paper, the improvement of transmission distance 
and bit rates of Advanced Local Area Optical Communication 
Networks (ALAOCN) are investigated by reducing the effects 
of propagation problems over wide range of the affecting 
parameters. Dispersion characteristics in high-speed optical 
transmission systems are deeply analyzed over a span of 
optical wavelengths from 1.2 μm up to 1.65 μm. Two different 
fiber structures for dispersion management are investigated. 
Two types of fabrication material link of single mode fiber 
made of Germania doped Silica and plastic fibers are 
suggested. Two successive segments of single mode fiber 
made of Germania doped Silica are suggested to be employed 
periodically in the long-haul systems. The two successive 
segments are: i) of different chemical structures (x), or ii) of 
different relative refractive index differences (Δn). As well as 
the total spectral losses of both fabrication materials and total 
insertion losses of connectors and splices of these fabrication 
materials are presented under the thermal effect of to be 
processed to handle both transmission lengths and bit rates per 
channel for cables of multi links over wide range of the 
affecting parameters. Within soliton and maximum time 
division multiplexing (MTDM) transmission techniques, both 
the transmission bit rate and capacity-distance product per 
channels for both of silica doped and plastic fabrication 
materials are estimated. The bit rates are studied within 
thermal sensitivity effects, loss and dispersion sensitivity 
effects of the refractive index of the fabrication core materials 
are taken into account to present the effects on the 
performance of optical fiber cable links. Dispersion 
characteristics and dispersion management are deeply studied 
where two types of optical fiber cable core materials are used. 
A chromatic dispersion management technique in optical 
single mode fiber is introduced which is suitable for 
(ALAOCN) to facilitate the design of the highest and the best 
transmission performance of bit rates in optical networks.  
 
Keywords: Propagation problems, Single mode fiber (SMF), 
Fiber losses, Dispersion types, Dispersion management, 
Soliton Bit rate thermal sensitivity, optical link design, 
Thermal effects, Advanced-optical networks. 
 

1. Introduction 
Fiber optic transmission and communication 

are technologies that are constantly growing and 
becoming more modernized and increasingly being used 
in the modern day industries [1]. Dispersion occurs 

when the light traveling down a fiber optic cable 
“spreads out,” becomes longer in wavelength and 
eventually dissipates.  Attenuation, a reduction in the 
transmitted power, has long been a problem for the fiber 
optics community. However, researchers have 
established three main sources of this loss: absorption, 
scattering, and dispersion [2, 3]. Fiber to the Home 
(FTTH) technology is one of the main research 
objectives of the lasts years in optical fiber 
communication. The increasing development of data 
communications and the emerging of applications 
demand a redesign of the access networks in order to 
accomplish new bandwidth and latency requirements. 
Wireless communications are a good alternative for 
quick deployments and low cost implementations but 
this technology cannot compete against optical 
communications in terms of available bandwidth, 
latency and robustness. Since 1980, several techniques 
have been proposed and applied to reduce such 
phenomenon which severely reduces the transmitted bit-
rate [4, 5]. The rapid increase of transmission capacity 
need is requiring higher speed optical communication 
system. However, the upgrade of most installed system 
at third window to multi-Giga-bit rate is limited by the 
high linear chromatic dispersion of the optical standard 
fiber deployed worldwide [6, 7]. To upgrade existing 
networks based on standard single-mode 1310 nm 
optimized optical fibers, several all-optical dispersion 
compensation techniques have been proposed [6].Recent 
progress in optical fiber amplifier technology makes 
fiber dispersion the ultimate limiting factor for high-
speed long-distance optical fiber transmission. Low-
chirp, high-speed optical sources are indispensable for 
long-haul multi Giga bit-per-second optical 
communication systems [7].Traffic demand has been 
increasing steadily in the last few years. In order to 
support this increasing traffic demand the optical links 
between the main cities, which are typically terrestrial 
links with hundreds of kilometers operating at 10 
Gbit/sec per channel, have to be upgraded. A solution 
for the upgrading of these links is to increase the bit rate 
per channel to 40, 80 or even to 160 Gbit/s. Access 
optical networks are capable of solving those 
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requirements for present and future applications. The 
recent explosive growth of the internet has triggered the 
introduction of broadband access network based on 
FTTH. To deal with various demands [6], access and 
metro networks require scalability in terms of capacity 
and accommodation and flexibility with regard to 
physical topology [7]. Therefore, new specific 
components are required. The advanced high speed 
technology of core networks is expected to provide cost 
effective migration of the component solutions towards 
access applications; however, improvements in terms of 
the integration of functions and low cost packaging have 
to be made. Dense wavelength division multiplexing 
(DWDM) is widely becoming accepted as a technology 
for meeting growing bandwidth, and WDM systems 
beginning to be deployed in undersea 
telecommunications links [8, 9].  

As complexity of optical dense wavelength 
division multiplexing (DWDM) networks increases due 
to the large number of channels involved, managing the 
large spectral variations in the dispersion and gain 
becomes more difficult as the desired spectral bandwidth 
increases. Dispersion managed soliton, now being 
developed by a number of different groups, can resolve 
the technical problems that in the past have prevented 
the use of the soliton transmission format in optical fiber 
communication systems [10-12]. Optical solitons are 
stable nonlinear pulses formed in optical fibers when the 
nonlinearity induced by the optical intensity is sufficient 
to balance the dispersion of the fiber. In an ideal lossless 
fiber, solitons would not distort in either the time or 
frequency domains, regardless of the distance over 
which they propagated. A dispersion managed fiber is 
made by alternating sections of positive and negative 
dispersion fiber to create a transmission line with high 
local dispersion and low total dispersion [13].           
 

2. Modeling Basics and Analysis 
        Special emphasis is given to the propagation 
problems in silica-doped and plastic fibers as promise 
links in long and short–distance advanced optical 
communication networks. Silica-doped and plastic fibers 
characteristics (spectral loss and chromatic dispersion) 
are thermal dependent, thus, these two variables must be 
taken into account when studying the transmission 
capacity of the fibers. The processed propagation 
problems in this study will deeply defined, analyzed, 
investigated parametrically and treated over wide range 
of the affecting parameters. 
 

2.1. Simplified attenuation model 
2.1.1. Silica-doped fibers attenuation model 

Based on the models are given in reference [14], the 
spectral losses of silica-doped fibers are cast as: 

IRUVSI ααααα +++=  dB/km    (1) 
Where 003.0intrinsic ≅≡ losstheIα  dB/km, and  (2) 
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Where we have assumed that the scattering loss is 
linearity is related to the ambient temperature (Τ) and 
(T0) is a reference temperature (300 °K), (Δn) and (λ) 
are the relative refractive index difference and optical 
signal wavelength respectively. The absorption losses (α 
UV: Ultra-violet losses) and (α IR: Infra-red losses) are 
given as in reference [14]: 
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Where (ωge %) is the weight percentage of Germania, 
GeO2 added to optical silica fibers to improve its optical 
transmission characteristics. 
2.1.2. Plastic fibers attenuation model  
        Plastics PMMA Polymethyl Methacrylate, as all 
any organic materials, absorb light in the ultraviolet 
spectrum region. The mechanism for the absorption 
depends on the electronic transitions between energy 
levels in molecular bonds of the material. Generally the 
electronic transition absorption peaks appear at 
wavelengths in the ultraviolet region, and their 
absorption tails have an influence on the plastic optical 
fiber (POF) transmission loss [15]. According to 
urbach’s rule, the attenuation coefficient αe due to 
electronic transitions in POF is given by the following 
expression [15]: 
 ( ) ⎟⎟

⎠
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8exp1010.1 5PMMAe
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Where: (λ) is the optical signal wavelength of light in 
(μm). In addition, there is another type of intrinsic loss, 
caused by fluctuations in the density, and composition 
of the material, which is known as Rayleigh scattering. 
This phenomenon gives the rise to scattering coefficient 
(αR) that is inversely proportional to the fourth power of 
the wavelength, i.e., the shorter is (λ) the higher the 
losses are. For POF, it is shown that (αR) is [16]: 
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Then the total losses of plastic optical fibers are given: 
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                 (8) 

2.1.3. Connector and splice attenuation model 
        There are many types of connectors developed for 
fiber cable. A connector is used to join a fiber cable to a 
transmitter or receiver, or is used to join together strands 
of fiber. A connector for fiber is similar in concept to a 
traditional electrical connector, but the fiber connector is 
actually more delicate, as it must precisely align the 
internal fibers to insure a proper flow of data through the 
cables. Before connecting one fiber with the other fiber 
in the fiber optic communication link, one must decide 
whether the joint should be permanent or demountable. 
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Based on this, two types of joints are presented. A 
permanent joint is done by splice and a demountable 
joint is done by connector. The insertion loss of any 
connector can be expressed as given by [17]: 
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Where (Pi) is the incident power in (mWatt) and (Pt) is 
the transmitted power in (mwatt). For single mode fibers 
(SMF), the Fresnel reflection loss caused by the 
differences between the refractive indices of the silica-
doped, (n=n1) and plastic fibers, (n=n2) and the material 
separation are given as the following [18]: 
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Where (n1) is the refractive-index of silica-doped core 
material, and (n2) is the refractive-index of plastic core 
material. The cladding refractive-index can be expressed 
as a function of both silica-doped and plastic core 
refractive-indices and relative refractive-index 
difference as the following: 
 ( ) 11 nnnclad Δ−=    (12) 
 ( ) 21 nnnclad Δ−=    (13) 
Then by substituting with equations (12, 13) into 
equations (10, 11), we can obtain: 
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2.2. Simplified dispersion model analysis  
2.2.1. Silica-doped fiber dispersion model 
        We have employed Germania-doped Silica fiber as 
a communication channel, where (x) is the mole fraction 
of Germania added to silica material. The refractive 
index of silica-doped material may be evaluated 
following the three terms Sellmeier equation [19]: 
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Where (n1), (λ), (Ai), and (λi) are the core refractive 
index, the oscillator strength and the oscillator wave 
length respectively. For GeO2-SiO2 fibers of x % GeO2 

(mole), the two sets (Ai) and (λi) are given [19]: 
11 )11070010.06961663.0( TfxA += , (17) 
12 )31021588.04079426.0( TfxA += , (18) 
13 )04331091.08974794.0( TfxA −= , (19) 
21 )00568306.00684043.0( Tfx+=λ , (20) 
22 )03772465.01162414.0( Tfx+=λ , (21) 

And 23 )94577.1896161.9( Tfx+=λ . (22) 
Where fT1=0.93721+2.0857x10-4T, fT2=T0/T, (T0) is a 
reference temperature and T is the medium (fiber 
temperature) [19-21]. Chromatic dispersion (a cause of 

pulse spreading) arises from the use of sources with a 
finite spectral spread, since signals impressed on a fiber 
at different wavelengths will have different group 
velocities. The transit time τ(λ) of a mode at a 
wavelength (λ) may be related to that at the mean source 
wavelength (λo) by expanding as a Taylor series about 
(λo) as given in [19-21]:  
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Noting that: 
C
Lm

=τ    (25) 

Where (L), (C), and (m) are the fiber length, the velocity 
of light in vacuum, and the group index for the mode 
respectively, (m) is given by assuming good 
confinement in [20]: 
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The use of Eq. (27) into Eq. (24) yields per unit length: 
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Where higher-order dispersion modes are considered, 
following the same spirit of Refs. [20, 21], in separating 
the various contributions to the total chromatic 
dispersion in single mode fibers of radius (a), we have: 

(Δτch/Δλ.L) = Dt = total chromatic dispersion 
coefficient= (Mmd + Mwd + Mpd),  (29) 
Where: Mmd = material dispersion coefficient 
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           Mwd = waveguide dispersion coefficient 
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           Mpd = profile dispersion coefficient 
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Equation (30), in our suggested basic model, accounts 
for the material dispersion (the first, the second, and the 
third -order dispersion effects simultaneously). Then the 
use of Eq. (16) yields: 
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2.2.2. Plastic fiber dispersion model 
        The plastic cable core material which the 
investigation of the spectral variations of the refractive-
index (n2) requires Sellemeier equation given in [22]: 
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        For the plastic fiber material, the coefficients of the 
Sellmeier equation and refractive-index variation with 
ambient temperature are [22]: B1= 0.4963, λ1= 0.6965 
(T/T0), B2= 0.3223, λ2= 0.718 (T/T0), B3= 0.1174, and 
λ3= 9.237. Then the first and second differentiation of 
Eq. (41) with respect to (λ) yields: 
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The total chromatic dispersion ( tD ) of the output pulse 
width in single mode fibers of (POF) is given by [22]: 
    ( )PW

L
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λ
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The output pulse width from single mode plastic optical 
fiber (POF) was taken into account both material and 
profile dispersions, and thus modal dispersion is equal to 
zero for single mode fibers [23]: 
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Where the group index for the mode is given by: 
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Where: (Δτ) is the total pulse spreading due to chromatic 
dispersion in nsec, (Wmd) is the material dispersion 
coefficient in nsec/nm.km, (P) is the profile dispersion 
coefficient in nsec/nm.km, and (Δn) is the relative 
refractive index difference defined as: 
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Where (n2) is the cable core refractive index, (ncladding) is 
the core cladding refractive index, and (C1) is a constant 
and is given by the following expression: 
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Where (α) is the index exponent, (ε) is the profile 
dispersion parameter, and is given by the following: 
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3. Transmission Techniques for Reducing 

Propagation Problems 
             The need of communication is an all time need 
of human beings. For communication some channel is 
needed. Fiber is one channel among many other 
channels for communication. The dispersion 
phenomenon is a problem for high bit rate and long haul 
optical communication systems. An easy solution of this 
problem is optical solitons pulses that preserve their 
shape over long distances. Soliton based optical 
communication systems can be used over distances of 
several thousands of kilometers with huge information 
carrying capacity by using optical amplifiers. Soliton 
communication systems are a leading candidate for 
long-haul light wave transmission links because they 
offer the possibility of dynamic balance between group 
velocity dispersion (GVD) and self-phase modulation 
(SPM), the two effects that severely limit the 
performance of non soliton systems. Most system 
experiments employ the technique of lumped 
amplification and place fiber amplifiers periodically 
along the transmission line for compensating the fiber 
loss. However, lumped amplification introduces large 
peak-power variations, which limit the amplifier spacing 
to a fraction of the dispersion length. Soliton 
propagation is employed where the controlling 
parameters lead to a balance between the pulse 
spreading due to dispersion and the pulse shrinking due 
to nonlinearity. The balance between the non-linearity 
effects from one side and the dispersion effects from the 
other side creates a solitary wave [24]. The dispersion of 
a medium (in the absence of non-linearity) makes the 
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various frequency components propagate at different 
velocities; while the non-linearity (in the absence of 
dispersion) causes the pulse energy to be continually 
injected, via harmonic generation, into higher frequency 
modes. That is to say, the dispersion effect results in 
broadening the pulse while the non-linearity tends to 
sharpen it. Analysis given in references [25, 26], the 
soliton bit rate per channel (Brs) is given by:
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Where: (nnl) is the nonlinear Kerr coefficient in m2/watt,  
          (Aeff) is the effective area in µm2/Watt,  
          (Pso) is the optical signal power in Watt,  
          (λs) is the optical signal wavelength in µm, 
and (Dt) is the total chromatic dispersion coefficient in 
nsec/nm.km.  Ref. [27] derived the condition for MTDM 
where the bit rate Brm is given by: 

sec/25.0

min
GbitBrm τ

=    (52)  

Where: (τmin) is the minimum pulse broadening in nsec. 
The spectral and thermal sensitivities are the guide of 
the measurement the relative variations of the outputs 
and the relative variations of the inputs. The soliton and 
MTDM bit rate within thermal, loss, dispersion 
sensitivity coefficients, and parameters as ( Brs

TS ), 
( BrsSα ), ( Brs

DS ), ( Brm
TS ), ( BrmSα ), and ( Brm

DS ) are taken 
into account as criteria of a complete comparison 
between silica doped and plastic materials and are given:  
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       Using the series of the set of equations analysis 
from Eq. (1) to Eq. (59), the transmission bit rates per 
channel for both silica-doped and plastic materials are 
investigated under wide optical ranges which give the 
minimum values of both total losses and total 
dispersion. The calculations are based on the  values:  

Central optical signal wavelength (λ0) is selected to be 
(1.2 μm ≤ λ0 ≤  1.65μm), relative refractive index 
difference for silica-doped material (Δn) is chosen to be 
( 008.0006.0 ≤Δ≤ n ), source spectral line width (Δλ) is 
selected to be (0.1 nm ≤ Δλ ≤ 0.5 nm), GeO2 mole 
fraction (x) is chosen to be ( 2.00.0 ≤≤ x ), relative 
refractive index difference for plastic material (Δn) is 
determined where ( 07.005.0 ≤Δ≤ n ), and fiber 
temperature (T) is chosen to be (290°K ≤ T ≤ 330°K). 
 

 

  
4. Results and Discussions 

We have analyzed the propagation problems of 
these materials in the interval of 1.2 µm to 1.65 µm 
under the set of affecting parameters at temperature 
range varies from 290 °K to 330 °K. The following 
numerical sets of data are used to obtain transmission bit 
rate and capacity-distance product per channel as 
follows: (1.2 μm ≤ λ0 ≤ 1.65 μm); (λ0): central optical 
signal wavelength, (0.1 nm ≤ Δλ ≤ 0.5 nm); (Δλ): 
spectral line width of the optical source, effective area; 
Aefff= 85 µm2, (2 Km ≤ L ≤ 10 Km); (L): transmission 
distance, (0.0 ≤ x ≤ 0.2); (x): percentage of Germania 
doped in silica fibers, (0.05 ≤ ΔnPMMA ≤ 0.07); 
(ΔnPMMA): relative refractive-index difference, (0.006 ≤ 
Δnsilica-doped ≤ 0.008), (Δnsilica-doped): relative refractive-
index difference for silica-doped, (4 mwatt ≤ Ps ≤ 30 
mwatt); (Ps): optical signal power. At the set of 
affecting parameters {optical signal wavelength ( λs), 

ambient temperature (T0 ), and relative refractive-index 
difference (Δn)}, both the effective performance of 
plastic, and Germania-doped silica fibers are processed 
based on the transmission bit rate or capacity-distance 
product per channel: Transmitted bit-rate x transmission 
distance (L) is given by: 

LBP rr ×= , Gbit.km/sec  (59) 
The transmitted bit-rate per optical channel is also a 
special criterion for comparison for different fiber cable 
materials of plastic and silica-doped fibers. Based on the 
clarified variations in figures (1- 20), the facts are 
assured: 
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i- Figs. (1, 2) prove that as λ0 increases, the total spectral 

losses decrease at constant both T, and Δn for silica-
doped fibers. But as Δn, and T increase, the total 
spectral losses also increase at constant λ0.  

ii- Figs. (3-4) indicate that as L increases, the 
transmission bit rate per channel decreases for both 
silica-doped and plastic fibers at constant T. As well 
as T increases, the transmission bit rate per channel 
decreases at the constant L. 

iii- Figs. (5-6) assure that as T increases, the capacity-
distance product per channel decreases for both 
silica-doped and plastic fibers at constant L. 
Moreover as L increases, the capacity-distance 
product per channel also increases at constant both 
T. 

iv- Figs. (7, 8) demonstrate that as λ0 increases, total 
dispersion coefficient also increases for both silica-
doped and plastic fibers at the constant Δn. As well as 
Δn increases, total dispersion coefficient also 
increases at constant λ0. 

v- Figs. (9, 10) prove that as λ0 increases, total 
dispersion coefficient also increases for both silica-
doped and plastic fibers at the constant T. As well as 

T increases, total dispersion coefficient also increases 
at constant λ0. 

vi- Figs. (11, 12) indicate that as the Pt increases, the 
total insertion loss decreases for both silica-doped and 
plastic fibers at constant Δn. As  well as Δn  increases, 
the total insertion loss also increases at constant Pt. 

vii- Figs. (13, 14) demonstrate that as L increases, the 
transmission bit rate per channel decreases for both 
silica-doped and plastic fibers at  constant Δn. But 
as Δn increases, the transmission bit rate per 
channel decreases at constant L. 

viii- Figs. (15, 16) assure that as Dt increases, the soliton 
and MTDM bit rates decrease for both silica-doped 
and plastic materials, but with silica-doped presents 
higher bit rates than plastic materials at minimum 
losses. 

   x- Figs. (17, 18) indicate that as T increases, Soliton 
bit rate thermal sensitivity also increases at constant 
Dt, but with increasing Dt, we have observed that 
soliton bit rate thermal sensitivity deceases at 
constant T for both silica-doped and plastic 
materials. 
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xi- Figs. (19, 20) prove that as T increases, MTDM bit 
rate thermal sensitivity also increases at constant Dt, 
but with increasing Dt, we have observed that 
MTDM bit rate thermal sensitivity increases at 
constant T for both silica-doped and plastic 
materials. 

        Therefore we can summarize reduction of the 
propagation problems within soliton transmission 

technique and offers the best conditions for the 
performance of transmission bit rates and capacity-
distance products of silica-doped and plastic materials 
for different transmission distances in advanced local 
area optical communication networks for suitable 
operating conditions as shown in Table 1. 
 
    

         

        Table 1: Transmission bit rates and capacity-distance product for both silica-doped and plastic core materials. 
 

Fiber cable core materials 

Silica-doped material Plastic material 

Best conditions of operation  

at Δn = 0.006 and T = 290 ºK 

Best conditions of operation 

 at Δn = 0.05 and T = 290 ºK 

 

 

 
Transmission  

  Distance  

Transmission bit 
rate/channel (Gbit/sec) 

 

Capacity-distance 
product/channel 
(Gbit.km/sec) 

 

Transmission bit 
rate/channel (Gbit/sec) 

 

Capacity-distance 
product/channel 
(Gbit.km/sec) 

 

L = 2 Km 
 

8 Gbit/sec 
 

30 Gbit.km/sec 
 

0.5 Gbit/sec 
 

1.5 Gbit.km/sec 
 

L = 5 Km 
 

5 Gbit/sec 
 

45 Gbit.km/sec 
 

0.3 Gbit/sec 
 

2 Gbit.km/sec 
 

L = 8 Km 
 

2 Gbit/sec 
 

60 Gbit.km/sec 
 

0.1 Gbit/sec 
 

2.5 Gbit.km/sec 

 
5. Conclusions 
        The characteristics of both of silica doped and 
plastic fibers are investigated under the different 
affecting parameters. soliton and MTDM high 
transmission techniques are employed for reducing the 
propagation problems as limiting factors such as total 
losses and dispersion across silica-doped and plastic 
materials in (ALAOCN) within suitable affecting 
parameters. It is an evident that with the decreasing of 
both of an ambient temperature and relative refractive-
index difference, it leads to higher transmission bit rate 
and capacity-distance product per channel across both of 
silica-doped and plastic materials. It is observed that the 
performance of transmission bit rates per channel of 
silica-doped materials will be higher than the plastic 
materials. When both of relative refractive-index 
difference and ambient temperature are constants with 
the increasing of the transmission distance then the 
capacity-distance product per channel will be increased 
in the silica-doped materials more than in the plastic 
materials. Moreover the increasing of the percentage of 
Germania doped in silica fibers leads to moving the zero 
dispersion at higher wavelength, λ=1.55 μm (minimum 
losses), then decreasing of the total dispersion and the 
total spectral losses and hence the transmission bit rates 
per optical channel in silica-doped  
 

fibers will be increased. Therefore we can say that the 
lowest total dispersion and total losses of silica-doped 
fibers make these fibers as the best candidate media for 
long haul optical transmission in advanced optical 
communication networks. 
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Abstract—Complex process of software modification s 
called software maintenance (SM), is a costly and time 
consuming task. Classification of maintenance request 
(MR) on the type MR which are corrective, adaptive, 
perfective or preventive. The maintenance type (MT) 
are important in keeping the quality factors of the 
system. However, classification of MT is difficult in 
nature and this affect maintainability of the system.
Thus, there is a need for tool which is able to classify 
MRs into MT automatically. In this study, we present 
new result of combination texts of features during MR 
classification. Three different classifications techniques, 
namely Decision Tree, Naïve Bayesian and Logistic 
Regression are applied to perform classification. 600 
MRs from Mozilla bug tracking system (BTS) are used 
as source of data. The results show that the model is 
able to classify MRs into MT with accuracy between 
67.33 and 78.17%.

Keywords— Classification; Software Maintenance;
Maintenance Type; Classification; Corrective 
Maintenance

I.      INTRODUCTION

In the software maintenance (SM) area when the 
problem occurs the issues in SM are being managed 
by computer software called the BTS. 

BTS is a database of reported errors, commonly 
referred as bugs. BTS contains information such as 
title, description, reporter, source of request, time and 
date of error.

MR is reporting error in BTS, which may be 
classified into MT. MT, is useful in determining 

quality factors of a software system.

Software maintenance, as defined by IEEE is as 
follow [14]:

“Modification of a software product after delivery 
to correct faults, improves performance or other 
attributes, or adapts the product to a modified 
environment.”

Previous author also mentioned to the software 
maintenance definition as [1]:

The whole group of activities that are required to 
support a software system in a cost-effective manner.

SM is the key to product quality and risk 
reduction. It guarantees reliability, capability, 
availability, efficiency and safety [2].SM is a time 
consuming and costly. In some cases, the cost of 
maintaining application software is higher than the 
original development cost.In practice, it is difficult to 
classify maintenance activities due to independent 
classification of SM activities [4].

However, traditional text-based classifier are 
usually based on manual categorization, which is 
very time consuming and is difficult to maintain.

Automatic classification methods are very much 
needed for assigning bugs to developer, building 
fault-prone model, classifying MR, and scheduling 
SM activities such as enhancement or restructuring. 

Machine learning (ML) techniques with powerful 
features are well-suitable for SM process in a textual 
environment. The techniques may be used to predict 
or classify SM fault and to classify MR into different 
forms such as number of fault and type of fault.

Textual information in BTS is used to identify 
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corrective maintenance from other types of SM, 
which are adaptive, perfective, and preventive. Thus, 
it is worth to classify MRs into MT without any 
human interaction in order to reduce the time and 
cost of SM task.

This research presents the result of automatic 
classification system that could classify MRs into 
“corrective” and “no-corrective”. Bayesian classifiers 
and Decision Tree model and Logistic Regression 
were used to make the classifiers model. In this area 
examined the text of 600 MRS which is reported to
Mozilla BTS. We labeled the MRs into two classes
by using four types of information for each MR
which is reported. It is useful to determining type of 
the maintenance and it is also able to improving 
software quality. MR classification is much close to 
effect on determining the corrective, adaptive, 
perfective and preventive of software maintenance. 
Type of software maintenance is one of the factors 
that is important for maintainability of the system 
without any damage on software architecture.

This research is accomplishing SM task 
automatically by extracting features or information 
from the texts such as title, description, reporter, error 
encountered. Finally MRs will be assignee into one 
of two existent categories.

Thus, we support maintainer in their daily 
activities with classifying MRs into MT 
automatically and correctly. The framework of 
classifying MR into maintenance type [19] is used as 
a source for classification. Machine learning 
techniques to classify requests of Mozilla is utilized
to achieve a high percentage of correctly classified 
requests for the two classes of issues that are referred 
to as “corrective” and “no-corrective” maintenance.

The reminder of the article is organized as follows:
section II reviews related works that are conducted in
software maintenance type and machine learning 
techniques, section III includes the preliminaries of 
the MT,BTS and WEKA tool. Section IV describe
the propose model to classify MR into MT. Section V 
explains the experimental results and discussion in 
particular show the result of the machine learning 
models namely as naïve Bayesian, decision tree and 
logistic regression on BTS. Finally, section VI
outlines the conclusion and VII presents the future 
work.

II.     RELATED WORK

There are three parts of the literature organized in 
this study as follow:

A. Software maintenance

In this section, a number of previous works in SM 
process are reviewed:

[6], describes a model of SM that investigates the 
risks and depicts the activities executed by measuring 
the impact of change request. Incoming texts 
represent the measurements with information that can 
be used for decision about when and how to make a 
change. This is where that importance of MT is 
determined.

Software maintenance is indeed a part of software 
engineering activities that requires more effort as 
compared to other activities in software engineering. 
The main goal of SM is to correct, to adapt or to 
enhance. Preventive maintenance is important to 
improve maintainability of the system. For this 
reason, researchers are trying to reduce SM effort by 
automating SM task [7].

[8], highlights importance of change in software 
and how to characterize the effect of change on 
software such as the cause of the change, the type of 
the change that needs to be made, and the part of the 
system that requires change. However, no 
suggestions are put forward to recognize varieties of 
MTs. Often, changes in the system have chain effects 
and will cause the next change in the system. Hence, 
managing change is expensive due to great effort 
required. 

B. Type of software maintenance

Software maintenance is divided into various 
categories by different researchers in this area.

[9], expresses the base of SM activities, which is 
divided into three types: corrective, adaptive, and 
perfective. Corrective maintenance is performed in 
response assessment failure, which contains of 
performance failure, implementation failure, and 
processing failure. Adaptive maintenance is change 
in data and processing environment, which contains 
of change in data environment and change in 
processing environment. Perfective maintenance aim 
is to make the program into a more perfect design 
implementation and to enhance performance while 
improve maintainability. 

[10], proposes maturity model for daily SM 
activities to improve SM functions. They first 
illustrate SM process and classify SM activities based 
on ISO/IEC 12207. This model contains the activities 
and tasks of the maintainer when the system goes into 
modification due to errors or problems. The 
improved maintenance model facilitates customer 
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satisfaction through daily maintenance activities 
provided. However, no comparisons were made 
between the new model and the existing standard 
model for SM quality evaluation.

Nonetheless, categorizing change requests into MT 
is not an easy task for software maintainer [11]. Most 
often, the software maintainer fails to initialize the 
correct category of change request into MT, while it 
is important to do the task correctly. While, change 
request is used to estimate MT and duration of 
maintenance, MR is used in our paper.

C. Classification of Software Maintenance

There are various models and techniques that are 
used in different research to classify software 
problems.

Evaluation of change massage classification is 
performed by using Kappa coefficient [12], which is 
a technique to measure the agreement between 
manual and automatic classification. Consequently, 
Stuart-Maxwell test [13] is used due to different 
tendencies to classification category. As the result, 
[15] manages to save 70% of the maintainer time 
through automatic classification of change messages. 
The maximum accuracy obtained from the 
experiments was only 63%. 

ML aid SM in increasing quality factors of 
software systems, for example reliability and 
maintainability. Most economic damage is mainly 
caused by software failures [16]. Automatic 
classification helps to classify requests and to direct 
them to the maintenance in a short time frame, hence 
improving the service rate. In this research, five ML 
techniques are used to perform classification task, 
which are Vector Space Model (VSM), Bayesian 
networks, SVM, K-nearest neighbor, and regression 
three. The research also incorporates intelligent agent 
to route the issues to specific maintenance team. 

Statistic methods such as logistic and linear 
regression are also being used to analyze open source 
software in terms of the quality [17]. The logistic 
regression method is used to classify whether a class 
contains bugs or otherwise, while linear regression is 
used to predict the number of bugs in each class. 
Decision tree and neural network are also used in 
classification to predict fault-proneness of the 
software code, instead of using source code metrics. 
The codes are classified into a class “without bugs” 
and a class “with bugs”. 

Among existing research on text classification in 
SM, we follow [24]. Antoniol and his colleagues use 

three ML techniques, which are Decision Tree, naïve 
Bayesian, and logistic regression to classify the 
request texts into “bug” or “non-bug”.

III.     PRELIMINARIES
In the following sub-section, introduces the general 

concepts like phases in MT, BTS and WEKA tool. 

A. Maintenance Type (MT)
ISO/IEC 14764 (2006) divides MT into four types:
Corrective: Reactive modification of a software 

product performed after delivery to correct 
discovered problems.

Adaptive: Modification of a software product 
performed after delivery to keep a software product 
usable in a changed or changing environment.

Perfective: Modification of a software product 
after delivery to sustain performance and 
maintainability.

Preventive: Modification of a software product 
after delivery to detect and correct latent faults in the 
software product before them become effective 
faults.

B. Bug Tracking System (BTS)

A bug tracking system is a software application 
that is used for tracking reports on system errors or 
bugs in a software environment. The system is 
mainly used by programmers and quality assurance 
teams. BTS also acts as a database that records all 
information in the form of text about bugs in the 
system as indicated by [23].

Reported bug time, the bug title, severity that 
indicates the impact of the failure, the person who 
report the error, who worked on this error, 
description of error, error encountered that point to 
the product which is affected by the bug [18].

C. WEKA Tool:

WEKA is a tool that is developed at the University 
of Waikato for performing ML in Java programming 
language as illustrated in Figure 2.2. WEKA is a tool 
with ready algorithms for data analyses, classification 
and prediction, as well as easy to navigate graphical 
user interface. WEKA has been used in the area of 
SM by a number of researchers [20].

IV.     MR Classification into MT

Previous researchers provided tool on the MR
which could be use for daily maintenance activities 
[3, and 5].

When fault occurs in a software system, MR is 
released to the maintenance team who performs 
analysis on the MR description [21]. Type of requests 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

34 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



should be determined by the maintainer based on 
their expertise and the text of MR.

Human expert is one of the important evaluations 
necessary in text classification. Therefore, the data in 
this research are classified by three human experts. 
The text of MR is categorized based on key words by 
human experience. The results of manually 
classification get done through simple majority vote 
and decision on the MR of open-source system. In 
our work, MRs should be automatically assigned to 
relate MT which is provided by experts and were 
contained with composes of features. Naïve 
Bayesian, decision tree and logistic regression from 
various techniques are chosen for computing 
accuracy of model. 600 request of the standard 
dataset namely Mozilla is selected to implement our 
model. Mozilla is an open-source project has been 
used to build internet application such as web 
browser (Firefox), mailers and newsreader. Mozilla is 
developed in C++.

Metric for evaluating the performance of MRMT 
system have been presented. In order to evaluate 
accurate and inaccurate categorization of MRs, MLTs 
information is required. Accuracy is one of the most 
common metric which is used in machine learning 
techniques. We examine 600 MRs Classification, 
which is released by users, for new features. WEKA 
tool is utilized to perform three MLTs on model to 
show the advantage of it in categorizing MRs into 
MT. Now we are going to explain in more details the 
process of research to solve problem statement.

Mozilla, BTS is online system that user entered 
their requests into these systems. As extracting 
manually online data is a time consuming task, 
VB.net program is used to extract the requests 
(issues) from Mozilla accumulate as excel and text 
file. For this purpose the requests number is entered 
in issues box and cod extracted the texts of features 
which are determined in each BTS such as title, 
description.  Request in BTS are identified by the 
terms of features. Two approaches are used for this 
research: first step is searching for terms of features 
manually that is time consuming and need great 
efforts of experts in this area. The second step is 
automatically determining MT. Thus, we start from 
first step to achieve the second step that is faster and 
without any human interaction. Features searching is 
used as an approach such as "fix", "error", "new". 
Manually classification of MRs by experts is used to 
pre-labelling requests for labelled as “corrective” or 

“non-corrective”. For example, state "Error thrown 
when requested and default language content of a file 
don't exist" is labelled as corrective.

In this paper, MR is classified to effectively 
categorize requests as “corrective” or “non-
corrective”. This is possible because the features 
extracted from the BTS are seen to have high 
accuracy in classifying MR. Thus, developer has the 
opportunity to easily, automatically and immediately 
define the MT.The MR classification involves two 
steps: training and classification. The classification 
algorithms learn from a training set, that is, a 
collection of requests that are known to belong to an 
existing class (which is identified by human expert at 
the first step), that is, the requests are labelled with 
the known class. Features are extracted from the BTS 
and the classification algorithm learns which features 
are the most useful for discriminating among the two 
classes. In this context, feature often means some 
property of MR which is contain in request, such as 
title of error, description, error encountered, and 
source of request. The frequencies of terms for each 
feature in document are used as index word or 
keywords. Although, removing very frequent words 
(stop words) are used by researchers in text 
classification but we did not apply it in our work (the 
details explain in Section 4.4.4). Thus, all terms exist 
in projects are used as text features in our work

We apply the Linguistic features such as text 
filtering, stemming and indexing. In filtering, remove 
punctuation and splitting email address and camel-
case identifier, and in continue the aim of stemming 
is removing plural and identifying the infinitive of 
verb. At the last step for indexing used Tf-idf 
indexing to find the frequency of the word to 
distinguish corrective from non-corrective and finally 
each request of BTS is labelled by c={0,1} will be 
use by MLT. A value of zero assigned to indicates a 
decision to corrective, while a value of one indicates 
a decision not corrective. When two human experts 
decide whether to classify the request under category 
of corrective, they may disagree, and this fact is 
effective on automatic classifier and happens with 
relatively high frequency. Three machine learning are 
briefly explained in follow:

Naïve Bayesian:Based on [22] Bayesian classifier 
is a statistical classifier that can predict class 
membership probability. In Naive Bayesian classifier 
the effect of attributes on a given class is independent 
of the other attributes. The model computes the 
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probability that a request is related to class c.

Where there are two classes, c= (0,1)  and each 
tuple is represented by n-dimensional attribute A= 
(a1,a2,....an). Thus, A belongs to the class having the 
highest probability, condition on A. The probability 
of A written as follow: 

For a given class of requests A which all attributes 
are conditionally independent, all incoming requests 
ci are ranked by the condition probabilities:

Decision Tree: Decision tree is top-down 
approach which starts at the root of the tree with a 
training set of tuples X= (a1, ..., an) and goes through 
the internal nodes, and the corresponding edge are 
followed. At the end the last node which is leaf 
determining the label c of the X. The leaf nodes are 
labelled with either 0 or 1 that indicated to corrective 
or adaptive. In this research we applied the 
Alternating Decision tree or AD tree. AD tree “data 
structure” and “algorithm” are a generalization of 
decision tree and have connections to boosting which 
is based on the question.

Logistic Regression: Logistic regression is a 
useful way of describing the relationship between one 
or more independent variables and a binary response 
variable that has only two possible values. Thus, 
class assumes only two values either 0 or 1.

There are some text of information on the source 
of request and error encountered that are most benefit 
to classifying and categorize a distinction between 
different type of MR. Combining the source of 
request and error encountered with the textual 
features of title, description might result in better 
classifying and learners. The results show that 
features might be in correlated. We find that some 
sources of requests are more interesting in particular 
type of maintenance, and also the most of errors 
which occurred in the same place caused the same
MT. Thus, the combination of new features is helpful 
to improve the accurate classification on MT. The 
dataset has run against combination of the features, 
and each of the machines learning is used to find the 
accuracy for each of them. The details on other 

features and evaluation conditions will be illustrated 
in more detail in next section..

V.    THE EXPREMENTAL RESULT

There are some tools that we have been used. 
Tools are useful to automatically classifying MRs 
into MT, such as stemming, Tf-idf, and WEKA Tool. 
Before we can use WEKA for classification, we need 
to prepare of data in WEKA format with ARFF 
extension WEKA tool was used for implementing 
Bayesian classifier, Decision Tree, and Logistic 
regression. The standard algorithms alternating naive 
Bayesian classifier, alternating decision tree and 
logistic regression was used to automatic 
classification on a set of BTS issues. Finally, cross 
validation was used to evaluate the performance. 
Especially, Ten-fold cross validation was used to 
select the subset of training set since this affects 
classification accuracy. The stemming was 
implemented by Porter stemmer from lsa package of 
the statistical environment (http://www.r-
project.org). The Tf-idf indexing was used to find the 
frequency of the words that guide the classification 
technique to distinguish corrective.

This part is describing the result of the 
combination of new features, totally four features.
We examined 20 and 50 selected text of features on 
Mozilla open source project. We show the correct 
classification on different number of 20and 
50features selection as well as precision and recall 
for both classes.

In Table I, the naïve Bayesian classification when 
increasing the number of features the number of 
precision and recall is increased.  Increasing number 
of features also can increase the accuracy of the 
model from 67.33 to 73.67.

TABLE I.     Naïve Bayesian Classification

Select Naïve Bayes
feature

Predict

20
Corrective Non-Corrective Rec

Corrective 209 124 63%
Non-corrective 72 195 73%
Prec 74% 61% 67.33%

Predict

50
Corrective Non-Corrective Rec

Corrective 236  97 71%
Non-corrective 61 206 78%  
prec 80% 68% 73.67%

In Table II, decision tree classification with 20 
number of feature it cannot distinguish corrective
type but with increasing number of feature we can 
obtain better result and improving the accuracy from 
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68.5% to 68.7%. In this model with increasing the 
number of feature precision and recall decreased for 
corrective type.
If we comparing the naïve Bayesian and ADtree we
can see the accuracy of the model with maximum 
number of feature is 73.67% and 68.7% that show the 
better result in naïve Bayesian model in Table I.

TABLEL II.     Decision Tree Classification

Select ADtree
feature

Predict

20
Corrective Non-Corrective Rec

Corrective 258 75 78%
Non-corrective 114 153 57%
Prec 69% 67% 68.5%

Predict

50
Corrective Non-Corrective Rec

Corrective 198 135 60%
Non-corrective 53 214 80%
prec 79% 61% 68.7%

In Table III, Logistic Regression classification 
with 20 number of feature it can distinguish 
corrective type but with increasing number of feature 
we can obtain better result and improving the 
accuracy from 67.5% to 78.17%. In this model with 
increasing the number of feature precision and recall 
decreased for corrective type.
In comparison with other model this model has better 
result on 50 texts of features.

TABLEL III: Logistic Regression Classification

Select Logistic Regression 
feature

Predict

20
Corrective Non-Corrective Rec

Corrective 203 130 61%
Non-corrective 65 202 76%     
Prec 76%     61%     67.5%

Predict

50
Corrective Non-Corrective Rec

Corrective 79 115 41%
Non-corrective 16 390 96%
prec 83% 77% 78.17%

VI.    CONCLUSION
Using the naïve Bayesian, decision tree and 

logistic regression to classify the system applications 
was developed in this work.

We automated classifying MRs into maintenance 
type.  In the Bayesian classification, we applied 
different numbers of features and its effect on the 
accuracy of the model that indicated in the previous 
section. Increasing the numbers of features in the 
system could accurately classify the requests. We 
compared three machine learning methods and the 
result show that the Logistic Regression model has a 

better result in comparison with the other methods. 
We showed, combination of textual filed of MRs 
could be enough to classify them in to corrective and 
non-corrective. 

As a future work, considering the semantic of the 
requests in classification can be directed a wider 
range of future research. On the other, feature can be 
used but need a new dictionary for classifying 
requests, while accuracy can be used as a metric for 
evaluation accurate classification of the model.
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Abstract—The Kohonen self organizing map is an efficient 
tool in exploratory phase of data mining and pattern 
recognition. The SOM is a popular tool that maps high 
dimensional space into a small number of dimensions by 
placing similar elements close together, forming clusters. 
Recently, most of the researchers found that to take the 
uncertainty concerned in cluster analysis, using the crisp 
boundaries in some clustering operations is not necessary. 
In this paper, an optimized two-level clustering algorithm 
based on SOM which employs the rough set theory and 
genetic algorithm is proposed to defeat the uncertainty 
problem. The evaluation of proposed algorithm on our 
gathered poultry diseases data and Iris data expresses 
more accurate compared with the crisp clustering methods 
and reduces the errors. 

Index Terms- SOM, Clustering, Rough set theory, 
Genetic Algorithm. 

I.  INTRODUCTION  

The self organizing map (SOM) proposed by 
Kohonen [1], has been widely used in industrial 
applications such as pattern recognition, biological 
modeling, data compression, signal processing and data 
mining [2]-[5]. It is an unsupervised and nonparametric 
neural network approach. The success of the SOM 
algorithm lies in its simplicity that makes it easy to 
understand, simulate and be used in many applications. 
The basic SOM consists of neurons usually arranged in a 
two-dimensional structure such that there are 
neighborhood relations among the neurons. After 
completion of training, each neuron is attached to a 
feature vector of the same dimension as input space. By 
assigning each input vector to the neuron with nearest 
feature vectors, the SOM is able to divide the input space 
into regions (clusters) with common nearest feature 
vectors. This process can be considered as performing 
vector quantization (VQ) [6]. Also, because of the 
neighborhood relation contributed by the inter-
connections among neurons, the SOM exhibits another 
important property of topology preservation. 

Clustering algorithms attempt to organize unlabeled 
input vectors into clusters such that points within the 
cluster are more similar to each other than vectors 
belonging to different clusters [7]. The clustering 
methods are of five types: hierarchical clustering, 
partitioning clustering, density-based clustering, grid-
based clustering and model-based clustering [8]. The 
rough set theory employs two upper and lower thresholds 
in the clustering process which result in a rough clusters 
appearance. This technique also could be defined in 
incremental order i.e. the number of clusters is not 
predefined by users.  

Our goal is to optimized clustering algorithm that will 
use in poultry disease predictions. The clustering will 
assist in improving further analysis of the poultry 
symptoms data in detecting outliers. Analyzing outlier 
can reveal surprising facts hidden inside data like 
ambiguous patterns that are still assumed to belong to 
one of the predefined or undefined classes. Clustering is 
important in detecting outlier to avoid the high cost of 
misclassification. In order to cater for the complex nature 
of data of our problem domain, clustering technique 
based on machine learning approaches such as self 
organizing map (SOM), kernel machines, fuzzy methods, 
etc for clustering poultry symptoms (based on 
observation data – body, feathers, skin, head, muscle, 
lung, heart, intestines, ovary, etc) will prove to be a 
promising tool. 

In this paper, a new two-level clustering algorithm is 
proposed. The idea is that the first level is to train the 
data by the SOM neural network and the clustering at the 
second level is a rough set based incremental clustering 
approach [9], which will be applied on the output of 
SOM and requires only a single neurons scan. The 
optimal number of clusters can be found by rough set 
theory which groups the given neurons into a set of 
overlapping clusters (clusters the mapped data 
respectively). Then the overlapped neurons will be 
assigned to the true clusters they belong to, by apply 
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genetic algorithm. A genetic algorithm has been adopted 
to minimize the uncertainty that comes from some 
clustering operations. In our previous work [3] the hybrid 
SOM and rough set has been applied to catch the 
involved ambiguity of clusters but the experiment results 
show that the proposed algorithm (Genetic Rough SOM) 
outperforms the previous one. the next important process 
is to collect poultry data from the common and important 
diseases, which can affect the respiratory and non-
respiratory system of poultry. The first phase is to 
identify the format and values for input parameters from 
available information. The second phase is to investigate 
and develop data conversion and reduction algorithms for 
input parameters. 

This paper is organized as following; in section II the 
basics of SOM algorithm are outlined. The basic of 
rough set incremental clustering approach are described 
in section III. In section IV the essence of genetic 
algorithm is described. The proposed algorithm is 
presented in section V. Section VI is dedicated to 
experiment results and section VII provides brief 
conclusion and future works. 

II. SELF ORGANIZING MAP  

Competitive learning is an adaptive process in which 
the neurons in a neural network gradually become 
sensitive to different input categories, sets of samples in 
a specific domain of the input space. A division of 
neural nodes emerges in the network to represent 
different patterns of the inputs after training. 

The division is enforced by competition among the 
neurons: when an input x  arrives, the neuron that is best 
able to represent it wins the competition and is allowed 
to learn it even better. If there exist an ordering between 
the neurons, i.e. the neurons are located on a discrete 
lattice, the competitive learning algorithm can be 
generalized. Not only the winning neuron but also its 
neighboring neurons on the lattice are allowed to learn, 
the whole effect is that the final map becomes an 
ordered map in the input space. This is the essence of 
the SOM algorithm. The SOM consist of m  neurons 
located on a regular low-dimensional grid, usually one 
or two dimensional. The lattice of the grid is either 
hexagonal or rectangular. 

The basic SOM algorithm is iterative. Each neuron i  
has a d -dimensional feature vector ],...,[ 1 idii www = . 
At each training step t , a sample data vector )(tx  is 
randomly chosen for the training set. Distance between 

)(tx  and all feature vectors are computed. The winning 
neuron, denoted by c , is the neuron with the feature 
vector closest to )(tx : 

{ }miwtxc ii
,...,1,)(minarg ∈−=                    (1) 

A set of neighboring nodes of the winning node is 
denoted as cN . We define )(thic  as the neighborhood 

kernel function around the winning neuron c  at time t . 
The neighborhood kernel function is a non-increasing 
function of time and of the distance of neuron i  from 
the winning neuron c . The kernel can be taken as a 
Gaussian function: 
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where iPos  is the coordinates of neuron i  on the output 
grid and )(tσ  is kernel width. The weight update rule in 
the sequential SOM algorithm can be written as: 
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Both learning rate )(tε  and neighborhood )(tσ  
decrease monotonically with time. During training, the 
SOM behaves like a flexible net that fold onto a cloud 
formed by training data. Because of the neighborhood 
relations, neighboring neurons are pulled to the same 
direction, and thus feature vectors of neighboring 
neurons resemble each other. There are many variants of 
the SOM [10, 11]. However, these variants are not 
considered in this paper because the proposed algorithm 
is based on SOM, but not a new variant of SOM. 

The 2D map can be easily visualized and thus give 
people useful information about the input data. The 
usual way to display the cluster structure of the data is to 
use a distance matrix, such as U-matrix [12]. U-matrix 
method displays the SOM grid according to neighboring 
neurons. Clusters can be identified in low inter-neuron 
distances and borders are identified in high inter-neuron 
distances. Another method of visualizing cluster 
structure is to assign the input data to their nearest 
neurons. Some neurons then have no input data assigned 
to them. These neurons can be used as the border of 
clusters [13]. 

III. ROUGH SET INCREMENTAL CLUSTERING 

This algorithm is a soft clustering method employing 
rough set theory [14]. It groups the given data set into a 
set of overlapping clusters. Each cluster is represented 
by a lower approximation and an upper approximation 

))(),(( CACA  for every cluster UC ⊆ . Here U  is a set 
of all objects under exploration. However, the lower and 
upper approximations of UCi ∈  are required to follow 
some of the basic rough set properties such as: 

(1) UCACA ii ⊆⊆⊆/ )()(0  
(2) jiCACA ji ≠/=∩   ,0)()(  
(3) jiCACA ji ≠/=∩   ,0)()(  
(4) If an object Uuk ∈  is not part of any lower 

approximation, then it must belong to two or 
more upper approximations. 
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Note that (1)-(4) are not independent. However 
enumerating them will be helpful in understanding the 
basic of rough set theory. 

The lower approximation )(CA  contains all the 
patterns that definitely belong to the cluster C  and the 
upper approximation )(CA  permits overlap. Since the 
upper approximation permits overlaps, each set of data 
points that are shared by a group of clusters define 
indiscernible set. Thus, the ambiguity in assigning a 
pattern to a cluster is captured using the upper 
approximation. Employing rough set theory, the 
proposed clustering scheme generates soft clusters 
(clusters with permitted overlap in upper 
approximation).  

For a rough set clustering scheme and given two 
objects Uuu kh ∈,  we have three distinct possibilities: 

• Both ku  and hu  are in the same lower 
approximation )(CA . 

• Object ku  is in lower approximation )(CA  and 
hu  is in the corresponding upper approximation 

)(CA , and case 1 is not applicable. 
• Both ku  and hu  are in the same upper 

approximation )(CA , and case 1 and 2 are not 
applicable. 

The quality of a conventional clustering scheme is 
determined using within-group-error [15] Δ  given by: 
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For the above rough set possibilities, three types of 
equation (4) could be defined as following: 
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The total error of rough set clustering will then be a 
weighted sum of these errors: 

.    321332211 wwwwherewwwtotal >>Δ×+Δ×+Δ×=Δ (6) 

Since 1Δ  corresponds to situations where both 
objects definitely belong to the same cluster, the weight 

1w  should have the highest value. 

IV. GENETIC ALGORITHM 

Genetic algorithm was proposed by John Holland in 
early 1970s, it applies some of natural evolution 
mechanism such as crossover, mutation, and survival of 

the fitness to optimization and machine learning. GA 
provides very efficient search method working on 
population, and has been applied to many problems of 
optimization and classification [16]-[17]. General GA 
process is as follows: 

(1) Initial the population of genes. 
(2) Calculates the fitness of each individual in the 

population. 
(3) Reproduce the individual selected to form a new 

population according to each individual’s 
fitness. 

(4) Perform crossover and mutation on the 
population. 

(5) Repeat step (2) through (4) until some condition 
is satisfied. 

Crossover operation swaps some part of genetic bit 
string within parents. It emulates just as crossover of 
genes in real world that descendants are inherited 
characteristics from both parents. Mutation operation 
inverts some bits from whole bit string at very low rate. 
In real world we can see that some mutants come out 
rarely. Fig.1 shows the way of applying crossover and 
mutation operations to genetic algorithm. Each 
individual in the population evolves to getting higher 
fitness generation by generation. 

 

 

 

 

Figure 1.  Crossover and Mutation 

V. GENETIC ROUGH SET CLUSTERING OF THE SELF 
ORGANIZING MAP 

In this paper rectangular grid is used for the SOM. 
Before training process begins, the input data will be 
normalized. This will prevent one attribute from 
overpowering in clustering criterion. The normalization 
of the new pattern { }idii xxX ,...,1=  for Ni ,...,2,1=  is 
as following: 

                                     .
i

i
i X

X
X =                               (7) 

Once the training phase of the SOM neural network 
completed, the output grid of neurons which is now 
stable to network iteration, will be clustered by applying 
the rough set algorithm as described in the previous 
section. The similarity measure used for rough set 
clustering of neurons is Euclidean distance (the same 
used for training the SOM). In this proposed method 

Crossover
010000001001

111001011101 111001001001 

010000011101 

×
011100011001

011101011001

Mutation 
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(see Fig.2) some neurons, those never mapped any data 
are excluded from being processed by rough set 
algorithm.  

 

 
 
 
 
 
 
 
 
 
 
 

 

Figure 2.  Clustering of the Self Organizing Map. The overlapped 
neurons are highlited for two clusters. 

From the rough set algorithm it can be observed that 
if two neurons are defined as indiscernible (those 
neurons in the upper approximation of two or more 
clusters), there is a certain level of similarity they have 
with respect to the clusters they belong to and that 
similarity relation has to be symmetric. Thus, the 
similarity measure must be symmetric. 

According to the rough set clustering of the SOM, 
overlapped neurons and respectively overlapped data 
(those data in the upper approximation) are detected. In 
the experiments, to calculate errors and uncertainty, the 
previous equations will be applied to the results of SOM 
(clustered and overlapped data). Then for each 
overlapped neuron a gene is generated that represents 
the alternative distances from each cluster leader. Fig.3 
shows an example of the generated genes for 
m overlapped neurons on n existing cluster leaders. 

 

 

 

 

 
Figure 3.  Generated genes. m number of overlapped neurons and n is 
number of existing clusters. The highlighted di is the optimize one that 

minize the fitness function 

After the genes have been generated the genetic 
algorithm is employed to minimize the following fitness 
function which represents the total sum of each jd  of 
the related gene: 

                     ∑∑
= =

=
m

i

n

j
ji dgF

1 1

)(                              (8) 

The aim of the proposed approach is making the 
genetic rough set clustering of the SOM to be as precise 

as possible. Therefore, a precision measure needs to be 
used for evaluating the quality of the proposed approach. 
A possible precision measure can be defined as the 
following equation [14]: 

objects ofnumber  Total
approxlower in  objects ofNumber 

=certainty           (9) 

VI. EXPERIMENT RESULTS 

To demonstrate the effectiveness of the proposed 
clustering algorithm GR-SOM (Genetic Rough set 
Incremental clustering of the SOM), two phases of 
experiments has been done on the well known Iris data 
set [18] and our gathered data. The Iris data set, which 
has been widely used in pattern classification, consists 
of 150 data points of four dimensions and our collected 
data has 48 data points. The Iris data are divided into 
three classes with 50 points each. The first class of Iris 
plant is linearly separable from the other two. The other 
two classes are overlapped to some extent. 

The first phase of experiments, presents the 
uncertainty that comes from the data set and in the 
second phase the errors has been generated. The results 
of GR-SOM and RI-SOM [3] (Rough set Incremental 
SOM) are compared to I-SOM [4] (Incremental 
clustering of SOM). The input data are normalized such 
that the value of each datum in each dimension lies in 

]1,0[ .  
For training, SOM 1010×  with 100 epochs on the 

input data is used. The general parameters for the 
genetic algorithm have been configured as Table I. Fig.4 
shows the certainty generated from epoch 100 to 500 by 
(9) on the mentioned data set. From the gained certainty 
it’s obvious that the GR-SOM could efficiently detect 
the overlapped data that have been mapped by 
overlapped neurons (table II). 

In the second phase, the same initialization for the 
SOM has been used. The errors that come from the data 
sets, according to the (5) and (6) have been generated by 
our proposed algorithms (table III). The weighted sum 
(6) has been configured as (10). 

TABLE I.  GENERAL PARAMETERS OF THE GENETIC ALGORITHM 

Population Size 50 
Number of Evaluation 10 
Crossover Rate 0.25 
Mutation Rate 0.001 
Number of Generation 100 

TABLE II.  THE CERTAINTY-LEVEL OF GR-SOM, RI-SOM AND I-
SOM ON THE IRIS DATA SET FROM EPOCH 100 TO 500. 

Epoch 100 200 300 400 500 

I-SOM 33.33 65.23 76.01 89.47 92.01 
RI-SOM 67.07 73.02 81.98 91.23 97.33 
GR-SOM 69.45 74.34 83.67 94.49 98.01 

d1 d2 d3 d4 dndn-1…. gene 1 
d1 d2 d3 d4 dndn-1…. gene 2 
d1 d2 d3 d4 dndn-1…. gene 3 

d1 d2 d3 d4 dndn-1…. gene m 

. . . . ..…. . 

Lower approx 

Upper approx 
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Figure 4.  Comparison of the certainty-level of GR-SOM, RI-SOM 

and I-SOM on the Iris data set. 
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TABLE III.  COMPARATIVE GENERATED ERRORS OF GR-SOM AND 
I-SOM ON THE IRIS DATA SET ACCORDING TO EQUATIONS (5) AND (6).  

 Method 1Δ  2Δ  3Δ  totalΔ  

Iris Data 
set 

GR-SOM 1.05 0.85 0.04 1.4 

I-SOM  2.8 

 
Furthermore, to demonstrate the effectiveness of the 

proposed clustering algorithm (RI-SOM), two data sets, 
one artificial and one real word data set were used in our 
experiments. The results are compared to I-SOM 
(Incremental clustering of SOM). The input data are 
normalized such that the value of each datum in each 
dimension lies in ]1,0[ . For training SOM 1010×  with 
100 epochs on the input data is used. 

Figure 5.  Comparison the error between I-SOM and RI-SOM 
proposed algorithms on artificial data set. 

 

The artificial data set is a 569 30-dimensional data set 
which is trained twice, once with I-SOM and once with 
RI-SOM. The errors of generated results are calculated 
from the difference between the results of equation (9) 
and 1, see “Fig. 5”. 

From the “Fig. 5” it could be observed that the 
proposed RI-SOM algorithm generates less error in 
cluster prediction compare to I-SOM. 

VII. CONCLUSION AND FUTURE WORK 

In this paper a two-level based clustering approach 
(GR-SOM), has been proposed to predict clusters of 
high dimensional data and to detect the uncertainty that 
comes from the overlapping data. The approach is based 
on the rough set theory that employs a soft clustering 
which can detects overlapped data from the data set and 
makes clustering as precise as possible, then GA is 
applied to find the true cluster for each overlapped data. 
The results of the both phases indicate that GR-SOM is 
more accurate and generates fewer errors as compare to 
crisp clustering (I-SOM). 

The proposed algorithm detects accurate overlapping 
clusters in clustering operations. As the future work, the 
overlapped data also could be assigned correctly to true 
clusters they belong to, by assigning fuzzy membership 
value to the indiscernible set of data. Also a weight can 
be assigned to the data’s dimension to improve the 
overall accuracy. 
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Abstract-In this paper we present a hybrid technology of 
mixing cryptography and steganography to send secret 
messages.  This method has got the advantages of both the 
methods, and even if one fails the other comes to the rescue. 
In cryptography we have used the RSA method for 
encryption and decryption of the original message and 
further the LSB (Least Significant Bit) method is used to 
hide the encrypted message in the cover image and send to 
the recipient. The original message is retrieved by the 
reverse process, first by collecting the LSB of the pixels and 
then by RSA decryption. Since the private key for RSA 
method is very difficult to find, this method we suggested is a 
strong encryption method and the messages can be 
communicated in much secured way in an insecure channel. 

Keywords-stegano object; cryptosystem 

 

I.    INTRODUCTION 

 The importance of secret communication by 
governments and private organizations has increased a lot.  
By the advent of e-commerce and the increasing trade, 
administration, terrorism, security of nations, secret 
communications have taken the top most priority in the 
communication sector.   

 Steganography is derived from the Greek words stegos, 
meaning roof or covered and graphia which means 
writing, is the art and science of hiding or embedding a 
secret message over a piece of information such as an 
image, audio or video and sent them over an insecure 
channel to the recipient so that no one can detect or 
decode the secret message. 

 Steganography is very closely related to Cryptography, 
both are used to maintain the data in a confidential 
manner.  The main difference between the two is that with 
Cryptography the message is scrambled and anybody can 
see that both parties are communicating in secret.  
Steganography on the other hand, hides the existence of a 
secret message and in the best case nobody can see that 
both parties are communicating in secret. In some 
situations, sending an encrypted message will arouse 
suspicion while an "invisible" message will not do so. 
Both sciences can be combined to produce better 
protection of the message.  In this case, when the 
steganography fails and the message can be detected, it is 
still of no use as it is encrypted using cryptography 
techniques. Moreover, to avoid unnecessary suspicious the 

messages can be hidden in the cover image which can be 
selected from seasonal greetings.  

 The power of a cryptographic / steganographic system 
should depend only on a small part of information namely 
the key to uncover the cipher text/material.  

 We employ RSA public key cryptography for the 
encryption and decryption of the original message 
followed by steganography using LSB.  In both methods 
the encryption and decryption depend only on a small key.  

 A digital key is a set of bits that are employed to 
encrypt and decrypt the messages.  A public key 
cryptography uses two different keys.  1)  A public key to 
encrypt the original message. 2) A private key to decrypt 
the cipher text and expose the original message. 

 Public and Private keys are generated in pairs so that 
only a specific pair of keys can perform encryption and 
decryption.  The public key is made known to everyone 
whereas the matching private key is kept as a secret by the 
owner.  During mid 1970s cryptogists introduces the 
concept of public key cryptosystems.  In this system 
everyone can have a public key for encryption; however 
the decryption keys are kept secret only by the intended 
recipient who can decrypt it. 

 In 1976 Ronald Rivest, AdlShamir, and Leonard 
Adleman introduced a public key cryptosystem known as 
RSA system [1].  This system is based on the modular 
exponentiation modulo, the product of the large primes.  
The encryption key consists of a modulus pqn =  where 

p and q are large primes more than 200 digits each and an 

exponent e that is relatively prime to )1)(1( −− qp . The 

two large primes p and q can be found quietly on a 
computer using probabilistic primality tests.  The product 
of the primes pqn =  with about 400 digits cannot be 

factored in a reasonable length of time and hence the 
decryption of the cipher text cannot be done quickly 
without a separate decryption key. 

 Here, we describe the process how the original 
message is encrypted, masked and sent, and on the other 
end how it is received, unmasked and decrypted into 
original message, and the same is presented in the 
schematic diagram below: 
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II.    AFFINE TRANSFORMATION 

 

 

 At first the original message (OM) consisting of a 
sequence of letters is converted into another sequence of 
letters using a ceaser cipher or by a more general affine 
transformation defined by the bijection f. 

26mod)()(: bappfcf +==  

 Here p is the rank of a particular letter in OM which is 
converted to the number c.  In the encrypted version of the 
message, the letter represented by p in OM is replaced 
with the letter represented by c. 

 

III.   RSA ENCRYPTION 

 The new message obtained by the affine transformation 
is encrypted by the RSA method as follows: 

1.   Each letter in the message is represented as its ASCII 
code number and all such ASCII code is converted 
into an equivalent binary number using 8 bits. 

2.   Then each pair of characters are grouped into blocks 
by taking two adjacent 8 bits side by side as one 16 
bit number.  If odd numbers of letters are present the 
binary number corresponding to the last character is 
padded with zeros in the beginning to have 16 bits. 

3. Each of the message block is represented as an 
equivalent decimal number set that will be encrypted 

using the RSA rule or formula nblock
E mod)(  to get 

a set of encrypted integers [1].  This encryption is done 
by using the following modular exponentiation 

algorithm.   

 

Procedure for modular exponentiation 

b:integer, )....( 0121 aaaan kk −−
= , 

m: positive integers 

x:=1 

power:=b mod m 

for i = 0 to k-1 

begin 

   if ia =1 then x:=(x.power) mod m 

   power := (power.power) mod m 

 end 

  { x equals 
n

b  mod m } 

 
4. These encrypted blocks are converted into a sequence 

of 16 bit binary numbers that is split into two 8 bit 
numbers. 

 Usually the encrypted message is directly inserted into 
an image using LSB method, which generally requires a 
lot of space to hide a relatively few bits of information 
which is also one of the disadvantages of LSB method.  
To overcome this drawback, the encrypted message is first 
compressed before it is embedded so that a large amount 
of information can then be hidden.  Using the Least 
significant bit insertion method of Steganography the 
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binary equivalent of the compressed file is encoded into 
the Least significant bit of each byte as each pixel is 
represented by 3 bytes of a 24 bit image. 

 

IV. USE OF DIGITAL IMAGES 

 Most popular file formats being BMP (Bitmaps) GIF 
(Graphics Interchange Format) and JPEG        (Joint 
Photographic experts Group).  Of these formats the first 
two provide a loseless message transfer where the last 
method provides a lossy transfer.  Loseless files won’t 
shatter the image much if the pixel intensities are altered, 
whereas the Lossy files tend to shatter heavily while the 
pixel values are altered.  Hence the lossy images are 
preferred  much for data transfer.  

 Images are classified as 8 bit or 24 bit images based 
upon the number of bits they use to represent a color.  The 
image files supporting larger intensities are preferred for 
covert transmission and are stored in variety of file 
formats. Image file is a large array of pixel intensities 
(Color Values). These pixel values form the raster data of 
the image and could be used to impose the message.  Each 
one of these pixels has its own color, and it is represented 
internally as separate quantities of red, green and blue.  
Each of these color levels may range between 0 (none of 
the color) and 255 (a full amount of the color).  A pixel 
with an RGB value of (0,0,0) is black, and one with a 
value of (255,255,255) is white.  For a 24 bit image this is 
simple because 24 bit images are stored internally as RGB 
triples, and all that needs to be done is to spread the bits 
and save out the new file.  The images are also very large 
as they contain 3 bytes for every pixel (for a 640 x 480 
image this is 640 x 480 x 3 = 921600 bytes).   

 When applying LSB techniques to each byte of a 24-bit 
image, three bits can be encoded into each pixel. (As each 
pixel is represented by  three bytes.)  Any changes in the 
pixel bits will be indiscernible to the human eye [2]-[3].  
For example, the letter A can be hidden in three pixels.  
Assume the original three pixels are represented by the 
three 24-bit words as below  

(00100111 11101001 11001000) 

(00100111 11001000 11101001) 

(11001000 00100111 11101001) 

The binary value for the letter A is 10000011. Inserting 
the binary value for A into the three pixels, starting from 
the top left byte, would result in 

(00100111 11101000 11001000) 

 (00100110 11001000 11101000) 

(11001000 00100111 11101001) 

 The emphasized bits are the only bits that are actually 
changed.  The main advantage of LSB insertion is that 
data can be hidden in the least and second to least bits and 
still to the human eye, the resulting image with embedded 
data will look practically identical to the cover image.  
Notice that only the bolded bits had to be changed in order 
to create the letter A.  On the average only less than 50% 

of the bits would have to be changed in an LSB encoding 
scheme. 

 The outcome of the above stage produces a 
Crypto/Stegno Object which consist of hidden message in 
compressed form, within a cover image.  Also,  the size of 
the encrypted message, the size of the compressed file and 
the size of the crypto/stegno object itself can be embedded 
in the same cover image after embedding the bits of the 
original compressed file.   All the above said stages are in 
the Secured Domain, from where the Crypto/Stegno 
Object is passed to an Insecured Channel Domain to the 
recipient target. Once the crypto/stegno object is arrived at 
the recipient target, the following embedded informations 
are retrieved : 1) all the LSBs of the pixels are collected to 
form the compressed file 2) size of the encrypted message 
and 3) size of the crypto/stegno object. To ensure that, the 
full and correct message is reached at the recipient target, 
the following comparisons are made between 1) the size 
of the crypto/stegno object received at the recipient target 
and the size of the crypto/stegno object which is 
embedded in the crypto/stegno object and sent 2) the size 
of the compressed file obtained from the object and the 
size of the compressed file which is embedded in the 
object and dispatched  3) the size of the encrypted 
message after unzipping  and the size of the encrypted 
message which is embedded in the object.  If any 
mismatch occurs in any one of the sizes then it is 
understood that the crypto/stegno object is subjected to 
natural attack while passing over an insecured channel 
domain and the process has to start from the beginning. 

 On the other hand, if there is no mismatch, then from 
the received crypto/stegno object all the Least Significant 
Bits of the pixels are combined together to form a 
compressed file.  Futher, the compressed file is unzipped 
to get an encrypted message from which the original 
message is obtained by undergoing the process of 
decryption using RSA Algorithm. 

 www.stegoarchive.com [4] is a website which have 
many stegno tools to automate the process of changing the 
LSB  to allow for the insertion of some other data on an 
image and getting back the data and the  image separately 
at the other end.  A few of the more popular applications 
are ExStego, Jstego and hide4pgp. S-Tools is another tool 
that uses a different method for utilizing the LSB theory.  
It closely approximates the  cover image and that could 
possibly cause extreme palette changes in the original 
image. 

 

V.    THE RSA DECRYPTION 

The RSA decryption key D is the inverse E modulo of 

)1)(1( −− qp . 

ie. )1)(1mod(1 −−= qpED ,  this can be found by 

using the euclidean algorithm.  Then the decryption is 

done by the rule nblock
D mod)(  where block is the 

cipher text. 

The whole strength of the RSA method lies in the fact that 
even though pqn = is known, the factorization of n  is 

the most difficult problem (as against finding large primes 
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p and q).  It is known that even most efficient factorization 
methods (till recently by 2002) requires billions of years 
to factor 400 digit integers.  Hence when p and q are 200 
digits primes, messages encrypted using pqn =  as the 

modulus cannot be found in a reasonable time unless p or 
q is known. 

 

VI.    CONCLUSION 

 The RSA-LSB crypto/stegno method suggested has 
sound mathematical and logical support.  The decryption 
key for the methods depend only on a small part of 
information namely 

i. for RSA – the exponent E and its inverse D 

ii. for LSB, the collection of least significant digits. 

 The method is highly secure and decryption cannot be 
obtained by illegal persons within a reasonable period of 
time.  For both the methods there are several 
application/software available and hence execution of the 
method is readily possible. 
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Abstract—This paper describes a novel wavelet based 
audio synthesis and coding method. The adaptive wavelet 
transform selection and the coefficient bit allocation 
procedures are designed to take advantage of the masking 
effect in human hearing. They minimize the number of bits 
required to represent each frame of audio material at a 
fixed distortion level. This model incorporates 
psychoacoustic model into adaptive wavelet packet scheme 
to achieve perceptually transparent compression of high-
quality audio signals. 
 

Keywords- D.W.T; Psychoacoustic Model; Signal to Noise 
Ratio; Quantization 

I.  INTRODUCTION  

     The vast majority of audio data on the Internet is 
compressed using some form of lossy coding, including the 
extremely popular MPEG1 Layer III (MP3) [1], Windows 
Media Archive (WMA) and Real Media (RM) formats. These 
algorithms can generally achieve compression ratios by using 
a combination of signal processing techniques, 
psychoacoustics and entropy coding,. most popular attention 
has been focused on lossy compression schemes like MP3, 
WMA and Ogg Vorbis. In general, these schemes perform 
some variant of either the Fast Fourier Transform (FFT) or 
Discrete Cosine Transformation (DCT) [8] to get a frequency-
based representation of the sound waveform. Lossy algorithms 
generally take advantage of a branch of psychophysiology 
known as psychoacoustics that describes the ways in which 
humans perceive sound. By removing tones and frequencies 
that humans should not be able to hear, lossy algorithms can 
greatly simplify the nature of the data which they need to 
encode. By removing excess minor frequencies, the frequency 
representation of the sound data can now be efficiently 
compressed using any number of entropy coding techniques.  

 The wavelet transform becomes an emerging signal 
processing technique [13] and it is used to decompose and 

reconstruct non-stationary signals efficiently. The audio signal 
is non-periodic and it varies temporally. The wavelet 
transform can be used to represent audio signals [14] by using 
the translated and scaled mother wavelets, which are capable 
to provide multi-resolution of the audio signal. This property 
of wavelet can be used to compress audio signal. The DWT 
consists of banks of low pass filters, high pass filters and down 
sampling units. Half of the filter convolution results are 
discarded because of the down sampling at each DWT 
decomposition stage [6] [11]. Only the approximation part of 
the DWT wavelet results is kept so that the number of samples 
is reduced by half. The level of decomposition is limited by 
the distortion tolerable from the resulting audio signal.   

II. STRUCTURE OF THE PROPOSED AUDIO CODEC 

The main goal of this structure is to compress high quality 
audio maintaining transparent quality at low bit rates. In order 
to do this, the authors explored the usage of wavelets instead 
of the traditional Modified Discrete Cosine Transform 
(MDCT) [1]. Several steps are considered to achieve this goal: 
� Design a wavelet representation for audio signals. 
 
� Design a psychoacoustic model to perform perceptual 

coding and adapt it to the wavelet representation. 
 
� Reduce the number of the non-zero coefficients of the 

wavelet representation and perform quantization over those 
coefficients. 

 
� Perform extra compression to reduce redundancy over that 

representation 
 
� Transmit or store the steam of data. Decode and reconstruct. 
 
� Evaluate the quality of the compressed signal. 
 
� Consider implementation issues. 
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The flowchart of the proposed model is based on the following 
steps : 

 
Figure 1.  The different steps of the proposed audio wavelet compressed 

codec 

The audio wave file  is separated into small sections called 
frames (2048 samples). Each  section is compressed using the 
proposed wavelet encoder and decoder. The encoder is 
consisting in four functional unit: the time to frequency 
mapping , the psychoacoustic model, the quantizer & coder 
and the frame packing unit. The function of the time to 
frequency mapping is used to decompose the input audio 
signal into multiple subbands for coding. This mapping is 
performed in three levels, labeled I ,II & III, which are 
caracterised with increasing complexity, delay and subjective 

performance. The algorithm in level I uses a band pass filter 
bank that devides the audio signal into 32 equal width 
subbands [4]. This filter bank is also found in level II and III. 
The design of this filter bank is a compromise between 
computational efficiency and perceptual performance. The 
algorithm in level II is a simple enhancement of level I; it 
improves compression performance by coding the audio data 
in larger groups. Finally the level III algorithm is much more 
refined in order to come closer the critical bands [2] [5] . The 
psychoacoustic model is key component in the encoder. Its 
function is to analyze the spectral content of the input audio 
signal by computing the signal to noise ratio for each subband. 
This information is used by the quantizer-coder to decide the 
available number of bits to quantize each subband. This 
dynamic allocation of bits is performed so as to minimize the 
audibility of quantization noise. Finally frame-packing unit 
assembles the quantized audio samples into decodable bit 
stream. The decoder consists of three functional units:  the 
frame unpacking unit, the frequency sample reconstruction 
and the frequency to time mapping. The decoder simply 
reverses the signal processing operations performed in the 
encoder, converting the received stream of encoded bits into 
time domain audio signal. 

 
Figure 2.  The audio waveet encoder 

 
Figure 3.  The audio wavelet decoder 

III.  THE PSYCHOACOUSTIC MODEL 

 The psychoacoustic model is a critical part of perceptual 
audio coding that exploits masking properties of the human 
auditory system. The psychoacoustic model analyzes signal 
content and combines induced masking curves to determine 
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what information below the masking threshold that is 
perceptually inaudible and should be removed. The 
psychoacoustic model is based on many studies of human 
perception. These studies have shown that the average human 
doesn’t hear all frequencies the same. Effects due to different 
sounds in the environment and limitations of the human 
sensory system lead to facts that can be used to cut out 
unnecessary data in an audio signal. The two main properties 
of the human auditory system that make up the psychoacoustic 
model are the absolute threshold of hearing [1] [15] and the 
auditory masking [1]. Each one provides a way of determining 
which portions of a signal are inaudible and indiscernible to 
the average human, and can thus be removed from a signal. 

A. The Absolute Threshold of Hearing 

      . To determine the effect of frequency on hearing ability, 
scientists played a sinusoidal tone at a very low power. The 
power was slowly raised until the subject could hear the tone. 
This level was the threshold at which the tone could be heard. 
The process was repeated for many frequencies in the human 
auditory range and with many subjects. As a result, the 
following plot was obtained. This experimental data can be 
modeled by the following equation, where f is frequency in 
Hertz [2]: 
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Figure 4.  The absolute thershold of hearing 

B. The Bark  Frequency Scale 

    After many studies, scientists found that the frequency 
range from 20 Hz to 20000 Hz [3] [10] can be broken up into 
critical bandwidths [12], which are non-uniform, non-linear, 
and dependent on the heard sound. Signals within one critical 
bandwidth are hard to separate for a human observer [7]. A 
more uniform measure of frequency based on critical 
bandwidths is the Bark. From the earlier discussed 
observations, one would expect a Bark bandwidth to be 
smaller at low frequencies (in Hz) and larger at high ones. 
Indeed, this is the case. The Bark frequency scale can be 
approximated by the following equation [2]: 
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Figure 5.  Relationship between Hertz and Bark Frequencies 

C. Tone and Noise Masker Identification 

Masking curces of tonal and noise maskers [1] have different 
shapes [1] therefore it is necessary to separate them.. To find 
tonal components it is necessary to find local maximas and 
then compare them with their neighbourhood components. 
This action hints Eq. 3 [1] [3]: 

                       ( ) ( ) 7SPL SPL iS i S i− ± ∆ ≥                           (3) 

where: 

            i∆ =  +2                   for       ] [2,63i ∈                     (4) 

           i∆ = +2 , +3            for       [ [63,127i ∈                  (5) 

i∆ = +2…+6        for         [ [127,255i ∈                 (6)                                              

i∆ = +2 …+12        for      [ [255,512i ∈                 (7) 

 
According to ISO/IEC MPEG1, Psychocacoustic Analysis  
Model1 of MPEG1 audio standard [ 1] sound pressure level of 
the tonal masker is computed by Eq.8 as a summation of the 
spectral density of the masker and its neighbours: 

       
( )1
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+
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Sound Pressure level of the noise maskers is computed 
according to Eq. 9 as a summation of the sound pressure level 
of  all spectral components in corresponding critical band. 

  
( )1

10
10

1

( ) 10.log ( 10 )
SPLS i

NM
j

X i
=−

= ∑   [dB] ,    ( )y i b∈    (9) 

where b represents the critical band, i index spectral 
components that lies in the corresponding critical band. Noise 
maskers are placed in the middle of the corresponding critical 
band. 

51 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 4, July 2010 

0  5000 10000 15000 20000
-20

0

20

40

60

80

100

Frequency (Hz)

A
m

pl
itu

de
 (

dB
)

Tonal Masker

Tonal Component

 
Figure 6.  The Tonal Components and Tonal  Maskers 
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Figure 7.  The Noise Components and Noise Masker 

D. Masking Thershold Calculation 

When tonal and noise maskers are identified, the masking 
thershold for each masker is determined. As defined in 
ISO/IEC MPEG1 Psychoacoustic Analysis Model 1 of 
MPEG1 audio standard [ ] tonal masker masking curve can be 
calculated the following equation 10 [1]: 

 ( , ) ( ) ( , ) 0.275. ( ) 6.025TM TMM i j X i MF i j y j= + − +    (10 ) 

Where TMX is a Sound Pressure Level of the tone masker. 

( )y j is the masking curve position on the bark axis. 

( , )MF i j is a masking function defined by Eq. 11. The 

constant 6.025 represents the top of the masking curve 
( , ) 17. 0.4 ( ) 11y TMMF i j X i= ∆ − +                  [ [3, 1y∆ ∈ − −   (11) 

( , ) (0.4 ( ) 6).TM yMF i j X i= + ∆                      [ [1,0y∆ ∈ −    (12) 

( , ) 17. yMF i j = − ∆                                            [ [0,1y∆ ∈   (13 ) 

( , ) (1 ).(17 0.15. ( )) 17y TMMF i j X i= − ∆ − −    [ [1,8y∆ ∈   (14 ) 

Where ( ) ( )y y i y j∆ = − represents bark distance form the 

masker in barks.  

Note : Outside the interval [-3,8[ , MF is equal to −∞  

Masking curves of the noise maskers is defined by ISO/IEC 
MPEG1 Psychoacoustic Analysis Model 1  [1] and it is similar 
to the  tone masker. The noise is defined by the following 
equation [1]: 

( , ) ( ) ( , ) 0.175. ( ) 2.025NM NMM i j X i MF i j y j= + − +        (15) 

Where NMX  is a Sound Pressure Level of the noise masker. 

The constant 2.025 represents  the top of the masking curve. 

IV. BIT ALLOCATION 

In order to determine the number of bits corresponding to each 
troncatured audio wave signal (2048 samples) we  proceeded 
the following algorithm:  
We start by listing all the tonal components characterized by 
the following condition [1] [9] : 
                   ( ) ( 1) & ( ) ( 1)X i X i X i X i> − > +            (16) 

Where  ( )X i is the sound pressure level of the indexing  (i ) 

tonal component 
 For each tonal masker corresponding to the  indexed  (i ) 
tonal component , we calculate the corresponding tone energy 
caracterized by the following equation:  

      
2 2 2( 1) ( ) ( 1)

10 10 10
10( ) 10.log 10 10 10

X i X i X i

tmE i
− +      

 = + +            

       (17) 

Then, we  calculate the global energy of the all tones energie  
corresponding to the troncatured audio wave signal (2048 
samples).  

                                     
( )

10

1

10
tmtm E iN

G
i

E
=

=∑                              (18)  

Note: tmN is the total number of   tonal maskers  

All this allows to deduce the entropy using the following 
equation :   

                    

( )

10

1
10

10
10.log

tmtm E iN

i

tm

E
N

=

 
 
 =
 
 
 

∑
                         (19) 

SNR is calculated using Eq.20 as a subtraction of  the 
maximum of sound pressure level and the entropy: 
 
                          ( )SNR Max X E= −        [dB]               (20)  

Finally  the number of bits corresponging to the troncatured 
signal is given by the following equation:  
 

                                  
6.02

SNR
nb

 =  
 

                                   (21) 

V. DIAGRAM OF THE WAVELET ENCODER AND DECODER 

The flowchart of the wavelet codec is devided in 5 parts : 

Identify applicable sponsor/s here. (sponsors) 
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Figure 8.  Diagram of the wavelet encoder and decoder (part 1) 
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[CF1,CF2]= wavedec ( Troncatured Signal, N ,’wname’  ) 

Find default values 
[THR,SORH,KEEPAP]= ddencmp ( ‘cmp’, ‘wv’, N , Troncatured Signal ) 

Performs a  compression process of a ‘Troncaured signal’ 
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  A 
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Figure 9.  Diagram of the wavelet encoder and decoder (part 2) 
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            X=powernormconst+10.*log10((abs(fft(Troncatured signal,fftlength))).^2) 

for i =1:length(X) 

 if ( (2<=i ) &( i <=500)) 
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 Bool=’0
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Figure 10.  Diagram of the wavelet encoder and decoder (part 3) 
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Figure 11.  Diagram of the wavelet encoder and decoder (part 4) 
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Figure 12.  Diagram of the wavelet encoder and decoder (part 5)

VI.  IMPLEMENTATION AND RESULTS 

      The proposed wavelet−packet audio codec is realized as 
m files and simulated using MATLAB software. We adjust 
parameters such as structure of the decomposition tree, 
frame size, number of wavelet coefficients, etc. The suitable 
set of parameters is selected to optimize among decoded 
audio quality, encoded bit rate and computation complexity. 
A number of quantitative parameters can be used to evaluate 
the performance of the proposed audio wavelet codec, in 
terms of  reconstructed signal quality after decoding. The 
used quantitative parameters are the Signal to Noise Ratio 
(SNR) and the compression ratio wich are calculated for 
different types of wavelet  

A. The signal to noise ratio 

                                  
2

10 2
10.log x

e

SNR
σ
σ
 

=  
 

               (22) 

2
xσ  is the mean square of the speech signal and 2

eσ  is the 

mean square difference between the original and 
reconstructed signals.          

B. Compression ratio 

The compression ratio is defined as the quotion between the 
original audio size file and the compressed one. 

               _( _ )

_( _ )

Size Original File
CR

Size Compressed File

 
=  
 

                  (23) 

C. Results 

     In order to evaluate the proposed codec, we used for 
various wavelet (‘haar’, ‘coif’, ‘morl’, ‘meyr’, ‘dB’) some 
types of sound such as Soul, Slow, and Rock. The 
evaluation is based on the SNR and the compression ratio.  
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Figure 13.  The original signal and the wavelet compressed signal using  

(bitrate=128Kbits/s wavelet= ‘db’  ‘Rock sound.wav’) 

Xr= wavrec(Decsig, Bvar(1 :S), ‘wname’) 

D1 D2   E 

Xr= wavrec(Decsig, Bvar(S+1 : Z), ‘wname’) 

Xrf=[Xrf   Xr] 

    R= Length (Xrf) 

Xrf= Xrf(2  : R) 

                Wavwrite( Xrf) 
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Figure 14.  The original signal and the wavelet compressed signal using  
(bitrate=128Kbits/s wavelet= ‘db’  ‘soul sound.wav’) 
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Figure 15.  The original signal and the wavelet compressed signal using  
(bitrate=128Kbits/s wavelet= ‘db’  ‘slow sound.wav’) 

TABLE I.   EVALUATION OF THE PROPOSED CODEC USING  DIFFERENT  
WAVELET (SOUL MUSIC.WAV) 

Wavelet 
name 

haar  coif morl meyr db 

SNR 30.514 31.379 30.282 30.461 31.012 
CR 5.762 6.342 6.117 5.451 7.249 

TABLE II.  EVALUATION OF THE PROPOSED CODEC USING  DIFFERENT  
WAVELET (SLOW MUSIC.WAV) 

Wavelet 
name 

haar  coif morl meyr db 

SNR 30.631 30.233 31.681 30.298 30.767 
CR 5.663 6.817 6.219 5.358 7.471 

TABLE III.  EVALUATION OF THE PROPOSED CODEC USING  DIFFERENT  
WAVELET (ROCK MUSIC. WAV ) 

Wavelet 
name 

haar  coif morl meyr db 

SNR 30.091 30.411 31.903 30.104 31.515 
CR 5.918 6.628 6.992 5.758 7.735 

VII.  AUDIO QUALITY MEASURE USING MEAN OPINION 

SCORE 

      It is hard to objectively measure the performance of 
audio compression in the realm of perceptual media, due to 
the variation in human senses, and the qualitative nature of 
such a process. However, some attempt has been made to do 
this. As a measure of quality, the most popular subjective 
assessment method is the mean opinion scoring where 
subjects classify the quality of coders on an N-point quality 
scale. The final result of such tests is an averaged judgement 
called the mean opinion score (MOS). 5-point adjectival 
grading scales are in use, one for signal quality, and the 
other one for signal impairment, and an associated 
numbering. The 5-point ITU-R impairment scale of Table 4 
is extremely useful if coders with only small impairments 
have to be graded.  
For this purpose, we invited several subjects to hear some 
wavelet compressed files resulting from the proposed codec 
based on wavelet analysis. The protocol of evaluation 
consists in listening to the wavelet compressed sound file. 
Then, the listeners can listen to it as long as they wish. The 
listeners are 12: 6 men and 6 women between 15 and 30 
years old. Our aim is to determine the best wavelet 
compression sound quality  for each type of sound in a 
statistic card as shown in Figure 16. 
Note:  
The sound quality histogram amplitude represent the sum of 
the integers scores given by the 12 listeners. 
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Figure 16.  The MOS diagram wavelet listening test 
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TABLE IV.  5-POINTS MOS IMPAIRMENT SCALE 

     Mean opinion score Impairment scale 
5 Perceptible 
4 Perceptible, but not annoying 
3 Slightly annoying 
2 Annoying 
1 Very annoying 

VIII.  CONCLUSION AND FUTURE WORK 

     Audio compression coding is currently an active topic for 
research in the areas of circuit technologies and Digital 
Signal Processing (DSP). The Wavelet Transform performs 
very well in the compression of recorded audio signals. 
Point of view compression ratio, using wavelets can be 
easily varied, while most other compression techniques have 
fixed compression ratios. 
Further data compaction is possible by exploiting the 
redundancy in the encoded transform coefficients. A bit 
encoding scheme could be used to represent the data more 
efficiently. A common loss-less coding technique is Entropy 
coding. Two common entropy coding schemes are Prefix 
coding and tree-structured Huffman coding. 
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Abstract—The applications developed during the current era 

are deployed in environments which change over the course of 

time. These changes if occur in a normal application would 

require re-work so that design and architectural level updates 

should be implemented to cater to the newly changed application 

environment. This is turns results in wasted effort and increased 

cost for the system maintenance. Hence there arise a need for 

systems that are able to alter their functioning so as to adapt to 

the changing environmental needs and to heal themselves 

automatically from likely errors and system failures without the 

need of human intervention. Such systems are known as Self 

Healing, Self Adaptive or Autonomic Systems.   

 

The approaches and frameworks used for gathering, analyzing 

and specifying requirements for Self Adaptive system are quite 

different from the traditional life cycle and require a different 

line of action from the processes which are followed when 

capturing requirements for a normal system whose environments 

are relatively stable and all the system states are known before 

hand.  

 

   This research focuses on analyzing the various methods, 

techniques and frameworks for gathering requirements for Self 

Adaptive systems. A Tropos based approach has also been 

proposed for requirements engineering for self adaptive system. 

Keyword-component; Self-adaptive Systems; Requirement 

Engineering; Autonomic Systems; Agent oriented Methodologies 

I. INTRODUCTION 

The changing needs of the modern era have led forward to 

an application domain where the underlying environment of 

the system often changes. Such changes occur as part of the 

normal working course of the system and are considered as 

part of the common working environment. Thus if such 

changes are catered to so as to ensure the smooth functioning 

of the systems, the system should also be designed in a way so 

that effective decision making can be performed by the system 

to alter and adapt their behaviours to the changing 

environmental needs [1]. 

 

Although most of the self healing systems development 

approaches are in infancy but many industry leaders such as 

Microsoft, IBM and SUN and performing extensive research 

for the development of autonomic systems. Thus such systems 

are meant to extend their capabilities to restore to a normal 

functioning state from an error state. Thus if such an ability is 

incorporated in the current systems then unlimited 

environmental changes can be effectively catered and the 

systems can be made available for infinite periods thus 

reducing the system maintenance cost and in turn saving 

organizational budgets [2] [3]. 

 

The paper presents a Tropos based framework which 

focuses on the requirements engineering perspective for self 

adaptive systems. The Tropos methodology is incorporated 

with the RELAX language specification constructs to cater all 

the uncertainty factors ingrained in the self adaptive systems 

execution environment. 

II. RELATED WORK / LITERATURE REVIEW  

During the recent years the area of software engineering 

have witnessed tremendous amount of research and analysis in 

the field of self adaptive systems which is conducted in almost 

all the verticals of software development of self adaptive 

system right from their inception to modelling to engineering 

and quality assurance [5]. This has resulted in the onset of a 

vast number of techniques for each of the system development 

domain. A brief discussion of these techniques is as follows: 

 

The core concepts of most of the requirement engineering 

techniques for self adaptive systems are derived from the 

concept of goal models where a requirements model is 

developed through the usage of specific environmental 

conditions and goal states. Agents are allocated to goal 

traversal graphs where alternative conditions are to be 

considered or negotiated with respect to the specific system 

variables [6]. One of the earliest goal modelling notations such 

as KAOS (Knowledge Acquisition in Automated Specification) 

[7] and i* [8] presents a comprehensive overview of goal 

models however in such approaches there is no scope for 

catering to uncertainty or adaptively of the system. Hence 

researchers have proposed extensions of the goal directed 

requirement acquisition techniques for self adaptive systems. 
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Amongst the many extended approaches, one of the 

prominent one is that of the KAOS specification language 

incorporated with the “Adapt-Operator” [9]. Another approach 

focuses on formal methods such as the RELAX specification 

language for converting traditional requirements statements to 

the ones that are able to cater to the uncertainty of the self 

managing systems [10] [11]. Extension to this approach 

provides an amalgamated view of the goal graphs and RELAX 

by placing specific language constructs in goal graphs nodes 

where adaptation is specifically required [12].  

 

An extended approach defines the pathway of transforming 

the requirement specification to the software architecture. This 

approach derives the self adaptive component model from the 

KAOS goal model [13]. Another similar approach focuses on 

the development of a formalized notation in terms of Unified 

Modelling Language (UML) for the requirements specification 

of self adaptive systems [14]. 

 

A different framework focuses on the classification of goals 

into soft goals and hard goals thus defining a road map for 

converting the goal models to architectural level diagrams by 

providing the concept of Autonomic Elements (AEs) [15]. 

Also focusing on the system architecture, a research paper 

proposes a high level approach to facilitate the smooth 

transition from the system requirements specifications to the 

system architecture [16]. 

 

Utilizing the strengths of the i* modelling language for 

representing goals models, a different approach focuses on the 

requirements specifications for embedded self adaptive 

systems [17]. Focused on the distributed software systems, one 

more approach defines a framework to develop self adaptive 

systems by adopting a Belief-Desire-Intention (BDI) [4]. 

Extension to the Tropos methodology is provided in this 

approach by modelling environmental variables, goal 

precedence and priority and goal correlations for catering to 

the flexibility required in all self managing systems.  

 

A similar approach specifically focus on modelling the 

requirements specifications for self adaptive systems by using 

the advanced version of TROPOS and BDI agents i.e. 

Tropos4AS [18]. A related technique illustrates a tool 

(TAOM4E) that based on the Tropos4AS [19]. An additional 

Tropos related approach has been proposed for requirements 

specification of self managing systems that provides a 

framework to translate traditionally captured requirements to 

adaptive requirements through the combination of Tropos goal 

oriented methodology and the domain [20]. 

III. A PROPOSED REQUIREMENTS SPECIFICATION FRAMEWORK 

FOR SELF ADAPTIVE SYSTEM   

A.  Framework Introduction 

The study of the various techniques proposed by various 

researchers have led to the conclusion that all the proposed 

requirement specification and engineering techniques 

proposed for self adaptive systems lack some aspect or the 

other. Some techniques make use of the goal models by 

defining system alternatives and environmental constraints 

while completely ignoring the system environmental 

uncertainty factors whilst the other which caters to this 

uncertainty factors does not provide a systematic mechanism 

for transforming the developed specifications into formal 

architectures, and design.  

 

Although some of the work has been performed in defining 

an amalgamated view of the goals models with formal 

specifications language for self adaptive systems [12] however, 

they take into consideration the general goal models without 

focusing on specific ones which can expedite the requirements 

engineering process and which are flexible enough to cater to 

the requirements change during the system execution 

environment. 

 

Thus we propose a consolidated framework for 

requirements engineering for self adaptive system by 

incorporating the TROPOS requirements specification 

methodology with the RELAX specifications to cater to the 

environmental uncertainty factors and to reap the benefits of 

TROPOS for easy requirements modelling and catering to the 

early and late stage of the requirements engineering life cycle.   

 

The subsequent section briefly presents the main rationale 

behind the proposition of the requirements specification 

framework. The next sections explain the TROPOS 

requirements engineering framework followed by the 

introduction of the RELAX specifications. The next section 

will shed light on the actual process and various steps of the 

extended proposed framework followed by a case study that 

illustrates the practical implementation of the framework. 

B. Rationale for the Proposition of the Extended Modelling 

Framework  

It is a well argued fact that specifying the requirements for 

self managing system is a testing task due to the level of 

uncertainty in the underlying system environment where the 

values of the various quantities are unpredictable beforehand. 

Also the techniques for requirements specification be it a goal 

modelling framework or a formal specification language, they 

fail to cover all the aspects of catering to this flexibility in the 

requirements set. An idea has been proposed as a prospective 

future work for catering to this problem which suggest 

combining the strengths of the RELAX specification language 

with the contemporary goal models for proposing a process 

model through which thorough requirements specification can 

be performed by the analysts [11]. Thus based on the idea we 

propose a process model for specifying the requirements for 

self managing system by combing the strengths of the Tropos 

Modelling Framework and the RELAX Specification language 

so that a robust requirements set can be developed. 

 

The main advantages of this approach are multi-fold. The 

Tropos Modelling approach presents a well known and stable 
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process for requirements specification right from the inception 

phase of the Early Requirements gathering to the system 

Architectural design and Implementation. On the other hand 

the RELAX specification presents specific language constructs 

as well as formal notations and semantics descriptions for 

incorporating flexibility in the requirements set for self 

adaptive systems.  

 

However, if Tropos alone is applied to gathering 

requirements for self adaptive systems, it cannot fulfil the 

prerequisite for an adaptive set where specific environmental 

variables can be quantified so that partial fulfilment of goals 

can be taken as satisfactory for iterating a goal path. The 

RELAX specification alone lacks a formal process of 

gathering the early requirements and then iteratively working 

upon that set to transform the requirements to the architectural 

design and the implemented system.  

 

Also there are a number of agent oriented methodologies 

presented in literature for system modelling. However their 

application and span of usage is restricted to their level of 

maturity. Studying a number of research literature related to 

the comparison of agent oriented methodologies [21] [22], it is 

also concluded that the Tropos is one single methodology that 

is not only stable and relatively mature but it also lays a strong 

focus on the early requirements analysis where the domain 

stakeholders and their intentions are identified so that the main 

reason for the system development can be acknowledged at 

the initial stages. 

 

Hence this proposed framework presents a process of 

identifying the initial set of the requirements and working 

upon them for refining them to cater to the underlying 

necessities for self adaptive systems. A case study is also 

presented for applying the framework for modelling 

requirements of a self adaptive system such as SmartHome for 

proving the practicality of the approach. 

C.  Requirements Engineering in Tropos  

The Tropos is an agent oriented software development 

methodology which is developed by a group of authors from 

various universities in Canada and Italy. The Tropos is a 

unique agent oriented software engineering methodology that 

drives its strengths from three basic factors such as it keenly 

focuses on the activities that precede the prospective 

requirement engineering practice by collecting information 

about how and why the intended system is envisioned to 

achieve the organizational goals. Hence firstly, it focuses on 

the broad picture of the system so that a perspective is 

established and ground is set for detailed requirements 

analysis [23].  

 

Secondly, it provides means of specifying and designing the 

system right from the requirements analysis to the system 

architecture, design and implementation phases in a systematic 

manner. It drives its strength from the notions of actors, hard 

goals, soft goals, plans, resources, mean-end links and 

intentional dependencies.  

 

Lastly, the methodology is built on the novel idea that the 

system to be should be modelled in an incremental fashion, 

refining it at every subsequent stage from the conceptual level 

to the executable artefacts through the usage of a sequence of 

transformational steps. Hence the major advantage of this 

methodology over the other modelling notations is derived 

from the fact that it not only concentrates of the what or how 

perspectives of the system but also on the why aspect of the 

system [24] [25] [26]. 

 

The Tropos model is extensively inspired by the Eric and 

Yu’s framework for requirements engineering which presents 

the idea of actor, goals and actor dependency links as 

primitive concepts [27]. The Tropos model propose a goal 

based requirements modelling technique to capture and 

analyse both the business and system requirements, risk and 

security and location requirements [26]. 

1)  Phases of Tropos:  The Tropos methodology is divided 

into the following four major phases of the software 

development lifecycle [28][29][30]: 

 

Early Requirement Analysis

Late Requirement Analysis

Architectural Design

Detailed Design

Implementation

 
Fig. 1.  Tropos Iterative and Incremental Approach 

D. RELAX: A Specification Language  

RELAX is a requirements specification language developed 

explicitly for self adaptive system by the researchers at the 

universities of England, USA and France.  The language 

constructs explicitly support the expression of the 

environmental uncertainty in the requirements [11]. This 

environmental uncertainty is the core of the self adaptive 

systems where flexible requirements needs to be specified so 

that changes to the environment and other conditions should 

not affect the normal functioning of the system and the system 

should gracefully alter its execution path to cater to such 

changes. 

 

The RELAX vocabulary is specified in a set of its operators 

which are organized into modal, temporal and ordinal 

operators and uncertainty factors [11]. The following table 

describes the RELAX vocabulary constructs. 

62 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  

Vol. 08, No. 04, July 2010 

TABLE I 

RELAX VOCABULARY AND OPERATORS 

RELAX OPERATOR DESCRIPTION 

Modal Operators  

SHALL a requirement must hold 

MAY…OR 
a requirement specifies one or more 

alternatives 

Temporal Operators  

EVENTUALLY a requirement must hold eventually 

UNTIL 
a requirement must hold until a 

future position 

BEFORE, AFTER 
a requirement must hold before or 

after a particular event 

IN 
a requirement must hold during a 

particular time interval 

AS EARLY, LATE AS POSSIBLE 

a requirement specifies something 

that should hold as soon as possible 

or should be delayed as long 

AS CLOSE AS POSSIBLE TO 

[frequency] 

a requirement specifies something 

that happens repeatedly but the 

frequency may be relaxed 

Ordinal Operators  

AS CLOSE AS POSSIBLE TO 

[quantity] 

a requirement specifies a countable 

quantity but the exact count may be 

relaxed 

AS MANY, FEW AS POSSIBLE 

a requirement specifies a countable 

quantity but the exact count may be 

relaxed 

Uncertainty Factors  

ENV 
defines a set of properties that 

define the system’s environment 

MON 
defines a set of properties that can 

be monitored by the system 

REL 
defines the relationship between 

the ENV and MON properties 

DEP 

identifies the dependencies 

between the (relaxed and invariant) 

requirements 

E. The Proposed Requirements Modelling Approach  

The distinguishing characteristic of the Self Managing 

system is that there can a number of pathways for realizing a 

high level system objective and a set of runtime environmental 

quantities and variables dictate which particular pathway 

realization is appropriate at a particular time. Hence for 

incorporating such a kind of variation in the execution paths at 

runtime, the goal modelling approach for requirements 

specification offers support to identify and visualize various 

different alternatives for satisfying the overall objectives and 

goals of the system [31]. These alternatives for a system 

requirement can be due to differences in the system non-

functional goals such as performance, reliability, robustness 

etc or due to the ambiguity in the system environment which 

can affect the goal paths that are iterated at run time. Hence 

the goal modelling approach proves to be a fine approach for 

modelling goal decompositions in terms of its subsequent low 

level goals.  

 

Hence the modelling approach is primarily based on the 

Tropos Requirements modelling framework that work on the 

Eric Yu’s i* modelling methodology which is one the 

renowned framework for requirements specifications using 

goal models [29]. The Tropos presents additional benefits in 

terms of early requirements gathering which adds extra 

flexibility and span of usage to our proposed framework.  

 

Adjoining the Tropos goal models is the RELAX 

specification which will be incorporated at the locations where 

there remains scope for the system uncertainty and where 

requirements can be temporarily relaxed to support the system 

adaptation process. Thus if there exist some goal paths where 

non-critical requirements can be partially neglected in order to 

satisfy other short term critical requirements then RELAX 

specification presents specific vocabulary and constructs that 

can effectively cater to such necessity. 

F.  The Proposed Methodology Process Model  

The steps for developing the requirements specification 

using the mentioned modelling approach consists of a step 

wise procedure for systematically performing the system 

analysis so that general as well as adaptive requirements can 

be effectively gathered. The Fig. 2 describes the high level 

flow diagram of the modelling steps. The detailed are 

described as follows: 

 

1. Perform the 

Early 

Requirements 

Analysis

2. Create the 

detailed Actor 

Diagrams

High level system goals

3. Identify the 

Uncertainty 

factors in the 

goal models

Actor Goal Models

4. Resolve the 

Uncertainty 

factors 

Goal nodes with uncertainty factors

5. Perform the 

Late 

Requirements 

Analysis

Refined Actor Goal Models with RELAX-ed requirements

Consolidated Actor Goal Models

6. Develop the 

system 

Architectural 

Design

Refined Goal Models with resolved uncertainty factors

System Architecture
7. Perform 

Detailed Design

8. Implement the 

System
UML Diagrams

  

Fig. 2. The Proposed Process Model  

 

1)  Step 1.  Perform the Early Requirements Analysis: 

Identify and analyse the system stakeholders and their 

intentions for the usage of the system. Enlist the set of actors 

and their respective high level system goals that they need to 

achieve using the system. Create the high level Actor 

diagrams in this step. This is performed in congruence with 

the general approach adopted for the Tropos Modelling 

framework. 

2)  Step 2.  Create the detailed Actor Diagrams: Perform a 

thorough analysis on each of the high level goal identified in 
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the Step 1 for decomposing the goal into subsequent low-

level goals unless a leaf node is achieved which is one single 

goal, resource or plan which cannot be further decomposed. 

This step is also performed following the methodology 

presented by the Tropos framework. 

3)  Step 3.  Identify the Uncertainty factors in the goal models: 

Iterate the goal graph developed in the previous step using a 

bottom up approach from the leaf nodes to the top nodes for 

the identification of the uncertainty factors that can pose 

hindrance in the achievement of the preceding top level goals. 

These factors can be the varying environmental conditions 

that should be monitored for smooth functioning of the 

system. 

4)  Step 4.  Resolve the Uncertainty factors: The goal graph 

nodes that are marked with the uncertainty factors needs to be 

thoroughly studied for mitigating and resolving the identified 

factors. There can be following approaches for the resolution 

of the identified uncertainty factors: 

4.1) Do not perform any refinement: If the identified 

environmental uncertainty factors does not threaten the 

satisfaction of a low level goal achievement in relation 

to its preceding higher level goal hence the node should 

be left as it is with no refinement iteration. 

4.2) Refine the leaf node with further sublevels: Sometimes 

the goal uncertainty factors can be resolved by 

performing analysis on the leaf goal node and further 

breaking it up to low level goals so that the factors can 

be effectively captured, measured and analysed during 

the process of the goal graph execution. 

4.3) Introduce the RELAX operators: As discussed earlier, 

the uncertainty factors that are part of the system 

execution environment are sometimes of a nature that 

only their partial fulfilments can prove to be good 

enough for the complete fulfilment of the high level 

goals. Hence for marking such state and conditions, the 

RELAX operators needs to be introduced in the goal 

nodes for providing the specific uncertainty factors and 

RELAX operators for precisely measuring the 

flexibility in the environmental quantities. 

4.4) Create a new high level Actor diagram: It is also an 

observed scenario that at time the effect of the 

environmental uncertainty factors is so intense that no 

goal refinement or relaxation can help in following the 

normal goal graph or the execution path of the system. 

Hence for such environmental conditions, new high 

level goals needs to be identified for the system actors 

which will be executed according to the new set of 

environmental conditions.  Also this should be noted 

that this is the most expensive form of resolution since 

it will require the reapplication of the Steps 1-4 to this 

newly created goal. 

5)  Step 5. Perform the Late Requirements Analysis: The late 

requirements analysis needs to be performed where the target 

system is added as a new actor in the goal diagram together 

with its functions and quantities. This requirements analysis 

models the new target system actor and its social 

dependencies on the other actors. This in turn refines the goal 

model by placing the concept of the overall system and its 

interaction scenarios with all the system actors.  

6)  Step 6. Develop the system Architectural Design: The 

system architectural design focuses on the system’s global 

architecture in terms of the sub-systems (actors) 

interconnected through data and control flows (dependencies).  

The architecture is articulated in a three step fashion where 

the overall architecture in terms of extended actor diagrams is 

performed and then the capabilities to be performed by the 

actor dependencies are defined followed by defining a set of 

agent types with one or more different capabilities (agent 

assignment). This step is performed according to the 

traditional Tropos Modelling framework. 

7)  Step 7. Perform Detailed Design: The detailed system 

design is related to the system agent’s micro level activities 

such creation of the system capability diagrams which is part 

of the family of the UML Activity diagrams and the Agent 

interaction diagrams. This step completely models the system 

in terms of the UML diagrams to aid in the system 

implementation phase. 

8)  Step 8. Implement the System: The implementation is self 

explanatory where the actual system development is 

performed against the detailed design implemented in the 

previous steps. 

IV.  APPLICATION OF THE REQUIREMENTS SPECIFICATION 

FRAMEWORK – A CASE STUDY  

For validating the practical implementation of the proposed 

requirements specification framework, we are presenting a 

case study of a SmartHome application used for assisted living. 

The step by step implementation of such a system and its 

requirements gathering and specification using the proposed 

modelling framework is described below: 

1)  Step 1.  Perform the Early Requirements Analysis During 

this early requirements analysis phase where the intentions of 

the system stakeholders are identified and analysed and are 

modelled into the subsequent goal diagrams. The goal 

diagrams are modelled in terms of the hard goals, soft goals, 

plans and resources as per the convention of the Tropos 

Modelling framework. The high level actor diagram for the 

SmartHome system is depicted in Fig 3. 

2)  Step 2. Create the detailed Actor Diagrams: The detailed 

Actor diagrams are an extension of the strategic or social 

dependency model created in Step 1.  This step includes the 

extension of each and every goal defined in the previous step 

through analysis so that dependencies with other actors are 
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refined. The top level goal which is under consideration is 

AND-OR decomposed into sub-goals (such as hard goals and 

soft goals), plans and resources. For each of the leaf node of 

the goal graph means tasks are identified which can be 

further AND-OR decomposed. Additionally, the needed 

resources are also established. 

 

 
Fig. 3. Actor Diagram or the Social Dependency model 

 

For the sample case study for the SmartHome, we have 

chosen the Cleaner Agent’s “Clean Security Equipment” goal 

for refinement for creating the detailed Actor Goal Model. 

This is depicted in Fig 4 

 

 
Fig. 4. Cleaner Agent Goal Model for “Clean Security Equipment” 

 

 

 

 

3)  Step 3.  Identify the Uncertainty factors in the goal models:  

The step in which the uncertainty factors of the 

environment are identified to introduce flexibility in the goal 

nodes. In the “Clean Security Equipment” goal graph some 

goal nodes have been identified that can become victim of 

uncertainty factors hence the RELAX specification operators 

needs to be identified for specifying conditions for their partial 

fulfilment. The marked goal nodes are shown in Fig 5. 

 

For example, the goal node marked as “Recharge Battery” 

has an uncertainty factors related to the level of its battery 

recharge. The partial satisfaction of the goal such as a 

particular threshold level of the battery recharge levels can 

prove to be enough for the working of the Cleaner Agent. 

Step 4. Resolve the Uncertainty factors: Hence the “Recharge 

Battery” can be relaxed by introducing a RELAX operator 

known as “AS CLOSE AS POSSIBLE TO FULL”. Thus more 

RELAX operators are introduced at the “Start Dust Sensors”, 

“Start Cleaning Process” and “Find Trash Bin” goal nodes. 

The Goal graph with RELAX-ed nodes is shown in Fig 6. 

 

 
Fig. 5. Goal Graph with marked Uncertainty factors 

 

 
Fig. 6. Goal graph with RELAX-ed nodes 
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4)  Step 5. Perform the Late Requirements Analysis: The 

phase of late requirements analysis work upon introducing 

the SmartHome as actor named as “SmartHome Agent” 

where in similar manner the actor goals and 

interdependencies with the other system actors such as goal 

graphs of all the goals for each of identified system actor 

such as “Cleaner Agent”, “Security Agent”, “Kitchen Agent”, 

“Store Agent” and “Device Agent” are modelled. A subset of 

the overall actor diagram for the System Agent is depicted in 

Fig. 7.  

5)  Step 6. Develop the system Architectural Design: The 

architectural design of the system works upon decomposing 

and refining the system actors diagrams identified during the 

late requirements analysis phase by describing the structure 

of the overall architecture pattern together with further 

identifying the interactions and dependencies between 

different actors by considering them as agents with the 

perspective of the overall system. 

 

Various kinds of diagrams are modelled during this phase 

such as the system overview diagrams, architectural style 

diagrams and the overall system decomposition diagrams. 

Also the system capabilities definition as well as the agent 

definition in terms of the defined capabilities is also developed 

during this phase. A partial capabilities definition table for the 

Cleaner Agent’s Clean Security Equipment goal are described 

in Table II. 

 
Fig. 7. Late Requirement Analysis Goal graph  

 

6)  Step 7. Perform Detailed Design: The detailed design 

phase focus on making the system UML diagrams for the 

system. Various kinds of UML diagrams are developed during 

this phase so that all the aspects of the system such as it 

transitions, states, capabilities and attributes can be thoroughly 

identified.  

A SmartHome component diagram is shown in Fig 8. 

 

 

TABLE II 

SYSTEM CAPABILITIES DEFINITION TABLE  

Agent 

Name 

Capability 

ID 
Means-End 

Cleaner 

Agent 

CP-001 
Identify Equipment Type; Read Device 

Magnetic Strip 

CP-002 
Identify Equipment Type; Decode Strip 

Information 

CP-003 
Identify Equipment Type; Get Equipment 

Information from RFID 

CP-004 
Identify Dust Particles; Start AS MANY AS 

POSSIBLE Dust Sensors 

CP-005 
Start Cleaning Process AS EARLY AS 

POSSIBLE; Use Vacuum Cleaner 

CP-006 
Start Cleaning Process AS EARLY AS 

POSSIBLE; Use Mopping Brush 

CP-007 
Start Cleaning Process AS EARLY AS 

POSSIBLE; Use Liquid Cleanser 

CP-008 
Start Cleaning Process AS EARLY AS 

POSSIBLE; Use Dry Brush 

 … 

 … 

CP-(N-3) 
Clean Security Equipment; Identify 

Equipment Type 

CP-(N-2) 
Clean Security Equipment; Clean Equipment 

Dust 

CP-(N-1) 
Clean Security Equipment; Maintain Cleaner 

Dust box 

CP-(N) 
Clean Security Equipment; Maintain Cleaner 

Batter Level 

 

-CleanerAgent : object
SmartCleaner

-SecurityAgent : object
SmartSecurity

-KitchenAgent : 
object

SmartKitchen

-DeviceAgent : object
SmartDeviceManager

-StoreAgent : object
SmartStoreManager-SensorName : string

-SensorModule : string
-SensorStatus : string

SystemSensors

1..*

1..1
1..*

1..1

1..* 1..1

-1 *

-N *

1..*1..1

-DailyCalories : int
-MinCalories : int
-MaxCalories : int

DietPlan

-generates1..*

1..1

-MenuItemsList : object
-MenuCaloriesCount : int

DailyMenu

-generates

1..*

1..1

-ItemName : string
-ItemType : string
-ItemQuantity : object

StoreRepository

-Maintains

1..* 1..1

-DeviceName : string
-DeviceType : string
-DeviceStatus : object

Devices
-Contains

1..* 1..1

-ItemName : string
-ItemType : string
-SecurityMechanismStatus : object

SecuredItems

1..* 1..1

-EquipmentName : string
-EquipmentType : string
-EquipmentStatus : object

CleaningEquipment

-Contains

1..*1..1

 

Fig. 8. SmartHome Component Diagram  

7)   Step 8.  Implement the System: Various tools are 

available using which the UML diagrams can be converted 

into the code skeletons and eventually the system actual 

implementation code. Making use of the same tools, the 

development code of the SmartHome application will be 

developed. 

V. CONCLUSION AND FUTURE WORK  

The requirements engineering activity serves as the basis 

for the development and analysis of any system. However, the 

system inherent behaviour and its underlying environment 

have a huge effect on the practices followed for requirements 

engineering. From the span of a large number of requirement 
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engineering frameworks, goal models are usually adopted for 

specifying requirements for self adaptive systems which have 

a number of environmental uncertainty factors that put risk to 

the accomplishment of various system goals and tasks. Thus in 

this paper we presented a comprehensive view of the various 

requirements engineering frameworks and practices following 

for requirement elicitation, specification, verification and 

monitoring of self adaptive systems. 

 

Additionally, we presented a comprehensive set of the 

quality requirements which can serve as basis for the 

evaluation of a newly proposed framework. These quality 

requirements measure the effectiveness of a proposed 

technique against a variety of factors such the level of the 

extension of the technique to various domains, the number of 

uncertainty factors it caters to and the extent of the support of 

the technique to the various phases of the system development 

life cycle. 

 

Lastly based on the mentioned quality requirements, we 

proposed a goal based modelling approach for the 

specification of self managing systems where various 

environmental uncertainty factors pose a threat to the smooth 

execution of the system goal paths. The proposed framework 

takes its concepts from the well known Tropos Modelling 

framework and the RELAX specification language by 

amalgamating the concepts of both for creating a framework 

that fulfils almost all of the quality requirements of the 

requirement specification for the self adaptive system. 

 

A great number of future directions sprint up after the 

proposition of the respective framework where the 

development of a formal tool for modelling such methodology 

tops the list. Other future directions include the development 

of a formal language which can translate the late requirements 

analysis goal models into the written requirements 

specification so as to aid the system analysts.  Various 

language modelling techniques are already present in the 

literature and their adaptation and extension in relation to the 

proposed framework can serve as a promising future direction. 
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Abstract — Traffic congestion is a major problem that drivers 
face these days Long rush hours exhibit both mental and 
physical toll on a driver. This paper describes the design of 
cruise control system based on fuzzy logic, in order to reduce 
the workload on a driver during traffic congestion. The 
proposed low speed cruise control system operates by sensing 
the speed and headway distance of the preceding vehicle and 
controlling the host vehicle’s speed accordingly. The vehicle 
speed is controlled by controlling throttle and the brakes. The 
fuzzy logic based cruise controlled vehicle is simulated using 
MATLAB Simulink and the results are presented in this paper. 

Keywords - fuzzy logic, cruise control, low speed, and traffic 
congestion. 

I. INTRODUCTION 
A cruise control system is a general feature found in most 

of the automobiles today. A basic cruise-controlled car 
travels at constant speed set by the driver, allowing 
automatic movement of the vehicle without the driver 
pressing the accelerator. The driver sets the speed as desired 
and then the cruise control system maintains that speed by 
controlling the throttle of the car. A typical cruise control 
system comes with features such as acceleration, coasting 
and resume functions. 

Since the cruise control system replaces the driver, it must be 
able to imitate human behavior. The use of fuzzy logic is an ideal 
tool for this purpose. Fuzzy logic, which also means imprecise 
logic, when applied to system makes it user friendly. A fuzzy 
system involves a set of linguistic rules applied on set of input and 
output parameters, in order to control a system. 

Conventional cruise control systems generally operate at 
speeds greater than 40 km/h; mostly used by drivers at 
highways. For speed lower than this, the vehicle needs to be 
controlled manually. A cruise control system that operates at 
lower speed is rarely available. 

II.  SOFTWARE USED TO SIMULATE THE 
SYSTEM 

The software used for the modeling of the system is 
MATLAB/SIMULINK. It has several toolboxes available 
such as the Fuzzy Logic Toolbox, SIMULINK, Image 
processing, Simdriveline, SimMechanics, SimScape etc. all 
of which can be integrated with a control system. This allows 
the user to develop most of the real world conditions in 

MATLAB. It is the most commonly used platform by most 
of the scientific organizations. 

In order to make the fuzzy logic cruise control system 
more realistic, we need to model a commercially available 
car on MATLAB and then integrate the fuzzy cruise control 
system to the vehicle model. The car chosen for modeling is 
Toyota Yaris 2007 Sedan[1]. The reason behind the selection 
of this car is the availability of technical information of its 
control system.  

III. MODELING OF THE VEHICLE ON MATLAB 
The modeling of the vehicle’s drive train and dynamics is 

done by mapping on the specifications of a Toyota Yaris 
onto a demonstration model in MATLAB[6]. The automatic 
drivetrain model available in SIMULINK is taken as the base 
model for the system development. 

 
Figure 1. Block diagram of basic Drivetrain system 

The inputs to the drive train are the throttle opening and 
brake torque. The engine, vehicle dynamics and the 
automatic transmission have been modeled using non-linear 
differential equations. The transmission control unit has been 
modeled in STATEFLOW as it involves decision-making 
based on the current state of the vehicle. 

Reference [6] gives the complete details of modeling 
equations used by Mathworks to design this drive train. The 
complete Drivetrain model used for simulation is shown in 
figure 3 below. The engine subsystem was modified 
according to the engine-torque curve of Toyota Yaris. 
Default transmission gear ratios were modeled to that of 
Toyota Yaris. The shift schedule used by the shift logic block 
and the vehicle dynamics parameters were modified by the 
corresponding Toyota Yaris values. Any subsystem for 
which the corresponding Toyota Yaris specification was not 
available, the default value used by Mathworks has been 
retained. 
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Figure 2. Complete Drivetrain SIMULINK  model used for the simulation [6] 

  Simulation One 

 
Figure 3. Simulation 1 results of a Toyoto Yaris 2007 automobile under normal running  environment
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IV.  MODEL TESTING OF THE AUTOMOBILE 
The vehicle model is tested for accuracy and compared 

with the actual operation of Toyota Yaris. Several 
simulations, with various inputs, were carried out to verify 
the simulation model of the vehicle of which two set of 
results are given below.  

The vehicle’s throttle profile are selected to simulate the 
real time operation of the engine and vehicle speeds and the 
gear positions are also observed to verify the working of the  

vehicle. From the simulation1 results shown in figure 3 
above it is seen that the vehicle speed as well as the engine 
speed closely follows as required by the instruction specified 
by the throttle profile of the vehicle. 

As we can see from the graph, the vehicle speed reaches 
its maximum value of 120 mph, which is the top speed of 
Toyota Yaris. The maximum engine rpm reached is 4100, 
which is about 100 revolutions less than that of Toyota Yaris. 
The up shifts take place at 10 mph and 40 mph, which are 
close to the shift schedule of Toyota Yaris. 

Simulation two

Figure 4.  Simulation 2 results of the automobile in heavy traffic environment
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Figure 4 shows a typical example of a heavy traffic environment 
as the vehicle stays below 10 mph for a major amount of time 
during the simulation. The simulation1 is carried out for 300 
seconds and the simulation2 is done for 600 secs.  In simulation 
2, in addition to the throttle profile, the second input brake torque 
is also applied. These two simulation results proves the model of 
the automobile in the Simulink platform. 

V. DESIGN OF THE FUZZY LOGIC CRUISE 
CONTROL SYSTEM 

The objective of the fuzzy controller is to control the vehicle 
in a congested slow moving traffic environment. Therefore, the 
design of the fuzzy controller must be based on the variables that 
affect the vehicle’s movement in such an environment 

A. Input to the Fuzzy Controller 
In order to control the vehicle longitudinally, a sensor must 

detect a vehicle ahead and provide the distance and relative 
velocity of that vehicle with respect to the host vehicle. 
Therefore, a 24 GHz radar sensor can be installed in the vehicle 
since it has a very short range [7]. 

The sensor is not modeled in MATLAB/SIMULINK instead, 
an output profile coming from a sensor is assumed and provided 
as an input to the fuzzy controller. There are two output profiles 
from the sensor. They are relative velocity and relative distance 
between two vehicles. The figure below shows two typical 
unfiltered measurement profiles from a sensor [8]. 

 
Figure 5. Output profiles from a radar sensor 

It can be observed from the above profiles, that when relative 
velocity is positive, the distance between the vehicles increases. 
The distance between cars will keep on increasing, as long the 
relative velocity is positive. The rate of change of distance varies 
the rate of change of relative velocity. When relative velocity 
becomes negative, the distance between the vehicles starts 
decreasing. Relative distance decreases as long as the relative 
velocity remains negative.  

B. Definition of Input Membership Functions 
Inputs to the fuzzy controller are relative velocity 

and the distance between the two vehicles. Therefore, 
we need to define membership functions for fuzzy 
variables relative velocity and relative distance. The 
range for the fuzzy variable relative velocity chosen is -
10 km/h to +10 km/h. The speed range chosen is the 
typical range that vehicles travel in a congested traffic 
situation. The range of relative distance is chosen 0.5 to 
2m, which again is the typical range in a congested 
traffic situation. Most of the membership functions 
chosen in this system are triangular shaped as it has less 
parameters and responds rapidly when compared to 
other functions. This helps the inference system, to 
make decisions more effectively when compared to 
other membership functions. Literature also shows that 
most commonly used membership function is triangular 
shaped, due to its effectiveness in a real-time 
environment and economic feasibility. 

1)  Relative Velocity 

The relative velocity fuzzy variable has the 
following linguistic values: mildly negative (MN), 
mildly positive (MP), negative (N), positive (P), very 
negative  (VN), very positive (VP) and null (N). The 
figure 6 below shows the membership function 
definition for relative velocity. 

 
Figure 6. Membership function for Relative Velocity 

2)  Relative Distance 

The fuzzy variable for relative distance has the 
following linguistic values: very very close (VVC), very 
close (VC), close (C), Mildly Close (MC), distant (D), 
very distant (VD) and very very distant (VVD). The 
figure 7 below shows the membership definition for 
relative distance 

 
Figure 7. Membership function for relative distance (0.5 - 2 m). 
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C. Output of the Fuzzy Controller 
1) Throttle Control 

The linguistic values for throttle control are down (D), down 
very low (DVL), down low (DL) down medium (DM), up (U), up 
very low (UVL) up low (UL), up medium (UM) as shown in 
figure 8 below. The throttle control membership functions are 
classified into two major categories, Up and Down. These two are 
further divided into subcategories normal, low, very low and 
medium. This is to enhance the control of the vehicle at different 
relative velocities and distances. 

 
Figure 8. Membership function  for Throttle Control 

Majority of the membership functions cross each other. The 
membership functions have been made to cross in order to allow 
for smooth transition from one membership function to other, 
while the input values are changing. If the cross points are not 
included, discontinuities might arise in the operation of the 
controller as no rule will be fired at the end of each membership 
function. 

2) Brake Control 

Controlling the brake along with the throttle allows better 
control of the car. Since the vehicle is assumed to travel in 
congested traffic situation, it will be required to stop frequently. 
The linguistic values for the fuzzy variable brake control are no 
brake (NB), slow brake (SB), medium brake (MB), high brake 
(HB) and hard brake (HDB). The figure 9  below shows the 
membership functions of the brake control 

 
Figure 9. Membership function for brake control 

D. Construction of the Rule Base 
The construction of rules base determines relation between input 
and output membership functions. This means that the fuzzy 
controller will give a certain output depending upon the input 
and the rules that are executed. A set of rule guides the fuzzy 
inference system to make decision regarding the control of the 
output variable. A rule can take three forms conditional, 
unconditional and an assignment. In this system case rules must 

be formed in order to control the output variables 
throttle and brake based on the input variables, relative 
velocity and relative distance. A set of 31 rules for 
throttle control and another set of 34 rules for brake 
control is composed. All the rules are conditional. Table 
1 shows set of rules for brake control and  Table 2 
shows the rule set for throttle control.  

TABLE I.  RULE BASE FOR BRAKE CONTROL 

RD RS VN N MN NULL MP P VP 

VVC HRD VH - HRD L L - 

VC VH H VH - L L - 

C - H M - L L VL 

MC - H L - L VL - 

D - M M - L NULL NULL 

VD - M M - L NULL NULL 

VVD - M M NULL - NULL NULL 

 

TABLE II.  RULE BASE FOR THROTTLE CONTROL 

  RD RS VN N MN NULL MP P VP 
VVC D D D NULL DM - - 
VC DM DM DM - DM UVL - 
C - DM DL - DVL UVL - 

MC - DL DVL - UVL UL UM 

D - DV
L DV L - UL UM U 

VD - - - - UM U U 
VVD - - - U - U U 

E. Defuzzification Method 
The final output of the fuzzy controller must be a 

discrete value. In order to achieve this, a method called 
defuzzification must be applied. The centroid method 
was used to defuzzify the output fuzzy variables, since 
all the membership function definition are triangular. 
The centroid method makes it easier to defuzzify a 
triangular shaped membership function and reduces the 
overall computational task allowing the system to 
respond effectively 

F. Selection of Inference Method 
The fuzzy logic toolbox provided in MATLAB has 

two inference methods, Mamdani inference method and 
the Sugeno method .The Mamdani method is commonly 
employed in most of the applications due to the fact that 
the Mamdani method gives outputs as fuzzy variables. 
Whereas Sugeno method gives linear output. As both the 
outputs (throttle and brake) used in this controller are 
fuzzy variables, Mamdani method is selected for the 
inference.  

G. Fuzzy Logic Cruise Control System model in 
MATLAB/SIMULINK 
The fuzzy logic cruise control system needs to be 

integrated with the vehicle model. The vehicle model 
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has throttle opening and brake torque as its inputs. Two fuzzy 
controllers are used to control the throttle and brake respectively. 
Figure 10 shows the complete MATLAB-SIMULINK block  

 

diagram of the Fuzzy Logic Cruise Controlled 
automobile.  

 
 

Figure 10. Complete MATLAB/SIMULINK model of  the Fuzzy Logic Cruise Control System

VI. SIMULATION OF THE FUZZY LOGIC 
CRUISE CONTROL SYSTEM 

A. Simulation3 - Low speed cruise control system case i 
The fuzzy logic cruise control system simulation is 

simulated for thirty minutes with the assumed profile for 
relative velocity and relative distance as shown in figure 11.  
The throttle position, brake torque and vehicle speed are the 
output variables observed. Initally as the relative velocity and 
distance increase, the speed of the vehicle increases. An 
increase in throttle opening and the lowering of the brake can 
be observed. At 100s, relative velocity begins to decrease, 
however the relative distance still increases, although at a 
lower rate. This is due to the fact that relative distance will 
increase as long as the relative velocity is positive. The 
relative distance starts to decrease the moment, relative 
velocity crosses the zero mark. The throttle is reduced and 
the brake torque applied increases as the relative velocity and 
relative distance and consequently, we see a decrease in 
vehicle speed. The vehicle speed continues to decrease 
further as relative velocity increases in the negative direction. 

At 600s, the relative velocity becomes zero and the 
relative distance reaches its minimum value. Therefore, the 
fuzzy cruise control system increases the brake torque to 

1000 lb-ft and throttle is reduced to about 1%. Both the 
relative velocity and relative distance remain constant during 
the next 200s and so does the brake torque and throttle. We 
can observe that during this period of 200s that the vehicle 
speed remains zero. Therefore, it can concluded during this 
period, the vehicles are at a stop. This is a typical situation of 
vehicles being stuck in a heavy traffic environment. The 
cruise control system has successfully detected the vehicle 
approaching the preceding vehicle and brings the vehicle to 
stop when the minimum distance is reached. 

At 800s, as both the relative velocity and distance begin 
to rise,the throttle increases and the brake torque is lowered 
allowing the car to acclerate and maintain constant speed for 
about 200s.Then as relative velocity and distance increase to 
a higher value, we see a further rise in throttle value and 
lowering of brake. During the final stage of the simulation, 
the relative velocity and distance begin to decrease and 
therefore the cruise control system lowers the throttle and 
increases the brake in order to adjust the speed of the vehicle. 
Finally, as the vehicle approaches the preceding vehicle, a 
drop in the throttle and an increase in the brake torque can be 
seen, which bring the vehicle to a stop. 
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During the simulation, we observe that vehicle speed 
remains constant for a certain period, even though both the 
relative velocity and distance are varying. This is because of 
the fuzzy logic controller being assigned rules to maintain a 
certain speed of the vehicle for a certain range of relative 

velocity and relative distance. The fuzzy controller takes into 
account the degree of change in both the relative velocity and 
the distance. This condition can be observed in the following 
simulations as well. 

 

 
Figure 11. Simulation3-  Low speed cruise controlled system case i 

B. Simulation4 –Low speed cruise control system case ii  

In the intial phase of  simulation, the vehicle speed 
increases as the both realtive velocity and distance increase. 
A further rise in vehicle speed(16 km/h at about 200s) is 
observed as shown in the figure 12 when relative velocity 
and distance increase further. During this period appropriate 
changes made by the fuzzy logic controller, can be observed, 
to the throttle and the brake torque to bring about this rise in 
vehicle speed. The vehicle speed remains constant for about 
next 600s. 

At 400s, the relative velocity reaches zero and the 
relative distance reaches the maximum value (2m) Both of 
them remain at that value for the next 200s. During this 
period, the both the throttle and brake torque remain the 
same and so does the vehicle speed. This is sitaution, where 
both the vehicles move at constant speed and headway 
distance. The fuzzy logic controller has managed to detect 
this and has responded correctly. 

At 800s, the relative velocity decreases negative and 
subsequently the relative distance alos begins to decrease. 
Therefore, we see a drop in the throttle and an increase in the 
brake torque applied. The vehicle speed, thereby decreases to 
5.80 km/h and remains at this speed until the the relative 
velocity crossed the zero. As mentioned in the analysis of the 
previous simulation, the vehicle speed remains the same even 
though both relative velocity and distance decrease. The 
reason being the same as metioned earlier. 

In the final phase, the vehicle speed increases as both the 
relative velocity and distance increase. Appropriate changes 
in throttle and brake can be observed during this period. 

Discontinous spikes in the throttle and brake graphs can 
be observed whenever the relative velocity crosses the zero 
the mark. This reason behind this is that no rule is executed 
by the fuzzy controller at that very instant. However, this 
does not have an effect on the vehicle speed,since the time 
span for which these discontuinities occur is negligible. 

C. Simulation5 – Low speed cruise control system case iii  

As the simulation begins, the vehicle acclerates as both 
relative velocity and distance increase. Further changes in 
vehicle speed can be observed as relative velocity and 
distance continue to increase. The fuzzy logic controller has 
adjusted to vary the throttle and brake appropriately to raise 
the vehicle speed. The results are shown in the figure 13. 

The vehicle speed begins to decrease at 300s due to the 
realtive velocity crossing the zero mark. To lower the vehicle 
the speed the fuzzy controller has increased the brake torque 
and has simulatanouelsy lowered the throttle. As the relative 
velocity and distance continue to decrease, we can observe 
the further decrease of throttle and increase of brake torque 
in order to lower the vehicle speed. 
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The vehicle speed rises again the moment the relative 
velocity crosses the zero mark at 600s. The fuzzy controller 
the varies the throttle and the brake torque to bring about this 
change in vehicle speed. 

 
Figure 12. Simulation 4 –Low speed cruise control system case ii  

In the last phase of the simulation, the throttle is lowered 
and the brake torque is increased, since relative velocity 
becomes negative and the vehicles starts approaching each 
other. The vehicle decelerates to about 1km/h at the end of 
the simulation. The fuzzy controller has effectively managed 
to control the vehicle appropriately throughout the 
simulation. 

 
Figure 13. Simulation 5 –Low speed cruise control system case iii  
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D.  Simulation 6 –Low speed cruise control system case iv  
The vehicle initally accelerates to 7.86 km/h as relative 

velocity and distance increases and moves at constant speed 
for another 70s. Then vehicle speed further increases to 16 
km/h at 100s. Throttle and brake response during this period 
can be seen in figure 14. The throttle and brake remain the 
same till the vehicle remains at this speed 

 
Figure 14. Simulation 6 – Low speed cruise control system case iv  

At 225s, relative velocity crosses the zero mark and the 
vehicle speed begins to decrease. The throttle is lowered 
further and brake increases in order to lower the vehicle 
speed further. At 275s, the relative velocity remains constant 
and therefore, the brake and throttle remain constant. Hence, 
it can be concluded that the fuzzy controller has responded 
appropriately when relative velocity is constant. 

Finally, the vehicle speed begins to increase as the 
relative velocity crosses the zero mark. Appropriate changes 
in the throttle and brake torque can be observed from the 
figure 14. 

E.     Simulation7 – Switching of cruise control system to 
manual mode 

This simulation is performed in order to demonstrate that 
the cruise control system can be switched to manual mode 
whenever the driver wishes to take over the control of the 
vehicle. 

 Figure 15. Simulation 7 – Switching of cruise control system to manual mode  

The vehicle intially responds to the changes in the 
relative velocity and distance as it is being controlled. The 
driver applies the brakes at 150s, as the manual brake graph 
shown in figure 15. The same brake profile can be seen in 
brake torque graph. For the next 150s, we can observe from 
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the brake torque graph, that the brake torque profile remains 
the same as the manual brake profile. This shows that the 
vehicle is being controlled by the driver. A similar 
observation can also be made with respect to throttle graph. 

This switching of control of the vehicle is performed by 
adding a switch to the output of the fuzzy logic brake 
controller and manual brake. The switch has a control input 
and two data input port. The control input allows the first 
input, if it is above zero. The brake input has been given both 
as the control input and the first input. The fuzzy logic brake 
controller output is given as the second input to the switch. 
The moment the driver presses the brake pedal, and the brake 
torque increases above zero, the fuzzy logic controller 
connection to the vehicle is cut off by the switch and it 
allows the manual brake input to the vehicle and hence the 
control of the vehicle is switched to the manual mode. A 
similar method is applied for the throttle input. 

VII.   CONCLUSION AND FUTURE WORK 
In this project a Fuzzy logic controlled low speed cruise 

control system is designed successfully and extensive 
simulation is carried out to test the results..The basis of the 
design of this control system was to control the vehicle in a 
congested traffic situation.The inputs to vehicle model are 
the throttle and brake. Therefore, two separate fuzzy logic 
controllers were modeled to control these vehicle actuators. 
To control the throttle, a set of 33 rules were constructed and 
to control the brake, a set 35 rules were constructed. As both 
these control variables are fuzzy variables, Mamdani 
Inference method is chosen to give the output. Two different 
fuzzy controllers for brake and throttle are used to have 
better control over the vehicle, by allowing them to operate 
independently.  

In order to maintain a safe distance between the 
controlled vehicle and the preceding vehicle, two variables 
are required; the relative velocity and distance between the 
vehicles. The sensor profile of these variables were assumed 
from a research report [8]. Using the basis of this profile, 
different input relative velocity and distance profiles were 
given to fuzzy logic cruise control system for testing. 

The simulation results shows that fuzzy logic cruise 
control system operates well to control the vehicle 
effectively based on  different input profiles provided to the 
system.The fuzzy cruise control system completely controls 
the vehicle without the intervention of the driver. The 
maximum speed that the vehicle reaches when the cruise 
control sytem is operating is 16 km/h. This is the typical 
speed range of vehicles moving in a congested traffic 
situation.This leads to the conclusion that the fuzzy logic 
system is able to control the vehicle very well in a low speed 
heavy traffic environment. Moreover, a switching function 
has been attached to the system which allows the driver to 
take over the operation simply by pressing the brake or the 
throttle without any difficulties. 

The  drivetrain model used in this system is a very basic 
one and the vehicle can be controlled in the longitudinal 
direction only. This low speed cruise control system can be 

enhanced to a real time system by extending the model of the 
automobile with feed back sensors appropriately on 
MATLAB. This will enable the movement of the vehicle in 
any direction required when simulating the vehicle. 

A complete VRML (virtual reality machine language) 
model for an urban traffic environment shall be designed. 
This will allow testing of  the vehicle in a congested traffic 
enviroment. The 3D traffic environment will require several 
external variables such as detection of traffic lights, 
pedestrians, intersections along with the movement of the 
vehicle in the congested traffic environment. 

The fuzzy logic system must be able to incorporate the 
environmental conditions when the vehicle is moving in the 
above 3D model. The VRML realm builder along with the 
virtual reality toolbox allows the connection of the fuzzy 
cruise control system to the 3D system. This will make the 
testing of the system more realistic. 
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Abstract — Current study used the image processing techniques 
in order to classification of plants based on leaves recognition. 
Two methods called the Gray-Level Co-occurrence matrix 
(GLCM) and Principal Component Analysis (PCA) algorithms 
have been applied to extract the leaves texture features. To 
classify 13 kinds of plants with 65 new or deformed leaves as test 
images, the Algorithms are trained by 390 leaves. The findings 
indicate that the accuracy of PCA method with 98% come out to 
be more efficiency compare to the GLCM method with 78%
accuracy.

Keywords - Classification, GLCM, PCA, Feature Extraction.

I. INTRODUCTION 

Leaf recognition is a pattern recognition task 
performed specifically on leaves.  It can be described as 
classifying a leaf either "known" or "unknown", after 
comparing it with stored known leaves.  It is also desirable to 
have a system that has the ability of learning to recognize 
unknown leaves.
Computational models of leaf recognition must address 
several difficult problems.  This difficulty arises from the fact 
that leaves must be represented in a way that best utilizes the 
available leaf information to distinguish a particular leaf from 
all other leaves.
Compared with other methods, such as cell and molecule 
biology methods, classification based on leaf image is the first 
choice for plant classification. Sampling leaves and photogeny 
them are low-cost and convenient. One can easily transfer the 
leaf image to a computer and a computer can extract features 
automatically in image processing techniques. Some systems 
employ descriptions used by botanists. But it is not easy to 
extract and transfer those features to a computer automatically.
It is difficult job to tell the just one algorithm alone is the best 
and successful at recognizing any and all variation of the same 
object. And it is more difficult to tell the same algorithm to be 
able to differentiate between different objects. Many research 
has done for the leaf classification with some texture feature 
extraction methods [3,9,10,7].

II. LEAF CLASSIFICATION PROCESS METHOD

       The conventional method of leaf classification involves 
two main steps. The first step is obtaining a priori knowledge 

of each class to be recognized. Normally this knowledge 
encompasses some sets of texture feature of one or all of the 
classes. Once the knowledge is available and texture feature of 
the observed image are extracted, then classification 
techniques, for example nearest neighbors and decision trees, 
can be used to make the decision [5], that is the second step. 
Such a procedure is illustrated in Figure 1, the tasks that 
texture classification has been applied to include the 
classification of plant leaves images [2]. 
Currently there are a huge number of texture feature extraction 
methods available and most of the methods are associated with 
tunable parameters. It is difficult to find the most suitable 
feature extraction methods and their optimal parameters for a 
particular task. In addition, performance of classification 
methods also depends upon the problems, which makes 
selecting an optimal "feature extraction + classification" 
combination a difficult assignment.

Figure 1. Conventional Plant Classification Process

III. FEATURE EXTRACTION 

        
        Different features are chosen to describe different 
properties of the leaves. Some leaves are with very distinctive 
shape, some have very distinctive texture patterns, and some 
are characterized by a combination of these properties.

IV. TEXTURE ANALYSIS

Texture analysis mainly aims to computationally 
represent an intuitive perception of texture and to facilitate 
automatic processing of the texture information for artificial 
vision systems. The process of texture analysis usually 
produces kind of numeric descriptions of the texture, called 
texture features. The process of computing the texture feature 
is known as feature extraction. 

Output 
Classes

Input 
image

Texture Feature 
Extraction

Classification
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There are an enormous number of texture analysis methods 
under this category although none predominates. Methods that 
we used for classification will describe here. 

V. GRAY-LEVEL CO-OCUURRENCE MATRIX

         This method was first proposed by Haralick in 1973 and 
still is one of the most popular means of texture analysis [8]. 
The key concept of this method is generating features based on 
gray level co-occurrence matrices (GLCM). The matrices are 
designed to measure the spatial relationships between pixels. 
The method is based on the belief that texture information is 
contained in such relationships.
Co-occurrence features are obtained from a gray-level co-
occurrence matrix. We used 22 features that extracted from 
GLCM matrix in our paper [8,4,1].

VI. TEXTURAL FEATURES EXTRACTED FROM GRAY-LEVEL 

CO-OCUURENCE MATRICES

Our initial assumption in characterizing image texture is 
that all the texture information is contained in the gray-level 
Co-occurrence matrices. Hence all the textural features here 
are extracted from these gray-level Co-occurrence matrices. 
The equations which define a set of 22 measures of textural 
features are given in this paper. Some GLCM Extracted 
textural features are illustrated in Table 1 for two different leaf 
images.

Table 1.    GLCM Extracted textural features for two different leaf images.

VII. LEAF CLASSIFICATION USING PCA

       In this study, we have followed the method which was 
proposed by M. Turk and A. Pentland [6] inorder to develop a 
leaves classification system based on the eigenspace approach.  
They argued that, if a multitude of leaf images can be 
reconstructed by weighted sum of a small collection of 
characteristic features or eigenpictures, perhaps an efficient way 
to learn and recognize leaves would be to build up the 
characteristic features by experience over time and recognize 
particular leaf by comparing the feature weights needed to 
approximately reconstruct them with the weights associated with 
known leaves.  Therefore, each leaf is characterized by a small set 
of feature or eigenpicture weights needed to describe and 
reconstruct them.  This is an extremely compact representation 
when compared with the images themselves.

VIII. EXPERIMENTAL RESULTS AND DISCUSSINONS

The experiment is designed to illustrate the performance 
of two feature extraction methods, GLCM and PCA 
algorithms for plant leaves classification purpose. 
The GLCM is a tabulation of how often different 
combinations of pixel brightness values (grey levels) occur in 
an image. The classification steps are illustrated in Figure 2.
In the first experiment after changing the color image to gray-
level image with using of the GLCM texture feature extraction 
we extracted the 22 features [8,4,1] of each leaf images.

Figure 2. Classification Steps in GLCM method.

Table 2.   Some features extracted from some chosen leaf image of each 

leaves classes in (d=1) and degree 0°.

(a) (b)

some texture Features extracted from Leaf image (a)

Angle Autocorrelation Entropy Contrast Correlation Homogeneity

0° 45.5748 1.4311 0.3184 0.9638 0.6144

45° 45.2799 1.4928 0.4458 0.9496 0.6060

90° 45.6190 1.3886 0.2301 0.9738 0.6166

135° 45.2932 1.4716 0.4192 0.9526 0.6074

some texture Features extracted from Leaf image (b)

Angle Autocorrelation Entropy Contrast Correlation Homogeneity

0° 54.8540 0.8972 0.4361 0.9401 0.8214

45° 54.7371 0.9132 0.4438 0.9396 0.8199

90° 54.9797 0.8405 0.1845 0.9747 0.8267

135° 54.6610 0.9310 0.5961 0.9189 0.8172

Gray Level 
Co-Occurrence matrix

Feature 
Extraction

Classification

Features
Sample leaf from leaves Classes 

Class 1 Class 2 Class 3 Class 4 Class 5 Class 6

Autocorrelation 55.27373 49.56994 60.29225 54.31234 45.25222 50.65949

Contrast 0.332278 0.368038 0.322468 0.306646 0.310127 0.333228

Correlation 0.955264 0.961478 0.87063 0.956296 0.961898 0.959497

Dissimilarity 0.126899 0.174367 0.123101 0.138608 0.172468 0.151266

Energy 0.699192 0.528028 0.828267 0.646948 0.387419 0.549963

Entropy 0.817156 1.286197 0.574364 1.034476 1.52748 1.168368
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We have tried the GLCM method with Distance 1 (d=1) and 
degree 0°, Distance 1 (d=1) and degree 45°, Distance 1 (d=1) 
and degree 90° and Distance 1 (d=1) and degree 135°.  The 
performance accuracy of each one is shown in Table 3.

In our experience, GLCM method in leaf recognition for the 
degrees 0° and 90° gave the same accuracy and same result. 
Here the poor result is in the 45° degree. Because any changes 
in the neighboring distance or the neighboring degree it will 
change the value of extracted texture feature.

78.46
GLCM49.23

GLCM

78.46
GLCM

70.76
GLCM

98.46
PCA

0

20

40

60

80

100

accuracy
Figure 3. PCA and GLCM accuracy chart in different degrees

The GLCM method is very sensitive for the any changes in the 
images such rotation, scale and etc. In (Tables 2) you can see 
the some in extracted features in neighborhood degree 0. The 
computation time for GLCM method is less and recognition of 
this method is very fast. 
PCA method mostly using for the face recognition purpose but 
we tried as leaf recognition. In PCA also image should be 
change to gray level that can reduce the image dimension. In 
our experience the PCA method gave the efficient 
performance and very good result. It was the just one wrong 
recognition out of 65 test image in our test. But the test speed 
is not much good and computation time is high for recognizing 
one test image. Compare with GLCM it's very slow but the 
performance of PCA method is efficient (Figure 3). 

IX. DATABASE

The database used in our experiment is collected by our 
self. We pluck the leaf from the plant in the fields near our 
campus and around University of Mysore, which consists of 
intact and fresh leaf images in different rotation for 13 plant 
species class and constructed by our self. We taken 390
images as training set and each plant class contains the 30 leaf 
images in different degree of rotation and different leaf 
images. The test set contains the 65 of deformed and new leaf 
images and for each class has 5 leaf images for test. The 
sample dataset of leaf images and related classes are illustrated 
in Figure 4.

Figure 4.   The sample dataset of leaf images and related classes

X. CONCLUSION 

In this study, the classification based on the recognizing 
the leaves images with extracted texture features was proposed 
and performed. The texture features have been extracted with 
using the GLCM and the PCA algorithms, on the 390 image in 
dataset and with 65 deformed or new leaf images for test. In 
addition, different degrees for the GLCM method were used 
and it was found out to be more efficient in the degree 0° by
78.46 % accuracy. Therefore, it was specified that the GLCM 
is very sensitive in any changes for images such as deforming 
or giving the new leaf image as a test. In addition, the PCA 
method comes out to be more efficient compare to the GLCM 
method by 98.46 % accuracy. Considering the time of 

Average recognition rate (%)degree

78.460°

49.2345°

78.4690°

70.76135°

98.46PCA

Table 3. The performance of GLCM method in different degrees with 

neighborhood distance 1 and performance of PCA method.
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recognizing an image as one of the main criteria for 
classification, the study found out that the GLCM method by 
taking just 5" second for any test is far better than the PCA 
method which takes more than one minute (1’:6”). 
Furthermore, the calculation time in the PCA method is time 
consuming for example making the Eigenvector from 
considered leaves dataset almost took 2 hours and it was just 
for 390 images. However, making the dataset images vectors it 
is for one time and it will not be the big problem in 
recognizing process.
Moreover, in the future works researchers can either use more 
images or other methods in order to compare the results of 
current study with their results. 
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Abstract  

In this paper work, a routing protocol called RMP 
(route management protocol) is implemented to 
cope with misbehavior operation in AdHoc 
network. It enables nodes to detect misbehavior by 
first-hand observation and use the second-hand 
information provided by other nodes. This RMP 
protocol can run on any routing protocol to cope 
with misbehavior. In this paper work, we have 
tested for DSR routing protocol.( ie  DSR with 
RMP). The efficiency of communication routes is 
tested over the node power consumption and 
developed a mechanism to optimize the power 
consumption in routing scheme.  

Keyword: route management protocol, adhoc 
network, power optimization, network efficiency         
 
I. INTRODUCTION   
  
 Wireless networking grows rapidly because of 
the human desires for mobility and for freedom 
from limitation, i.e., from physical connections 
to communication networks. A particular kind of 
wireless network called mobile ad hoc networks 
is presently under development. A mobile ad hoc 
network is a self-organizing and rapidly 
deployable network in which neither a wired 
backbone nor a centralized control exists. The 
network nodes communicate with one another 
over scarce wireless channels in a multi-hop 
fashion. The ad hoc network is adaptable to the 

highly dynamic topology resulted from the 
mobility of network nodes and the changing 
propagation conditions. These networks are used 
in emergency disaster rescue operation, tactical 
military communication and law enforcement.. 
Mobile ad hoc networks are also a good 
alternative in rural areas or third world countries 
where basic communication infrastructure is not 
well established          
The lack of infrastructure and organizational 
environment of mobile ad hoc networks offer 
special opportunities to attackers. Misbehavior 
means deviation from normal routing and 
forwarding behavior. Without appropriate 
countermeasures, the effects of misbehavior 
dramatically decrease network performance. 
Depending on the proportion of misbehaving 
nodes and their specific strategies, network 
throughput can be severely degraded, packet 
loss, nodes can be denied service, and the 
network can be partitioned. These detrimental 
effects of misbehavior can endanger the 
functioning of the entire network. Minimizing 
energy consumption is the important challenge in 
mobile networking. Wireless network interface is 
often a device’s single largest power consumer. 
Since the network interface may often be idle, 
turning the radio off when not in use could save 
this power. In practice, however, this approach is 
not straightforward. A node must arrange to turn 
its radio on not just to send packets, but also to 
receive packets addressed to it and to participate 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

82 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



in any higher-level routing and control protocols. 
The requirement of cooperation between power 
saving and routing protocols is particularly acute 
in the case of multi-hop ad hoc wireless 
networks, where nodes must forward packets for 
each other. 
 
II. POWER OPTIMIZED ROUTING 
SCHEME 
The Topology Management in Ad hoc Wireless 
Networks is deciding for every node: 
1.which node to turn on. 
2.when they turn on. 
3.At what transmit power. 
In power on-off scheduling topology 
management schemes, few nodes, rich in power, 
are selected as cluster heads and gateways. These 
cluster head nodes are selected distributive in 
such a way that each node in the ad hoc wireless 
network is either cluster head or connected (i.e., 
in transmission range) to the cluster head and the 
gateway nodes are selected such that they 
forward packets between cluster heads. Cluster 
heads and gateways form the virtual backbone 
for routing in ad hoc networks. Some proposed 
power on-off scheduling topology management 
schemes are Span (3) and TMPO (Topology 
Management by Priority Ordering)  (4). In span, 
some special coordinator node are selected 
distributive in such a way that two of the 
coordinators neighbors can not reach each other 
either directly or via one or two coordinators. 
This selection rule ensures the connectivity in ad 
hoc network. Span runs over 802.11 ad hoc 
power saving mode, which has high broadcast 
overhead. While TMPO assigns willingness 
value to each node, based on the energy level 
and speed of the node. A node with high 
willingness value is selected as cluster head with 
high probability. 
Few power scheduling topology management 
schemes are CBTM (Cone based Distributed 
Topology Management) and K-Neigh Protocol 
for symmetric topology control (6). In CBTM, 
each node tries to find the minimum transmitting 
power p such that transmitting with p ensures 
that in every cone of degree around each node, 
there is at least one neighbor node. Whereas in 
the K-Neigh Protocol, each node adjusts its 
transmission power, such that it has k or slightly 
less than k one-hop neighbors, So that network 
connectivity is maintained under the conditions 
of mobility. Most of the algorithms proposed for 
Topology Management follow either first two 
steps or third step, i.e., switching between active 
(transmit, receive or idle) and sleep mode or the 

second step, i.e. adjusting the transmission 
power. We call them as power on-off scheduling 
and transmit power-scheduling algorithms 
respectively. 
Objective of this work is to design a topology 
management scheme for ad hoc wireless 
networks. A good power-saving topology 
management scheme for wireless ad hoc 
networks should have the following 
characteristics: 
It should allow as many nodes as possible to turn 
their radio receivers off most of the time because 
even an idle radio in receive mode can consume 
almost as much energy as an active transmitter. 
The algorithm for picking this backbone   should 
be distributed, requiring each node to make a 
local Division. 
 
III. PROPOSED  TOPOLOGY MANAGEMENT 

SCHEME 
In our topology management scheme, power  
(Mobile Agent with Routing Intelligence) nodes 
are selected in such a way that power nodes have 
the maximum power level among their on hop 
neighbors and all non-power nodes are within 
the transmission range of power nodes. These 
power nodes have the routing intelligence i.e. 
they make all decisions related to routing. The 
gateway nodes having sufficient power level are 
selected so that they can forward packets 
between power nodes. A gateway node does not 
have routing intelligence. These power and 
gateway nodes stay continuously awake to route 
the packets of other member nodes. The member 
nodes wake up a number of times in a beacon 
period T, and if they do not have to transmit or 
receive data, they go to sleep mode again. The 
wake up time for each node is calculated from a 
pseudo-random number, such that power node 
and neighbor nodes know the wake up of that 
node time.  
Thus the member node can remain in power 
saving sleep mode most of the time, if it is not 
actively sending or receiving packets. The 
packets are routed over the virtual backbone 
consisting of power nodes and gateways. The 
routes are found with the help of mobile agents. 
The topology management scheme runs above the 
MAC layer and interacts with the routing 
protocol. If a node has been asleep for a while, 
packets destined for it are not lost but are buffered 
at a neighboring power node. When the node 
awakens, it can retrieve these packets from the 
buffering power node. This topology management 
schemes makes the routing simple, as only those 
entries in a node’s routing table that correspond to 
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currently active power nodes can be used as valid 
next-hops (unless the next hop is the destination 
itself). 
Definition 1 Power nodes are the nodes such that 
all non-power nodes are connected to (i.e., in 
transmission range of) power nodes and route 
packet for all other nodes with the help of mobile 
agents. 
Definition 2 Sleep Cycle period is the time 
period during which member nodes remain in the 
power efficient sleep mode and wake up once for 
fixed time duration T. 
We assume that each node periodically 
broadcasts HAI messages that contains: 
Node’s id, 
Its status (i.e., whether the node is a power 
node, gateway, member, undecided), 
Its current power level, 
Its current power node, 
A wakeup counter wi, 
Information about each neighbor i.e. 
Neighbor’s id, 
Its status, 
Its power node. 
Based on the HAI messages received from 
neighbors, each node constructs a list of its 
neighbors, their power nodes, power level, 
wakeup counter and information about their 
neighbors. 
A node switches state from time to time between 
being a power node and being a member. A node 
becomes a gateway, if its power node chooses it 
as a gateway to route the packets between power 
nodes. It switches its state to undecided, if it 
looses contact with its power node due to 
mobility. A node includes its current state in its 
HAI messages. The following sections describe 
that it should withdraw from being a power 
node, and how a power node selects its 
gateways. 
 
a) POWER MANAGEMENT 
Power nodes along with gateways form the 
virtual backbone, which is used for routing this 
demands for additional power for transmission, 
reception and processing of routing packets. 
Thus these power nodes should be selected in 
such a way that they have enough power level 
The nodes in a the network periodically check 
among its one hop neighbors for maximum 
power and declare themselves a node as power if 
it has maximum power. Power nodes select the 
neighboring nodes as its members and maintain 
the list about its members. If more than one 
neighbors of an undecided node become power 
then undecided node selects its power node from 

which it has received the HAI packet earlier. If 
an undecided node has more power than power 
node then it declares it self as power in the next 
HAI packet.  
 
b) POWER NODE WITHDRAWAL 
Power node will drain its energy more rapidly, as 
compared to member nodes. Before the power 
node loses its major part of its power, 
responsibility of power node should be 
transferred to other node with sufficient power 
level. Also power nodes should not be changed 
frequently which will increase the overhead. 
 

 
      Fig 1 nodes distributed in an network 
 
c) GATE WAY SELECTION 
 As the maximum number of hops 
between any two close power nodes is two, 
gateways are required forward packets between 
power nodes. Also as gateways need to receive 
and transmit routing packets to and from power 
nodes, they should have sufficient amount of 
power. 
Power nodes periodically send broadcast request 
packet STAY-AWAKE to its members for 
synchronization among members. Then it selects 
a node as gateway, which has maximum power 
and maximum power nodes as its neighbors. If 
any power nodes with in two hops have already 
declared their gateways, then there is no need to 
select gate way again. Power level of the 
gateway is periodically checked by power and if 
it has less power than threshold, then power 
starts new gateway selection. 
 
d) SLEEP CYCLE SCHEDULING: 

We propose some additional power 
saving features to 802.11 CSMA/CA to make the 
MAC layer power efficient by using randomized 
wake up time for member nodes in ad hoc 
network. Power nodes and gateways 
continuously stay awake to forward packets of 
other nodes. Member nodes wake up a number of 
times in a beacon period T (see figure) and if 
they do not have to transmit or receive data, they 
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go to sleep again. There are number of sleep 
cycle periods (T1, T2), (T2, T3)…(Tn, T) in a 
beacon period. Member nodes wake up once in a 
sleep cycle. All nodes stays awake during period 
(0,T1) called as broadcast window to exchange 
HAI packets. Each node synchronizes their clock 
by using time stamp of HAI message from power 
node. Each member node determines its wake up 
time from its node id and a wakeup counter wi 
 

 
Fig 2 beacon period 

 
e) LOAD DISTRIBUTION 

One part of ad hoc network may be 
congested and other part of network may have 
free resources. This will increase the packet 
delivery latency. Throughput and packet delivery 
ratio also will be badly affected. To distribute the 
load evenly in the network, we have devised a 
congestion metric, which is used for route 
selection as described above. This congestion 
metric is based on the amount of time power 
node sees free channel for the past T seconds. 
The developed power optimization scheme is 
then incorporated with a routing scheme for the 
reduction of non-cooperative nodes so as to 
minimize the power consumption happing at 
each node. The approach of discovering and 
reduction of misbehaving nodes are as outlined 
below. 
 
IV. ROUTING PROTOCOL 
 
Dynamic Source Routing is a protocol developed 
for routing in mobile ad-hoc networks. Nodes 
send out a ROUTE REQUEST message, all 
nodes that receive this message forward it to 
their neighbors and put themselves into the 
source route unless they have received the same 
request before. If a receiving node is the 
destination, or has a route to the destination, it 
does not forward the request, but sends a REPLY 
message containing the full source route. It may 
send that reply along the source router in reverse 
order or issue a ROUTE REQUEST including 
the route to get back to the source, if the former 
is not possible due to asymmetric links ROUTE 

REPLY messages can be triggered by ROUTE 
REQUEST messages or gratuitous. After 
receiving one or several routes, the source picks 
the best (by default the shortest), stores it, and 
sends messages along that path. In general, the 
better the route metrics (number of hops, delay, 
bandwidth or other criteria) and the sooner the 
REPLY arrived at the source (indication of a 
short path - the nodes are required to wait a time 
corresponding to the length of the route they can 
advertise before sending it in order to avoid a 
storm of replies), the higher preference is given 
to the route and the longer it will stay in the 
cache. In case of a link failure, the node that 
cannot forward the packet to the next node sends 
an error message toward the source. Routes that 
contain a failed link, can be ‘salvaged’ by taking 
an alternate partial route that does not contain the 
bad link. 
 
a) PASSIVE ACKNOWLEDGMENT (DSR) 
Instead of waiting for an explicit 
acknowledgment for each packet by the next-hop 
node on the route, a node assumes the correct 
reception of the packet when it overhears the 
next-hop node forwarding the packet this is 
called passive acknowledgment In this, the 
simple passive acknowledgment is used not only 
for an indication of correct reception at the next 
hop, but also to detect if nodes fail to forward 
packets.  
 
b) MISBEHAVIOR CLASSIFICATION BY 
DSR 
DSR classify attacks on them as dropping, 
modification, fabrication, or timing attacks. The 
previous hop can detect dropping by use of 
passive acknowledgment and this is detected as 
misbehavior and takes an alternate partial path to 
reach to the destination. 
 
V. RMP PROTOCOL 
 
a) RMP Protocol Components 
We present here the RMP components we 
designed for coping with routing and forwarding 
misbehavior in mobile ad-hoc networks running 
DSR Fig 3 shows the protocol components. 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

85 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



 
  Fig 3: RMP protocol components 
 
b) MONITOR 
The goal of the monitor is to gather first-hand 
information about the behavior of nodes in the 
network.  This is achieved by observing and 
classifying node behavior as normal or 
misbehaving. The monitor can detect 
misbehavior that can be distinguished from 
normal behavior by observation. We call the 
information gained by direct experience by node 
i about node j first hand information (Fi,j) and 
use it as an input to the reputation system 
component of  RMP. 
 
c) REPUTATION SYSTEM 
Reputation systems are used for example in 
some online auctioning systems. The main idea 
behind the use of reputation systems is two fold 
first; it is used to serve as an incentive for good 
behavior to avoid the negative consequences that 
a bad reputation can entail. Second, it provides a 
basis for the choice of prospective transaction 
partners. The most relevant properties of a 
reputation system are the representation of 
reputation, how the reputation is built and 
updated, and for the latter, how the ratings of 
others, i.e. second-hand information, are 
considered and integrated. The reputation of a 
given node is the collection of ratings maintained 
by others about this node. In our approach the 
reputation system is fully distributed, and a node 
i maintains ratings about every other node j that 
is cares about. The reputation rating represents 
the opinion formed by node i about node j’s 
behavior as an actor in the base system, i.e. 
whether node j correctly participates in the 
routing protocol and forwarding. We represent 
the reputation ratings that node i has about node j 
as data structure Ri,j 
The use of second-hand information enables 
nodes to find out about misbehaving nodes 
before making a bad experience. Also, in mobile 
ad-hoc networks, nodes might not meet every 
node that they need for multi-hop forwarding, 
but with second-hand information they can make 

informed decisions about which node to use for 
their paths. 
 
d) TRUST MANAGER 
The task of the trust manager is to decide when 
to trust second-hand information and to 
administer the trust given to other nodes. The 
goal is to minimize the risk of spurious ratings 
while still making use of second-hand 
information received from others. The trust 
rating represents node i’s opinion about how 
honest node j is as an actor in the reputation 
system (i.e. whether the reported first hand 
information summaries published by node j are 
likely to be true). We represent the trust ratings 
as data structure Ti,j 
 
e) PATH MANAGER 
Once a node i classifies another node j as 
misbehaving, i isolates j from communications 
by not using for routing and forwarding and by 
not allowing j to use i .This isolation has three 
purposes. The first is to reduce the effect of 
misbehavior by depriving the misbehaving node 
of the opportunity to participate in the network. 
The second purpose is to serve as an incentive to 
behave well in order not to be denied service. 
Finally, the third purpose is to obtain better 
service by not using misbehaving nodes on the 
path. The path manager performs the following 
functions: Path re-ranking according to security 
metric (e.g. reputation of the nodes in the path), 
deletion of paths containing misbehaving nodes, 
action on receiving a request for a route from a 
misbehaving node (e.g. ignore, do not send any 
reply), and action on receiving request for a route 
containing a misbehaving node in the source 
route (e.g. ignore, alert the source). The path 
manager thus controls the topology as seen by an 
individual node. Misbehaving nodes are not used 
for routing and forwarding and the path manager 
refuses to be used by them. 
 
V. RESULTS 
 
1) Fig 4 shows a dynamic ad hoc network with 
20 nodes and 8 misbehaving nodes distributed 
randomly. 
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Fig 4: Ad hoc network with 20 nodes and 8 
misbehaving nodes. 
 
2) The Fig 5 shows the performance of DSR 
with RMP protocol for the above randomly 
distributed network we have chosen 7 as source 
node and 15 as destination node. Misbehaving 
nodes are indicated by round circles .The black 
dotted line shows the optimum path that has been 
selected to reach the destination. The Fig clearly 
shows that RMP protocol is able to cope  
with misbehavior in mobile ad hoc networks thus 
making network  function for normal nodes 
when other nodes don’t route and forward 
correctly. The protocol is integrated with 
modified Bayesian approach to decide whether 
node is misbehaving or not 
 

 
Fig 5: DSR with RMP performance for the 
randomly distributed network.  
 
3) Fig 6 shows DSR delay plot to reach the 
destination .As the no of misbehaving nodes 
goes on increasing the delay to reach the 
destination increases. 
Delay 

  
                             No of misbehaving nodes                                                                                    

Fig 6.DSR delay plot with no of misbehaving 
nodes 
 
4) Fig 7 shows that our approach of using second 
hand information not only speeds up the 
detection of misbehaving nodes but also reduces 
delay to reach the destination i.e. as the no of 
misbehaving nodes goes on increasing delay 
reduces than compared to original DSR. 
 
Delay

 
                        No of misbehaving nodes                   
Fig 7 DSR with RMP delay plot with no of 
misbehaving nodes 
 
5) Fig 8 shows the throughput comparison 
between original DSR and DSR with RMP. The 
Fig shows that as the number of misbehaving 
nodes increases throughput decreases in case of 
original DSR where as DSR with RMP will 
maintain the constant throughput. RMP can keep 
the network throughput constant up to 80% 
misbehaving nodes. 
 
 
                                      
Throughput 

No of misbehaving nodes 
Fig 8:Throughput comparison between DSR and 
DSR with RMP 
 
We have used the energy consumption model of 
[8], which is obtained from measurements on the 
Cabletron Roam about 802.11 DS High Rate 
network interface card (NIC) operating at 2 
Mbps. Power consumption in various modes 
such as Tx (transmit), Rx (receive), Idle and 
sleeping. 
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Table 1: Power consumption in various modes 

    Tx    Rx    Idle   Sleeping 

1400mW  1000mW   830mW   130mW 

 
The     measure     the     effectiveness    of        the 
Topology   Management scheme, we   simulated,  
with  on   demand   routing,  several    static    and  
mobile  topologies. Simulation results show that 
the  scheme performs well by low packet delivery  
latency  and  high  percentage  of  packet  delivery.  
It outperforms flat topology   network  (network 
without using topology management) in average 
power consumption per node and network lifetime. 
 
a) Fraction of nodes in forwarding backbone  
Figure 9 shows the fraction of nodes that are  
part  of  virtual  forwarding  backbone   (i.e. RIMA 
and  gateway  nodes)  as   node   density  increases.  
It can be observed that as node density increases, 
fraction  of  forwarding  nodes  goes on decreasing.  
Thus more number of nodes are member nodes, 
which are in power efficient sleep state most of the time. 
 

 
Figure 9 Fraction  of  nodes  that  are  part  of 
virtual forwarding backbone  (RIMA and 
gateway nodes ) as node density increases 
 
b) Delay performance 
Figure 10 shows average delay as the number 
of  sleep cycles in a  beacon periods are increased. 
As can be seen, delay goes on decreasing as 
number  of  sleep  cycles  per  beacon   period   is 
increased. This is because, to deliver packet at 
the  last   hop,  RIMA  node  has  to  wait  for less 
amount  of  time, if number  of  sleep  cycle   per 
beacon   period  is  more.  It can also be seen that 
with   load   distribution  delay  has  been   reduced. 
For more   number of    sleep   cycle   per beacon 
period, average delay drops. 
 

 
 
Figure 10: Average delay for CBR traffic  
 
c) Overhead messages per node 
Figure 11 shows the comparison of overhead 
messages of topology management scheme and 
routing as the number of nodes increase. Number 
of overhead messages per node per second 
decrease as number of nodes increase. Also it 
can been seen that overhead messages per node 
per second with Topology Management scheme 
is less as compared with flat topology. 

 
Fig 11 Overhead messages per node per second 
 
d) Power consumption 
Figure 12 shows the average power consumption, 
as node density increases. It can be noticed that 
as node density increases, average power 
consumption per node is much less in Topology 
Management scheme, as compared to flat 
Topology network.  For more node density, there 
are less number of RIMA and gateway nodes, 
which are awake all the time and large number of 
member nodes are in power efficient mode, most 
of the time. 
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Fig 12 average power consumption as node densiy 
             increses 
 
e) Node lifetime 
Figure 13 shows fraction of nodes remaining in the 
network as a function of simulation time.  
If the energy of a node falls below 50 J, the node is 
Marked   as   dead.  Figure 13  shows   that  Topology 
Management scheme   increases   the lifetime of  
node more than factor of two. 
 

 
Fig 13 Node lifetime 
 
VI. CONCLUSION  
the proposed RMP protocol enable the system to 
operate despite the presence of misbehavior and 
keeps the network functional for normal nodes 
when other nodes don’t route and forward 
correctly and the protocol is integrated with 
modified Bayesian approach to decide whether 
node is misbehaving or not. We conclude that 
DSR with RMP can give better performance than 
original DSR to cope with misbehavior and the 
of second hand information speeds up the 
detection of misbehaving nodes.   a proposed 
power management scheme, which may be 
expected to exhibit energy saving performance, 
which is at least comparable to the best-
published results, as well as some advantage in 
simplicity and extensibility is suggested.           
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ABSTRACT: An Ad hoc network is a collection of 
wireless mobile nodes dynamically forming a 
temporary network without the use of any existing 
network infrastructure or centralized administration. 
Routing protocols used inside ad hoc networks must 
be prepared to automatically adjust to an 
environment that can vary between the extremes of 
high mobility with low band width, and low mobility 
with high bandwidth. In this paper, a bandwidth-
efficient multicast routing protocol for ad-hoc 
networks is presented. A hybrid routing protocol 
under bandwidth constraints (HRP-BC) has been 
proposed. The proposed protocol achieves low 
communication over head, and achieves high 
multicast efficiency this protocol has improved 
existing routing protocols by creating a mesh and 
providing multiple alternate routes. The protocol 
considered the following 1) Route setup as routing 
Distance of path, 2) Load at the node as traffic and 3) 
Bandwidth as queue length at the node. The 
proposed scheme utilizes the path information, 
traffic and bandwidth resource information at each 
node, for selection of route path, and compared to 
traditional DSR schemes. The simulation results 
shows that the proposed   HRP-BC    protocol   
achieves better performance to the DSR protocol for 
the maintenance overhead and the path reliability. It 
reduces congestion in network and improves 
bandwidth utilization. Thus provide efficient use of 
bandwidth in the ad hoc network. 
 
Keywords MANET, Proactive, Reactive, Hybrid, bandwidth 
 
INTRODUCTION 
An ad hoc network is a collection of wireless mobile 
nodes dynamically forming a temporary network without 
the use of any exiting network infrastructures or 
centralized administration. Ad-hoc networks are self-
configuring and self-maintaining networks that allow 
dispensing of fixed infrastructures. The networks rely on 
nodes cooperation for providing packet routing. Ad-hoc 

network technology presents a great potential in 
application domains where infrastructure deployment is 
expensive or not possible, like battlefield   environments 
[1], transportation [2] or ambient intelligence scenarios 
[3]. Cornerstones of ad hoc networks are routing 
protocols. These protocols are specifically designed to 
promote dissemination of routing information among 
network nodes. The goal is to allow the creation of 
communication links between any two network nodes 
and responsible for enabling network communications. 
While exchanging information, the nodes may continue 
to move, so the network must be prepared to adapt 
continually [4][5][6]. The network infrastructure 
component such as repeaters or base-stations will 
frequently be either undesirable or not directly 
reachable, the nodes must be prepared to organize 
themselves into a network and establish routes among 
themselves without any outside support. In the simplest 
cases, the nodes may be able to communicate directly 
with each other. However, ad hoc networks must also 
support communication between nodes that are only 
indirectly connected by a series of hops through other 
nodes. In general, an ad hoc network looks like a 
network in which every mobile node is potentially a 
router, and all nodes run a routing protocol[7][8]. 
Unfortunately, standard routing algorithms work poorly in 
a mobile environment in which network topology 
changes may be drastic and frequent as the individual 
mobile nodes move. Such protocols are specifically 
designed to work in absence of fixed infrastructures. In 
order to promote dissemination of routing information, 
nodes must cooperate and rely on each other to provide 
routing services. To allow the creation of communication 
links between any two Network nodes, nodes can 
function both as end-hosts within each node’s radio 
range, and as intermediate routers for other network 
nodes far apart[9][10]. A link is a one hop connection 
between two nodes. A set of links enabling the 
communication between a source and a destination 
defines as multi-hop route. The applications running 
inside network nodes communicate among them through 
data flows and. exchanging of different types of data 
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packets in side the network.  In ad hoc mobile networks, 
routes are mainly multihop because of the limited radio 
propagation range and topology changes frequently and 
unpredictably since each network host moves randomly.   
The routing protocols can be divided into two types 
reactive and proactive. The Reactive routing protocols 
find a route on demand by flooding the network with 
Route Request packets. Conversely, proactive routing 
protocols maintain fresh lists of destinations and their 
routes by periodically distributing routing tables ,  
therefore routing is an integral part of ad hoc 
communications, and has received interests from many 
researchers. Furthermore, the wireless channel is also a 
shared-access medium and the available bandwidth also 
varies with the number of hosts contending for the 
channel. Due to its ease of deployment and no 
centralized control unit, mobile nodes can connect with 
each other in any form of network topology at 
anytime[11][12]. All mobile nodes serve as routers and 
maintain the dynamic time-varying network topology. In 
MANETs, multicasting service plays an important role in 
bandwidth saving for some applications such as 
emergent events one to- one unicast   transports. 
Without multicast capability, data Stream    must   be 
sent   to all receivers   by multiple unicast connections. 
Several researches deal with this issue    recently. The 
network utilization will become inefficient and much more 
transmission and control overheads will be   introduced 
[13]. There are many   multicast protocols in traditional 
wired networks such as Distance Vector Multicast 
Routing Protocol(DVMRP [14][15][16], Multicast 
extension to the Open  Shortest Path First  , Core Based 
Trees (CBT)  [17],  Protocol    Independent  Multicast,. 
Core Based Tree (CBR) is a tree based multicast 
protocol.[18] The main idea of this protocol is to find a 
nearest forwarding node to replace  with finding the 
shortest path between the source node and the receiving 
node for decreasing the number of packet transmission. 
Multicast Ad hoc On-Demand Distance Vector Routing 
Protocol (MAODV) [20] is a modified version of AODV 
[19]. In MAODV, each node of MANET must send 
control packets periodically to maintain the topology. 
Weight-Based Multicast Protocol is also a tree based 
multicast protocol Bandwidth-Efficient Multicast Routing 
Protocol (BEMRP) [21]. However, it not only considers 
the    transmission hop but also considers the   overhead 
of the forwarding path. Generally, the above schemes 
consider the multi path connection  at routing   layer and 
leave   the issue of reliable transmission being dealt with 
at upper layer.[22][23] Dynamic change in   topology   
with   time in MANET gives ,several issues, such as 
processing overhead, packets collisions, and route 
maintaining, need to be overcome  Network population 
and node density are important concerns for ad-hoc 
networking; the higher the population and node density, 
the higher the probability to reach any network node 
[24][25] [26]. Ad hoc networks are thus conceived to 

ease the entrance of new nodes. This property is their 
biggest strength as well as their main security weakness. 
In this paper, the proposed HRP-BM protocol deals with 
the issue of reliable multicast to reduce the maintenance 
overhead increase the path stability, reducing the 
congestion in mobile ad-hoc network and efficient use of 
bandwidth. The proposed protocol requires only a small 
number of control packets to setup and maintain 
multicast routes as well as a small number of packet 
transmissions to deliver multicast packets to the 
receivers, and has high multicast efficiency with low 
communication overhead.   
The rest of the paper is organized as follows. The 
problem statement is given in section II .The proposed 
model and algorithm to solve the problem is given in 
section III. The comparative results are discussed in 
section IV Finally, conclusions and future work are 
discussed in Section V and VI respectively. 
 
II.PROBLEM STATEMENT: ROUTING AND 
BAND WIDTH   MANAGEMENT IN ADHOC 
NETWORKS 
Ad hoc network has emerged as one of the most 
focused research areas in the field of wireless networks 
and mobile computing. Ad hoc networks consist of hosts 
communicating one another with portable radios The 
basic routing problem is that of finding an ordered series 
of intermediate nodes that can transport a packet across 
a network from its source to its destination by forwarding 
the packet along the series of intermediate nodes. In 
traditional hop-by-hop solutions to the routing problem, 
each node in the network maintains a routing table. For 
each known destination, the routing table lists the next 
node to which a packet for the destination should be 
sent. The routing table at each node can be thought of 
as part of a distributed data structure that, taken 
together, represents the topology of the network. The 
goal of the routing protocol is to ensure that the overall 
data structure contains a consistent and correct view of 
the actual network topology. If the routing tables at some 
nodes were to become inconsistent, then packets can 
loop in the network. If the routing tables were to contain 
incorrect information, then packets can be dropped. The 
problem of maintaining a consistent and correct view 
becomes harder as there is an increase in the number of 
nodes whose information must be consistent, and as the 
rate of change in the true topology increases. The 
challenge in creating a routing protocol for Ad hoc 
networks is to design a single protocol that can adapt to 
the wide variety of conditions present inside ad hoc 
networks. For example, the bandwidth available between 
two nodes in the network may vary from more than 10 
Mbps, when using high-speed network interfaces with 
little interference, to 10 Kbps or less when using low-
speed network interfaces or when there is significant 
interference from outside sources or other nodes’ 
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transmitters. Similarly, nodes in an Ad hoc network may 
alternate between periods when they are stationary with 
respect to each other and periods when change 
topology, rapidly conditions across a single network may 
also vary, so that some nodes are slow moving, while 
others change location rapidly. The routing protocol must 
perform efficiently in environments in which nodes are 
stationary and bandwidth is not a limiting factor. Yet, the 
same protocol must still function efficiently when the 
bandwidth available between nodes is low and the level 
of mobility and topology change high. Because it is often 
impossible to know a priori what environment the 
protocol will find itself in, and the environment can 
change unpredictably, the routing protocol must be able 
to adapt automatically. Most routing protocols include at 
least some periodic behaviors, meaning that there are 
protocol operations that are performed regularly at some 
interval regardless of outside events. These periodic 
behaviors typically limit the ability of the protocols to 
adapt to changing environments. If the periodic interval 
is set too short, the protocol will be inefficient as it 
performs its activities more often than required to react 
to changes in the network topology. If the periodic 
interval is set too long, the protocol will not react 
sufficiently to changes in the network topology quickly 
and lost packets Periodic protocols can be designed to 
adjust their periodic interval to try to match the rate of 
change in the network, but this approach will suffer from 
the overhead associated with the tuning mechanism and 
the lag between a change in conditions and the selection 
of a new periodic interval. In the worst case, which 
consists of bursts of topology change followed by stable 
periods, adapting the periodic interval could result in the 
protocol using a long interval during the burst periods 
and a short interval in the stable periods. This worst case 
may be fairly common, for example, as when a group of 
people enter a room for a meeting, are seated for the 
course of the meeting, and then stand up to leave at the 
end. The alternative to a periodic routing protocol is one 
that operates in an on-demand fashion. On-demand 
protocols are based on the premise that if a problem or 
inconsistent state can be detected before it causes 
permanent harm, then all work to correct a problem or 
maintain consistent state can be delayed until it is 
proven to be needed. They operate using the same 
“lazy” philosophy as optimistic algorithms. The Dynamic 
Source Routing protocol (DSR) is unique among the 
current set of routing protocols for ad hoc networks in 
the way it avoids periodic behavior, and in the way it 
solves the routing information consistency problem. First, 
DSR is completely on-demand, which causes the 
overhead of the protocol to automatically scale directly 
with the need for reaction to topology change. This 
dramatically lowers the overhead of the protocol by 
eliminating the need for any periodic activities, such as 
the route advertisement and neighbor detection packets 
that are present in other protocols. Second, DSR uses 

source routes to control the forwarding of packets 
through the network. The key advantage of a source 
routing design is that intermediate nodes do not need to 
maintain consistent global routing information, since the 
packets themselves already contain all the routing 
decisions. Beyond this, the source route on each packet 
describes a path through the network. Therefore, with a 
cost of no additional packets, every node overhearing a 
source route learns a way to reach all nodes listed on 
the route [27] [28]. 
 
III DESIGN SPACE AND PROPOSED 
ALGORITHM 
   The proposed multicast routing protocol requires low 
Communication overhead since it does not require 
periodical transmission of control packets. Most of the 
existing multicast routing protocols, such as DVMRP 
(Distance-Vector Multicast Routing Protocol) [8] and 
FGMP (Forwarding Group Multicast Protocol) [9], require 
periodical transmission of control packets in order to 
maintain multicast group membership and multicast 
routes, thereby wasting a lot of bandwidth. In the 
proposed protocol, route setup and route recovery are 
invoked only when they are required route setup process 
is invoked only when a new node joins a multicast group, 
and route recovery process is invoked only when a 
multicast route breaks due to the node movements. 
Further, in the route recovery process, control packets 
used to recover multicast routes are flooded only to 
limited network area scoped by TTL (time-to-live). In our 
protocol, bandwidth level at a node  is used as TTL 
.Limiting the scope of route search further decreases the 
communication overhead since control packets are not 
flooded to the entire network but only to just previous 
node (predecessor node)MAODV (Multicast Ad-hoc On 
Demand Distance Vector) also tries to minimize the 
communication overhead by invoking the route discovery 
process on-demand. However, unlike the proposed 
protocol, MAODV ignores multicast efficiency.  
 
The proposed multicast routing protocol also achieves 
high multicast efficiency, i.e., it requires a small number 
of multicast transmissions. Multicast transmission is kept 
minimal by keeping the number of forwarding nodes 
small. Forwarding nodes are the nodes which 
broadcasts (forwards) multicast packets to neighboring 
nodes. Most of the existing multicast Routing protocols 
use unicast protocols such as DSDV (Destination 
Sequenced Distance Vector) and AODV (Ad hoc On 
Demand Distance Vector) to select the shortest paths 
from a source to each receiver. For example, in CBT 
(Core Based Tree) and PIM (Protocol Independent 
Multicast) based protocols  when a new node needs to 
join a multicast group, these unicast protocols are used 
to set up the shortest path to a core . In FGMP 
forwarding nodes are selected along the shortest paths 
chosen by these unicast protocols. In multicast 
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environment, using the shortest paths from a source to 
each receiver does not always result in efficient 
multicast. Unlike these existing multicast protocols, the 
proposed protocol does try to find a shortest path, 
instead, it tries to find the nearest forwarding node in the 
multicast group when a node wants to join the group. 
Nodes along the path between the nearest forwarding 
node and the new node become new forwarding nodes. 
This results that the minimum number of forwarding 
nodes are added. In addition, the proposed protocol 
provides a mechanism to detect unnecessary forwarding 
nodes and delete them from a multicast group. Due to 
the dynamic nature of ad-hoc environment, there may be 
unnecessary forwarding nodes in a multicast group. 
Route optimization process employed in the proposed 
protocol can detect and delete them from a multicast 
group to reduce unnecessary transmissions of multicast 
packets. This further increases multicast efficiency. 
Hybrid routing protocols combines the advantages of 
proactive and of reactive routing. The routing is initially 
established with some proactively prospected routes and 
then serves the demand from additionally activated 
nodes through reactive flooding. 
 
PROPOSED MODEL 
Mobile Ad-hoc Network (MANET) has with available 
bandwidth B and number of nodes be n and distance 
between nodes is D and load at each node be L. 
The following figure shows the wireless network of five 
nodes  as Base Station,  
 B= Total Available Bandwidth 
 ni=Nodes Name(Base Station) 
Qi=Length of queue at node ni 
Mi=Total number of users   at node ni   ( Base Station) 

 

 

 

     

                     
 
 
 
 
 
 
 
 

  Fig 1 
  
So in order to select path from n1 to n5     

1. P1:n1-n2-n4 –n5,  or 
2. P2:n1-n3-n5, or 
3. P3:n1-n2-n3-n4-n5, or 
4. P4:n1-n2-n3-n5, or 
5. P5:n1-n2-n4-n3–n5 or 
6. P6:n1-n3-n4-n5,  

 

 
III (A)   DESIRED CHARACTERISTIC FOR 

PATH SELECTION 
 

1. Distance of selected path is minimum or 
optimum. 

2. Load in selected path is minimum or optimum and 
load at intermediate node is less than threshold of 
B. 

3. Queue length at intermediate nodes of the path is 
minimum or optimal. 

Distance is based in the number of hop counts. 
Queue Length is known to all the nodes, and while 
transferring the queue length, the maximum of all queue 
length at intermediate nodes in path is stored only. As a 
node can transfer only one packet at time, thus the 
queue length can be used to estimate the available 
bandwidth, as we are not considering multiplexing of 
data at the nodes. Thus, the position of paths in 
bandwidth list will be similar to the position of path in 
queue length list. 
 
III   (B)   CONTROL PACKET DETAILS: 
It have the  following tables and functions 
 
(I)  ROUTING TABLE CONSTRUCTION: 
Whenever a mobile node enters a wireless network it 
would broadcast a notification packet with fields as 
shown in fig. – 2 
 
Node No. Distance Queue 

length 
Flag  
(00) 

              Fig. – 2 Notification  packet  

Initially the distance field value is initialized to 1 and 
queue length is initialized to 0 and node number is 
calculated from the IP address and subnet mask. 
Arithmetic to calculate the node number is to apply AND 
operation on complement of subnet mask and IP 
address. Flag field is a 2-bit field and its set to 00 for 
notification packet. The receiving node, would match 
node no. of the received packet from their table, if it don’t 
have this node no. registered in its table, it would add a 
row. An example of table construction is shown in Fig. – 
3 
 (II) PATH CONSTRUCTION  
Now when a nodes get a packet to transmit to some 
other node then it calculate the node number of the 
destination node, if it has entry of this node in its routing 
table then it would simply send packet to it otherwise it 
would broadcast the route request(RREQ) packet(Fig. – 
4) with unique sequence no.,  its node no. as the sender 
and route source node no. the flag is set as 01 for 
RREQ. The node receiving RREQ would then check its 
table for destination node, if it has entry then it sends the 

n4 

n1 

n2 

n5 n3 
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route reply packet (RREP) (Fig. – 5) packet with its 
sequence no. as that of RREQ packet, it’s node number 
in the path field, distance increased by one from the 
value in its routing table in the distance field, it’s queue 
length in the queue length field and flag as 10 to the 
sender node number of RREQ packet, and then 
multicast the RREQ packet with changed sequence no 
and its node no. as sender node no. to all the nodes in 
its routing table except of sender node no. and 
destination node no and save this information of original 
sequence no., modified sequence no. sender node no. 
and route source node no. in its memory. Even if the 
node receiving RREQ does not have the entry of 
destination node in its routing table then also it would 
multicast it to other node, in its table, except for sender 
node, route source node number and destination node 
no in the same manner as described before. The node 
receiving route reply packet checks to see if it itself is 
route source node number. If it is not the route source 
node no. then it would match the sequence no. and 
route source node no. in its memory to retrieve the 
original sequence no. and sender node no. and it sends 
the route   reply packet to the sender node no. with 
sequence no. as  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
           Fig. – 3 Construction of Routing Table 
 
       
 
 

   Fig. – 4 Route Request Packet (RREQ) 
 
 

 

 
Fig. – 5 Route Reply Packet (RREP) 

 
  

 
            Fig. – 6 Message Packet 

 
retrieved   sequence no. and append its own node no. to 
the path data field and queue field value is set either to 
value of queue length field of received RREP packet or 
the its queue length value from the routing table 
depending upon whichever is maximum. 
The route source node on receiving any of the, RREP 
packet will save it in its path list as shown in Fig. – 7. 
 
 
 
 
 
 
 
 
 
 
         
 

 
  

 

 
 
 
           Fig – 7 Path list at the Route Source Node 
 
 

Sequ
ence 
No. 

Path 
data 

Route 
Source 
Node No. 

Destina
tion 
Node 
No. 

Dist- 
ance 

Queue 
Length 

Flag  
(10) 

       

Path data Destination 
Node No. 

Route 
Source 
Node 
No. 

Data Flag  
(11) 

Sequence 
No. 

Sender 
Node 
No. 

Route 
Source 
Node No. 

Destination 
Node No. 

Flag  
(01) 

     

1

1

104 1 0

103 0

101 1 0

102 0 0

n4 

n1 

n2 

n5 n3 

1

105 1 0

103 0

102 1 0

104 0 0

1

105 0 0

103 0

104 1 0

1103 0

102 0

101 0 0

1

103 0 0

101 0

102 1 0

104 1 0

1105 0

 
N1     N2     N4      N5  

 

N1     N3     N4      N5  
 

N1     N3     N5  
 

N1     N2     N3      N4        N5  
 

P1 

- 

- 

- 

P6 

N1     N2     N3      N5  
 

N1    N2     N3      N4        N5  
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(III)  ALGORITHM: ROUTES MAIN-TENANCE 
 

Input  : Routing Table: RTable [] [], MessagePacket :M[], 
Destination Node No. : D_node , Boolean variable 

Flag=0 
1. Start 
2. Len=Length[M] 
3. If ( ( M [ Len – 2 ] = = 1 ) AND (M [ Len – 1 ] = = 

1) )/*Message packet received*/ 
4. For I = 0 to Length [RTable] 
5.         If  (RTable [i] [0] = = D_node ) 
6.              Transmit M to D_node 
7.               Flag = 1 
8.               Break 
9.         End If 
10. End For 
11. If (! Flag ) 
12.   Broadcast RREQ packet  with field values as    

Seq (Sequence NO. ) = System generated  no. 
     S_No.( Sender node_no.) =  self node no. 
     Rs No. ( Route Source Node no. ) = Self 

Node 
     D_no. (Destination Node No. ) = D_node 

     F (Flag ) = 0 1 
13. End If 
14. If  (( M [ Len – 2 ] = = 0 ) AND (M [ Len – 1 ] = = 

1 )) )/*Route request packet received*/ 
15. For I = 0 to Length [RTable] 
16.       If  (RTable [i] [0] = = D_node ) 
17. Send RREP to S_No. with Field     values  

Seq ( Sequence No) = RREQ.Seq 
Pd ( Path Data ) = stack implementation ( 

with self node no on top ) 
Rs No. ( Route Source Node no. ) = 

RREQ.Rs No. 
D_no. (Destination Node No. ) = RREQ . 

DNo. 
D ( Distance ) = RTable [i] [1] +1 

Q_Len (Queue Length) = RTable [i] [2] 
F ( Flag ) = 1 0 

18. Flag  = 1 
19. Break 
20. End If 
21. End For 
22. If ( ! Flag ) 
23. Multicast RREQ packet to all except for sender 

node no , route source node no and destination 
node no with field values  

     Seq (Sequence NO. ) = System generated  no. 
     S_No.( Sender node_no.) =  self node no. 

     Rs No. ( Route Source Node no. ) = Self Node 

 
 

     D_no. (Destination Node No. ) = D_node 
     F (Flag ) = 0 1 

24. Make an entry in system database with field 
values 
New_Seq =  Seq in step 23 
Old_Seq = RREQ.Seq 
RS_No. = RREQ.RS_No. 
D_No. = RREQ.D>No. 
Sender =  RREQ.SNo. 

25. End If 
26. If  (( M [ Len – 2 ] = = 1 ) AND (M [ Len – 1 ] = = 

0 )) /*Route reply packet received*/ 
27. If ( RREP.RS_No. = =  Node_No.) 
28. Add Path data of RREP to the path Linked List 

at the node. 
29.     Else 
30. Insert its node no. in path data of RREP 
31. If ( RREP.Q_Len < RTable[0][2]) 
32. RREP.Q_Len=RTable[0][2] 
33. End If  
34. Retrieve sender node no. and Sequence number 

from database by RREP.Seq, 
RREP.S_no. 

35. RREP.Seq=Sequence no. of step 33 
36. Send RREP to sender node of sep 33 
37. End If 
38. End If 
39.  Stop. 

 
(IV) ALGORITHM: PATH SELECTION  

 
Consider the following paths selection rules  

 Arrange all the possible paths in ascending 
order of queue length, load and distance, 
consider only paths which has load lower 
than   threshold.  

 Take the sum of position of the path in the 
three lists and finally select the path with 
lowest sum.  

  In case if minimum sum of position in the 
three lists calculated in step (ii) is more than 
one then the following preference order is 
used for selection of an optimal path. 

 
 

     Queue Length > Load > Distance of path 
 

The queue length (Bandwidth Concept) of each node 
in  the fig-1 is as follows  
Q1=10, Q2=12, Q3=15, Q4=9, Q5=5 
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Thus the queue length and distance of paths are 
shown in table-1 as details of Paths. 
 

Distance Path Queue 
Length 

3 P1   :n1-n2-n4–n5 10 
2 P2   :n1-n3-n5 15 
4 P3    :n1-n2-n3-n4- 15 

3 P4    :n1-n2-n3-n5 15 

3 P5   n1-n3-n4-
n5 15 

4 P6    :n1-n2-n4-
n3-n5 15 

 
Table 1 

     Arranging the paths in ascending order with respect 
to Distance, load and queue length as follows in the 
table with their position   Table 2 

 

Position Distance Load Queue 
Length 

1 P2 P1 P1 
2 P1 P2 P2 
3 P4 P3 P3 
4 P3 P4 P4 
5 P5 P5 P5 
6 P6 P6 P6 

 
Table 2 

 
The sum of position of path in the three lists (distance, 

load and queue length) 
For p1: (2+1+1) =4 
For p2: (1+2+2) =5 
For p3: (4+3+3) =10 
For p4: (3+4+4) =11 
For p5: (5+5+5) =15 
For p6: (6+6+6) =18 
 
From above calculation it is clear that the sum of 

position of path P1 in the three lists is minimum hence 
path P1 is selected. 

 
    IV   SIMULATION RESULTS 

 
In simulation, a flat network is assumed as clusters. For 
unicast, before a node sends a unicast packet, it sets 
RTS (Request-to- Send) flags of its neighbors and the 
intended receiver sets CTS (Clear-to-Send) flags of its 
neighbors. Nodes whose RTS or CTS flag is set cannot 
transmit data, except the sender. When the sender 
finishes sending the data, RTS/CTS flags are cleared by 
the nodes which originally set those flags. Similar 
scheme is used in multicasting .The node wants to send  

a multicast packet sets RTS flags of its neighbors, and 
each intended receiver sets CTS flags of its neighbors. 
The broadcast uses flooding, technique and only RTS 
flags are set by the sending node, and CTS flags are not 
set by any node. Therefore, in broadcast, collision may 
occur. However, collisions are ignored in our simulation. 
The simulated network area is a N x N meter square, 
and M mobile nodes are roaming randomly in all 
directions at a predefined speed in this area. Each node 
has a finite buffer, and packets are lost when buffer 
overflow occurs. Control packets have higher priority 
over data packets in simulations1. Propagation delay is 
assumed to be negligible, and it is assumed that packets 
always arrive without any bit error. A multicast group has 
one source and a number of receivers. The source node 
generates multicast packets at a constant rate Extensive 
simulation results obtained by varying several network 
parameters and workload configuration. The values of 
the network parameters used in simulations are those 
specified in the IEEE 802.11. In this scenario we 
evaluate the performance improvement in terms 
throughput due to the use of multiple channels in a 
densely populated network. Specifically, we consider a 
network of 5 to 20 Base Stations with 20 to 80 mobile 
nodes with an increasing number of neighbors from 5 to 
20 Base Station. Each node has a traffic flow with infinite 
demands towards one of its neighbors. In Fig. 9 to Fig. 
13.We show the some of throughput of all traffic flows, 
with available Channel   Bandwidth.  
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Comparision Between Drop  OverHead  VS   Nodes
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Fig-12 
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   V  CONCLUSION  

 
 The proposed HRPBC protocols will mostly select the 
optimal path for transmission of packets from source to 
destination in   wireless   Ad-hoc   networks and adopts   
the path information kept at each node with     bandwidth 
information. It is compared to traditional DSR schemes. 
The  simulation show  that the proposed HRPBC 
protocol achieve the above objectives and is superior to 

that of the DSR scheme for the maintenance overhead 
and the path reliability, Thus reducing the congestion in 
network and improving bandwidth utilization. 

 

VI    FUTURE SCOPE 

In future there can be further evaluation of proposed 
scheme by using more realistic mobility of nodes in the 
simulation. It is believed that advantage of providing 
traffic information will be significant in those 
environments. 
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Abstract: Efficient utilization of limited radio frequency 
spectrum is only possible to use smart/adaptive antenna 
array system. Minimum Variance Distortionless Response 
(MVDR) algorithm is an option for smart antenna to 
exploit spatial distribution of the users and the access delay 
distribution of signal paths to enhance mobile systems 
capabilities for quality voice and data communication. This 
paper analyzes the performance of MVDR (blind 
algorithm) and Kernel Affine Projection Algorithm 
(KAPA) (nonblind algorithm) for CDMA application. For 
the first time, KAPA is implemented in [1] in the context of 
noise cancellation but we are using it for adaptive 
beamforming which is novel in this application. Smart 
antenna incorporates these algorithms in coded form which 
calculates optimum weight vector which minimizes the total 
received power except the power coming from desired 
direction. Simulation results verify that MVDR a blind 
algorithm has high resolution not only for beam formation 
but also better for null generation as compared to nonblind 
algorithm KAPA. Therefore, MVDR is found more efficient 
Beamformer. 
 
Keywords: Adaptive Filtering, Minimum Variance 
Distortionless Response (MVDR) Algorithm and Kernel 
Affine Projection Algorithm (KAPA). 
 

I. INTRODUCTION 
 
Since Radio Frequency (RF) spectrum is limited and its 
efficient use is only possible by employing 
smart/adaptive antenna array system to exploit spatial 
distribution of the users and the access delay distribution 
of signal paths to enhance mobile systems capabilities 
for data and voice communication. The name smart 
refers to the signal processing capability that forms vital 
part of the smart/adaptive antenna system which controls 
the antenna pattern by updating a set of antenna weights. 
Smart antenna, supported by signal processing 
capability, points narrow beam towards desired users but 
at the same time introduces null towards interferers, thus 
improving the performance of mobile communication 
systems in terms of channel capacity, extending range 
coverage, tailoring beam shape and steering multiple 
beams to track many mobiles electronically. Consider a 
smart antenna system with  elements equally spaced 

 and user’s signal arrives from an angle
Ne

( )d 0Φ  as 
shown in Fig 1 [2]. 

 

 
 

Fig.1. Smart/adaptive antenna array system 
 
Adaptive beamforming scheme that is MVDR (blind 
algorithm) and KAPA (nonblind algorithm) is used to 
control weights adaptively to optimize signal to noise 
ratio (SNR) of the desired signal in look direction 0Φ . 

The array factor for (  elements equally spaced  
linear array is given by  

)Ne ( )d

 
21 ( ( cos ))

0

( ) .
dN jn

n
n

AF A e
π− Φ+α
λ

=

Φ =∑    (1)

 
where α  is the inter element phase shift and is described 
as: 
 

0
0

2 cosdπ
λ

−
α = Φ     (2)

 

and 0Φ  is the desired direction of the beam. 
 

In reality antennas are not smart; it is the digital 
signal processing, along with the antenna, which makes 

 . 
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the system smart. When smart antenna is deployed in 
mobile communication in Code Division Multiple 
Access (CDMA) environment in which different codes 
are assigned to different users, it radiates beam towards 
desired users only. Each beam becomes a channel, thus 
avoiding interference in a cell. Because of these, each 
coded channel reduces co-channel interference, due to 
the processing gain of the system. The processing gain 
(PG) of the CDMA system is described as: 
 

10 log( / )bPG B R=     (3)
 

where B  is the CDMA channel bandwidth and bR  is 

the information rate in bits per second. 
 
If a single antenna is used for CDMA system, then this 
system supports a maximum of 31 users. When an array 
of five elements is employed instead of single antenna, 
then capacity of CDMA system can be increased more 
than four times. It can be further enhanced if array of 
more elements are used [4] [5] [7] [8] [9]. 
 
The rest of the paper is organized as follows: Section 2 
introduces MVDR algorithm with simulation results. 
KAPA with simulation results are presented in section 3. 
Finally the concluding remarks of this work are provided 
in section 4. 
 

II. MVDR ALGORITHM 
 
A. Theory 
 
MVDR is a direction of arrival (DOA) estimation 
method in which the direction of a target signal is 
parameterized by the variable 0Φ  and all other sources 
are considered as interferences. In beamforming 
literature, this estimation method is called MVDR in 
which the weights of the smart antenna array are chosen 
so as to pass the desired directional signal without any 
distortion (preserving unity gain) whereas to suppress the 
interferers maximally. MVDR is a blind algorithm which 
doesn’t require a training signal to update its complex 
weights vector but utilizes some of the known properties 
of the desired signal. Assuming that  is the 
steering vector and is independent of the data obtained 
from  sensors. The data obtained from  sensors is 
given by  

0(s Φ )

n n

 

0 1 1( ) { , ,........ }nu n u u u −=    (4)
 
MVDR beamformer output  in the look direction 
with input signal is described as: 

( )y n
( )u n

 

( ) ( 1) ( )Ty n w n u n= −     (5)
 
The autocorrelation matrix R  of the sensor data vector 
is given by 
 

{ ( ) ( )}TR E u n u n=     (6)
 

where E  is the expectation operator. The output power 
for each looking direction is defined by 
 

2{ } { ( ) ( ) }T T T w (7)P E y w E u n u n w w R= = =  
 
In adaptive beamforming algorithm, the weight vectors 
are correlated with the incoming data so as to optimize 
the weight vectors for high resolution DOA detection in 
a noisy environment. MVDR is graded an adaptive 
beamformer, therefore, some constraints are imposed as 

, ensures that desired signals are passed with unity 
gain from looking direction whereas the output power 
contributed by interfering signals from all other 
directions are minimized using a minimization criterion 
as described in . 

(8)

(9)
 

Tw s g=      (8)
 

where g denotes the gain of MVDR which is equal to 
unity. 
 

( T

w
)Min P w Rw=  constrained to       (9  1Tw s = )

 
Solving  by Lagrange multiplier method, we obtain 
the weight vector as: 

(9)

 
1

1T

R sw
s R s

−

−=      (10)
 

When we put the value of (1 into , the output 

power 

0) (9)

0(P )Φ  for a single looking direction is obtained 
as: 

 

0 1
1( ) TP

s R s−Φ =     (11)
 

MVDR algorithm computes the optimum weight vector 
based on the sampled data that ultimately forms a 
beampattern and places null towards interferers [3] [6]. 
 
B. Simulation Results 
 
Computer simulation is carried out, to illustrate that how 
various parameters such as number of elements ( )  Ne

 . 
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and element spacing , affect the beam formation. The 
simulations are designed to analyze the properties of 
MVDR and KAPA algorithms. The desired signal is 
phase modulated, used for simulation purpose. It is given 
by  

( )d

 
sin(2 )( ) jS t e ∗π∗ƒ∗= t     (12)

 
where f  is the frequency in Hertz. 
 
1) Effect of number of elements on array factor 
 
Uniform linear array is taken with different number of 
elements for simulation purpose. The spacing between 
array elements is taken as ( ) . / 8  λ
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Fig.2. Normalized array factor plot for MVDR algorithm with AOA for 
desired user is 0 degree and - 30 degrees for interferer with constant 

space of ( between elements )/ 8  λ
 
Angle of Arrival (AOA) for desired user is set at 0 
degree and for interferer at -30 degrees as shown in Fig. 
2 which provides deep null at -30 degrees but at the same 
time forms narrow beam in accordance to number of 
elements. 
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Fig.3. Normalized array factor plot for MVDR algorithm with AOA for 
desired user is 20 degrees and - 20 degrees for interferer with 

constant space of ( )/ 8  λ between elements 

 
Similarly in Fig.3, we achieved a deep null 
approximately at -20 degrees and the desired user is 
arriving at 20 degrees. Therefore, it is proved that for a 
fixed spacing and a frequency, a longer array 
( 2Ne 0)=  results a narrower beam width but this 
happens at the cost of large number of sidelobes. 
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Fig.4. Normalized array factor plot for MVDR algorithm with AOA for 
desired user is - 10 degrees and 40 degrees for interferer with 

constant space of ( )/ 8  λ between elements 

 
In Fig. 4, AOA for desired user is obtained at -10 degrees 
and deep null is shown at – 40 degrees for / 4d λ= . 
Again it is proved that for a fixed spacing and a 
frequency, a longer array  results a narrower 
beam width but this happens at the cost of large number 
of sidelobes. 

( 2Ne = 0)
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The weight vectors computed during simulation for 
and10  are and , respectively 

as shown in Fig. 5. Numerically, these weight vectors are 
represented as: 

20,15Ne = 1, 2w w 3w

 
1w =[0.0500, 0.0482 - 0.0133i, 0.0430 - 0.0256i, 0.0346 

- 0.0361i, 0.0238 - 0.0440i, 0.0113 - 0.0487i, -0.0020 - 
0.0500i, -0.0152 - 0.0476i, -0.0273 - 0.0419i, -0.0375 - 
0.0331i, -0.0449 - 0.0220i, -0.0491 - 0.0093i, -0.0498 + 
0.0041i, -0.0470 + 0.0172i, -0.0407 + 0.0290i, -0.0316 + 
0.0388i, -0.0201 + 0.0458i, -0.0073 + 0.0495i, 0.0061 + 
0.0496i, 0.0191 + 0.0462i] 
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Fig.5. Scatter plot for complex weights for and10  

with constant space of between elements 

20,15Ne =
( )/ 8  λ

 

2w =[0.0667, 0.0643 - 0.0177i, 0.0573 - 0.0341i, 0.0462 
- 0.0481i, 0.0317 - 0.0586i, 0.0150 - 0.0649i, -0.0027 - 
0.0666i, -0.0203 - 0.0635i, -0.0364 - 0.0558i, -0.0499 - 
0.0442i, -0.0599 - 0.0293i, -0.0655 - 0.0124i, -0.0664 + 
0.0055i, -0.0626 + 0.0229i, -0.0543 + 0.0387i] 
 

3w =[0.1000, 0.0964 - 0.0265i, 0.0859 - 0.0512i, 0.0692 
- 0.0721i, 0.0476 - 0.0879i, 0.0226 - 0.0974i, -0.0041 - 
0.0999i, -0.0305 - 0.0952i, -0.0547 - 0.0837i, -0.0749 - 
0.0662i] 
 
2) Effect of spacing between elements on array 
factor 
 

The effect of array spacing for / 2λ , / 4λ  and / 8λ  is 
shown in Fig. 6 for . Since the spacing between 
the elements is critical, due to sidelobes problems, which 

causes spurious echoes and diffraction secondaries, 
which are repetitions of the main beam within the range 
of real angles. 

10Ne =
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Fig.6. Normalized array factor plot for MVDR algorithm for 

10Ne =  with interferer – 50 degrees 
 
From Fig. 6, it is observed that increasing element 
spacing produces narrower beams, but this happens at the 
cost of increasing number of sidelobes. It is also clear, 
that spacing between elements equal to / 2λ , gives 
optimum result for narrower beam. 
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Fig.7. Normalized Array factor plot for MVDR algorithm for 

8Ne =  with interferer – 30 degrees 
 
When number of elements is reduced to 8, then effect of 
array spacing is shown at Fig. 7.  Again, narrower beam 
width is achieved at / 2d λ= . 
 

III. KAPA ALGORITHM 
 
A. Theory 
 
For the first time, KAPA algorithm is presented in [1],  

 . 
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for noise cancellation and providing a unifying model for 
several neural networks techniques. It is the combination 
of famed kernel trick and affine projection (APA) 
algorithm [10]. In our case, this algorithm is employed 
for beamforming which is novel in this application [11]. 
In KAPA algorithm, the input signal is 
transformed into a high dimensional feature space via a 
positive definite kernel such that the inner product 
operation in the feature space can be computed 
efficiently through the kernel evaluation. KAPA is 
categorized as nonblind algorithm which uses a 
desired/training signal to update its complex weights 
vector. This training signal is sent by the transmitter to 
the receiver during the training period.  

( )u n

 
The weight update equation for the KAPA 
algorithm is defined as: 

( )w n

 
( ) ( 1) ( ) ( )w n w n n nηϕ ε= − +    

 
1

1 1

( 1) ( ) ( ) ( 1 )
k K

n n
n n

a k n n n Kϕ ηε ϕ
−

= =

= − + − +∑ ∑ (13)  

 

where ϕ  is an eigen functions, ε  is a positive 

regularization factor and η  is the step size. 
 
During the iteration, the weight vector in the feature 
space assumes the following expansion as given by 
 

1

( ) ( ) ( ) 0
k

n n
n

w n a k nϕ
=

== ∀ >∑    (14)

 
That is, the weight at time  is a linear combination of 
the previous transformed input. 

n

 
The error signal is computed by  
 

( ) ( ) ( ) ( 1)n d n n w nε φ= − −    (15)
 

where is the desired signal, used for training 
sequence of known symbols (also called a pilot signal), 
is required to train the adaptive weights. Enough training 
sequence of known symbols must be available to ensure 
convergence [4] [5] [9]. 

( )d n

 
B. Simulation Results 
 
1) Effect of number of elements on array factor 
 
Uniform linear array is taken for simulation purpose. 
AOA for desired user is set at 0 & 20 degrees and for 
interferer at – 50 & – 20 degrees as shown in Fig 8 and 9, 
respectively. The space ( is maintained between 

elements. The narrow beam with side lobes is observed 
for longer array. 

)/ 8  λ
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Fig.8. Normalized array factor plot for KAPA algorithm with AOA for 
desired user is 0 degree and - 50 degrees for interferer with constant 

space of ( )/ 8  λ between elements 
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Fig.9. Normalized array factor plot for KAPA algorithm with AOA for 
desired user is 20 degrees and - 20 degrees for interferer with 

constant space of ( )/ 8  λ between elements 

 
Now if number of elements is changed then broad beam 
is obtained with reduced sidelobes as shown in Fig. 10, 
for desired user at 20 degrees and for interferer is at - 40 
degrees. 
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Fig.10. Normalized array factor plot for KAPA algorithm with AOA 
for desired user is 20 degrees and - 40 degrees for interferer with 

constant space of between elements ( )/ 8  λ
 
The weight vectors obtained during convergence for 

and 10  are  and , respectively 
as shown in Fig. 11. Numerically, these weight vectors 
are represented as: 

20,15Ne = 1, 2w w 3w

 

1w =[0.0030 + 0.0016i, 0.0036 + 0.0002i, 0.0035 - 
0.0011i, 0.0030 - 0.0026i, 0.0016 - 0.0034i, 0.0006 - 
0.0039i, -0.0008 - 0.0036i, -0.0024 - 0.0030i, -0.0030 - 
0.0017i, -0.0030 - 0.0004i, -0.0028 + 0.0006i, -0.0023 + 
0.0015i, -0.0012 + 0.0020i, -0.0003 + 0.0019i, 0.0003 + 
0.0015i] 
 

2w =[0.0033 - 0.0020i, 0.0018 - 0.0025i, 0.0009 - 
0.0027i, -0.0003 - 0.0025i, -0.0007 - 0.0020i, -0.0014 - 
0.0012i, -0.0015 - 0.0003i, -0.0010 + 0.0001i, -0.0005 + 
0.0001i, 0.0001 - 0.0000i] 
 

3w =[0.0031 + 0.0017i, 0.0037 + 0.0004i, 0.0036 - 
0.0010i, 0.0030 - 0.0026i, 0.0019 - 0.0033i, 0.0003 - 
0.0037i, -0.0009 - 0.0040i, -0.0020 - 0.0028i] 
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Fig.11. Scatter plot for complex weights for and10  

with constant space of 

20,15Ne =
( )/ 8  λ between elements 

 
2) Effect of spacing between elements on array 
factor 
 
When number of elements is kept constant for different 
array spacing i.e. /2d λ= ,  /4d λ=  and /8d λ= , 
then its effect is shown in Fig. 12 and 13 for 10Ne =  
and 8Ne = , respectively. The sharp beam is obtained 
for 10Ne =  for /2d λ=  as compared to 8Ne = . 
AOA for desired user is set at 0 and - 60 degrees for 
interferer in Fig.12 but deep null is observed at 50 degree 
instead of - 60 degree. 
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Fig.12. Normalized Array factor plot for KAPA algorithm for 

10Ne =  with interferer – 60 degrees 
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Similarly AOA for desired user is set at - 20 and - 70 
degrees for interferer in Fig.13 but deep null is observed 
at 40 degree instead of - 70 degree. 
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Fig.13. Normalized Array factor plot for KAPA algorithm for 

 with interferer – 70 degrees 8Ne =
 

IV. COMPARISON ON THE BASIS OF AOA 
 
MVDR and KAPA algorithms can also be compared on 
the basis of AOA as shown in Fig. 14 and 15, 
respectively. Both these algorithms have shown best 
response for beamforming keeping ( spacing 
between elements. 

)/ 8  λ
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Fig.14. Normalized Array factor plot for MVDR algorithm for 

 10Ne =
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Fig.15. Normalized Array factor plot for KAPA algorithm for 

10Ne =  
 

V. CONCLUSIONS 
 

The performance analysis of blind algorithm that is 
MVDR and nonblind algorithm i.e. KAPA is carried out 
in this paper. These algorithms are used in 
smart/adaptive antenna array system in coded form to 
generate beam in the look direction and null towards 
interferer, thus enhancing performance of mobile 
communication systems in terms of channel capacity, 
tailoring beam shape and steering beams to track many 
mobiles electronically It is confirmed from the 
simulation results that narrow beam of smart antenna can 
be steered towards the desired direction by steering beam 
angle 0Φ , keeping elements spacing , number of 

elements  and altering weights  adaptively for 
both algorithms. However, MVDR algorithm has shown 
better response towards desired direction and has good 
capability to place null towards interferer as compared to 
KAPA. The convergence speed of MVDR algorithm is 
better as it does not rely on eigen values whereas KAPA 
depends on eigen functions, therefore its speed of 
convergence is slow as compared to MVDR. It is also 
ascertained from the simulation results that MVDR 
algorithm has shown better performance in beam 
formation taking different number of elements and for 
different spacing maintained between elements. 
However, KAPA algorithm has exercised reasonable 
performance inculcation of beampattern for same 
number of iteration and for same parameters being used 
for MVDR. It is worth noting that MVDR is simple in 
computation as it doesn’t require training signal for 
convergence as compared to KAPA. Therefore, 
maximum bandwidth is utilizing to exchange 
information between transmitters and receivers, thus 
enhancing capacity. Keeping these advantages in mind, 
MVDR is found a better option to implement at base 

d
Ne ( )w n

 . 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

105 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



station of mobile communication systems using CDMA 
environment to reduce interference, enhance capacity 
and service quality. 
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Abstract— Every stakeholder of Academic Web-sites is mainly 
concerned with external quality, viz., usability, functionality, and 
reliability. Signore and Olsina have given hierarchical quality 
characteristics for measuring quality of Web-sites, especially for 
e-commerce and museum domains. In this paper, the authors 
have proposed a hierarchical model of attributes, sub-attributes, 
and metrics for measuring external quality of academic Web-
sites – Indian origin. The theoretical validation of model has been 
carried out using distance measure construction method. The 
empirical validation is in progress and will be reported soon. 

Keywords-component; Web-site Quality, Academic domain, 
Hierarchical model, Attributes, Metrics 

I.  INTRODUCTION  
World Wide Web (WWW) has been the fasted adopted 

technology. Every day many new Web-sites are uploaded on 
Web. Often quality of Web-sites is unsatisfactory and basic 
Web principles like inter-portability and accessibility are 
ignored [1,2]. The main reason for lack of quality is 
unavailability of trained staff in Web technologies/engineering 
and orientation of Web towards a more complex XML based 
architecture [1,2,3]. 

Web-sites can be categorized as informative or cultural, e-
commerce, e-government, museums, tourism, and academic 
intensive. It is obvious that domains differ significantly, and 
hence a common yardstick can not be applied to measure 
quality of all Web-sites. Loranca et. al. [4] and Olsina et. al. [5] 
have identified attributes, sub-attributes, and metrics for e-
commerce based Web-sites. Olsina et. al. [6] have also 
specified metrics for Web-sites of museums. Tripathi and 
Kumar [7] have specified quality characteristics for e-
commerce based Web-sites of Indian origin from external point 
of view.  

The aim of this research is to identify attributes, sub-
attributes, and metrics for measuring quality of Academic 

Institute Web-sites (Indian Origin) from point of view of 
usability, and to theoretically validate the proposed model.    

II. LITRATURE SURVEY  
The quality of software being developed has always been 

prime concern of software engineers. Some widely used 
software quality models were proposed by Boehm et. al.     [8], 
and McCall and Covano [9]. Complexity is probably the most 
important attribute of software because it influences a number 
of other attributes such as maintainability, understandability, 
modifiability, and testability.  

International bodies such as ISO and CEN(European) are 
trying to integrate  different approaches to the definition of 
quality, starting from the awareness that the quality as an 
attribute which changes developer’s perspective and action 
context [10]. The ISO/IEC 9126 model [10] defines three 
views of quality: user’s view, developer’s view, and manager’s 
view. Users are interested in the quality in use (external quality 
attributes), while developers are interested in internal quality 
attributes such as maintainability, portability, etc.. This model 
is hierarchical and contains six major quality attributes each 
very broad in nature. They are subdivided into 27 sub-attributes 
that contribute to external quality and 21 sub-attributes that 
contribute to internal quality. The users are interested in 
external quality, viz., usability, functionality, reliability, and 
efficiency of Web-sites. These attributes and sub-attributes in 
ISO 9126 are of very general in nature and can be applied  to 
Web-sites as well. 

Olsina et. al.[5,6]  have proposed hierarchical model of 
attributes, sub-attributes and metric for Web-sites of museum 
and e-commerce domains. They have also developed a 
technique called QEM to measure quality of these sites [5]. 
Tripathi and Kumar [7] have identified attributes, sub-attributes 
and metrics for Indian origin e-commerce Web-sites. They 
have validated the proposed quality characteristic model both 
theoretically and empirically [11]. In this research we are 
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proposing a hierarchical model of attributes and sub-attributes 
to measure quality of academic institute Web-sites of Indian 
origin. The model is also theoretically validated. 

III. PROPOSED QUALITY CHARACTERISTICS MODEL 
     In fact, software artifacts are generally produced to satisfy 
specific user’s need, and Web-sites are no exception. In 
designing Web-sites care should be taken that a user entering 
for the first time at a given home page should be able to find a 
piece of information quickly. For this, there are attributes like 
site map, an index, or a table of contents that help in getting 
quick global site understanding that facilitates browsing. 
Alternatively, a global searching function on the home page 
could help retrieving required piece of information and avoid 
browsing. The site understandability increases if both the 
functions are included. The main attributes that enhance the 
Web-site external quality are usability, functionality, and 
reliability. A quality attribute can be decomposed into multiple 
levels of sub-attributes and finally a sub-attribute can be 
refined in a set of measurable attributes or metrics. The 
proposed hierarchical model of metrics to measure external 
quality of academic Web-sites is given in Fig. 1.                  
 

It is necessary that any new model of attributes, sub-
attributes and metrics is properly validated before it is put to 
use by professionals and academia. The process of validation is 
described in the next section. 

IV. THEORETICAL  VALIDATION OF PROPOSED          
           HIERARCHICAL MODEL OF METRICS 

Recent software engineering literature has shown a concern 
for the quality of methods to validate software product 
metrics (e.g., see [12][13][14]).  This  concern  is  due  to  fact  
that: (i) common practices for the validation of software 
engineering metrics are not acceptable on scientific grounds, 
and  (ii) valid measures are essential  for effective 
software project management and sound empirical research. 
According to Kitchenham et al. [13]  "unless the software 
measurement community  can agree on
 a valid,  consistent, and 
comprehensive theory of measurement validation, we have no 
scientific basis for the discipline of software measurement, a 
situation potentially disastrous for both practice and research." 
Therefore, to have confidence in the utility of the many metrics 
those are proposed from research labs, it is crucial that they are 
validated. 

The   validation   of   software product metrics means  
1 Usability 

1.1. Global Site understandability  
1.1.1 Site Map(location map) 
1.1.2 Table of Content 
1.1.3 Alphabetical Index 
1.1.4 Campus Image Map  
1.1.5 Guided Tour 

1.2. On-line Feedback and Help Features 
1.2.1 Student Oriented Help 
1.2.2 Search Help 
1.2.3 Web-site last Update Indicator 
1.2.4 E-mail Directory 
1.2.5 Phone Directory 
1.2.6 FAQ 
1.2.7 On-line Feedback in form of Questionnaire 

1.3. Interface and Aesthetic Features 
1.3.1 Link Color Style Uniformity 
1.3.2 Global Style Uniformity 
1.3.3 What is New Feature 
1.3.4 Grouping of Main Control Objects  

 
2 Functionality 

2.1. Search Mechanism 
2.1.1 People Search 
2.1.2 Course Search 
2.1.3 Academic Department Search 
2.1.4 Global Search 

2.2. Navigation and Browsing 
2.2.1 Path Indicator 
2.2.2 Current Position Indicator 
2.2.3 Average Links Per Page 
2.2.4 Vertical Scrolling 
2.2.5 Horizontal Scrolling 

 

2.3. Student-Oriented Features 
 2.3.1 Academic Infrastructure Information  

2.3.1.1 Library Information 
2.3.1.2 Laboratory Information 
2.3.1.3 Research Facility Information 
2.3.1.4 Central Computing Facility Information 

2.3.2  Student Service Information 
2.3.2.1 Hostel Facility Information  
2.3.2.2 Sport Facilities 
2.3.2.3 Canteen Facility Information 
2.3.2.4 Scholarship Information 
2.3.2.5 Doctor/Medical Facility Information 

2.3.3 Academic Information 
2.3.3.1 Courses Offered Information 
2.3.3.2  Academic Unit (Department) Information 
2.3.3.3 Academic Unit t Site Map 
2.3.3.4 Syllabus Information 
2.3.3.5 Syllabus Search 

2.3.4 Enrollment Information 
2.3.4.1 Notification uploaded 
2.3.4.2 Form Fill/Download 

2.3.5 Online Services 
2.3.5.1 Grade/ Result Information 
2.3.5.2 Fee dues/Deposit Information 
2.3.5.3 News Group Services 

 
3 Reliability   

3.1. Link and Other Errors 
3.1.1 Dangling Links 
3.1.2 Invalid Links 
3.1.3 Unimplemented Links 
3.1.4 Browser Difference Error 
3.1.5 Unexpected Under Construction Pages 

4 Efficiency  
4.1 Performance 

4.1.1 Matching of Link Title and Page Information  
4.1.2 Support for Text only Version 
4.1.3 Global Readability 
4.1.4 Multilingual Support 

 
Fig. 1  Quality Characteristics For Academic Institute  Web-sites 
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   convincingly demonstrating that : 
      1. The product metrics measures what it purports to 
measure. For example, that a coupling metrics really measures 
coupling. 
 
     2. The product metric is associated with some important 
external metric (such as measures of maintainability or 
reliability). 

 

3. The product metric is an improvement over existing 
product metrics. An improvement can mean, for example, 
that it is easier to collect the metric or that it is a better 
predictor of faults. 

 

According to Fenton [15], there are two types of validation 
that are recognized: internal and external. Internal validation 
is a theoretical exercise that ensures that the metric is a proper 
numerical characterization of the property it claims to 
measure. Demonstrating that a metric measures what it 
purports to measure is a form of theoretical validation. 
External validation involves empirically demonstrating points 
(2) and (3) above. Internal and external validations are also 
commonly referred to as theoretical and empirical validation 
respectively [13].   Both types   of   validation   are   
necessary. The approaches used in two validations are shown 
in Figure 2.   

 

 
 
 
 
 
 
 
 
 
 
 
 
 
The main goal of theoretical validation is to assess 

whether a metric actually measures what it purports to 
measure [15]. In the context of an empirical study, the 
theoretical validation of metrics establishes their construct 
validity, i.e. it ‘proves’ that they are valid  measures for the 
constructs that are used as variables in the study. There is 
not yet a standard, accepted way of theoretically validating 
software metric. Work on theoretical validation has followed 
two paths (see Fig 2), viz.  

 
• Measurment-theory  based  approach  such  as  

those proposed by Whitmire[16], Zuse[17], and 
Poels and Dedene [18] 

 
• Property-based   approach   (also   called   

axiomatic approaches),  such  as  proposed  by  

Weyuker  and Braind et al.[19] 
 

For the theoretical validation DISTANCE framework 
proposed by Poels and Dedene[18], is a conceptual 
framework for  software  metric  validation  grounded  in  
measurement theory. This is briefly described below : 

 
     A.   The DISTANCE Measure Construction Procedure 

 
The measure construction procedure prescribes five 

activities. The procedure is triggered by a request to construct 
a measure for a property that characterizes the element of 
some set of objects. The activities of the DISTANCE 
procedure are given  here. For notational convenience, let P  
be  a  set of objects that are characterized by some property 
pty for which a measure needs to be constructed. 

 

1)   Finding   a   measurement   abstraction: The   object   
of interest must be modeled in such a way that the property 
for which a measure is needed is emphasized. A suitable 
representation, called measurement abstraction hereafter, 
should allow to what extent an object is characterized by the 
property to be observed. By comparing measurement 
abstraction we should be able to tell whether an object is 
more, equally or less characterized by the property than other 
object. 

2)   Defining distance between measurement abstraction: 
This activity is based on a generic definition of distance that 
hold  for  elements  in  a  set.  To  define  distance  between 
elements in a set, the concept of ‘elementary transformation 
function’ is used. 

3)   Quantifying distance betweenmeasurement 
abstraction: This activity requires the definition of a 
distance measure for the element of M. Basically this 
means that the distance defined in the previous activity are 
now quantified by representing i.e. measuring them as the 
number of elementary transformation by representing i.e. 
measuring them as the number of elementary 
transformations in the shortest sequence of elementary 
transformation between elements. Formally, the activity 
results in the definition of a metric MxM→R that can be 
used to map the distance between a pair of elements in M 
to a real number. 

4)   Finding a reference abstraction: This activity 
require a kind of thought experiment. We need to 
determine what the measurement abstraction for the object 
in P would look like if they were characterized by the 
theoretical lowest amount pty. If such a hypothetical 
measurement abstraction can be found, then this object is 
called the reference abstraction for P with respect to pty. 

5)   Defining a measure for the property: The final 
activity consists of defining a measure for pty. Since 
properties are formally   defined   as   distances,   and   
these   distances   are quantified with a metric function, 
the formal outcome of this activity is the definition of a 
function μ:P→R such that p Є P: μ(p)= δ(abs(p), ref(p)). 

 
B. Metric Validation 

METRIC 
DEFINITION 

THEORETICAL 
VALIDATION  

EMPIRICAL 
VALIDATION 

Property 
Based 

Approach 

Measureme
nt Theory 

based 
Experi
ments 

Case 
Stud
ies

Surv
eys 

Fig. 2 Approaches to Software Metrics Validation
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The proposed hierarchical model of metrics given  in 

Fig 2 is validated using Distance methodology. We have 
used the five activities of DISTANCE measure procedure 
for metrics of the model and important metrics are 
summarized in Table 1 
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TABLE I. DISTANCE BASED VALIDATION CRITERIA FOR METRICS 

 
Validation Quality Metrics 

Measurement 
Abstraction 

Defining distance 
between two extreme 

abstraction 

Quantifying 
distance e in 

extremes 

Hypothetical 
reference 

abstraction 

Determining a 
measure ptv 

1.1.1 Nominal Yes/No EQ = {1,0} EQ=0, if no map EQ=1, if map available 
1.1.2 Nominal Yes/No EQ = {1,0} EQ=0, if no table EQ=1, if table available 
1.1.3 Nominal Yes/No EQ = {1,0} EQ=0, if no 

alphabetic index 
EQ=1, if alphabetic 

index available 
1.1.4 Nominal Yes/No EQ = {1,0} EQ=0, if no image 

map 
EQ=1, if image map 

available 
1.1.5 Nominal Yes/No EQ = {1,0} EQ=0, if no guided 

tour 
EQ=1, if guided tour 

available 
1.2.1 Nominal Yes/No EQ = {1,0} EQ=0, if no student 

oriented help 
EQ=1, if student 

oriented help available 
1.2.2 Nominal Yes/No EQ = {1,0} EQ=0, if no search 

help 
EQ=1, if search help 

available 
1.2.3 Nominal Yes/No EQ = {1,0} EQ=0, if no update 

indicator 
EQ=1, if update 

indicator available 
1.2.4 Ordinal Complete/Partial/No EQ = {1,0.5,0} EQ=0, if no email 

directory 
EQ=1, if complete 

email directory 
available 

1.2.5 Ordinal Complete/Partial/No EQ = {1,0.5,0} EQ=0, if no phone 
directory 

EQ=1, if complete 
phone directory 

available 
1.2.6 Ordinal Exhaustive/Partial/No EQ = {1,0.5,0} EQ=0, if no FAQ EQ=1, if exhaustive 

FAQs available 
1.2.7 Nominal Yes/No EQ = {1,0} EQ = 0, if no 

feedback 
EQ=1, if feedback 
available available 

1.3.1 Ordinal Uniform/Partial/No EQ = {1,0.5,0} EQ=0, if no link color 
style 

EQ=1, if uniform  link 
color style available 

1.3.2 Ordinal Uniform/Partial/No EQ = {1,0.5,0} EQ=0, if no global 
style uniformity  

EQ=1, if global style 
uniformity available 

1.3.3 Nominal Yes/No EQ = {1,0} EQ=0, if no new 
feature 

EQ=1, if new feature 
available 

Usability 

1.3.4 Ordinal Complete/Partial/No EQ = {1,0.5,0} EQ=0, if no grouping  
of objects 

EQ=1, if complete 
grouping of objects  

2.1.1 Nominal Yes/No EQ = {1,0} EQ=0, if no people 
search 

EQ=1, if people search 
available 

2.1.2 Nominal Yes/No EQ = {1,0} EQ=0, if no course 
search 

EQ=1, if course search 
available 

2.1.3 Nominal Yes/No EQ = {1,0} EQ=0, if no 
department search 

EQ=1, if department 
search available 

Functionality 

2.1.4 Nominal Yes/No EQ = {1,0} EQ=0, if no global 
search 

EQ=1, if global search 
available 

2.2.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no path 
indicator 

EQ=1, if path indicator 
available 

2.2.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no current 
position 

EQ=1, if current 
position available 

2.2.3 Ordinal Good/Average/Bad EQ = {1,0.5,0} EQ = 0, if no average 
link per page 

EQ=1, if average link 
per page 6 or more 

2.2.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no vertical 
scrolling 

EQ=1, if vertical 
scrolling available 

2.2.5 Nominal Yes/No EQ = {1,0} EQ = 0, if no 
horizontal scrolling 

EQ=1, if horizontal 
scrolling available 

2.3.1.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no library 
info 

EQ=1, if library Info 
available 

2.3.1.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no 
laboratory info 

EQ=1, if laboratory 
Info available 

2.3.1.3 Nominal Yes/No EQ = {1,0} EQ = 0, if no research 
facility 

EQ=1, if research 
facility available 

2.3.1.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no central 
computing facility 

EQ=1, if central 
computing facility 

available 
2.3.2.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no hostel 

facility info 
EQ=1, if hostel facility 

info available 

Functionality 

2.3.2.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no sports EQ=1, if sports facility 
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Validation Quality Metrics 
Measurement 
Abstraction 

Defining distance 
between two extreme 

abstraction 

Quantifying 
distance e in 

extremes 

Hypothetical 
reference 

abstraction 

Determining a 
measure ptv 

facility info info available 
2.3.2.3 Nominal Yes/No EQ = {1,0} EQ = 0, if no canteen 

facility info 
EQ=1, if canteen 

facility info available 
2.3.2.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no 

scholarship info 
EQ=1, if scholarship 

info available 
2.3.2.5 Nominal Yes/No EQ = {1,0} EQ = 0, if no medical 

facility info 
EQ=1, if medical 

facility info available 
2.3.3.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no courses 

offered info 
EQ=1, if courses 

offered info available 
2.3.3.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no 

department info 
EQ=1, if department 

info available 
2.3.3.3 Nominal Yes/No EQ = {1,0} EQ = 0, if no Dept. 

site map 
EQ=1, if Dept. site map 

available 
2.3.3.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no syllabus 

info 
EQ=1, if syllabus info 

available 
2.3.3.5 Nominal Yes/No EQ = {1,0} EQ = 0, if no syllabus 

search  
EQ=1, if syllabus 
search available 

2.3.4.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no 
notifications 

EQ=1, if notifications  
available 

 

2.3.4.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no form 
download 

EQ=1, if form 
download available 

 

2.3.5.1 Ordinal Complete/Partial/No EQ = {1,0.5,0} EQ = 0, if no result 
info  

EQ=1, if all sem result 
info available 

2.3.5.2 Ordinal Complete/Partial/No EQ = {1,0.5,0} EQ = 0, if no fee dues 
info  

EQ=1, if  full fee dues 
info available Functionality 

2.3.5.3 Nominal Yes/No EQ = {1,0} EQ = 0, if no news 
group 

EQ=1, if news group 
available 

3.1.1 Nominal Yes/No EQ = {1,0} EQ = 0, if no 
dangling link 

EQ=1, if dangling link 
available 

3.1.2 Ordinal High /Medium/ Low EQ={1, if bet 0-
2; 0.5, if bet 3-5; 
0, if 6 or more} 

EQ = 0, if  invalid 
links 6 or more 

EQ=1, if  invalid links 
bet 0-2  

3.1.3 Ordinal High /Medium/ Low EQ={1, if bet 0-
2; 0.5, if bet 3-5; 
0, if 6 or more} 

EQ = 0 if 
unimplemented link 6 

or more 

EQ=1, if  
unimplemented links 

bet 0-2 
3.1.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no browser 

difference 
EQ=1, if browser 

difference available 

Reliability 

3.1.5 Ordinal High /Medium/ Low EQ={between 0-
2, 3-5, 6 or 

more} 

EQ = 0 if 
unconstructed pages 6 

or more  

EQ=1, if  
unconstructed bet 0-2 

4.1.1 Ordinal High /Medium/ Low EQ={between 0-
2, 3-5, 6 or 

more} 

EQ = 0 if unmatching 
link 6 or more 

EQ=1, if  unmatching 
link bet 0-2 

4.1.2 Nominal Yes/No EQ = {1,0} EQ = 0, if no support  EQ=1, if support for 
text only version  

4.1.3 Nominal Yes/No EQ = {1,0} EQ = 0 if no global 
reliability  

EQ=6, if  global 
reliability good 

Efficiency 

4.1.4 Nominal Yes/No EQ = {1,0} EQ = 0, if no 
multilingual support  

EQ=1, if multilingual 
support available 

V. CONCLUSION 
We have proposed a hierarchical model of attributes, sub-
attributes, and metrics for measuring quality of Indian origin 
academic Web-sites from the point of view of usability, which is 
of major concern to users (stake holders). The proposed metrics 
are theoretically validated using distance measure construction 
procedure and results are shown in the Table 1. The empirical 
validation is in progress and will be reported soon.  
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Abstract— MANETs are highly vulnerable to attacks due to their 
inherent characteristics of the lack of infrastructure and 
complexity of wireless communication. Considerable 
improvements have been made towards providing ad hoc 
network security and existent solutions apply cryptography, 
intrusion detection systems or reputation systems. However, 
these conventional defense lines are inefficient to put all attacks 
and intrusions off. Our approach is to study the behavior of the 
AODV routing protocol in the presence of blackhole attacks, one 
of the major Denial-of Service attacks. In the first phase of this 
research, we provide the detailed simulation methodology of 
black hole attacks, and detail out the steps of creating a new 
routing protocol named as Intelligent Secure On-Demand 
Routing protocol (ISOR) using NS-2. In ISOR, an intelligent 
prevention scheme has been presented where every node will 
behave intelligently to prevent black hole attacks. Simulation 
studies show that compared to the original ad hoc on-demand 
distance vector (AODV) routing scheme, our proposed solution 
can verify 75% to 98% of the routes to the destination depending 
on the pause times at minimum delay in the networks. 

Keywords- Blackhole attacks, DoS Attacks, MANET, Security 
in MANET routing protocol  

I.  INTRODUCTION  
Wireless Ad hoc networks are composed of autonomous nodes 
that are self- managed without any infrastructure. Ad hoc 
networks have a dynamic topology such that nodes can easily 
join or leave the network at any time. They have many 
potential applications, especially, in military and rescue areas 
such as connecting soldiers on the battlefield or establishing a 
new network in place of a network which collapsed after a 
disaster like an earthquake. Ad hoc networks are suitable for 
areas where it is not possible to set up a fixed infrastructure. 
The absence of any central coordinator or base station makes 
the routing process a complex one as compared to cellular 
networks. Hence the responsibilities of a routing protocol, 
include exchanging route information, finding a feasible path 
to a destination based upon criteria such as hop length, 
minimum power requirement and life time of wireless link, 
gathering information about path breaks, mending the broken 
paths and utilizing minimum bandwidth. Besides acting as a 
host, each node also acts as a node to discover a path and 
forward packets to the correct node in the network. All the 

proposed routing protocols [1] [2] [3] [4] [9] [11] [12] [14] are 
vulnerable to the denial-of –service attacks [5] [6]. Gaining 
access of the valid routes causes rushing attack [3]. An 
attacker can attract traffic towards certain destinations in the 
nodes under its control and cause the packet to be forwarded 
along a route that is non optimal or even non-existent. A pair 
of attacker nodes may create a wormhole [13] and shortcut 
their flows between each-other. Even being a part of the 
forwarding path, malicious nodes may selectively drop some 
or all the data packets [7]. A malicious node can correctly 
participate in route discovery phase but it may fail to correctly 
forward data packets. The security solution should also ensure 
that each node indeed forwards the packet according to its 
routing table. The black hole can be implemented in the 
network layer as well as in the MAC layer and as a result the 
entire network will be compromised. In this paper we propose 
an intelligent black hole attack prevention scheme to ensure 
reliable routing and data forwarding. In this scheme every 
node will behave in an intelligent manner and detect the 
corrupted node. Once detected, the node will be blacklisted for 
a definite period of time.  
Simulations have been done using NS-2 (Network Simulator 
version 2) [7]. A new protocol has been added to the existing 
functionalities of NS-2 and black hole attacks have been 
simulated using this new protocol. After having implemented 
the new routing protocol which simulates a black hole, tests 
were performed on wireless networks to compare the network 
performance with and without black holes in the network. As 
expected, the throughput in the network deteriorated 
considerably in the presence of a black hole. Later in the 
paper, we have implemented our proposed solution to 
eliminate the effects of black hole and the results obtained 
were evaluated. 
The rest of the paper is organized as follows. In section 2 we 
analyze various modes of attacks in ad hoc mobile networks. 
Section 3 presents a brief review of existing work. In section 4 
we present a network attacking model based on black hole 
attack for AODV. The simulation of a black hole attack [7] 
and the proposed protocol ISOR is presented in section 5. In 
section 6 we analyze and discuss the results of simulation of 
the proposed ISOR protocol. In this section we also put 
forward a comparative study between the normal AODV 
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protocol and our proposed ISOR protocol. In this section we 
present a solution model for some countermeasures against 
black hole attacks. This section also deals with the 
performance evaluation of our routing protocol and a 
comparison with the existing AODV routing protocol. 
 

 

II. DIFFERENT TYPES OF DOS ATTACKS 
Security [5] is the primary challenge to ad hoc wireless 
networks because of its infrastructure-less features, resource 
constraints and dynamic topology changes. The security issue 
in MANET for group communication [7] is even more 
challenging because of the involvement of multiple senders 
and multiple receivers. DoS attacks [6] are hard to detect and 
easy to implement by an attacker as no hardware is required to 
do so. These are considered to be the most vulnerable category 
of attacks for network layer thus needs more attention. The 
entire network may fail in the presence of such an attack. 
Some common types of DoS attacks [10] [12] [13] [3] are 
discussed briefly: 
 Blackhole Attacks- An attacker can drop received 

routing messages, instead of relaying them as the protocol 
requires, in order to reduce the quantity of routing 
information available to other nodes. This is called 
blackhole attack by Hu et al., and is a “passive” and 
simple way to perform a Denial of Service. The attack can 
be done selectively (drop routing packets for a specified 
destination, a packet every n packets, a packet every t 
seconds, or a randomly selected portion of the packets) or 
in bulk (drop all packets), and may have the effect of 
making the destination node unreachable or downgrade 
communication in the network. 

 Wormhole Attacks-The wormhole attack [10] [13] is 
quite severe, and consists in recording traffic from one 
region of the network and replaying it in a different 
region. It is carried out by an intruder node X located 
within transmission range of legitimate nodes A and B, 
where A and B are not themselves within transmission 
range of each other. Intruder node X merely tunnels 
control traffic between A and B (and vice versa), without 
the modification presumed by the routing protocol – e.g. 
without stating its address as the source in the packets 
header – so that X is virtually invisible. This results in an 
extraneous inexistent A - B link which in fact is controlled 
by X. X can afterwards drop tunneled packets or break this 
link at will. Two intruder nodes X and X′, connected by a 
wireless or wired private medium, can also collude to 
create a longer (and more harmful) wormhole.  

 Jellyfish Attacks – In this attack, the attacker obeys all 
the routing protocol specifications but, delays the packet 
forwarding process for a certain period of time, resulting 
in a high end-to-end delay. This attack is difficult to 
detect as packet drop in this case is negligible. 

 Rushing Attacks- An offensive that can be carried out 
against on-demand routing protocols is the rushing attack. 

Typically, on-demand routing protocols state that nodes 
must forward only the first received Route Request from 
each route discovery; all further received route requests 
are ignored. This is done in order to reduce cluttering. The 
attack consists, for the adversary, in quickly forwarding 
its Route Request messages when a route discovery is 
initiated. If the Route Requests that first reach the target’s 
neighbors are those of the attacker, then any discovered 
route includes the attacker. 

 Neighborhood Attacks- An intermediate node records its 
ID in the packet before forwarding it to the next node. In 
this type of attack, an attacker simply forwards the packet 
without recording its ID in the packet. This makes two 
nodes that are not within the communication range of 
each other believe that they are neighbors (i.e., one hop 
away of each other), resulting in a disrupted route.  

III. REVIEW WORK 
Blackhole attack is one of the most active DoS attacks 
possible in MANETs. Research on black hole attacks has 
gained sufficient momentum. Research focuses mainly on 
securing existing routing protocols, developing new secure 
routing protocols, and intrusion detection techniques.  

In [15] and [16] new protocols have been designed. 
Awerbuch et al. [15] developed a secure new on-demand 
routing protocol. It includes link weights which are considered 
during route discovery. The weights are calculated from the 
packet delivery fraction of each link. A link not delivering a 
fraction of packets above a certain threshold is considered 
malicious, and therefore the link weight is increased such that 
the link is chosen with smaller probability in the next route 
discovery phase. The approach detects a black hole as soon as 
the impact occurs, not when the black hole is constructed. In 
[16] a secure routing protocol based on the Dynamic Source 
Routing (DSR) protocol is presented. The authenticity of Route 
Requests is verified using message authentication codes 
(MAC). Furthermore, the authors present three techniques for 
authenticating data in Route Requests and Route Replies, 
where a broadcast authentication protocol for authenticating 
routing messages called TESLA ([17], [18]), digital signatures 
or MACs are used. Additionally, the authors propose per-hop 
hashing to verify that no node present in the node list of the 
Route Request is removed by an attacker. Finally, similar to the 
work done in [15] routes are chosen with regard to their prior 
performance in packet delivery. The work focuses on 
authentication of messages for on-demand protocols. 
Therefore, their approach is not applicable for pure ad hoc 
networks. 

IV. BLACK-HOLE ATTACKING MODEL 
Wireless Ad hoc networks are composed of autonomous nodes 
that are self- managed without any infrastructure. Besides 
acting as a host, each node also acts as a node to discover a 
path and forward packets to the correct node in the network. 
The AODV protocol is vulnerable to the well-known black 
hole attack. An attacker first introduces itself in the forwarding 
group (e.g., by implementing rushing attack), and then instead 

This work is part of a WOS-A DST project (ref. no. SR/WOS-A/ET 
20/2008, Department of Science & Technology, Government of India) 
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of forwarding the data packet to the proper destination, it 
simply drops all of data packets it receive resulting a poor 
packet delivery ratio [10].  
In blackhole attack, the malicious node waits for the neighbors 
to initiate a RREQ packet. As soon as the malicious node 
receives the RREQ packet, it will immediately send a false 
RREP packet with a modified higher sequence number. Thus, 
the source node assumes that the node has a fresh route 
towards the destination. The source node ignores the RREP 
packet received from other nodes and begins to send the data 
packets to the malicious node. A malicious node takes all the 
routes towards itself. It does not allow forwarding any packet 
anywhere. This attack is called a blackhole as it swallows all 
objects and data packets [15]. 

A black hole is a node that always responds positively with 
a RREP message to every RREQ, even though it does not 
really have a valid route to the destination node. When the data 
packets routed by the source node reach the black hole node, it 
drops the packets rather than forwarding them to the 
destination node. The attacker may drop all data packets, or it 
may selectively drops the data packets. Discarding all data 
packets make the entire networks fail while selective dropping 
will degrade the network performance drastically. 

  
Figure 1: Blackhole attacking model 
 
In figure 1, source node S wants to send data packets to a 
destination node D in the network. Node M is a malicious 
node which acts as a blackhole. The attacker replies with false 
reply RREP having higher modified sequence number. So, 
data communication initiates from S towards M instead of D. 

V. ISOR: INTELLIGENT SECURE ON DEMAND ROUTING 
PROTOCOL 

Sources broadcasts RREQ to the network for on-demand route 
discovery. On receiving the RREQ packet the malicious node 
immediately replies back with RREP packet with highest 
value of destination sequence number, ignoring the value in its 
routing table. Simultaneously, the destination node too replies 
with a RREP packet. After receiving the first RREP, the 
source does not choose that path, rather it adds that packet to a 
buffer linked list. The packet is also added to the suspicious 
linked list if its destination sequence number has a very large 
value. This process repeats itself a number of times to study 
the behavior of the suspicious nodes. The variable 

RREQ_COUNT has been used for this purpose. A decent 
simulation outcome has been obtained by setting the value of 
the variable equal to 10. There is a second count variable 
associated with each entry in the suspicious linked list which 
counts the number of times a highly acceptable (with larger 
sequence number) packet is send by a node. If the value of this 
count variable attains a value of RREQ_COUNT, it implies 
that a node is sending a RREP packet with a higher valued 
destination sequence number thus behaving in an ill manner. 
So, all the entries which follow the above pattern in the 
suspicious linked list are added to the black hole linked list. 
The suspicious node linked list gets destroyed once the nodes 
from the list get into the black hole linked list or after a decent 
amount of time. A black_final variable whose value is set to 
50 is used which will destroy blackhole linked list when the 
RREQ packets count reaches to 50.   

As the malicious node sends an RREP message without 
checking the tables, it is assumed that it is more likely for the 
first RREP message to arrive to the source. To nullify the 
attack, additional lists for suspicious nodes and Black Hole 
nodes were created and algorithms were applied to these 
linked lists to find the malicious node. These algorithms are 
explained in the next section.   
 
The implementation requires two linked lists: 
SUSPICIOUS_NODE LINKED LIST and 
BLACKHOLE_NODE LINKED LIST. The discussion of the 
mechanism to counter Black Hole attack begins with the 
description of the two linked lists. 
 
 SUSPICIOUS_NODE LINKED LIST: It is a linked list of 

the nodes which send the first RREP message, designed at 
requesting node. It contains the first RREP sending node’s 
address, their destination sequence number with a count 
of how many times first RREP packets were sent by this 
node.  

 BLACKHOLE_NODE LINKED LIST: It is a linked list 
which is created from the suspicious node linked list at 
the requesting node. It contains the RREP sending nodes 
address only. This list provides 

V.1 ALGORITHM FOR ADDITION OF AN ENTRY INTO SUSPICIOUS 
NODE LINKED LIST 

 //ALGO FOR SUSPICIOUS LINKED LIST // SNLL 
Assuming n1 is the node from where the first RREP has been 
received by the source; 
nsaddr            0;  
dst_seq             0; cnt           0;    // global initialization; 
 
do {   
nsaddr          address of n1; 
dst_seq          destination sequence of RREP received from n1; 
 
If dst_seq  4294967290 then { 
 If ( SNLLnsaddr   nsaddr) then       
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 {Add the information to the suspicious node 
linked list; 
   cnt          1 ;} 
 Else cnt          cnt + 1 ;} 
while (recvReply);    

V.2 ALGORITHM FOR DESTROYING COMPLETE SUSPICIOUS 
NODE LINKED LIST 

 
If (SNLL         start   NULL) then { 
      Calculate the number of nodes in the list; 
       Destroy the lost ;} 
  
Algorithm for addition of a node into Black Hole linked 
list: 
 
// Algorithm for adding a node into Black hole Linked List // 
BHLL 
 
do { 
if (SNLL        nsaddr   BHLL        nsaddr) then { 
      Add the node to BHLL; 
      Check for the next link ;} 
} while SNLL       next  NULL; 

V.3 ALGORITHM FOR FILLER FUNCTION WHICH COPIES  BLACK 
HOLE NODES  FROM SUSPICIOUS NODE LINKED LIST TO BLACK 

HOLE LINKED LIST 
 

(SNLL        nsaddr) if RREQ_COUNT = RREQ_FINAL 
then { 

  Add that node address to the Black Hole linked list. } 
 

After designing the linked lists, a code which is written in the 
“recvReply” function of the AODV protocol tests whether the 
destination address of a packet is for that particular node or 
not.  
Case 1 : If it is for the particular node- 
The black hole node linked list is checked whether it is filled 
or not. If it is not, then that RREP packet is checked for the 
first reply. If it is the first reply then it is added to suspicious 
node linked list and “recvReply” function is exited.  
 
Case 2: If black hole node list is present 
If the black hole linked list contains node addresses, the list is 
checked for that particular node. If that node is present then 
the RREP message was from the black hole node and the 
“recvReply” function exits else that RREP information is 
checked for the first reply and is added to suspicious node 
linked list if true.   

 

VI. RESULTS AND ANALYSIS 
Simulations are done using Network Simulator-2 [8].  

Simulation Parameters 
Radio: 802.11  

Bandwidth: 2 Mbps  
Nominal Range: 250 meters 
Simulation time: 100 seconds 
No. of node: 10 
Mode of Placement: Random  
Area: 800 meter by 800 meter  
Placement of Malicious Node: Center 
Connection between nodes: TCP  
Traffic generation application: CBR (Constant Bit Rate) 
Duration of the scenario: 10 seconds  
Start time of CBR connections: First second of the scenario 
End time of CBR connections: 100 seconds of the scenario 
Packet Size: 1000 byte.  
No. of repetitions: 20 times each for 0 and single malicious 
nodes for AODV.  
 
In presence of the malicious nodes we have used ISOR and 
measured the performance of the network using packet 
delivery ratio as a performance metric.  
 
Figure 2: 
Figure 2 shows that normal AODV protocol is unable to 
function normally in presence of a black hole attack. There is 
no packet delivery in such a situation. The simulation results 
show that the entire network fails in presence of black hole 
attack as no connection is made from source to destination. As 
a result, no data packets were received by the destination node. 
Since there was a compromised node, even if other valid 
routes were available, the path containing malicious node only 
got selected because of high value sequence number of the 
RREP message send by the malicious node. After gaining 
access to the data forwarding path, malicious node dropped the 
entire data packet.   
 
Figure 3: 
Figure 3 shows the working of normal AODV protocol and 
our proposed ISOR protocol in normal conditions. There is no 
attack in this scenario and the graph verifies that both AODV 
and ISOR perform equally well. 
 
Figure 4: 
The main motivation for this research work stems from the 
fact that normal AODV protocol failed to work in a scenario 
which was infected with a black hole attack.  Thus, we 
propose the ISOR protocol. This graph shows that with ISOR, 
the path has been established and data packets were received 
by the destination node. Figure 4 shows that in presence of a 
black hole attack when normal AODV failed. This graph 
proves that in such conditions of black hole attack AODV 
shows 100% data loss while ISOR worked fine. The results 
depicted in figure 4 prove that our proposed routing protocol, 
ISOR would verify 75% to 98% of the route to the destination 
depending on the pause times at the cost of minimum delay in 
the network.  
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Figure 2: Graph showing AODV packet delivery in presence 
of Black Hole Attack 

 
FIGURE 3: Graph showing comparison of AODV and ISOR in 
absence of attack 

 
Figure 4: Graph showing Comparison of AODV in presence 
of Black Hole and ISOR 

 

VII. CONCLUSION AND FUTURE WORK 
In this paper, we have initially developed an attacking model 
for black hole attack. Later we have proposed a solution 
scheme to prevent black hole attack at the time of creation of 

black hole for unicast on-demand routing protocols. The attack 
is arrested at the time of creation of black hole and need not 
wait till it degrades the performance of the network. The 
proposed technique has the potential to prevent other types of 
viz. wormhole attacks as well. In fact, this algorithm can 
thwart all such attacks that need to get access to the packet 
forwarding group to carry out the attack. The biggest 
advantage of this algorithm is that it involves no extra 
overhead to the system. Malicious node would be blacklisted 
and an alternate path would be detected only if the sequence 
number value gets abnormally high due to some malicious 
behavior detected for the same route. We propose to extend 
this work presented in this paper to enable preventive 
measures using cross-layer information. 
In this paper we have analyzed the behavior of the AODV 
protocol in presence of a black hole attack. However, other 
routing protocols could be simulated as well. All routing 
protocols are expected to present different results. Therefore, 
the best routing protocol for minimizing the effects of black 
hole attack may be determined. The algorithm that we have 
proposed makes communicating nodes intelligent.  
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Abstract 
Biometrics is the science of establishing the 

identity of an individual based on their physical, chemical 
and behavioral characteristics of the person. Fingerprints  
are  the  most  widely  used  biometric  feature  for  person  
identification  and verification in the field of biometric 
identification .A finger print is the representation of the 
epidermis of a finger. It consists of a pattern of interleaved 
ridges and valleys.  

Fingerprints are graphical flow-like ridges 
present on human fingers. They are fully formed at about 
seven months of fetus development and finger ridge 
configurations do not change throughout the life of an 
individual except due to accidents such as bruises and 
cuts on the fingertips. This property makes fingerprints a 
very attractive biometric identifier. This  paper  presents  
an  approach  to  classifying  the  fingerprints   into  
different  groups and increase the performance of the 
system.It increases the performance of fingerprint 
matching while matching the input template with stored 
template. 
 

Keywords-Biometrics, Verification, Identification 

Introduction  

A fingerprint is a pattern of ridges and valleys 
located on the tip of each finger. Fingerprints were used 
for personal identification for many centuries and the 
matching accuracy was very high. Patterns have been 
extracted by creating an inked impression of the fingertip 
on paper.  

 
Today, compact sensors provide digital images of 

these patterns. Fingerprint system can be separated into 
two categories Verification and identification. 

 

 
 
Verification system authenticates a person’s 

identity by comparing the captured biometric 
characteristic with its own biometric template(s) pre-
stored in the system  It conducts one-to-one comparison 
to determine whether the identity claimed by the 
individual is true.  

A verification system either rejects or accepts the 
submitted claim of identity Identification system 
recognizes an individual by searching the entire template 
database for a match. It conducts one-to-many 
comparisons to establish the identity of the individual.  

In an identification system, the system establishes 
a subject’s identity without the subject having to claim an 
identity. 

Prehistoric picture writing of a hand with ridge 
patterns was discovered in Nova Scotia. In ancient 
Babylon,fingerprints were used on clay tablets for 
business transactions. In ancient China, thumb prints were 
found on clay seals.In 14th century Persia, various official 
government papers had fingerprints (impressions), and 
one government official, a doctor, observed that no two 
fingerprints were exactly alike. 

In 1686, Marcello Malpighi, a professor of 
anatomy at the University of Bologna, noted in his 
treatise; ridges, spirals and loops in fingerprints. He made 
no mention of their value as a tool for individual 
identification. A layer of skin was named after him; 
"Malpighi" layer, which is approximately 1.8mm thick. 

In 1823, John Evangelist Purkinji, a professor of 
anatomy at the University of Breslau, published his thesis 
discussing  9 fingerprint patterns, but he too made no 
mention of the value of fingerprints for personal 
identification. During the 1870's, Dr. Henry Faulds, the 
British Surgeon-Superintendent of Tsukiji Hospital in 
Tokyo, Japan, took up the study of "skin-furrows" after 
noticing finger marks on specimens of "prehistoric" 
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pottery. A learned and industrious man, Dr. Faulds not 
only recognized the importance of fingerprints as a means 
of identification, but devised a method 
of classification as well. 

In 1880, Faulds forwarded an explanation of his 
classification system and a sample of the forms he had 
designed for recording inked impressions, to Sir Charles 
Darwin. Darwin, in advanced age and ill health, informed 
Dr. Faulds that he could be of no assistance to him, but 
promised to pass the materials on to his cousin, Francis 
Galton. 

Also in 1880, Dr. Faulds published an article in 
the Scientific Journal, "Nautre" (nature). He discussed 
fingerprints as a means of personal identification, and the 
use of printers ink as a method for obtaining such 
fingerprints. He is also credited with the first fingerprint 
identification of a greasy fingerprint left on an alcohol 
bottle. 

In order to implement a fingerprint system, the 
various research methodologies involved in it like 
fingerprint image capture, image preprocessing, feature 
extraction, storage and image matching must be clearly 
defined are shown in figure. 1 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 1.Various steps in a Fingerprint system 
 

A finger print system works in two different 
modes they are Enrollment mode and 
Authentication mode as shown in figure.2. 
Enrollment mode in which fingerprint system is used 
to identify and collect the related information about 
the person and his/her fingerprint image. 
Authentication mode in which fingerprint system is 
used to identify the person who is declared to be 
him/her.  
 
 

Enrollment Mode 

 

 

 
  
Authentication Mode 

 

 

 

 

   Matching Score 
   Fig 2.Enrollment and Authentication  of a fingerprint system 

Fingerprint matching can be performed based 
on Minutiae, Correlation based, Ridge feature based. 
In minutiae based matching it stores minutiae is a set 
of points in a plane and the points are matched in the 
template and the input minutiae. In correlation based 
matching two finger print images and correlation 
between corresponding pixels is computed. Ridge 
feature based is a advanced technology that capture 
the ridges. The most popular technologies used to 
identify fingerprint are Optical, silicon and ultra 
sound. 
 
Previous Work: 
 

The previous  work is based on  the  theory  
of  fingerprint  classification they  stored  only  single  
finger  print  of  person  in  the  database.  This single 
finger print can be index or thumb. Let us see how 
the previous system will work. In the enrollment 
process in  conventional system the database  
contains the  fingerprint templates in  an ordinary  
manner but in that  system the database e  contains  
the  different  set  of  templates  according  to  
classification.  During the enrollment process,  sensor  
sense  the  fingerprint,  then  next  step   is  feature  
extraction . After  this step  they put a  classifier to  
check the classification of input  template  that  
whether it  is left-loop,  right-loop, arch or whorl  as 
shown in the figure 3 

Let us come to the verification process here the 
finger print is placed at sensor and then its features are 
extracted and a final template is generated for matching. 
Now this template will not matched with every templates 
in the database rather it extracts its classified domain out 
of 4-domain and will perform match from this extracted 
domain 
   
 

Image Capture 
 

Image Preprocessing & 
Feature Extraction 

 

Matching 
 

Stored Pattern 
 

Finger print 
Acquisition 

 

Feature 
Extraction 

Template  

Finger Print  
Acquisition 

 

Feature  
Extraction 

 

  
Matching 
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              Left Loop      Right-Loop 
 
 
 
 
 
 
 
 
          Arch                                       Whorl   
 
Fig3.Classification of Finger prints in existing system 
 

Fingerprint  classifiers  classify  the  input  
fingerprint  into  four  major  categories  namely  
Left-Loop,  Right-Loop, Whorl and Arch.  They 
proposed classifiers works on the basis of singular 
point  (Delta) extracted. If there are two deltas then it 
will be counted as whorl or twin loop. If there is no 
delta then it will be counted as arch. If only one delta 
is there then it will be consider as either left loop or 
right loop.   
 
Problems in the Existing system: 
 

The existing system can identify the finger 
prints according to their four categories namely Left-
Loop, Right-Loop, Whorl and Arch.  

If the people having different types of finger 
prints other than this four categories. It is very 
difficult for the system to identify the finger prints 
like mixed category, pocked loop, double loop. The 
time taken for identifies the finger prints is also more 
in the existing system. It decreases the performance 
of the system. 
 
Proposed Work: 

 
Proposed  work   is  based  on  the  classification   of  

fingerprints. In our proposed system  during  the  
enrollment process fingerprint is captured with a 
sensor, then  next  step  is  feature  extraction . we 
further classify the finger prints as arch,tentarch,loop, 
doubleLoop, pocked Loop, whorl ,mixed, left-loop,  
right-loop as shown in figure below 

 
After  this step  we  put a  classifier to  check 

the classification of input  template  that  whether it is 
arch,tentarch, loop,  doubleLoop, pocked Loop, whorl 
,mixed, left-loop,  right-loop  

 
 
Fig4.Classification of Finger prints in proposed  
                                   system 
   Enrollment Mode 
 

 
   Authentication Mode 
 

 

 

    
 
 
 
 
 
                       
         Matching Score 

     Fig5.Proposed  Fingerprint identification system 
 

After classification the input template is stored in 
particular area.  A area in the database contains the 
templates of same classification. Normally fingerprints  
are  classified  as  Whorl(27%), arch (4%) loops(65%)and 
mixed (4%)  we  further  divide  this  domain  into  
four  parts  i.e. left  loop (26%) right loop  (25%) 
pocked loop (9%)and double loop (5%), apx   
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Finger print 
Classifier  

Finger Print  
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Fingerprint Classifier: 
 

The proposed classifiers works on the basis 
of core and Delta extracted. If there is  two deltas 
then it will be counted as whorl or twin loop. If there 
is  no delta then it will be counted at arch. If only one 
delta is there then it will be either left loop or right 
loop. If there is only one delta and one core then it 
will be pocked loop. If there is two deltas and one 
core then it will be double loop. If there is two deltas 
and two cores then it will be mixed as shown in the 
figure.6 

 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 

 

 
 
 
 
 
 
 
 
 
 
     Fig 6. Position and number of Core and Delta in    
                         different Finger prints 
 
 
 

Performance of Existing System  
 

For Best case i.e. the template is First match, 
Time required = 1 X 1 = 1 ms they calculate for 
worst case  They assumed 1, 50000 templates , 
According to c lassific ation there will be 45000 
whorls (30%) + 48000 Left Loop (32%) + 49500 
Right Loop (33%) + 7500 Arch (5%)  

 
 

At  First stage they get the template 
classification and   accordingly  particular domain 
will be  extracted. Now they calculate the time taken 
for each classification  
For Whorl = 1ms X 45000 = 45 sec.  
For LL    = 1ms X 48000 = 48 sec.  
For RL    = 1ms X 49500= 49.5 sec  
For Arch  = 1msX 7500= 7.5 sec.  
 
Average time = 150/4= 37.4 sec.  
For an Average case, Time required= apx 20-24 sec.  

  
Proposed System Fingerprint classification: 
 

Let us assume that we classify  fingerprints  
as  Whorl,    loop,mixed.  Loops  make  up nearly  
65%  of  all  fingerprints,  whorls  are  nearly  27%, 
arches are nearly  4%and mixed are nearly 4% Since  
the  loops  are  65%,  we  further  divide  this  domain  
into  four  parts  i.e. left  loop 26%  right loop  25% 
pocked loop 9%and double loop 5%, apx  . 
 
Performance of Proposed System  
 

For Best case i.e. the template in First match, 
Time required = 1 X 1 = 1 msNow let us calculate for 
worst case We have assumed 1, 50000 templates , 
According to classific ation there will be 
40500whorls (27%) + 39000 Left Loop (26%) + 
37500 Right Loop (25%) + 13500 Pocked Loop (9%) 
+7500 Double Loop(5%)+6000 Arch(4%)+6000 
Mixed(4%).At  First stage we get the template 
classification and accordingly  particular domain will 
be  extracted. Now we calculate the time taken  for 
each classification  
  For Whorl = 1ms X 40500 = 40..5 sec.  
  For LL    = 1ms X 39000 = 39 sec.  
  For RL    = 1ms X 37500= 37.5 sec  
  For PL     = 1ms X 13500= 13.5 sec 
  For DL    = 1ms X 7500= 7.5 sec 
  For Mixed = 1ms X 6000= 6 sec 
  For Arch = 1msX 6000= 6 sec.  
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Average time = 150/7= 21.42sec.  
For an Average case, Time required= apx 12-18 sec.  
  
Performance Factor  
 
PF=Time taken in worst case of existing system                                     
37.4sec   
 
PF=Time take in worst case of proposed system 
21.42 Sec    

  
i.e. the new approach is better than the existing one.  
 
Coclusion: 

This  paper  presents  an  approach  to  
classifying  the  fingerprints   into  different  groups 
and increase the performance of the system. It 
increases the performance of fingerprint matching 
while matching the input template with stored 
template.The paper presents an overview of the 
different steps involved in the enrollment and 
authentication modes. We have proposed  seven  
major  classifications  of  fingerprints like  arch,  
doubleLoop, pocked Loop, whorl ,mixed, left-loop,  
right-loop .Its a new approach for classification of 
fingerprints and matching in the database. This  
paper  presents  an  approach  to  speed  up  the  
matching  process  by classifying  the  fingerprint  
into  different  groups  at  the  time  of  enrollment,  
and authentication modes. This proposed system is 
better than the previous one. 
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ABSTRACT — Clustering is a process of discovering 

groups of objects such that the objects of the same 

group are similar, and objects belonging to different 

groups are dissimilar. A number of clustering 

algorithms exist that can solve the problem of 

clustering, but most of them are very sensitive to 

their input parameters.  Therefore it is very 

important to evaluate the result of them. The 

minimum spanning tree clustering algorithm is 

capable of detecting clusters with irregular 

boundaries. In this paper we propose a constraint- 

free minimum spanning tree based clustering 

algorithm. The algorithm constructs hierarchy from 

top to bottom. At each hierarchical level, it 

optimizes the number of cluster, from which the 

proper hierarchical structure of underlying dataset 

can be found. The algorithm uses a new cluster 

validation criterion based on the geometric property 

of data partition of the data set in order to find the 

proper number of clusters at each level. The 

algorithm works in two phases. The first phase of 

the algorithm create clusters with guaranteed intra-

cluster similarity, where as the second phase of the 

algorithm create dendrogram using the clusters as 

objects with guaranteed inter-cluster similarity. The 

first phase of the algorithm uses divisive approach, 

where as the second phase uses agglomerative 

approach.  In this paper we used both the 

approaches in the algorithm to find Optimal Meta 

similarity clusters.  

 

 

 

Keywords: Euclidean minimum spanning tree, 

Subtree, Clustering, Eccentricity, Center, Hierarchical 

clustering, Dendrogram, Cluster validity, Cluster 

Separation  

 

I. INTRODUCTION  

The problem of determining the correct number of 

clusters in a data set is perhaps the most difficult 

and ambiguous part of cluster analysis. The ―true‖ 

number of clusters depends on the ―level‖ on is 

viewing the data. Another problem is due to the 

methods that may yield the ―correct‖ number of 

clusters for a ―bad‖ classification [10]. 

Furthermore, it has been emphasized that 

mechanical methods for determining the optimal 

number of clusters should not ignore that the fact 

that the overall clustering process has an 

unsupervised nature and its fundamental objective 

is to uncover the unknown structure of a data set, 

not to impose one. For these reasons, one should 

be well aware about the explicit and implicit 

assumptions underlying the actual clustering 

procedure before the number of clusters can be 

reliably estimated or, otherwise the initial 

objective of the process may be lost. As a solution 

for this, Hardy [10] recommends that the 

determination of optimal number of clusters 

should be made by using several different 

clustering methods that together produce more 

information about the data. By forcing a structure 

to a data set, the important and surprising facts 

about the data will likely remain uncovered.    

 

In some applications the number of clusters is not 

a problem, because it is predetermined by the 

context [11]. Then the goal is to obtain a 

mechanical partition for a particular data using a 

fixed number of clusters. Such a process is not 

intended for inspecting new and unexpected facts 
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arising from the data. Hence, splitting up a 

homogeneous data set in a ―fair‖ way is much 

more straightforward problem when compared to 

the analysis of hidden structures from 

heterogeneous data set. The clustering algorithms 

[15, 21] partitioning the data set in to k clusters 

without knowing the homogeneity of groups. 

Hence the principal goal of these clustering 

problems is not to uncover novel or interesting 

facts about data. 

 

Numerical methods can usually provide only 

guidance about the true number of clusters and the 

final decision is often an ad hoc decision that is 

based on prior assumptions and domain 

knowledge. Therefore, the choice between the 

different numbers of clusters is often made by 

comparing several alternatives, and the final 

decision is a subjective problem that can be 

solved in practice only by humans. Nevertheless, 

a number of methods for objective assessment of 

cluster validity have been developed and 

proposed. Because the recognition of cluster 

structures is difficult especially in high-

dimensional spaces, various visualization 

technique can also be of valuable help to the 

cluster analyst. 

 

Given a connected, undirected graph G = ( V, E ) , 

where V is the set of nodes, E is the set of edges 

between pairs of nodes, and a weight w (u , v) 

specifying weight of the edge (u, v) for each edge 

(u, v)  E. A spanning tree is an acyclic subgraph 

of a graph G, which contains all vertices from G. 

The Minimum Spanning Tree (MST) of a 

weighted graph is minimum weight spanning tree 

of that graph. Several well established MST 

algorithms exist to solve minimum spanning tree 

problem [24, 19, 20]. The cost of constructing a 

minimum spanning tree is O (m log n), where m is 

the number of edges in the graph and n is the 

number of vertices. More efficient algorithm for 

constructing MSTs have also been extensively 

researched [18, 5, 13]. These algorithms promise 

close to linear time complexity under different 

assumptions. A Euclidean minimum spanning tree 

(EMST) is a spanning tree of a set of n points in a 

metric space (E
n
), where the length of an edge is 

the Euclidean distance between a pair of points in 

the point set. 

 

The hierarchical clustering approaches are related 

to graph theoretic clustering. Clustering 

algorithms using minimal spanning tree takes the 

advantage of MST. The MST ignores many 

possible connections between the data patterns, so 

the cost of clustering can be decreased. The MST 

based clustering algorithm is known to be capable 

of detecting clusters with various shapes and size 

[34]. Unlike traditional clustering algorithms, the 

MST clustering algorithm does not assume a 

spherical shapes structure of the underlying data. 

The EMST clustering algorithm [23,34] uses the 

Euclidean minimum spanning tree of a graph to 

produce the structure of point clusters in the n-

dimensional Euclidean space. Clusters are 

detected to achieve some measures of optimality, 

such as minimum intra-cluster distance or 

maximum inter-cluster distance [2]. The EMST 

algorithm has been widely used in practice.  

 

Clustering by minimal spanning tree can be 

viewed as a hierarchical clustering algorithm 

which follows a divisive approach. Using this 

method firstly MST is constructed for a given 

input. There are different methods to produce 

group of clusters.  If the number of clusters k is 

given in advance, the simplest way to obtain k 

clusters is to sort the edges of minimum spanning 

tree in descending order of their weights and 

remove edges with first k-1 heaviest weights [2, 

33].  

 

All existing clustering Algorithm require a 

number of parameters as their inputs and these 

parameters can significantly affect the cluster 

quality. Our algorithm does not require a 

predefined cluster number. In this paper we want 

to avoid experimental methods and advocate the 

idea of need-specific as opposed to care-specific 

because users always know the needs of their 

applications. We believe it is a good idea to allow 

users to define their desired similarity within a 

cluster and allow them to have some flexibility to 

adjust the similarity if the adjustment is needed. 

Our Algorithm produces clusters of n-dimensional 

points with a naturally approximate intra-cluster 

distance. 

 

Geometric notion of centrality are closely linked 

to facility location problem. The distance matrix 

D can computed rather efficiently using Dijkstra’s 

algorithm with time complexity O (| V| 
2
 ln | V |) 

[29]. 

The eccentricity of a vertex x in G and radius 

ρ (G), respectively are defined as  

 

e(x) = max d(x , y)   and    ρ(G)  = min e(x) 

                     y V                            x V 
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The center of G is the set  

           C (G) = {x V | e(x) = ρ (G)} 

 

C (G) is the center to the ―emergency facility 

location problem‖ which is always contain 

single block of G. The length of the longest 

path in the graph is called diameter of the 

graph G. we can define diameter D (G) as 

                     D (G) = max e(x) 

                                    x V  

The diameter set of G is 

           Dia (G) = {x V | e(x) = D (G)} 

 

An important objective of hierarchical cluster 

analysis is to provide picture of data that can 

easily be interpreted. A picture of a hierarchical 

clustering is much easier for a human being to 

comprehend than is a list of abstract symbols. A 

dendrogram is a special type of tree structure that 

provides a convenient way to represent 

hierarchical clustering. A dendrogram consists of 

layers of nodes, each representing a cluster.  

 

Hierarchical clustering is a sequence of partitions 

in which each partition is nested into the next in 

sequence. An Agglomerative algorithm for 

hierarchical clustering starts with disjoint 

clustering, which places each of the n objects in 

an individual cluster [1]. The hierarchical 

clustering algorithm being employed dictates how 

the proximity matrix or proximity graph should be 

interpreted to merge two or more of these trivial 

clusters, thus nesting the trivial clusters into 

second partition. The process is repeated to form a 

sequence of nested clustering in which the number 

of clusters decreases as a sequence progress until 

single cluster containing all n objects, called the 

conjoint clustering, remains[1].  

 

Nearly all hierarchical clustering techniques that 

include the tree structure have two short comings: 

(1) they do not properly represent hierarchical 

relationship and (2) once the data are assigned 

improperly to a given cluster it cannot later 

reevaluate and placed in another cluster. 

 

In this paper, we propose a new clustering 

algorithm: the Dynamically Growing Minimum 

Spanning Tree (DGMST), which can overcome 

these shortcomings. The algorithm optimizes the 

number of clusters at each hierarchical level with 

the cluster validation criteria during the minimum 

spanning tree construction process. Then the 

hierarchy constructed by the algorithm can 

properly represent the hierarchical structure of the 

underlying dataset, which improves the accuracy  

 of the final clustering result. 

 

Our DGMST clustering algorithm addresses the 

issues of undesired clustering structure and 

unnecessary large number of clusters. Our 

algorithm does not require a predefined cluster 

number. The algorithm constructs an EMST of a 

point set and removes the inconsistent edges that 

satisfy the inconsistence measure. The process is 

repeated to create a hierarchy of clusters until 

optimal numbers of clusters (regions) are 

obtained. Hence the title! In section 2 we review 

some of the existing works on cluster validity and 

graph based clustering algorithms. In Section 3 

we propose DGMST algorithm which produces 

optimal number of clusters with dendrogram for 

cluster of clusters. Hence we named this new 

cluster as Optimal Meta similarity clusters. 

Finally in conclusion we summarize the strength 

of our methods and possible improvements.   

 

II. RELATED WORK. 

 

Determining the true number of clusters, also 

known as the cluster validation problem, is a 

fundamental problem in cluster analysis. Many 

approaches to this problem have been proposed 

[25, 32, 10]. Two kinds of indexes have been used 

to validate the clustering [6, 7]: one based on 

relative criteria and other based on external and 

internal criteria. The first approach is to choose 

the best result from set of clustering result 

according to a prespecified criterion. Although the 

computational cost of the approach is light, 

human intervention is required to find the best 

number of clusters. The DGMST algorithm tries 

to find the proper number of clusters 

automatically which makes the first approach 

unsuitable for clustering validation in the 

DGMST algorithm.    

 

The second approach is based on statistical tests 

and involves computations of both inter-cluster 

and intra-cluster quality to determine the proper 

best number of clusters. The evaluation of the 

criteria can be completed automatically. However 

the computational cost of this type of cluster 

validation is very high. The second type of this 

kind of approach is also not suitable for DGMST 

algorithm when it is used to cluster a large 

dataset. A successful and practical cluster 

validation criteria used in the DGMST algorithm 
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for large dataset must have modest computational 

cost and can be easily evaluated automatically.  

 

Clustering by minimal spanning tree can be 

viewed as a hierarchical clustering algorithm 

which follows the divisive approach. Clustering 

Algorithm based on minimum and maximum 

spanning tree were extensively studied. Avis [3] 

found an O (n
2 

log
2 

n) algorithm for the min-max 

diameter-2 clustering problem. Asano, 

Bhattacharya, Keil and Yao [2] later gave   

optimal O (n log n) algorithm using maximum 

spanning trees for minimizing the maximum 

diameter of a bipartition. The problem becomes 

NP-complete when the number of partitions is 

beyond two [17]. Asano, Bhattacharya, Keil and 

Yao also considered the clustering problem in 

which the goal to maximize the minimum inter-

cluster distance. They gave a k-partition of point 

set removing the k-1 longest edges from the 

minimum spanning tree constructed from that 

point set [2]. The identification of inconsistent 

edges causes problem in the MST clustering 

algorithm. There exist numerous ways to divide 

clusters successively, but there is not suitable a 

suitable choice for all cases.   

 

Zahn [34] proposes to construct MST of point set 

and delete inconsistent edges – the edges, whose 

weights are significantly larger than the average 

weight of the nearby edges in the tree. Zahn’s 

inconsistent measure is defined as follows. Let e 

denote an edge in the MST of the point set, v1 and 

v2 be the end nodes of e, w be the weight of e. A 

depth neighborhood N of an end node v of an 

edge e defined as a set of all edges that belong to 

all the path of length d originating from v, 

excluding the path that include the edge e. Let N1 

and N2 be the depth d neighborhood of the node v1 

and v2. Let ŴN1 be the average weight of edges in 

N1 and σN1 be its standard deviation. Similarly, let 

ŴN2 be the average weight of edges in N2 and σN2 

be its standard deviation. The inconsistency 

measure requires one of the three conditions hold: 

 

1. w > ŴN1 + c x σN1 or  w > ŴN2 + c x σN2 

   

2. w > max(ŴN1 + c x σN1 , ŴN2 + c x σN2) 

       

3.     w    > f 

        max (c x σN1 , c x σN2)  

 

where c and f are preset constants. All the edges 

of a tree that satisfy the inconsistency measure are 

considered inconsistent and are removed from the 

tree. This result in set of disjoint subtrees each 

represents a separate cluster. Paivinen [22] 

proposed a Scale Free Minimum Spanning Tree 

(SFMST) clustering algorithm which constructs 

scale free networks and outputs clusters 

containing highly connected vertices and those 

connected to them.  

 

The MST clustering algorithm has been widely 

used in practice. Xu (Ying), Olman and Xu 

(Dong) [33] use MST as multidimensional gene 

expression data. They point out that MST- based 

clustering algorithm does not assume that data 

points are grouped around centers or separated by 

regular geometric curve. Thus the shape of the 

cluster boundary has little impact on the 

performance of the algorithm. They described 

three objective functions and the corresponding 

cluster algorithm for computing k-partition of 

spanning tree for predefined k > 0. The algorithm 

simply removes k-1 longest edges so that the 

weight of the subtrees is minimized. The second 

objective function is defined to minimize the total 

distance between the center and each data point in 

the cluster. The algorithm removes first k-1 edges 

from the tree, which creates a k-partitions.  

 

The clustering algorithm proposed by 

S.C.Johnson [16] uses proximity matrix as input 

data. The algorithm is an agglomerative scheme 

that erases rows and columns in the proximity 

matrix as old clusters are merged into new ones. 

The algorithm is simplified by assuming no ties in 

the proximity matrix.  Graph based algorithm was 

proposed by Hubert [12] using single link and 

complete link methods. He used threshold graph 

for formation of hierarchical clustering. An 

algorithm for single-link hierarchical clustering 

begins with the minimum spanning tree (MST) for 

G (∞), which is a proximity graph containing n(n-

1)/2 edge was proposed by Gower and Ross [14]. 

Later Hansen and DeLattre [9] proposed another 

hierarchical algorithm from graph coloring.   

 

Many different methods for determining the 

number of clusters have been developed. 

Hierarchical clustering methods provide direct 

information about the number of clusters by 

clustering objects on a number of different 

hierarchical levels, which are then presented by a 

graphical tree structure known as dendrogram. 

One may apply some external criteria to validate 

the solutions on different levels or use the 

dendrogram visualization for determining the best 

cluster structure.  
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The procedure of evaluating the results of a 

clustering algorithm is known under the term 

cluster validity. In general terms, there are three 

approaches to investigate cluster validity [31]. 

The first is based on external criteria. This 

implies that we evaluate the results of a clustering 

algorithm based on a pre-specified structure, 

which is imposed on a data set and reflects our 

intuition about the clustering structure of the data 

set. The second structure is based on internal 

criteria. In this case the clustering results are 

evaluated in terms of quantities that involve the 

vectors of the data set themselves (e.g. proximity 

matrix).  The third approach of clustering validity 

is based on relative criteria. Here the basic idea is 

the evaluation of a clustering structure by 

comparing it to other clustering schemes, resulting 

by the same algorithm but with different input 

parameter values.    

 

The selection of the correct number of clusters is 

actually a kind of validation problem. A large 

number of clusters provides a more complex 

―model‖ where as a small number may 

approximate data too much. Hence, several 

methods and indices have been developed for the 

problem of cluster validation and selection of the 

number of clusters [27, 8, 26, 28, 30]. Many of 

them based on the within and between-group 

distance.  

 

III. OUR CLUSTERING ALGORITHM 

 

A tree is a simple structure for representing binary 

relationship, and any connected components of 

tree is called subtree. Through this MST 

representation, we can convert a multi-

dimensional clustering problem to a tree 

partitioning problem, ie finding particular set of 

tree edges and then cutting them. Representing a 

set of multi-dimensional data points as simple tree 

structure will clearly lose some of the inter data 

relationship. However many clustering algorithm 

proved that no essential information is lost for the 

purpose of clustering.  This is achieved through 

rigorous proof that each cluster corresponds to 

one subtree, which does not overlap the 

representing subtree of any other cluster. 

Clustering problem is equivalent to a problem of 

identifying these subtrees through solving a tree 

partitioning problem. The inherent cluster 

structure of a point set in a metric space is closely 

related to how objects or concepts are embedded 

in the point set. In practice, the approximate 

number of embedded objects can sometimes be 

acquired with the help of domain experts. Other 

times this information is hidden and unavailable 

to the clustering algorithm. In this section we 

present clustering algorithm which produce 

optimal number of clusters. 

 

A. DGMST Clustering Algorithm: 

                                

Given a point set S in E
n
, the hierarchical method 

starts by constructing a Minimum Spanning Tree 

(MST) from the points in S. The weight of the 

edge in the tree is Euclidean distance between the 

two end points. So we named this MST as 

EMST1.  Next the average weight Ŵ of the edges 

in the entire EMST1 and its standard deviation σ 

are computed; any edge with W > Ŵ + σ or 

current longest edge is removed from the tree. 

This leads to a set of disjoint subtrees ST = {T1, T2 

…} (divisive approach). Each of these subtrees Ti 

is treated as cluster. Oleksandr Grygorash et al 

proposed minimum spanning tree based clustering 

algorithm [21] which generates k clusters. Our 

previous algorithm [15] generates k clusters with 

centers, which used to produce Meta similarity 

clusters. Both of the minimum spanning tree 

based algorithms assumed the desired number of 

clusters in advance. In practice, determining the 

number of clusters is often coupled with 

discovering cluster structure. Hence we propose a 

new algorithm named, Dynamically Growing 

Minimum Spanning Tree algorithm (DGMST), 

which does not require a predefined cluster 

number. The algorithm works in two phases. The 

first phase of the algorithm partitioned the 

EMST1 into sub trees (clusters/regions). The 

centers of clusters or regions are identified using 

eccentricity of points. These points are a 

representative point for the each subtree ST. A 

point ci is assigned to a cluster i if ci   Ti.  The 

group of center points is represented as C = {c1, 

c2……ck}. These center points c1, c2 ….ck are 

connected and again minimum spanning tree 

EMST2 is constructed is shown in the Figure 4. A 

Euclidean distance between pair of clusters can be 

represented by a corresponding weighted edge. 

Our Algorithm is also based on the minimum 

spanning tree but not limited to two-dimensional 

points. There were two kinds of clustering 

problem; one that minimizes the maximum intra-

cluster distance and the other maximizes the 

minimum inter-cluster distances. Our Algorithm 

produces clusters with both intra-cluster and inter-

cluster similarity. The Second phase of the 

algorithm converts the minimum spanning tree 

EMST2 into dendrogram, which can be used to 
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interpret about inter-cluster distances. This new 

algorithm is neither single link clustering 

algorithm (SLCA) nor complete link clustering 

algorithm (CLCA) type of hierarchical clustering, 

but it is based on the distance between centers of 

clusters. This approach leads to new 

developments in hierarchical clustering.    The 

level function, L, records the proximity at which 

each clustering is formed. The levels in the 

dendrogram tell us the least amount of similarity 

that points between clusters differ. This piece of 

information can be very useful in several medical 

and image processing applications.  

 

Here, we use a cluster validation criterion based 

on the geometric characteristics of the clusters, in 

which only the inter-cluster metric is used. The 

DGMST algorithm is a nearest centroid-based 

clustering algorithm, which creates region or 

subtrees (clusters/regions) of the data space. The 

algorithm partitions a set S of data of data D in 

data space in to n regions (clusters). Each region 

is represented by a centroid reference vector. If 

we let p be the centroid representing a region 

(cluster), all data within the region (cluster) are 

closer to the centroid p of the region than to any 

other centroid q: 

 

    R (p) = {x  D  dist(x, p)  dist(x, q) q}  

 

Thus, the problem of finding the proper number of 

clusters of a dataset can be transformed into 

problem of finding the proper region (clusters) of 

the dataset. Here, we use the MST as a criterion 

to test the inter-cluster property. Based on this 

observation, we use a cluster validation criterion, 

called Cluster Separation (CS) in DGMST 

algorithm [4]. 

 

Cluster separation (CS) is defined as the ratio 

between minimum and maximum edge of MST. ie 

 

                CS = Emin  / Emax , 

 

where Emax is the maximum length edge of MST, 

which represents two centroids that are at 

maximum separation, and Emin is the minimum 

length edge in the MST, which represents two 

centroids that are nearest to each other. Then, the 

CS represents the relative separation of centroids. 

The value of CS ranges from 0 to 1. A low value 

of CS means that the two centroids are too close 

to each other and the corresponding partition is 

not valid. A high CS value means the partitions of 

the data is even and valid. In practice, we 

predefine a threshold to test the CS.  If the CS is 

greater than the threshold, the partition of the 

dataset is valid. Then again partitions the data set 

by creating subtree (cluster/region). This process 

continues until the CS is smaller than the 

threshold. At that point, the proper number of 

clusters will be the number of cluster minus one. 

The CS criterion finds the proper binary 

relationship among clusters in the data space. The 

value setting of the threshold for the CS will be 

practical and is dependent on the dataset. The 

higher the value of the threshold the smaller the 

number of clusters would be. Generally, the value 

of the threshold will be > 0.8[4]. Figure 3 shows 

the CS value versus the number of clusters in 

hierarchical clustering. The CS value < 0.8 when 

the number of clusters is 5. Thus, the proper 

number of clusters for the data set is 4.  Further 

more, the computational cost of CS is much 

lighter because the number of subclusters is small. 

This makes the CS criterion practical for the 

DGMST  algorithm when it is used for clustering 

large dataset.     

     

Algorithm: DGMST ( ) 

  Input     : S the point set 

 Output   : dendrogram with optimal number of   

                 clusters                      
Let e1 be an edge in the EMST1 constructed from S 

Let e2 be an edge in the EMST2 constructed from C 
Let We be the weight of e1 

Let σ be the standard deviation of the edge   

weights in EMST1 

Let ST be the set of disjoint subtrees of  EMST1 

Let nc be the number of clusters  

 

 1.  Construct an EMST1 from S  

 2.  Compute the average weight of Ŵ of all the  

      Edges from EMST1 

 3.  Compute standard deviation σ of the edges 

       from EMST1 

 4.  ST = ø; nc = 1; C = ø;  

 5.  Repeat 

 6.    For each e1  EMST1 

 7.      If (We > Ŵ + σ) or (current longest edge e1) 

 8.          Remove e1 from EMST1  

 9.          ST = ST U { T’ } // T’’ is new disjoint    

              Subtree (regions) 

10.         nc = nc+1  

11.         Compute the center Ci of Ti using  

              eccentricity of points  

12.         C = UTi   ST {Ci}  

13.         Construct an EMST2 T from C 

14.         Emin = get-min-edge (T)  

15.         Emax = get-max-edge (T)  
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16.         CS = Emin / Emax  

17.  Until CS < 0.8     

18. Begin with disjoint clusters with level L (0) =   

       0 and sequence number m = 0 

 19. While (T has some edge) 

 20.     e2 = get-min-edge(T) // for least  

           dissimilar pair of clusters 

 21.     (i, j) = get-vertices (e2)  

 22.     Increment the sequence number m = m + 1,  

           merge the clusters (i) and (j), into single   

           cluster to form next clustering m and  set     

           the  level of this cluster to L(m) =  e2; 

 23.     Update T by forming new vertex by 

           combining the vertices i, j;  

24. Return dendrogram with optimal number of 

                   clusters   

                   

Figure 1 shows a typical example of EMST1 

constructed from point set S, in which 

inconsistent edges are removed to create subtree 

(clusters/regions).  Our algorithm finds the center 

of the each cluster, which will be useful in many 

applications. Our algorithm will find optimal 

number of clusters or cluster structures. Figure 2 

shows the possible distribution of the points in the 

two cluster structures with their center vertex as 5 

and 3.  
      

 

Figure 1: Clusters connected through points -EMST1 

 

 

                                                                                                       

 

 

 

 

 

 

                                                 
 

 

 

 

 

 

 

 

 

Figure 2: Two Clusters/regions with Center points 5 

and 3 

 
 

Figure 3: Number of Clusters vs. Cluster Separation 

 

Our DGMST algorithm works in two phases. The 

outcome of the first phase (lines 1-17) of the 

algorithm consists of optimal number clusters 

with their center. It first constructs EMST1 form 

set of point S (line 1). Average weight of edges 

and standard deviation are computed (lines 2-3). 

Inconsistent edges are identified and removed 

from EMST1 to generate subtree T’ (lines 7-9). 

The center for each subtree (cluster/region) is 

computed at line 11. Using the cluster/region 

center point again another minimum spanning tree 

EMST2 is constructed   (line 13). Using the new 

evaluation criteria, optimal number of 

clusters/regions is identified (lines 14-16). Lines 

6-16 in the algorithm are repeated until optimal 

number of clusters are obtained. We use the graph 

of Figure 4 as example to illustrate the second 

phase (lines 18-24) of the algorithm.  

 

The second phase of the DGMST algorithm 

construct minimum spanning tree T from the point 

set C = {c1, c2, c3….ck} and convert the T into 

dendrogram is shown in figure 5. It places the 

entire disjoint cluster at level 0 (line 18). It then 

checks to see if T still contains some edge (line 

19). If so, it finds minimum edge e2 (line 20). It 

then finds the vertices i, j of an edge e2 (line 21). 

It then merges the vertices (clusters) and forms a 

new vertex (agglomerative approach). At the 

same time the sequence number is increased by 

one and the level of the new cluster is set to the 

edge weight (line 22). Finally, the Updation of 

minimum spanning tree is performed at line 23. 

The lines 20-23 in the algorithm are repeated until 

the minimum spanning tree T has no edge. The 

dendrogram with optimal number of cluster as 

objects is generated. The objects within the 

clusters are compact. The clusters are well 

separated, shown in Figure 4.  
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Figure 4. EMST2 From 4 region/cluster center points 

    

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5.  Dendrogram for Optimal Meta cluster 

 

IV. CONCLUSION 

 

Our DGMST clustering algorithm does not 

assumes any predefined cluster number. The 

algorithm gradually finds clusters with center for 

each cluster. These clusters ensure guaranteed 

intra-cluster similarity. Our algorithm does not 

require the users to select and try various 

parameters combinations in order to get the 

desired output. Our DGMST clustering algorithm 

uses a new cluster validation criterion based on 

the geometric property of partitioned 

regions/clusters to produce optimal number of 

―true‖ clusters with center for each of them.   Our 

algorithm also generates dendrogram which is 

used to find the relationship between the optimal 

number clusters. The inter-cluster distances 

between clusters/regions are shown in the 

Dendrogram. This will be very useful in many 

applications. All of these look nice from 

theoretical point of view. However from practical 

point of view, there is still some room for 

improvement for running time of the clustering 

algorithm. This could perhaps be accomplished by 

using some appropriate data structure. In the 

future we will explore and test our proposed 

clustering algorithm in various domains. The 

DGMST algorithm uses both divisive and 

agglomerative approach to find Optimal Meta 

similarity clusters. We will further study the rich 

properties of EMST-based clustering methods in 

solving different clustering problems.  
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Abstract—In this paper we examine the performance of two 

types of Overlay networks i.e. Peer-to-Peer (P2P) & Content 

Delivery Network (CDN) media streaming using Multiple 

Description Coding (MDC). In both the approaches many servers 

simultaneously serve one requesting client with complementary 

descriptions. This approach improves reliability and decreases 

the data rate a server has to provide. We have implemented both 

approaches in the ns-2 network simulator. The experimental 

results indicate that the performance of Multiple Description 

Coding-based media streaming in case of P2P network is better 

than CDN. 

Keywords- MDC; CDN; Video Streaming; P2P; Overlay 

Network 

I.  INTRODUCTION  

   Media streaming received lot of attention in the past few 
years. As a consequence, live and on-demand media streaming 
is today widely used to stream TV & radio channels, TV 
shows, or arbitrary audio & video media. During this time 
several approaches have been devised to tackle the media-
streaming problem. The first one is to use a client-server 
model, where a single server is the media provider and 
multiple clients are the media consumers. The second one is to 
use a peer-to-peer approach where the clients help the server 
in delivering the media content by having the roles of 
consumers and providers at the same time.  

Both schemes have their advantages and 

disadvantages. The client-server approach has the advantage 

that the client receives the content directly from the server 

with the minimum delay but at the cost of overwhelming the 

server in particular situations (for instance at high rate hours: 

e.g. football / basketball games etc). As a result, the server’s 

bandwidth can quickly become a bottleneck in the system due 

to the large number of client requests. On the other hand, in 

the peer-to-peer approach algorithms are devised to multicast 

the content between clients. In this case the clients have an 

active role in distributing the media content to other clients 

and thus remove the pressure from the server node. In this 

way, scaling the system functionality to a large number of 

consumers becomes a reality. However, this solution has its 

drawbacks too. Specifically, these algorithms have to tackle a 

high dynamic system, where clients can come and leave 

suddenly without any prior knowledge or guarantees. 
Today’s video streaming systems are mostly based on the 

client server model of Content Delivery Networks (CDN) 
which leads to several problems. The most important ones are: 

1. Flash Crowd: Large numbers of streaming servers are not 
able to feed more than a few hundred streaming sessions 
simultaneously [2]. 

2. Bandwidth cost:  It can be a significant problem to the                                     
content provider. In contrast, these costs are shared by 
every participant in the P2P streaming network. 

3. Single Point of failure: Like any client-server model, the 
server is the single point of failure. 

    P2P networks offer characteristics and possibilities which 

cannot be provided by CDNs as proposed in [10]. As we show 

in this work, the performance of media streaming can he better 

in a P2P network, although the probability that one stream 

breaks is higher [13] [4]. The reason for this is that the 

replication rate of the video streams in a P2P network is 

typically significantly higher than in a CDN, due to the large 

number of participating hosts. In Gnutella for example, every 

peer shares an average of 500 files [15] and many peers host 

the same file. 

 

 

     

          

 

 

 

 

 

 

                       

 

 

 

 

Figure 1: Distributed video streaming using multiple 

description coding in a P2P network. Peer P1 is 
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simultaneously serve by the closest available peers P6 & P3 

with descriptions D1 & D2 respectively. 

Using MDC in a P2P streaming scenario is illustrated in 

Figure 1. Peer p1 wants to receive video file S which is 

available in the MDC format on p3, p5 and p6. In this example 

the video is encoded using two descriptions D1 & D2. Peers 

p3 and p6 are chosen based on the distance from server to the 

receiver, and they simultaneously serve the video file S, each 

one providing a complementary description. If both the 

descriptions are received at the receiving peer p1, it will 

experience the highest quality. If any of the descriptions are 

affected by packet loss or excessive delay, the receiver can 

still decode and display video S but at the expense of a 

degradation of the quality, as the descriptions are 

independently decodable. 

II. MULTIPLE DESCRIPTION VIDEO CODING 

   Multiple Description coding (MDC) is a coding 
technique that fragments a single media stream into n sub 
streams (n ≥ 2) referred to as descriptions. The packets of each 
description are routed over multiple, (partially) disjoint paths. 
In order to decode the media stream, any description can be 
used, however, the quality improves with the number of 
descriptions received in parallel. The idea of MDC is to 
provide error resilience to media streams. Since an arbitrary 
subset of descriptions can be used to decode the original 
stream, network congestion or packet loss — which are 
common in best-effort networks such as the Internet — will 
not interrupt the stream but only cause a (temporary) loss of 
quality. The quality of a stream can be expected to be roughly 
proportional to data rate sustained by the receiver. 

 
 

Figure 2: MD source coding with two channels and three 

receivers. The general case has M channels and 2
M−1 

receivers. 

 
This property makes MDC highly suitable for lossy packet 

networks where there is no prioritization among the packets. 
The principle of MDC encoding/decoding is illustrated in 
figure 2. For a general overview on Multiple Description 
Coding (MDC) refer to [1]. 

III. VIDEO STREAMING OVER INTERNET 

Media streaming systems are distinct from the file sharing 
systems [11], in which a client has to download the entire file 
before using it. Real-time multimedia, as the name implies, 
has timing constraints. For example, audio and video data 
must be played out continuously. If the data does not arrive in 
time, the play out process will pause, which is annoying to 
human ears and eyes. Real-time transport of live video or 
stored video is the predominant part of real-time multimedia. 

In this paper, we are concerned with video streaming, which 
refers to real-time transmission of stored video. There are two 
modes for transmission of stored video over the Internet, 
namely the download mode and the streaming mode (i.e., 
video streaming). In streaming mode, the video content need 
not be downloaded in full, but is being played out while parts 
of the content are being received and decoded. Due to its real-
time nature, video streaming typically has bandwidth, delay 
and loss requirements. However, the current best-effort 
Internet does not offer any quality of service (QoS) guarantees 
to streaming video over the Internet. In addition, for multicast, 
it is difficult to efficiently support multicast video while 
providing service flexibility to meet a wide range of QoS 
requirements from the users. Thus, designing mechanisms and 
protocols for Internet streaming video poses many challenges. 
It has been demonstrated in [16] that using MDC in 
combination with packet path diversity significantly improves 
the robustness of a real-time video application. 

 

 
 

Figure 3: Architecture for video streaming.  

 

In Figure 3, raw video and audio data are pre-compressed 

by video compression and audio compression algorithms and 

then saved in storage devices. Upon the client’s request, a 

streaming server retrieves compressed video/audio data from 

storage devices and then the application-layer QoS control 

module adapts the video/audio bit-streams according to the 

network status and QoS requirements. After the adaptation, the 

transport protocols packetize the compressed bit-streams and 

send the video/audio packets to the Internet. Packets may be 

dropped or experience excessive delay inside the Internet due 

to congestion. To improve the quality of video/audio 

transmission, continuous media distribution services (e.g., 

caching) are deployed in the Internet. For packets that are 

successfully delivered to the receiver, they first pass through 

the transport layers and are then processed by the application 

layer before being decoded at the video/audio decoder. To 

achieve synchronization between video and audio 

presentations, media synchronization mechanisms are 

required. From Figure 3, it can be seen that the six areas are 

closely related and they are coherent constituents of the video 

streaming architecture.  

IV. MODELLING 

We use the following methodologies in our simulations to 
reflect the real-world network situations. 
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1. Modeling Availability in P2P Networks 

 
In P2P networks, peer and content availability poses a 

challenging problem to be solved. Availability of a peer in a 
P2P network is quite unpredictable, depending primarily on 
human presence. In our experiments we model peer 
availability as a 2 state markov process, having the states ON 
and OFF. The average lifetime of a peer in a Gnutella network 
is found to be about 30 minutes [14]. For our experiments we 
take a Gaussian distribution of ON time, which has a mean of 
30 minutes. To model the availability of content among the 
peers, we randomly choose peers having a particular media 
file. We vary the percentage of peers having the file from 5% 
to 50%. 

 

2. Server Placement in CDN  

 
The server placement problem addresses how to optimally 

place a number of servers in order to maximize the quality at 
the end user. In our experiments we varied the number of 
servers to obtain measurement of Quality of Service, such as 
packet loss and response time. For a particular number of 
servers, we placed the servers randomly in the network and 
measured the average round-trip-time from each user to the 
servers. We performed this random placement 10 times and 
chose the one yielding the smallest average round-trip-time.  

 

3. Server Selection in P2P and CDN Network 

 
The server selection problem addresses how to optimally 

choose a pair of servers to get complementary descriptions in 
order to maximize the perceived quality at the receiver. As 
described in [10] Apostolopoulos proposed a path diversity 
model which requires the knowledge of network topology, 
including knowledge of joint and disjoint links, and loss 
characteristics for each link. In our experiments we simply 
choose the closest two servers for each client request. For P2P 
case, we choose the closest two serving peers having the 
required content.  

 

4. Content Distribution across Servers in CDN 

 
This problem addresses how to optimally distribute the 

Multiple Description streams in an existing set of servers. In 
this paper we assume that all the CDN servers contain both the 
descriptions, which simplifies the server selection problem by 
merely choosing the two closest servers. 

 

5. Network Load 

 
To simulate the network load, we created random TCP 

connections originating from arbitrary nodes, on the average 3 
new connections per second, each connection lasting for 1 
minute. 

V.  RESULTS 

We implemented both the P2P and CDN approaches 
within the Network Simulator ns-2 [8]. The topology was 
created using the GT-ITM topology generation tool with the 
transit-stub model, having 100 nodes. A video file of 1 minute 
duration, having a data-rate of 100 Kbit/s was selected for all 
the simulations. Each packet contains 1000 bytes. In both the 
CDN and P2P based systems, there is one new request every 
second, originating from an arbitrary node. In P2P network, 
the file is streamed from two closest available peer nodes with 
complementary descriptions, whereas in CDN, the same is 
served by two closest CDN servers. It was assumed that a peer 
can serve only one request at one time, while a CDN server 
can serve a maximum of 200 streams simultaneously.  

 

Figure 4: Performance of P2P and CDN networks using MDC: 

(top) packet loss rate varies with varying number of CDN 

servers and content availability in p2p network. (middle) 

number of decodable frames increases with increasing number 

of servers and availability. (bottom) average response times 

for P2P and CDN.  

 

Figure 4 shows the results obtained through simulations. Three 

performance parameters, namely the rate of packet loss, 

number of non-decodable frames and the average response 

time, i.e. the time to receive the first video packet after the 

request has been sent, are compared for P2P and CDN 

networks. For the count of non-decodable frames, it is 

assumed that the descriptions contain an Intra frame once in 

every second, and in case of a packet loss for the P-frames, all 

the subsequent frames become non-decodable, until the next I-

frame is received. Because of MDC coding, the receiver can 

still view with a reduced frame rate, unless both the 

descriptions are corrupted simultaneously. This is shown in 

figure 5, where description s1 contains a packet loss, but s2 is 

received error-free. The receiver can view with ½ the original 

frame rate until the next I-frame is received in s1.    
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The simulation results indicate that the performance of a P2P 

network is comparable to that of a CDN, even at the high 

unavailability of peers and content in the p2p network. 

 

 

 

 

 

Figure 5: Impact of packet loss in MDC-based video 
streaming. Only stream s2 can be decoded completely. s1 is 
affected by packet loss and lead to locally reduced frame rate 
of the reconstructed video. 

VI. RELATED WORK 

 
Peer-to-peer based media streaming approaches using 

multiple serving hosts have been proposed in [12] and [5]. In 
[16] MDC-based distributed video streaming has been 
proposed for content delivery networks. Our work is inspired 
by this work and we use the same multiple description 
encoding technique for a P2P network. 

 

VII. CONCLUSION 

 
In this paper we presented a performance comparison of 

P2P media streaming with CDN – based media streaming, 
both employing MDC. The P2P approach takes advantage of 
multiple supplying peers to combat the inherent limitations of 
the P2P network and the best effort Internet. The media 
content is encoded using a multiple description encoder which 
allows realizing distributed streaming from more than one 
peer. In the final paper we plan to also provide experimental 
results on video dispersion, i.e. the time it takes to be able to 
satisfy a large number of streaming requests for a new video 
that is injected into the network, for both the P2P and CDN 
network. 
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Abstract- A mobile ad-hoc network (MANET) is a   dynamic 

network of self controlled mobile nodes without any centralized 

co-ordinator (access point or base station) or wired 

infrastructure. The main difficulty in designing a routing protocol 

for MANETs is the dynamical topology which results from the 

random movement of mobile nodes within the source’s 

transmission range. MANET, which is fundamentally different 

from conventional infrastructure based networks, is self-

configuring and formed directly by a set of mobile nodes. In 

MANET, the heterogeneity of networks and destinations makes it 

difficult to improve bandwidth utilization and service flexibility. 

Therefore, mobility of nodes makes the design of data distribution 

jobs greatly challenging. The wide use of multiparty conferences 

in MANETs leads to multicast routing for the transmission of 

information, such as video and other streaming data. In 

multicasting quality of service (QoS) and security are the leading 

challenges. The QoS deals with bandwidth utilization and 

network failures and security provides group communication to 

be confidential. In this paper MAODV protocol is modified by 

including QoS as well as security to the group communication. 

The QoS includes the link failures and the node failures. The 

security is provided by using symmetric key encryption method.  

 

 

Key Words- multicast; MANET; QoS; security; 

                                                                     

I. INTRODUCTION 

 

A mobile ad-hoc network (MANET) is a collection of 

wireless mobile nodes that forms a dynamic network without 

any centralized coordinator. The highlighted application areas 

of MANETs are rescue sites, battlefields, group conferences 

etc. Communication in MANETs is provided by a sequence of 

neighbor nodes from a source to a destination form a path and 

intermediate mobile nodes relay packets in a store-and–

forward mode. Some typical applications of MANETs, nodes 

need to accomplish a task by group. Therefore, the 

multicasting plays a significant role in the MANETs. 

Multicasting reduces the communication cost for applications 

that sends the same data to many recipients. It reduces the 

channel bandwidth, processing time between sender and router 

and delivery delay by sending the data simultaneously to 

different recipients instead of multiple unicasts. In addition, it 

gives robust communication whereby the receiver address is 

unknown or modified without the knowledge of the source 

within the wireless environment [1]. 

 

  Network researches have been done in the area of 

quality of service (QoS) and security with few exceptions. 

However, security [25] impacts the overall network QoS as 

more security usually means more message overhead for 

authentication and other security functions, as well as 

additional delays imposed due to overhead caused by 

encryption, etc. This is especially true in an ad- hoc network 

environment where security mechanisms [5] such as 

authentication services are proposed to protect the 

communication on open medium in wireless networks, thus 

introducing overhead that affect the QoS of communications 

significantly. It is therefore essential to consider both security 

and QoS together when designing protocols for ad- hoc 

environments as one impact the other. Very little work has been 

done on the interaction between security and QoS in wireless 

networks.  

 

In this paper an effort has been taken in order to 

provide security as well as quality of service for group 

communication. QoS [4] includes handling node failures, link 

failures and finding the path when node mobility occurs and 

storing the data while unavailability of paths. It also saves the 

bandwidth by using less control messages by including 

symmetric key encryption while compared with asymmetric 

key encryption 

 

.In ad- hoc networks, users need to assure the party 

who supposedly sent a message to another party is indeed the 

legitimate party. Otherwise, a malicious node could tamper a 

network with falsified data. These attacks can result in 

degraded performance of networks, interference of resource 
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reservation, and unauthorized use of resources. There are two 

basic kinds of cryptography that have been widely used for the 

networks: symmetric cryptography and asymmetric 

cryptography (such as digital signature). 

 

 The communication links in MANETs are open 

shared medium, which makes the communications between 

neighboring nodes more vulnerable to attacks such as packet 

forging and malicious alteration. In addition, MANETs are 

characterized by absence of fixed infrastructure, rapid topology 

change and constrained resources (such as limited battery 

power, small computational capacity and bandwidth). These 

characteristics determine that the authentication protocols used 

for routing and data packet delivery in MANETs should be 

lightweight and scalable. Asymmetric cryptography does not 

adapt well to MANETs in that the processing required for 

asymmetric cryptography is very high and the technique has 

been proved to be prohibitively insufficient in wireless ad- hoc 

networks in terms of message overhead and computation 

complexity. Symmetric cryptography algorithms are fast. Even 

though it introduces complexity in key maintenance but needs 

less computational power  which in turn saves life of battery. 

 

The basic principle of Multicast Ad-hoc on demand 

distance vector (MAODV) [2] is adopted from AODV [3]. The 

security and QoS features are added to MAODV.. The 

MAODV protocol is opted because of its medium node and 

network overhead. The routing table of MAODV contains only 

the next hop address not the entire route which helps in saving 

the cache memory. Periodic updates are not happening in 

MAODV which will help to reduce the control messages.  

 

The rest of the paper is structured as follows: Section 

II discusses the previous efforts in this area. Section III dictates 

the operational principle of MAODV, the security measures 

taken for secure group communication and the QoS measures 

taken to incorporate security and section IV deals with the 

simulation results. Section V concludes the work. 

 

II. RELATED WORK 

                  

Multicasting plays a critical role in group conferences, 

multiparty games etc.  A comparative study is carried out with 

different multicast routing protocols in ad-hoc networks [16].  

A performance comparison of MAODV and ODMRP is 

explained in [18].  

 

The specific security requirements of MANETs (in 

particular, key management) are still considered to be open 

research challenges. Recently, several key agreement protocols 

for MANETs were proposed [6]. Mobility impacts 

performance only when members cross groups. For instance, 

when two partners provide broadcast services for users in two 

overlapping groups, users moving within each group are 

managed by their local group key distributors (GKDs) and 

without any coordination between their broadcasts. On the 

other hand, when a user crosses from one group to another, 

security should be transferred between partners. A comparative 

study has been done based on different security mechanisms in 

MANETs [17]. One of the security mechanisms in 

multicasting is group re-keying [19], which is an efficient and 

scalable mechanism that exploits the property of ad hoc 

networks in which each member of a group is both a host and a 

router, and distributes the group key to member nodes via a 

secure hop-by-hop propagation scheme. A probabilistic 

scheme based on pre-deployed symmetric keys is used for 

implementing secure channels between members for group key 

distribution. In MANETs, the computational load and 

complexity for key management is strongly subjected to 

restriction of the node's available resource and the dynamic 

nature of network topology. Secure and Efficient Key 

Management (SEKM) [19] is an efficient method for 

MANETs. In SEKM, the server group creates a view of the CA 

(Certifying Authority) and provides certificate update service 

for all nodes, including the servers themselves. A ticket 

scheme is introduced for efficient certificate service. In SEKM, 

server group is formed securely and maintains connectivity. 

The certificate-updating request is processed by server group in 

a ticket-based approach. The system secret, held by each 

server, is refreshed periodically in a fair and efficient easy. The 

public key mechanism used above increases the computational 

complexity. 

 

Apart from security, wide range of work has been 

done in the area of QoS. The problem of QoS routing in wired 

networks is not similar in a dynamic network environment 

[21], especially the application of these algorithms in a 

MANET. QoS-AODV [22] has been proposed for QoS 

extension requirement, but it does not consider the best route. 

Indeed, it chooses the minimum delay and hop count route. 

SQoS [23] is a secure form of QoS-Guided Route Discovery 

for on-demand ad hoc network routing. In [24], a flexible QoS 

model for MANETs (FQMM) is explained, which is a hybrid 

service model and based on IntServ and Diffserv model. 

FQMM combines the reservation procedure for high priority 

traffic with service differentiation for low-priority traffic. 

Thus, FQMM provides the ideal QoS for per flow and 

overcomes the scalability problem by classifying the low-

priority traffic into service classes. Less security measures are 

adopted in FQMM. QoS mainly deals with end to end delay 

and bandwidth. QoS provides a set of service requirements to 

the flows while routing them through the network [7]. The 

widespread use of wireless technologies has increased QoS for 

multimedia applications in wireless networks and traditional 

internet QoS protocols like RSVP [8] cannot be used for 

wireless environment due to the error-prone nature of wireless 

links and the high mobility of mobile devices in MANETs. 

Therefore, providing QoS in MANETs is more challenging 

than in fixed and wireless networks. In order to overcome the 

above drawbacks a new proposal for QoS and security based 

on MAODV is introduced. The protocol identifies node 

failures and link failures which is not covered by the above 
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entioned mechanisms and also provides security for the data 

transmitting. 

 

III.   OPERATIONAL PRINCIPLES 

 

A. MAODV 

  
                  MAODV is the multicast extension of AODV. Both 

AODV and MAODV are routing protocols for ad-hoc 

networks, with AODV for unicast traffic and MAODV for 

multicast traffic. MAODV allows each node in the network to 

send out multicast data packets, and the multicast data packets 

are broadcast when propagating along the multicast group tree.  

 

 Message Formats of MAODV 

  

 Each multicast group has a unique multicast group 

address. According to the MAODV specification, each 

multicast group is organized using tree structure, composed of 

the group members and non group members. The nodes which 

are non group members that help in routing the data must exist 

in the tree to connect the group members. Associated with each 

multicast tree, the group member that first constructs the tree is 

the group leader for that tree, responsible for maintaining the 

group tree by periodically broadcasting Group-Hello (GRPH) 

messages in the whole network. The group leader also 

maintains the group sequence number, which is propagated in 

the network through the GRPH.  

Each node in the network may maintain three tables. 

 Unicast Route Table recording the next hop for 

routes to other destinations for unicast traffic.  

 Multicast Route Table, listing the next hops for the 

tree structure of each multicast group. Each entry 

represents one group tree structure. Every node that 

belongs to that group tree should maintain such 

entries, with its own identity as group leader, group 

member, or router (non-multicast member that is in 

the tree to provide connectivity). Every next hop is 

associated with direction either downstream or 

upstream. If the next hop is one-hop nearer to the 

group leader, the direction is upstream; otherwise, 

the direction is downstream. The group leader has no 

upstream, while other nodes in the tree should have 

one and only one upstream.  

 Group Leader Table. It records the currently-

known multicast group address with its group leader 

address and the next hop towards that group leader 

when a node receives a periodic GRPH message. It 

includes the function of the Request Table. 

 Route Request (RREQ) Message Format is given in figure 1. 

 

0                   1                   2                   3 

    0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 

        Type       J|R|G|       Reserved          |   Hop Count   | 

     |           Other fields as specified for AODV....... 

    
Figure 1. Route Request (RREQ) Message Format 

 

Type  1 

 

J  Join flag; set when source node wants to join a              

multicast group. 

 

R Repair flag; set when a node wants to initiate a repair               

to connect two previously disconnected portions of the               

multicast tree.  

 

Route Reply (RREP) Message Format is given in figure 2. 

 
    0                   1                   2                   3 

    0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 

   |     Type      |R|     Reserved      |Prefix Sz|   Hop Count   | 

    |           Other fields as specified for AODV....... 

    
Figure 2. Route Reply (RREP) Message Format 

 

Type  2 
 

RRepair flag; set when a node is responding to a repair                 

request to connect two previously disconnected                

portions of the multicast tree. 

When the RREP is sent for a multicast destination, the 

Multicast Group Information extension is appended. Multicast 

Activation (MACT) Message Format is given in figure 3. 

 
    0                   1                   2                   3 

    0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 

      |     Type      |J|P|G|U|R|     Reserved        |   Hop Count   | 

      |                  Multicast Group IP address                   | 

      |                       Source IP address                       | 

      |                     Source Sequence Number                    | 

    
Figure 3. Multicast Activation (MACT) Message Format 

 

MACT message contains the following fields: 

 

Type  4 

 

J Join flag;   set when a node is joining the multicast          

group, as opposed to finding a route to the group for               

the transmission of data messages. 

 

PPrune flag; set when a node wishes to prune itself from               

the tree, unset when the node is activating a tree link. 

 

GGroup Leader flag; set by a multicast tree member that              

fails to repair a multicast tree link breakage, and             
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indicates to the group member receiving the message              

that it should become the new multicast group leader. 

 

UUpdate flag; set when a multicast tree member has              

repaired a broken tree link and is now a new distance               

from the group leader. 

 

RReboot flag; set when a node has just rebooted  

 

Reserved   Sent as 0; ignored on reception. 

 

Hop Count The distance of the sending node from the                              

multicast group leader, which is used only when the                              

'U' flag is set;   otherwise sent as 0. 

 

Multicast Group IP AddressThe IP address of the                                                        

Multicast Group for which a route is supplied.    

                                    

Source IP AddressThe IP address of the sending node. 

 

Source Sequence NumberThe current sequence number                                                     

for route information generated by the source of                                                     

the route request. 

 

 To prune itself from the tree (i.e., inactivate its last 

link to the    multicast tree), a    multicast tree member sends a 

MACT with the 'P' flag = 1 to its next hop on the      multicast 

tree.  A multicast tree member that has more than one next hop 

to the      multicast tree should    not prune itself from the 

multicast tree. Group Hello (GRPH) Message Format is given 

in figure 4. 

 

 
    0                   1                   2                   3 

    0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 

      |     Type      |U|O|       Reserved            |   Hop Count   | 

      |                    Group Leader IP address                    | 

      |                  Multicast Group IP address                   | 

      |               Multicast Group Sequence Number                 | 

    

 
Figure 4. Group Hello (GRPH) Message Format 

 

The format of the Group Hello message is illustrated above, 

and    contains the following fields: 

 

Type        5 

 

UUpdate flag; set when there has been a change in group             

leader information. 

 

OOff_Mtree flag; set by a node receiving the group hello            

that is not on the multicast tree. 

 

ReservedSent as 0; ignored on reception. 

 

Hop CountThe number of hops the packet has traveled.                              

Used by multicast tree nodes to update their                             

distance from the group leader when the M flag is not set. 

 

Group Leader IP AddressThe IP address of the group leader. 

 

Multicast Group IP Address The IP address of the Multicast 

Group for which the sequence number supplied. 

 

Multicast Group Sequence NumberThe current sequence 

number of the multicast group. 

 

Control Messages  

 

          There are four types of Route Requests: RREQ, RREQ-J, 

RREQ-R and RREQ-JR. 

 

RREQ is used under the following two situations: 

 

   1. Unicast route discovery and maintenance for reaching a    

        specific node; 

 

    2. Unicast route discovery and maintenance for   reaching  a   

         multicast  group,  when  a  node  is  not  a  multicast   tree      

         member   but has multicast data packet(s) to send to that     

         multicast  group without knowing how to reach that tree.  

 

          RREQ-J is used under the following two situations: 

 

1) When a node is not a multicast tree member but 

wants to join the multicast group;  

2)  Link breakage in the tree.  

 

          RREQ-R and RREQ-JR are used for tree merge. 

 

Corresponding to different Route Requests, there are 

four different Route Replies: RREP, RREP-J, RREP-R and 

RREP-JR. The MACT messages are of three types: MACT-J, 

MACT-P and MACT-GL. MACT-J are used for tree 

construction when a non-member node wants to join the 

multicast group or when a link breakage is repaired in the tree. 

MACT-P is used for pruning a node from the tree if received 

from downstream. If received from upstream, MACT-P 

indicates not only pruning but also selecting a new group 

leader. MACT-GL is used for new group leader selection. The 

GRPH messages are of two types: GRPH, GRPH-U. GRPH is 

periodically sent out from the group leader in the whole 

network. GRPH-U is sent out from an upstream node to 

downstream nodes in the tree to change the group information. 

The one hop Neighbor-Hello message is  used for detecting 

link failures in the proposed work. 

 

 

 B.SECURITY 

  

 Currently, MAODV does not specify any special 

security measures [9]. Route protocols, however, are prime 
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targets for impersonation attacks, and must be protected by use 

of authentication techniques involving generation of 

unforgeable and cryptographically strong    message digests or 

digital signatures.  In this work MAODV is modified by 

adding security to it. Apart from the normal encryption 

mechanism, symmetric encryption mechanism is adopted. This 

will help in saving the battery power up to some extend due to 

less computational complexity. The node‟s movements in 

MANETs change the topology frequently. 

 

  Group creation and group maintenance are very 

important in multicasting. The range which one node broadcast 

hello message to adjacent node is 2-hop. The hello message is 

to collect all information of nodes in the range of 2-hop. 

According to the information, the path is designed and groups 

will be constructed. The security is achieved by authenticating 

the groups. Due to the limited battery power of the nodes it is 

desirable to opt less computational methods for providing 

security.  

 

 Symmetric encryption method depicted in figure 5 

is used for secure group communication [10]. One secret key is 

shared between the groups and using the secret key secure 

communication is achieved. For each group, one member, 

which handles the secret  keys is called the key manager. A 

period called epoch by which the keys will be refreshed by the 

key manger for providing additional security. The change of 

key will be informed to all the group members by the key 

manager. In the case of the failure of the group leader another 

member will be the leader and handle the key mechanism. The 

encryption and decryption are done as follows.  

 

 

           Y = EK(X)                                                       (1) 

 

                         X = DK(Y)                                                      (2) 

  

 

 
 

Figure 5. Symmetric Encryption 

 

 Equation (1) (on the sending side) represents the 

encrypted data using the secret key and the encryption 

algorithm. The encryption algorithm used is stream cipher. In  

(2), (on the receiving side) the encrypted data Y will be 

decrypted using the same key and the algorithm. 

 

 Key Distribution 

 

After the creation of the group, each group in the 

MANET shares a common key assigned by the key manager.    

The common key is assigned for the group is refreshed in each 

epoch by the key manager and that will be indicated to all 

group members. The new key will be issued by encrypting 

using the old key. The secret key will be ex-ored with the data 

and send by the multicast source. Using the same secret key the 

data will be decrypted by the destinations. The secure 

transmission is shown in figure 6. 

 

The data need to encrypt by the multicast source will 

be split into block size of „k‟ which is equivalent to the size  

 

 
 

Figure 6. Secure transmission 

 

of the key used for encryption. Each k bits are ex-ored with the 

selected secret key. The key set used for encryption is of equal 

size. When the last block of the data is not equal to the size of 

the key, then parity bits are added .In the multicast destinations 

reverse process will be performed. Confidentiality and integrity 

can be achieved by doing above steps. All the nodes should 

have enough memory space for storing the keys as and when 

required to act as the key manager.  

 

Figure 7 contains a group of four members and one 

node is the key manager providing the secret key to the group 

members and after getting the key secure   data transfer take 

places between the group members.. The network may have 

non group members also (shown in the figure).The non 

member cannot read the data even if it receives due to the 

security.  
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Figure 7. Secure Communication 

 

 

C. QUALITY OF SERVICE 

 

 

 QoS mainly deals with bandwidth, delay, fault 

tolerance etc. The major intension of providing QoS is to 

efficiently utilize the available bandwidth by controlling the 

overhead. The protocol used here is MAODV which is an on 

demand routing protocol helps in reducing the control 

messages used for frequent routing updates. The symmetric 

key mechanism adopted in the above section will helps in 

reducing the average end to end delay due to less control 

messages. Fault tolerance is the main constraint considered in 

this work regarding QoS. In fault tolerance the node failures 

and link failures are included. Multipath routing is the solution 

used here to over the failures. 

 

Fault Tolerance 

 

 Multipath routing protocols allow the establishment of 

multiple routes [12] between a single source and single 

destination node. This approach was initially developed to 

alleviate performance issues, as low throughput, low packet 

delivery ratio and high end-to-end delay, through redundant 

paths .Multipath routing protocols are attractive for improving 

reliability, load balancing, energy-conservation, and Quality-

of-Service (QoS) [11].  

 

Multipath routing consists of four main components: 

route discovery, route maintenance, path selection and traffic 

allocation. The route discovery and route maintenance find the 

multiple routes. A subset of these routes is chosen by the path 

selection component based on different criteria as path 

characteristics and interactions with the link layer. The traffic 

allocation strategy deals with how the data is distributed and 

sent through the selected paths. Each path is monitored and 

whenever it fails alternate path will be selected. The security of 

routing discovery is provided by the security mechanism 

integrated in the routing protocol. Two node-disjoint paths with 

the minimum sum of hops are selected by the source for 

reliability. Periodic updates of the routes are maintained by 

each node in the network. If no updates for a period of time the 

node is considered as failed or out of route. Alternate path will 

be selected for further data transmission. An alternate path for 

data transfer from source to destination is shown in figure 8.  

 

 

 
 

Figure 8. QoS by alternate paths 

 

The sender of a multicast may move while transmitting or 

receiver may move while receiving the multicast message. 

Intermediate nodes will store the data while mobility happens 

and after finding the new path to the receiver the data will be 

forwarded. Alternate paths are chosen in order to provide better 

quality of service. 

 

 Link Failure 

 

In MANETs, the reliability of a path depends on the 

stability or availability of each link of this path because of the 

dynamic topology changes frequently. It supposes a free space 

propagation model [12], where the received signal strength 

solely depends on its distance to the transmitter. Therefore, 

using the motion parameters (such as speed, direction, and the 

communication distance) of two neighbors, the duration of 

time can be determined in order to estimate that two nodes 

remain connected or not. Suppose two nodes i and j are within 

the transmission distance ra  between them. Let (xi, yi) and (xj, 

yj) be the coordinate of mobile host i and mobile host j. Also 

let (vi,) be the speed and the moving direction of node i, let (vj, 

θj) be the speed and the moving direction of node j. The LET 

(Link Expiration Time) is predicted by [12] is calculated using 

(3) 

 

            LET= - (ab+cd) + √ (a
2
+c

2
)ra

2
-(ad-bc)

 2    
∕ a

2
+c

2             
 (3) 

 

where a = vicos θi – vj cos θj 

 

            b = xi- xj 

      

                   c = visin θi - vj sin θj 

 

            d = yi- yj 

 

Therefore, when vi = vj and θi =θj, LET tends to ∞. In other 

words, if LET is ∞, the link will remain connected at all times. 

On the other hand, if LET is negative, the link is disconnection 

In this way, the link existence can be calculated. 

 

Link failure 
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 Node Failure 

 

   In MANET, mobile devices generally are dependent 

on finite battery sources.  Once the battery power is completely  

consumed, then the mobile device will go down, that is the 

device is considered as under-failure. If the radio interface of 

the mobile device is not functioning, then all the 

communications from this device will be stopped. A prediction 

on node failure helps us in providing better QoS routing for ad 

hoc or sensor networks. One hop neighbor hello messages are 

used in order to detect the node failures. It will be send within 

the time interval. If there is no response for a period, the 

message will be send again. This will proceed until the number 

of attempts specified by the protocol is reached. If there is no 

response after the limit, alternate path will be selected and try 

for the same. Once again no response from the node, the node 

is assumed to be failed. The node which selected the failed 

node on its transmission path will go for alternate path .The 

protocol is on demand once the route is failed, then only will 

be searching for the new path. On a later stage the node is up 

can be detected using the one hop neighbor hello messages. 

 

 End to End Delay 

 

For the path construction any metric can be chosen 

like path cost, path delay, path life time etc. In this work data 

path is evolved by considering the path delay, the time taken by 

the packet to flow from one node to another as well as the link 

expiration time. 

 

The node number metric represents the path node number from 

the source to destination. For a path P= (v1, …, vn), the number 

of nodes is given in (4) 

 

number_node = |P| −1 = n-1                                     (4) 

 

Average end-to-end delay indicates the end-to-end delay 

experienced by packets from source to destination. The 

average end-to-end packet delay is computed as the ratio of 

total end-to-end delays to the aggregate number of packets 

successfully delivered to the destination nodes during a 

simulation run. The end to end delay is calculated using  (5). 

Assume p s, d denotes a path from the   source to the 

destination, where sЄN and d Є N {s} .Then the end to end 

delay of the whole path is defined as: 

 

Delay (p(s, d)) = ∑ delay (e)                                     (5)               

                         e Є p (s, d)           

 

Throughput 

 

Throughput can be expressed as the amount of data 

communicated from source node to destination node during a 

specified amount of time. Throughput calculation shown in (6) 

. 

        Throughput = n                                              (6)   

         

 where n is randomly selected source-destination pairs 

exchange traffic at rate    . 

IV.   PERFORMANCE ANALYSIS 

 
The performance evaluation of the protocol is carried 

out by using ns-2 simulator [13] [14][15]. The MAODV 

protocol is implemented in ns-2.The security and QoS are 

added to MAODV. The existing AODV protocol in ns-2 is 

upgraded for multicasting. The routines such as group creation, 

group deletion , group maintenance, multicast routing table, 

multicast node structure are included. Various timers are used 

for the group management. The group hello messages are used 

for QoS.  

 

Nodes are deployed in an 1800 m X1800 m square 

area. The transmission range is 50 m. Simulation time is set to 

52s. Bandwidth of the channel is set to 2X10
6 

Hz. The 

frequency assumed is 914MHz and the data rate is 2Mbps. 

Interface queue type used is CMUPriQueue.The performance 

evaluation done based on throughput and end to end delay. The 

transmission protocol used is TCP. Initial energy of the nodes 

are set to 3000J.Radio propagation is achieved using 

TwoRayGround model.FTP is build on top of TCP. Table 1 

indicates the average end to end delay of randomly selected 

nodes from the multicast group of 5 members, table 2 indicates 

the average end to end delay of randomly selected nodes from 

the multicast group of 4 members and table 3 dictates the 

throughput comparison of the protocols. The graphical 

representations of the results are given in figures 9, 10 and 11 

respectively. 

 
 

Table 1.  Average End to end delay of a group of 5 members 

 

 
    Members                  MAODV            Modified MAODV 

            9                           0.34                               0.33 

          10                           0.28                               0.46 

          13                           0.27                                0.33 

          19                           0.27                                0.32 

 

 
Table 2. Average End to end delay of a group of 4 members 

 

 
     Members             MAODV             Modified MAODV 

                    5                0.28                      0.33 

                    7                0.26                      0.36 

                    8                0.30                      0.32 
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Table 3.Throughput 

 

Granularity          MAODV                   Modified MAODV 

5                 5.000175000           5.003021193 

10               10.000255000          10.002580392 

15               15.000155000          15.003834657 

20              20.000355000          20.015930539 

25              25.014710157          25.000334492 

30              30.006501020          30.003123123 

35              35.000269411          35.934717869 

 

 

  The result shows that the modified protocol having an 

improved throughput than MAODV. It also gives an almost 

consistent less delay while sending the packets.  

 

 

 
 

Figure 9. Average end to end delay of a group of 5 

 

Figure 12 shows the average end to end delay when 

the node mobility happens. Throughput evaluation has been 

done by setting the granularity as five. The end to end delay 

has been calculated by randomly selecting the nodes from the 

same group. Two groups are considered for the average end to 

end delay calculation. 

 

 

 
 

Figure 10.  Average end to end delay of a group of 4 

 

The groups are of 4 and 5 members each. Networks of 25 

mobile nodes are considered for sample evaluation. The node 

numbers are ranging from 0...24. The performance can be even 

better by including proper quality of services. 

 

 

 
 

Figure 11. Throughput 

 

 

 
 

Figure 12.  Average end to end delay vs. node‟s mobility speed 

 

V. CONCLUSION AND FUTURE WORK 

 

Application areas such as rescue sites, group 

conferences need the usage of multicasting. The major 

challenge facing in this area is the security. By incorporating 

the secret key mechanism the group communication is made 

secure. By adding the epoch concept the validity of the key is 

made even more secure. By including quality of service, the 

group communication is more efficient. 

 

The results obtained shows that even though the 

overhead due to security is increased, not much affected the 

end to end delay and the throughput. By using the symmetric 

key mechanism which is less complex, the computational 

power needed is very minimum. The battery power of the node 

can be saved by this mechanism. The QoS includes the 

bandwidth, end to end delay and the fault tolerance such as 

node failures and link failures. The protocol can be modified 

efficiently in order to handle misbehaving nodes and selfish 

nodes.  
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ABSTRACT 

Current Internet users are enormously increased and 

application that they are using is magnificently bandwidth 

devoured. With this manner, Internet is no longer a fair and 

protective environment. The diversity in the Internet 

applications required a reconsideration of the mechanisms 

used to deliver each packet pass through a router in order to 

provide better fairness and more protective place. 

Furthermore, the observer of the Internet packet could easily 

identify the purpose of the delay which is indeed caused by 

the queuing in the output buffer of the router.  

Therefore, to reduce such delay for those sensitive 

applications such as real-time applications, scholars develop 

many fairness principle which by turn could improve the 

QoS and hence the fairness and the protection aspect. This 

study highlight most famous fairness principles used in the 

literature and some other novel ideas in the concept of 

fairness. The analytical comparison of these principles shows 

the weakness and the strength of each principle. 

Furthermore, it illuminates which fairness principle is more 

appropriate in which environment.  

Keywords-components; Fairness, max-min, proportional 

fairness, balanced, max-min charge 

1. INTRODUCTION 

Internet utilization in public and private sector is 

magnificently growing with extraordinary manner. The 

occupation of the World Wide Web is unpredictable over 

time frame. Daily usage of the Internet resources with 

current scrambles in network access is hard to be estimated 

and hence the distribution of these resources is dynamic. 

This dynamic behavior leads to vagueness in constructing 

the essential principle of fairness for resource utilization.  

Furthermore, not only the dynamic attitude of the 

resource utilization is an issue, the behavior and the 

characteristics of the application itself also, play a 

potential responsibility in structuring the fairness principle. 

Some applications require more sensitive pamper and care 

such as voice and interactive application such as video 

conversation and so forth. The sensitivity of these 

applications significantly involved in fairness principle.  

Moreover, providing Quality of Service (QoS) is one 

big dimension which should be achieved if not fully at 

least to the large extent. QoS requirements rhyme heavily 

with user and application requirements. Even though, 

Service Providers (SP) is one potential dimension which 

tighten fairness principle, their requirements is highly 

depend on financial matters.  

Fairness principle is indeed, applied in routers or to 

be more specific in the process of scheduling the 

transmission of the packets over a shared link. Fairness 

principle should provide three primary function selection, 

promptness, and QoS consideration. Selection is the 

basically which packet deserves to be transmitted. 

Promptness means when the selected packet will be 

transmitted. QoS requires considering the delay, loss and 

error of overall network performance. 

Scholars, since the discovery of the sensitive and 

bandwidth hanger applications, dedicate their research in 

providing superior fairness and larger protection for these 

applications over others less sensitive. This paper 

demonstrates most available and used fairness principles in 

scheduling packets depending on application sensitivity 

and user usage. The rest of the paper is organized as 

following. Next section gives the state diagram of the 

literature and brief information about the evolution of the 

fairness principle. This is followed by thorough conceptual 

and analytical illustration of five fairness definition 

namely; max-min fairness, proportional fairness, utility 

fairness, balanced fairness, and max-min charge fairness. 

Section four compares and contrasts all six principles and 

finally the conclusion and future works are drawn.  

149 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  

Vol. 8, No. 4, July 2010 

  

2. MIND-MAP OF FAIRNESS LITERATURE 

In this section, related works to the fairness is presented in 

state diagram or min-map diagram to correlate and track 

the evolution of fairness principle. Exhibit 2.1 shows the 

mind-map diagram which explains the evolution of 

fairness principle. In 1967, Kleinrock [1] published his 

article in sharing one common resource. Although the 

article is primarily designed for addressing this specific 

issue from processor sharing prospective, it opened sites in 

discussing fairness in networks since process sharing 

environment shares some similarity with resource sharing 

in the Internet or networks. Kleinrock then wrote his book 

which consists of two volume in queuing systems [2, 3]. In 

this book the essential ideas and explanation of max-min 

fairness principle is been demonstrated with the aid of 

mathematic. Jaffe [4] incorporates the max-min fairness 

principle explicitly in network resource sharing. This 

concept is been presented in data networks book written by 

Bertsekas et al. [5].  

Nevertheless, the concept and regulations which rule 

max-min fairness and lead to its result are not convenience 

and does not provide the efficient fairness from Kelly 

point of view [6, 7]. Consequently, he proposed an 

alternative fairness principle named as proportional 

fairness. This concepts is further developed by Massoulie 

and Roberts [8]. Bothe principles; max-min and 

proportional are further compared and thoroughly 

analyzed by Denda et al. [9]. However, the advocates of 

proportional fairness has comprehensively illustrate the 

principle in [10].   

Despite the success of the most famous principles; 

max-min and proportional, they have some weaknesses 

which are discovered by Bonald and Proutiere [11]. 

Balanced fairness is their proposal which is inspired by 

Erlang [12] ideas, has different approaches. All three 

principles; max-min, proportional and balanced fairness 

are presented in Bonland et al. paper [13]. Bonland has 

provided some comparison using analytical demonstration. 

Another fairness view is called utility fairness introduced 

by Cao and Zegura [14]. Utility fairness has adopted the 

concept of utility proposed in [15]. All the above 

mentioned fairness definition have been presented in [16] 

by Hosaagrahara.  

However, these four principles; max-min, 

proportional, balanced and utility fairness are in principle 

correlated and based on bandwidth allocation with 

different approaches in determining the proper algorithm 

to chose the next packet in line. The entire principle of 

bandwidth allocation has been criticized in Briscoe article 

[17]. Therefore, Miaji and Hassan in [18] proposed a new 

vision of fairness by providing the principle of charge 

allocation rather than bandwidth allocation and it named as 

max-min charge. Max-min charge is a new fairness 

principle based on charge allocation instead of 

conventional bandwidth allocation.  Next section 

presents all the above mentioned five fairness principles 

conceptually and analytically.  

 

Exhibit 2.1: Mind-map literature of fairness 

principles 

3. PRINCIPLES OF FAIRNESS 

Approaching an optimum fairness in shared elastic 

environment such as the Internet is complicated and 

frustrated. As a consequence, different proposals have 

been drawn to accomplish the mission in several 

prospective. This section provides rigorous knowledge in 

the most five adopted fairness notions. This 

comprehensive illustration will reach the conceptual and 

analytical approach of each o these five notions. Next 

section compares and contrasts these five principles.  

Before the explanation of the five notions mentioned 

earlier, a scenario of shared resource is been assumed. So, 

let consider the following scenario. Consider a contended 

user n with demands                    varies 

from one user to another. Those users are sharing the one 

resource R. Additionally, each user is allocated a specific 

portion                                 of the 

resource R according to a policy P. There are two main 

stipulations for such allocation; 

a.The resource which is allocated is finite and limited. 
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b.There is no resource feedback from users’ side. 

Consequently, any policy abides by these two 

conditions is said to be active and defined as follows  

[61] : 

Definition 3.1: The policy P is said to be active if, for 

all possible demands D, it results in an allocation A such 

that: 

1.                              

2.         
     

Now, let establish the investigation in the five fairness 

principles.  

3.1 Max-min Fairness 

Let first simplify the principle of ma-min fairness be the 

following example. Let assume that there are buckets 

which are corresponding to the demand    of the users. 

Moreover, let assume that all buckets share the same tab 

which corresponds to the resource R. Therefore, since the 

resource is limited and the buckets cannot, indeed, provide 

any resource enhancement which there is no other resource 

except the one which is shared as seen in exhibit 3.1.  

 

Exhibit 3.1: Users Share the same resource 

According to max-min principle no user will obtain 

more than its demand and also, all not fully served users 

will be equally allocated in term of the resource.  

Therefore, user 1, 2, and 3 will take exactly what they 

demand since their demands is the lowest. In comparison, 

user 4 and 5 will take equal resource allocation no matter 

what they demand for.  

Additionally, any user attempts to increase its 

allocation will result in decrease in the resource allocated 

to another. Furthermore, it could be obviously seen that the 

attempts to increase the demand will not influence the 

decision of allocation [16].  

Exhibit 3.1 provides us with much information which 

has not been illustrated yet. The essential inspiration of 

max-min fairness is the Pareto superiority as well as Pareto 

efficiency which were suggested by Pareto [19, 20]. In fact, 

Pareto proposed his notion in political economic and it has 

two main concept; superiority and efficiency for two 

active allocation. Firstly, if we have to allocate          

to two different resources          ,    is considered 

as Pareto superior with respect to    if    expands the 

allocation of at least one entity while not reducing the 

allocation of any other entity; for instance, at least one user 

prefers    over   . In the case of exhibit 3.1, user 4 

prefers to obtain 40 units over 50 units and no other user 

request it. This preference will affect other users [21].  

Secondly, an allocation is considered as Pareto 

optimal if it is active and Pareto superior to all other active 

allocations. Indeed, Max-Min fairness shows its Pareto 

optimality and hence it is unique since it is the only notion 

which meets the conditions of the Pareto optimality [22].  

Now, let take the analytical vision of the notion of 

Max-Min fairness. So, let presume that    is the 

allocation dedicated for    with demand    in flow   
and    is the allocation specified for    with demand   . 

If we assume the        then the following theorem 

could be deduced; 

Theorem 3.1: 

The Max-Min fairness is unique. 

Proof: 

Let   and    two users with demands   and    

respectively and the resource allocated for them is 

          respectively as well. So, if        then the 

allocation results could be;  

                        

Only first one is possible since the remaining two are 

not Max-Min fair.  
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Moreover, consider   
  is the service received by   , 

then if   
     that means this allocation is not Max-Min 

fair because in Max-Min fair the following should be true: 

  
    . Hence the following definition is true for 

Max-Min fair: 

Definition 3.1: 

A policy   is considered Max-Min fair if and only if 

satisfies the following conditions [22, 23]: 

1- A is active; 

2- Any attempts to increase and allocation for 

specific user result in a decrease in another user with 

equal or less value.  

Therefore, Max-Min policy should have the following 

properties; 

Property 3.1: No user gets resource allocation than 

what it have been requested.  

Property 3.2: users with same demands will be 

allocated similar resource. 

Property 3.3: Any increase in the demand will not 

affect the allocation procedure.  

3.2 PROPORTIONAL FAIRNESS 

The idea of the proportional fairness is, indeed, proposed 

after the discovery of some gap in the fairness of 

Max-Min. We will simplify this concept by illustrating a 

wireless node example [10]. 

It well known that the fairness goal is not to 

maximize the overall throughout or the bit rate or increase 

the efficiency, it rather to be fair in allocating the 

bandwidth in accordance to the current network status. 

From this sense, consider a constant
1
 wireless network 

where there are two status of a node either good or bad. 

Therefore, in order to achieve high throughput and hence 

to maximize the bit rate or increase the efficiency, it is 

better to allocate more bandwidth, transmission power and 

so on to those good nodes since the bad one will 

experience more loss and required more bandwidth with 

                                                   

1 This situation is likely to be impossible 

especially in the case of mobile wireless 

environment.  

less throughput [13]. 

 
Exhibit 3.2 a: Max-Min fairness 

 

 
Exhibit 3.2 b: Proportional fairness

2
 

Nevertheless, this maximization will not be fair since 

those nodes with bad radio channel will suffer from 

starvation. In Max-Min concept as shown in exhibit 3.2a, 

those nodes with bad radio channel will be allocated more 

bandwidth since the main aim of such principle is to 

maximize the minimum. However, from proportional 

fairness point of view, this solution is not the optimum.  

Therefore, there is a trade of between efficiency and 

fairness. Proportional fairness is trying to solve and hence 

minimize this trade of by proposing the concept of 

allocating bandwidth in proportion to charge [6, 7].  

                                                   

2 The width of the wireless communication 

link corresponds to the bandwidth allocated to this 

specific user.  
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Logarithmic approach has been dedicated to such 

approach. So, proportional fairness concept proposed the 

notion of price per unit used or shared (see exhibit 3.2b). If 

we assume that user    is charge of an amount of     

for unit shared. Therefore, in proportion to     this user 

will be allocated    . As a consequence the problem of 

maximization could be formed as following;  

Maximize                

So, the allocation for each user is depend on the 

amount it is charged. This gives some restriction in the 

utilization of such concept which will be discussed later in 

the analysis and comparison section.  

3.3 Utility Fairness 

The concept of utility fairness is easily to be inferred from 

its name. This notion is based on the utility or the 

application. It basically, derives the bandwidth allocation 

in accordance to the characteristic of the application to be 

transmitted through the link. Therefore, packets which has 

elastic or more tolerance in term of delay or loss or any 

other specified criterion, are allocated bandwidth 

depending on its specifications, behavior, and 

characteristics [14]. 

Therefore, in the case of the identical utility or packet 

specification or in other words applications, packets will 

be treated as in Max-Min fairness. On the other hand, as 

the application or packets diverse in its characteristics or 

manners, the allocation scheme will also, changed and is 

highly depends on the utility.  

To simplify the idea of utility life example is been 

provided. Now, consider an apple which needs to be 

divided among three people fairly as in exhibit 3.3. The 

simple and basic way is to allocate one third of this apple 

to each person equally as shown in exhibit 3.3a. However, 

this sort of division is considered unfair if the 

circumstances of the people are not equal.  

So, now consider the first person is a child how will 

any way, cannot eat more than a quarter of the apple. The 

second person is in diet and he also, cannot eat more than a 

quarter of the apple and the third is very hungry energetic 

youth. Consequently, according to the utility as one half is 

allocated to the youth, quarter for the child and the last 

quarter portion is allocated for the person in diet (see 

exhibit 3.3b). 

 

         

(a)   (b) 

Exhibit 3.3: example of utility fairness 

Cao [14] in his article proposed and proof the 

following theorem; 

If    is the allocated bandwidth for   session,    is 

the link capacity, the real utility function for session   is 

   ,    is the error in the advertised bandwidth and    is 

the difference between the utility achieved by session 

  and the allocation deserved by the same session then; 

                     

A quantitative measure of the error in utility 

allocation is given by such theorem which resulted from 

the inaccurate information. Moreover, it reveals that there 

is a strong relationship between the error of utility 

allocated to an individual source and the accuracy of 

advertised utility functions; nevertheless, it is not affected 

by the number of sources sharing the same bottleneck link 

and hence no harms from any exponential increase in the 

users side. 

3.4 Balanced fairness 

The proper definition of balanced fairness is the unique 

balanced allocation such that      belongs to the 

boundary f the capacity set in any state       If Φ 

corresponds to the balance function, the following 

equation is true in any state       

       
        

    
               (3.1) 

Therefore,      is recursively defined as the 

minimum positive constant β such that the vector 

                     belongs to   . 

Balanced fairness is a new notion of bandwidth 

allocation with the very gratifying property that flow level 

performance metrics are insensitive to detailed traffic 
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characteristics [24]. This is particularly important for data 

network engineering since performance can be predicted 

from an estimate of overall traffic volume alone and is 

independent of changes in the mix of user applications 

[13]. 

3.5 Max-Min charge 

Max-Min charge has taken new different vision of fairness 

in packet switching networks. The authors claim that to 

provide better fairness and proper protection to any user in 

a common shared resource, some aggressive penalty 

should applied for those who are maliciously use the 

sharing procedure [18].  

Let take the analogy of multiple buckets sharing one 

fountain or resource as in exhibit 3.4. So, let consider 

that    greedily attempts to gain more bandwidth by 

initiating several session with multiple connation and 

hence reserves more bandwidth than the others. Such 

manner could breaches both the protection of other users 

who indeed fairly be using the resource and the fairness 

by making    get double service than the others.   

 

Exhibit 3.4: analogy of max-min charge 

Nevertheless, Max-Min fairness has nothing to do 

regarding such issue since it concern about fairness among 

flows and not users. However, Max-Min charge assigns a 

specific values       and parameters to each user. The 

following equation has been deducted to improve the 

protection level: 

  
    

  
  
        

  
    (3.2) 

By this notion, the only user who will suffer from any 

increase in the demand or in queue number is the 

misbehaved user. Some charges will be applied to such 

users and hence minimize the allocation.  

4. COMPARISON OF FAIRNESS PRINCIPLES 

The current status of the Internet provides only best-effort 

service. Consequently, providing enhancement for traffic 

flows for bandwidth reservation purposes is almost absent, 

or to be more precise bounding delay and jitter is not up to 

the expectation level or even not met. Moreover, any 

further modification in the protocols to be able to adopt the 

concept of reservation high efficiency of Quality of 

Service (QoS) required a crucial modification in the core 

of the Internet which is unachievable. These boundaries 

rigorously reduce the ability of flows to demand 

guarantees from the Internet, and the capability of the 

Internet to put forward and accomplish such guarantees. 

If these constraints taken in account, the most 

appropriate notion to be considered is max-min fairness. 

The principle of proportional fairness necessitates flows to 

transmit information about their bandwidth requirements 

and reservations to each router along their rout. The 

principle of utility fairness is unclear in term of the 

specification of the utility function and it rather demands 

flows to convey their utility.  

Nevertheless, minimum information about the flows 

among all notions is required by the principle of max-min 

fairness; a flow has a demand of unity if it has a packet 

enqueued and has a demand of zero otherwise. This 

information is, indeed, promptly available to each router 

and therefore the max-min principle of fairness is the most 

amenable to implementation. Likewise, max-min fairness 

is presently the most accepted principle of fairness in the 

research community. 

5. CONCLUSION 

The nature of the Internet traffics is random and dynamic; 

therefore, such behaviors should be taken in account once 

the issue of resource allocation is investigated. It has 

proven that max-min fairness, proportional fairness and 

balanced fairness provide stability to the network 

particularly when the vector of traffic intensities depends 

on the interior of the capacity set. It is also, proven that 

balance property have not been met by max-min fairness 

notion with the exception of the trivial case where the 

network condenses to a set of independent links. This 

justifies the limitation of the analytical results for this 

allocation and strengthens the assumption that such results 

should not be excluded. Proportional fairness is not 

balanced either except in some specific cases. 
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Balanced fairness, conversely, is balanced by 

construction and consequently leads to a well-mannered 

queueing network. Nevertheless, it is lack of practical 

implementation; nonetheless, balanced fairness could to a 

certain extent be contemplated as a mathematical tool 

practical for the performance evaluation of more practical 

allocations like max-min fairness and proportional 

fairness. 

Max-min fairness, in contrast, could achieve much 

worse performance than balanced fairness and 

proportional fairness.  This statement is been drown since 

max-min fairness is giving the absolute priority to flows 

with small bit rates. Therefore, in wireless communication, 

such notion results in an inefficient allocation where flows 

that experience bad radio conditions expend most radio 

resources. Proportional fairness and balanced fairness, 

alternatively, are homothetic as a result the allocated 

network resources will not rely on the radio conditions. 

Thus, in heterogeneous networks, such allocations are 

much more client and robust than max-min. 

Max-Min charge is new definition which required 

more conceptual and analytical proof to take place in the 

competition. However, its primary ideas demonstrate its 

novelty. Finally, market action is required to improve these 

less-developed notions which could result in enormous 

improvement in the fairness and protection of the 

scheduling.  
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Abstract—The research in hand is an effort to introduce a new 
efficient searching technique known as Multiple Values 
Bidirectional Square Root Search. In this technique, a sorted 
list of values can be searched from another sorted list very 
efficiently. The overall time for sorting the values to be 
searched and searching is less than the time taken by the 
Linear Search and Binary Search. In this technique, the size of 
targeting list is reduced for every next value to be searched. As 
a result the searching time of remaining values to be searched 
is reduced, while in linear search and binary search the size of 
target list remains same for every value to be searched. In 
other words, we can say that the targeting list is traversed 
completely each time for every value to be searched from 
beginning to end. Running Cost analysis and the result 
obtained after implementation are provided in the graphical 
form with an objective to compare the efficiency of the 
technique with linear search as well as binary search, as binary 
search is consider as an efficient and fast one. 

Keywords-Searching; Linear Search; Binary Search. 

I.  INTRODUCTION  
Algorithms have a vital and key role in solving the 

computational problems, informally an algorithm is a well 
defined computational procedure that takes input and 
produces output. Algorithm is a tool or a sequence of steps 
to solve the computational problems [1]. 

In computer science, a searching algorithm, broadly 
speaking, is an algorithm that finds a particular data from a 
data set. Searching takes a problem as input and returns a 
solution to the problem, usually after evaluating a number of 
possible solutions. Efficient searching is important to 
optimizing the use of other algorithms (such as sorting 
algorithms) that require searching the location of new item 
in sorted list such as in insertion sort. There are a lot of 
searching techniques, currently used in industry and 
academia, to find the data of various forms and from 
different areas. 

The study in hand proposes a new searching technique 
that is tested and analyzed against binary search to provide 

its efficiency. Searching is of considerable importance as the 
human is possessed in searching the 
information/knowledge. To search the information 
efficiently the efficient searching technique is very 
important. To facilitate the human, computers consume a 
substantial time in searching the data. 

This paper is organized as follows; Section II presents a 
brief review of existing searching algorithms. Section III 
presents the description of proposed solution. Section IV 
presents the proposed algorithm. Section V presents 
Running Cost Analysis. Section VI present comparison 
between multiple values bidirectional square root search 
with linear search and binary search. Section VII ends with 
concluding remarks. 

II. A BRIEF REVIEW OF EXISTING SEARCHING 
ALGORITHMS 

A number of searching techniques are currently used in 
the field of computer science. This section will briefly 
discuss some of the trendy searching techniques among 
them. These are following: 

A. Linear Search 
It is the simplest method to find the particular element in 

the list. It checks all of the elements in the list and 
particularly checks in sequence and one at a time to reach the 
particular value. It is the special case of Brute Force Search. 
Its worst case cost is proportional to the number of elements 
in the list. It is O (n) [9]. 

B.  Binary Search 
 “In computer science, a binary search is an algorithm 

for locating the position of an element in a sorted list. It 
inspects the middle element of the sorted list: if equal to the 
sought value, then the position has been found; otherwise, 
the upper half or lower half is chosen for further searching 
based on whether the sought value is greater than or less 
than the middle element. The method reduces the number of 
elements needed to be checked by a factor of two each time, 
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and finds the sought value if it exists in the list or if not 
determines "not present", in logarithmic time. A binary 
search is a dichotomic divide and conquer search algorithm. 
Its running time complexity is O(logn)”[5]. 

III. MULTIPLE  VALUES BIDIRECTIONAL SQUARE ROOT 
SEARCH 

In this technique, a sorted list of values can be searched 
from another sorted list very efficiently. The overall time for 
sorting the values to be searched and searching is less than 
the time taken by the Linear Search and Binary Search. In 
this technique, the size of targeting list is reduced for every 
next value to be searched. As a result the searching time of 
remaining values to be searched is reduced, while in linear 
search and binary search the size of target list remains same 
for every value to be searched. In other words, we can say 
that the targeting list is traversed completely each time for 
every value to be searched from beginning to end. The steps 
of the proposed Multiple Values Bidirectional Square Root 
Search algorithm are as follows: 

 
1. Take 1st element from the item list and assign it  to 

"item" 
2. Assign 1st element of the Data list to left pointer and 

last element of the Data list to right pointer.  
3. Take square root of list length and assign to "sqr". 
4. If value on the left pointer is less then item 

,increment left pointer .The new location of  left 
pointer is getting by adding left pointer current 
location with "sqr". 

5. If value on the left pointer is greater then item, 
change the location of right pointer by calculating 
new location as subtracting 1 from current location of 
left pointer. Also change the location of left pointer 
by subtracting left pointer current location with "sqr" 
and increment by 1. The new value of "sqr" is 
calculated by taking square root of "sqr". 

6. Similarly If value on the right pointer is greater then 
item, decrement right pointer .the new location of 
right pointer is getting by subtracting right pointer 
current location with "sqr". 

7. If value on the right pointer is less then item, change 
the location of left pointer by calculating new 
location as adding 1 with current location of right 
pointer. Also change the location of right pointer by 
adding right pointer current location with "sqr" and 
decrement by 1. The new value of "sqr" is calculated 
by taking square root of "sqr". 

8. Repeat step 3 to 6 until value of left pointer or right 
pointer match with item, or the value of "sqr" become 
1. 

If the value of right pointer match with the item then 
assign right pointer to left pointer. Assign data list length to 
right pointer and next element in item list to item, go to step 
3.Repeat this process till all the element in the item list will 
be processed.  

IV. ALGORITHM : PSEUDO CODE 
"arr" list of data element and "Data" is the list of  value 

to be search. 
 

Multi Values Bidirectional Square Root Search 
(arr,Data) 

Sqr:=square root of "len" 
Len:=length[arr]-1 
i:=0 
l:=len 
f:=0 
for f = 0; f <length[Data]; f++ 
{            
 item = data[f]; 
 j = len; 
 temp = i; 
 sqr = square root of "l" 
 while arr[i] != item && arr[j] != item && sqr != 1 
  {                     
    if arr[i] < item && arr[j] > item  
      {         
        i = i + sqr 
        j = j - sqr 
      } 
    else 
      { 
        if arr[i]>item 
          {                             
            j = i - 1 
            i = i - sqr + 1 
            sqr = square root of "sqr"  
          } 
        else 
          {                          
            i = j + 1 
            j = j + sqr - 1                            
            sqr = square root of "sqr"  
          } 
 
       }                  
   } 
  if arr[i] == item 
    { 
      Found Item at "i"        
      while arr[i] == item && i!=temp 
        { 
           i = i - 1 
        } 
      if i==temp 
        { 
          i = i + 1 
        } 
      else 
        i = i + 2 
    } 
   else 
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     { 
        if arr[j] == item 
          { 
            Found Item at "j"        
            while arr[j]==item 
              { 
                j = j - 1 
              } 
             i = j + 2 
                         
           } 
         else 

{ 
          if arr[i+1] == item 
              { 
               Found Item at "i+1" 
     i=i+2 
         } 
   else 
               Not Found 
             } 
         } 
    l = len – i 
} 

V. RUNNING COST ANALYSIS 
A.  Best Case: 
     The main structure of the algorithm depicts that there is 
an outer main loop within which there lies another inner 
loop , after number of  inner while loop iterations, we will 
have found our item or concluded that it was not found. 
Multiple Values Bidirectional Square Root Search Best 
Case Occur when items are 1st or last element of the Data 
List. Let T (n) be the running time of Multiple Values 
Bidirectional Square Root Search on an input list of size n. 
then running time of Multiple Values Bidirectional Square 
Root Search Can be calculated as 
      Length of input array: n 
      Length of items array: r 
      Outer Loop runs: r 
      Inner Loop Runs: 1 
so the running time of Multiple Values bidirectional square 
root search can be written as,  

T (n) = O (r * 1) 
B.  Average and Worst Case: 

The main structure of the algorithm depicts that there is 
an outer main loop within which there lies another inner 
loop , after number of  inner while loop iterations, we will 
have found our item or concluded that it was not found. Let 
T(n) be the running time of Multiple Values Bidirectional 
Square Root Search on an input list of size n. then running 
time of Multiple Values Bidirectional Square Root Search 
Can be calculated as 

      Length of input array: n 
      Length of items array: r 
      Outer Loop runs: r 

 Inner Loop Runs: n1/2 + n1/4+ n1/8………………+ n1/k 
Where n1/k ≥1 
Comparison Statements: c 
So the running time of Multiple Values bidirectional 

square root search can be written as, 
T (n) = r*(n1/2 (c+c+c)+ n1/4 (c+c+c) + n1/8(c+c+c)+ ……+ 
n1/k (c+c+c)  ) 

T (n) = r*(n1/2 (3c)+ n1/4 (3c) + n1/8(3c)+ ………………+ 
n1/k (3c) ) 

Ignoring Constants and smaller values we can write it as 
T (n) =O (r√n) 

VI. COMPARISON OF MULTIPLE VALUES BIDIRECTIONAL 
SQUARE ROOT SEARCH WITH  LINEAR  SEARCH AND BINARY 

SEARCH 
 Table 1 shows the comparison of the proposed 

algorithm (Multiple Values Bidirectional Square Root 
Search) with the traditional searching algorithms on the 
basis of no. of iterations. Graphical view of the same 
analysis is presented in the Figure 1. 

 
Table 1: Multiple Values Bidirectional Square Root Search Vs Binary 

Search and Linear Search 
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Figure 1: Multiple Values Bidirectional Square Root Search v/s Binary 
Search and Linear Search 

       
         It can be observed from the Table 1 and graph 
presented in Figure 1 that performance of proposed 
algorithm (Multiple Values Bidirectional Square Root 
Search) is far better than the linear search. Also it shows 
good result in comparison with Binary Search and show 
good competition. 
 
         Table 2 shows the comparison of the proposed 
algorithm (Multiple Values Bidirectional Square Root 
Search) with the traditional searching algorithms on the 
basis of No. of comparisons. Graphical view of the same 
analysis is presented in the Figure 2. Total values in data list 
= 100000(1…..100000) 

Comparisons 
Binary 
Search 

Multiple 
Values 

Bidirectional 
Square Root 

Search 

Linear 
Search 

Values 

48 1 1 1 
40 9 948 948 
43 32 10112 10112 
38 67 30336 30336 
32 67 50560 50560 
38 75 69032 69032 
37 33 89888 89888 
41 10 97156 97156 
35 1 100000 100000 

Table 2: Multiple Values Bidirectional Square Root Search Vs Binary 
Search and Linear Search 
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FIGURE 2: MULTIPLE VALUES BIDIRECTIONAL SQUARE ROOT SEARCH V/S 
BINARY SEARCH AND LINEAR SEARCH 

       It can be observed from the Table 2 and graph presented 
in Figure 2 that performance of proposed algorithm 
(Multiple Values Bidirectional Square Root Search) is far 
better than the linear search. Also it shows good result in 
comparison with Binary Search and show good competition. 
 

 Table 3 shows the comparison of the proposed algorithm 
(Multiple Values Bidirectional Square Root Search) with the 
traditional searching algorithms on the basis of execution 
time (in ms). Graphical view of the same analysis is 
presented in the Figure 3. Total values in data list = 
1000000(1…..1000000) 

 
Execution Time(millisecond) 

Binary 
Search 

Multiple 
Values 

Bidirectional 
Square Root 

Search 

Linear 
Search 

No. of 
Elements 

15.6 15.6 19578 50000 
46.8 31.2 40950 100000 
93.6 62.4 80979.6 200000 
109.2 78 122226 300000 
187 109.2 210678 500000 
234 124 350107 600000 

Table 3: Multiple Values Bidirectional Square Root Search Vs Binary 
Search and Linear Search 
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      It can be observed from the Table 3 and graph presented 
in Figure 3 that performance of proposed algorithm 
(Multiple Values Bidirectional Square Root Search) is far 
better than the linear search. Also it shows good result in 
comparison with Binary Search and show good competition. 

VII. CONCLUSION 
By analyzing the graphs above, it can be easily 

examined that Multiple Values Bidirectional square root 
search efficient then linear search and also give good 
competition to binary search. The common thing between 
Multiple Values Bidirectional Square Root Search and 
Binary Search is that for both, the list of element should be 
sorted. In future, we are foreseeing to come up with a new 
searching technique, which hopefully will be more efficient. 

ACKNOWLEDGMENT 
We acknowledge the support and contribution from our 
loving and caring families, teachers and friends in 
continuing the education and research. With their moral and 
financial support, we are in higher education, which 
encourages us to write this research for the ease of human 
kind. Thank you all. 

REFERENCES 
[1] Thomas H. Cormen, Charles E. Leiserson, Ronald L. Rivest, and 

Clifford Stein. Introduction to Algorithms, Second Edition. MIT Press 
and McGraw-Hill, 2001. ISBN 0-262-03293-7. Section 1.1: 
Algorithms, pp.5–6. 

[2] D. A. Bailey, Java Structure:Data Structure in Java for Principled  
Programmer, 2nd ed. McGraw-Hill, 2003. 

[3]  R. Sedgewick, Algorithms in C++. Reading, Massachusetts: Addison- 
Wesley, 1992. 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

161 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



Chunk Sort 
 

Syed Zaki Hassan Kazmi 
Department of Computer Science 

IQRA University Islamabad Campus 
 Pakistan 

zaki.mzd@gmail.com 

Syeda Sobia Hassan Kazmi 
Department of Computer Science 

The University Of Azad Jammu And Kashmir 
Muzaffarabad A.K, Pakistan 

fajar_zara@hotmail.com 
 

Syeda Shehla Kazmi 
Department of Computing & Mathematics 

Manchester Metropolitan University, 
 United Kingdom 

shehla_kazmi@hotmail.com 

Syed Raza Hussain Bukhari 
Department of Computer Science 

The University Of Azad Jammu And Kashmir 
Muzaffarabad A.K, Pakistan 
razabukhari@hotmail.com 

 
 

Abstract—the objective of this paper is to develop new efficient 
sorting technique known as Chunk Sort. Chunk sort is based 
on the idea of Merge Sort. In this sort divide main data list into 
number of sub list then sort sub list and combine them until 
the whole list become sorted. The difference between merge 
sort and chunk sort is, merge sort merge two sub list in to one, 
but chunk sort merge three sub list in to single sorted list. It is 
fast then many existing sorting techniques including merge sort 
and quick sort. Running Cost analysis and the result obtained 
after implementation are provided in the graphical form with 
an objective to compare the efficiency of the technique with 
quick sort and merge sort, as both are consider as efficient and 
fast one. 

Keywords-Sorting;Merge Sort; Quick Sort. 

I.  INTRODUCTION  
Algorithms have a vital and key role in solving the 

computational problems, informally an algorithm is a well 
defined computational procedure that takes input and 
produces output. Algorithm is a tool or a sequence of steps 
to solve the computational problems [1]. 
     An Algorithm is a step by step process to solve a 
particular problem in a finite amount of time and has a 
fundamental and key role in solving the computational 
problems. Informally an algorithm is a well-defined 
computational procedure that takes input and produces 
output. So a Sorting Algorithm is the step by step process by 
which data is organized into a particular increasing or 
decreasing order, i.e. in ascending and descending order. 
Data can be in numerical or character form in particular and 
can be in other forms as well. There are a lot of sorting 
techniques, currently used in industry and academia, to 
arrange the data of various forms and from different areas.  
Sorting is of substantial importance as the human is 
obsessed in keeping the ordered information/knowledge. To 
search the particular data efficiently the arrangement of data 
is very important. To facilitate the human, computers 

consume a substantial time in ordering the data. The 
computational problems always have a cumbersome effect 
on the researchers on one hand and open the opportunities 
for them on the other hand. 

The study in hand proposes a new sorting technique that 
is tested and analyzed against merge sort and quick sort to 
provide its efficiency.  

This paper is organized as follows; Section II presents a 
brief review of existing sorting algorithms. Section III 
presents the description of proposed solution. Section IV 
presents the proposed algorithm. Section V presents 
Running Cost Analysis. Section VI present comparison 
between chunk sort with merge sort and  quick sort. Section 
VII ends with concluding remarks. 

II. A BRIEF REVIEW OF EXISTING SORTING 
ALGORITHMS 

A number of sorting techniques are currently used in the 
field of computer science. This section will briefly discuss 
some of the trendy sorting techniques among them. These 
are following: 

A. Merge Sort 
Merge sort is an O (n log n) sorting algorithm. It belongs 

to the family “Sorting by Merging”. It is an example of the 
divide and conquer algorithmic paradigm. It was proposed 
by John von Neumann in 1945 (Cormen T. H, Leiserson C.  
E., Rivest R. L. and Stein C. [1990] 2001). Conceptually, a 
merge sort works as follows: 

1. If the list is of length 0 or 1, then it is already 
sorted. Otherwise: 

2. Divide the unsorted list into two sublists of about 
half the size. 

3. Sort each sublist recursively by re-applying merge 
sort. 

4. Merge the two sublists back into one sorted list. 
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B.  Quick Sort 
  Quick sort is another well-known sorting algorithm and 

base on divide-and-conquer paradigm. Its worst-case 
running time is Θ(n²) having a list of n items. In spite of 
slow worst-case running time, quick sort is often the best 
practical choice for sorting the lists because it is extremely 
efficient on the average running time i.e. Θ(nlogn). In most 
real-world data it is possible to make design choices which 
minimize the probability of requiring quadratic time 
(Cormen T. H, Leiserson C.  E., Rivest R. L. and Stein C. 
Quicksort 2001). 

III. CHUNK SORT 
Chunk sort is based on the idea of Merge Sort. In this sort 

divide main data list into number of sub list then sort sub list 
and combine them until the whole list become sorted. The 
difference between merge sort and chunk sort is, merge sort 
merge two sub list in to one, but in chunk sort merge three 
sub list in to single sorted list. It is fast then many existing 
sorting techniques including merge sort and quick sort. 
Conceptually, a Chunk sort works as follows: 

1. If the list is of length 0 or 1, then it is already 
sorted. Otherwise: 

2. Divide the unsorted list into three sublists. 
3. Sort each sublist. 
4. Merge the three sublists back into one sorted list. 

 
 

 

IV. ALGORITHM : PSEUDO CODE 
Square Root Sort (arr) 
            temp = temperary Array  
            l = length[arr] 
            length = l 
            t = l / 4 
            sqr = 3 

            sqrr = 1 
            p2 = 0 
            while sqrr != l 
            { 
                p1 = 0 
                p3 = 0 
                while p3 < l 
                { 
                    r = 2 
                    p3 = p3 + sqr 
                    if p3 > l 
                    { 
                        p3 = l 
                    } 
                    while p2 != p3 - 1 
                    {  
                        p4 = p2 + 1 
                        p2 = p2 + sqrr 
                        if p2 >= p3 
                        { 
                            p2 = p3 - 1 
                        } 
                        if r % 2 == 0 
                        { 
                            if arr[p1] >= arr[p2] 
                            { 
                                r = r + 1 
                                j = p1 
                                for k = p4; k <= p2; k++ 
                                { 
                                    temp[j] = arr[k] 
                                    j++ 
        } 
                                x = p1 
                                while x != p4 
                                { 
                                    temp[j] = arr[x] 
                                    x++ 
                                    j++ 
  } 
                            } 
                            else 
                            { 
                             If arr[p4]<arr[p4-1] 
                                { 
                                    r = r + 1 
                                    j=p1 
                                    x=p4 
                                    for k = p1; k <= p2; k++ 
                                    { 
                                        if arr[j] <= arr[x] 
                                        { 
                                            temp[k] = arr[j] 
                                            j++ 
                                            if j == p4 
                                            { 
                                                k++ 
                                                while k <= p2 
                                                { 
                                                    temp[k] = arr[x] 
                                                    x++ 
                                                    k++ 
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                                                }  }}                                         
                                        else 
                                        { 
                                            temp[k] = arr[x] 
                                            x++ 
                                            if(x>p2) 
                                            { 
                                                k++ 
                                                while k<=p2 
                                                { 
                                                     
                                                    temp[k] = arr[j] 
                                                    j++ 
                                                    k++ 
                                                } }}}}}}                                               
                                             

                         else 
                        { 
                            if temp[p1] >= arr[p2] 
                            { 
                                r = r + 1; 
                                j = p1 
                                for k = p4; k <= p2; k++ 
                                { 
                                    arr[j] = arr[k] 
                                    j++ 
                                } 
                                x = p1 
                                while x != p4 
                                { 
                                    arr[j] = temp[x] 
                                    x++ 
                                    j++ 
 
                                } 
                            } 
                            else 
                            { 
 
                                if arr[p4] < temp[p4 - 1] 
                                { 
                                    r = r + 1 
                                    j = p1 
                                    x = p4 
                                    for k = p1; k <= p2; k++ 
                                    { 
                                        if temp[j] <= arr[x] 
                                        { 
                                            arr[k] = temp[j] 
                                            j++ 
                                            if j == p4 
                                            { 
                                                k++ 
                                                while k <= p2 
                                                { 
                                                    arr[k] = arr[x] 
                                                    x++ 
                                                    k++ 
                                                } 
                                            } 
                                        } 
                                        else 

                                        { 
                                            arr[k] = arr[x] 
                                            x++ 
                                            if x > p2 
                                            { 
                                                k++ 
                                                while k <= p2 
                                                { 
 
                                                    arr[k] = temp[j] 
                                                    j++ 
                                                    k++ 
                                                } 
 
                                            } 
 
                                        } 
 
                                    } 
 
                                } 
 
                                else 
                                { 
                                    r = r + 1 
                                    for k = p1; k <p4; k++ 
                                    { 
                                        arr[k] = temp[k] 
 
                                    } 
 
                                } 
                            } 
 
                        } 
 
                    } 
                    if r % 2 != 0 && p1 != p2 
                    { 
                        for j = p1; j <= p2; j++ 
                        { 
 
                            arr[j] = temp[j] 
 
                        } 
                    } 
                    p1 = p2 + 1 
                    p2 = p1 + sqrr - 1 
 
                } 
                sqrr = sqr 
                p2 = sqrr - 1 
                 
                if sqr >= t 
                { 
                    sqr = l 
                } 
                else 
                {                     
                    sqr = sqr * 3 
                }   
    } 
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V. RUNNING COST ANALYSIS 
        In order to get a better handle of what the resulting 
complexity might be, suppose that we denoted by T(n) the 
amount of time that Chunk Sort uses on an array of size n. 
Recall that executing a sequence of instructions will cause 
us to add the running time. Hence, the running time will 
obey the following equation: 
T(n) = T(n/3)+ T(n/3)+ T(n/3)+Tmerge(n) = 3T(n/3)+cn 
        where c is a constant, reflecting the actual number of 
basic operations (comparisons, tests, arithmetic operations, 
assignments) in the merge routine. we would like to get a 
closed formula for T, or at least figure out what its fastest-
growing term is (so that we can figure out O() for the 
algorithm).To get a better grip on the problem, let us 
unwind T for a couple more steps: 
T(n) = 3T(n/3)+cn 
T(n) = 3(3T(n/9)+cn/3)+cn=32 T(n/9)+2cn 
T(n) = 32 (3T(n/27)+cn/9)+cn=32 T(n/27)+3cn 
        How many times can we continue this expansion? 
Until we get to T(1) which is 1(this corresponds to the base 
case of running on an array of size 1). Since in each step we 
divide n, we will reach T(1) is log3 n steps. At that point, 
we will have: 
T(n) = 2log3 nT(1)+cn log3  n 
        The first term above is O(n), the second is O(n log3 n), 
so the whole algorithm is 

T (n) = O(n log3 n) 

VI. COMPARISON OF CHUNK SORT WITH  MERGE SORT 
AND QUICK SORT 

 Table 1 show the comparison of the proposed algorithm 
(Chunk Sort) with the traditional sorting algorithms on the 
basis of execution time when input data list is in descending 
order. Graphical view of the same analysis is presented in 
the Figure 1. 

 
Table 1: Chunk Sort v/s Merge Sort and Quick Sort 

 
 
 
 
 
 
 
 
 
 

 
 

Figure 1: Chunk Sort v/s Merge Sort and Quick Sort 
       

         It can be observed from the Table 1 and graph 
presented in Figure 1 that performance of proposed 
algorithm (Chunk Sort) is far better than the Quick Sort and 
Merge Sort. 
 
         Table 2 shows the comparison of the proposed 
algorithm (Chunk Sort) with the traditional sorting 
algorithms on the basis of execution time when input data 
list is in ascending order. Graphical view of the same 
analysis is presented in the Figure 2 
 

 
Table 2: Chunk Sort v/s Merge Sort and Quick Sort  
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Figure 2: Chunk Sort v/s Merge Sort and Quick Sort  
       It can be observed from the Table 2 and graph presented 
in Figure 2 that performance of proposed algorithm (Chunk 
Sort) is far better than the Quick Sort and Merge Sort. 
 
      Table 3 shows the comparison of the proposed algorithm 
(Chunk Sort) with the traditional sorting algorithms on the 
basis of execution time when input data list is generated by 
random numbers. Graphical view of the same analysis is 
presented in the Figure 3. 
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Figure 3: Chunk Sort v/s Merge Sort and Quick Sort 
      It can be observed from the Table 6.8 and graph 
presented in Figure 6.11 that performance of proposed 
algorithm (Chunk Sort) is far better than the Quick Sort and 
Merge Sort. 

VII. CONCLUSION 
By analyzing the graphs above, it can be easily 

examined that Chunk Sort is efficient then merge sort and 
quick sort. In future, we are foreseeing to come up with a 
new sorting technique, which hopefully will be more 
efficient. 
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Abstract 

Resource sharing in network society is common 

particularly with the current enormous increase in the 

number of Internet users with respect to limited 

resources. The emergence of new application such as 

real-time applications with more sensitivity and odd 

behavior required fundamental change in resource 

sharing policy. The delay which caused by congestion 

could sensationally demolish all the aspiration for 

delivering such sensitive application with respect to its 

restrictions. Scheduling mechanism plays an essential 

and crucial part of this function since queuing delay is 

the largest delay which experienced by the packet. 

Therefore, this paper is looking at the evolution of 

scheduling mechanism in the academic environment. 

We present the development in top-down approach 

form the last proposal to the very beginning. Although 

such approach provides a comprehensive knowledge, 

intensive information and rigorous tracking of the 

evolution of scheduling mechanism, the results shows 

that there is no much changes in the principle of the 

scheduling except for most recent scheduler named as 

Just Queuing.    

Keywords: QoS, real time application, scheduling, 

queueing, network layer. 

1. BACKGROUND 

The interest in licking the issue of congestion or flow 

control in network established from the first discovery and 

increase popularity of the Internet in 1967 or earlier. The 

congestion problem was not fully exposed at the presence 

of ARPANET based network due to the bandwidth 

informality and switching node identicalness, and the 

excessiveness of the capacity particularly in the department 

of defense in early 80’s [36],[37],[38].  However, as the 

use of the network deployed and the popularity increase, 

the issue grows and the demand for an optimal or tentative 

solution becomes obvious. Since that time there has been 

an intensive effort from the scholar and researchers to solve 

the congestion control problem.  

The problem get worse by the presence of novel traffic 

with different characteristics for application called real time 

application such as video and voice application. Another 

cause of this demand is the user himself. Users start to 

complain and request for much effective service. RFC 1193 

identifies the user requirements for reliable QoS which 

depend on the service level of agreement. There are several 

attempts in different network layers to solve the issues of 

congestion control.  

The attempts in solving the congestion problem in 

network layer were popular in 90’s. Researchers tend to 

schedule the packet transmission to fulfill the requirements 

for different network traffic. There was a comprehensive 

study of queueing algorithms and scheduling disciplines to 

control the congestion in the network. The argument 

surrounded the effectiveness in term of bounding delay and 

packet loss rate, the efficiency in term of users’ protection 

from misbehaved users, and the fairness of a scheduler is 

quite popular in the network community by the meddle of 

90’s. This argument result in a discovery of several 

scheduling mechanisms which based on two main 

categories namely: timestamp scheduling and round robin 

scheduling.  

However, the effort toward the scheduling solution has 

been humbled because both round robin and timestamp 

scheduler have failed to achieve the requirements of all the 

scheduler’s requirements; fairness, bounded delay, loss 

rate, and low complexity. The attempts have been changed 

toward another network layers. However, there are a few 

researchers conducted in late 1990’s as well as 2000 in the 

scheduling area. Nevertheless, almost none of the 

approaches have been implemented in the market place. 

For a certain purpose there is a believe that this area should 

be revived. According to Internet coaching library, the 

Internet users have grown just over 342.2% since 2000 

[28]. Consequently, the usage will suffer from a 

magnificent growth. Additionally, the emergence of new 

application such as online gaming and three dimensional 

(3D) games and application, results in a demand for 

distinguish effort in the area of scheduling and queuing 

discipline. Therefore, as been claimed by Floyd [13], there 

will be a negative impact of best effort traffic and 

unfairness of the competing traffic. 

This article will demonstrate chronologically how the 

attempts toward timestamp based scheduling have been 

evolved. Furthermore, the benefit and the drawbacks of 

using the mechanism will be presented. Also, there will be 

a brief explanation of the mathematical, conceptual and 
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implementation issue. The key success of the scheduler in 

the market will be highlighted. This paper will stimulate the 

research thinking to identify the importance and the ability 

of scheduling in routers to enhance QoS for real time 

application. In addition it will assist the researcher to 

distinguish the key failure of other proposed mechanisms 

which have not been implemented in real routers. Next 

section will present the importance of scheduling 

mechanism in routers for supporting QoS for real time 

applications over other solution on different layers such as 

increase the bandwidth and improve the software 

capability. This will followed by identification of the two 

research directions and specifies the timestamp category to 

be illustrated. The following sections have been organized 

chronologically starting from the discovery of the 

congestion and end with the current evolution. The final 

section is summary and conclusion.  

2. THE SIGNIFICANCE OF SCHEDULING MECHANISM 

There are several reasons to believe in the effectiveness and 

the efficiency of scheduling and queueing in router to 

augment QoS for real time application. The use of user 

datagram protocol (UDP) in transport layer as the primary 

protocol for transporting real time application has limited 

the improvement of the enhancement of QoS in this 

particular layer. Although, the standardization of datagram 

congestion control protocol (DCCP) to provide 

sustainability for UDP, the reliability issue still available. 

Therefore, the scholar effort to provide enhancement for 

QoS for real time application is less efficient. Furthermore, 

it has been declared in RFC2309 that congestion avoidance 

mechanisms in TCP are not sufficient in all circumstances. 

Hence, there should be another area to enhance the QoS for 

real time application and provide fairness among all 

network traffic. 

The attempt to overcome the problem by constructing 

user software is much efficient with the cost as a side 

effect. Real time protocol (RTP) header compression is one 

technique to reduce the real time application header which 

consequently reduces the delay. Increasing the bandwidth 

to accommodate the large amount of real time application 

data is not the adequate solution for the problem. With the 

presence of first-come-first-serve (FCFS) technique the 

issue will increase. The hanger for bandwidth will increase 

even with the potential increase of the bandwidth as the real 

time application files is significantly large, especially, for 

video streaming and conferencing. Although, video 

application is mush tolerant to the delay and loss then the 

voice, the emergence of new application such as IPTV 

make customer demand constrains this tolerance. 

3. STUDY TREND 

Researchers took two different paths in order to achieve the 

goal of solving the congestion problem in routers using 

scheduling.  The first approach is using timestamp 

scheduler. The aim of this approach is to approximate the 

ideal process sharing which called generalized process 

sharing (GPS). Researchers involved in this class seek for 

better fairness and bound the delay to enhance the QoS for 

real time application. The side effect of this research is 

negligence of complexity issue which makes their 

scheduler much complicated (with the complexity of (O(n)) 

than to be implemented in real routers. In addition the 

complexity problem increase as the network organized 

hierarchically. 

The second approach was much simpler. Researchers 

involved in this category were aware of the complexity 

issue. However, they were not conscious of the fairness and 

bounding delay issues. The result is simpler scheduler with 

fairness and bounding delay trade off. Moreover, the issue 

of fairness increase as the network tends to be hierarchy. 

Therefore, this article will be in favor of scheduling 

mechanism using timestamp scheduler which supports real 

time application characteristics. The next section will 

demonstrate the chronological evolution of timestamp 

scheduler. 

4. THE SLOTHFUL AGE 

During the last two stages, which compose of one decade, 

there are at least fourteen disciplines have been proposed to 

combat the issue of scheduling in routers using the time 

stamp principle. On the other hand, this stage constitutes 

the same period with much less proposed disciplines.  

Furthermore, during the last three years the effort toward 

improving the scheduler has experience an indolence which 

could be, obviously, seen from the literature. 

Simple weighted fair queueing (SWFQ) proposed by 

[50] has adopted the concept of proportional rate server 

(PRS). Basically, when the backlog occurs, among the 

backlogged connections, only the set of connections with 

the minimum potential at time t is served. Each connection 

in this set is served with an instantaneous rate proportional 

to its reservation, so as to increase the potentials of the 

connections in this set at the same rate. The author claims 

that his approach has overcome the system potential 

complexity issue by proposing the execution of the re-

calibration every time the transmission completed. 

However, this attempt could introduce new implementation 

complexity issue which could critical.  

Xiaohui et al. [52] demonstrate a basic proposition of 

one timestamp per queue (OTPQ) which could be used in 

the WFQ as well as the one timestamp per packet (OTPP) 

approach. The article presents some mathematical 

approaches beside the implementation and analysis. There 

are some disadvantages regarding their proposition. Firstly, 

any failure in calculating the OTPQ will result in crucial 

degradation in the fairness and inaccuracy. Furthermore, 

the proposition was impractical.  

168 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  

Vol. 8, No. 4, July 2010 

 
New start potential fair queueing (NSPFQ) is proposed 

in [31] and proposed as mean starting potential fair 

queueing in (MSPFQ) in [32] as an enhancement for SPFQ 

which proposed in [44]. There a slight discrepancy between 

both algorithms. NSPFQ recalibrates the system virtual 

time using the maximum timestamp increment (MTI), 

which defines as a constant value that determine at the 

system setup and mathematically as the result of the 

division of maximum packet length and a rate, while it uses 

the system virtual time for a newly arrived packet as the 

last calibrated system virtual time added by the elapsed real 

time between two calibration events. Nevertheless, since 

the NSPFQ is actually, a PRF, it still has the system 

complexity of O log(n). 

A new method of scheduling has proposed by [41] 

which called greedy fair queueing (GrFQ). The concept of 

GrFQ is to seek of the minimization of the maximum 

difference in the normalized service received by any two 

flows when the next packet transmission completes. 

Obviously, this principle has been inspired by SWFQ 

discipline. The author uses the relative fairness bound 

(RFB) to prove the fairness of the algorithm. In addition, 

according to the simulation result, the discipline bounding 

delay is approximately similar to WFQ. However, its 

complexity is O(log N) with respect to the flow which is 

still high.  

Since there are several issues associated with the 

implementation of HPFQ [1], Ju [29] introduced new 

method which augments the mechanism and called novel 

HPFQ. The principle of the proposition is to divide the 

scheduling task in to four server; hard-QoS server 

scheduling, soft-QoS server scheduling, best-effort server 

scheduling and co-scheduling among the previous 

mentioned three servers. The rest of the algorithm is typical 

to the HPFQ. With this sort of division of tasks, it will 

involve practical complexity.  

Lee et al. [33] presents a new scheduling mechanism 

which adopts the virtual clock principle and called worst-

case fair weighted fair queueing with maximum rate control 

(WF
2
Q-M). WF

2
Q-M claimed to be consisted of packet 

shaping and scheduler which enforce the maximum rate 

constraints with low packet loss. However, the most 

obvious drawback of such algorithm is potential increase in 

the complexity which result of the combination of both 

scheduler and shaper. 

Finishing potential fair queueing (FPFQ) is introduced 

in [25] which based on PRS model. The main contribution 

of this algorithm is to reduce the system potential 

complexity which involve in all PRS based scheduler by 

the combination of system potential function with the 

function used for the determination of the next served 

packet. Since this approach is quite version there are, so 

far, no obvious issue associated with it implementation.  

To some up, the PRS scheduler model in this stage 

constitute most of the researcher concentration. FPFQ,  

GrFQ, NSPFQ, and SWFQ is the PRS based scheduler and 

WF
2
Q-M and novel HPFQ adopted different methods. 

5. DISPUTE AGE 

Upon the magnificent achievement of the WFQ in 

convincing IETF to accept the mechanism as the basic 

blocks for routers in 1996, researchers establish a 

comprehensive discussion regarding the effectiveness, 

efficiency and fairness of its implementation. Study 

conducted by [24] concurs with the fairness and the 

effectiveness of WFQ in its approximation of Generalized 

Process Sharing. The author verifies his opinion by using a 

mathematical and simulation model.  

However, another study conducted by [2] asserts that 

WFQ is not good enough in providing fairness. Therefore 

the author comes up with another model [3]. Worst case 

fair weighted fair queuing (WF
2
Q) is Bennett proposed 

model. Wf2Q approximate GPS with high probability and 

difference of no more one packet. In a WF
2
Q system, 

whilst the server chooses the next packet at time t, it selects 

only from the packets that have started receiving service in 

the corresponding GPS at t, and elects the packet among 

them that would finish service first in the corresponding 

GPS. On the other hand, the time complexity of 

implementing WF
2
Q is high for the reason that it based on 

a virtual time function which is distinct with respect to the 

corresponding GPS system. This leads to significant 

computational complexity due to the need for simulating 

events in the GPS system.  

Bennett and Zhang [1] have introduced hierarchical 

packet fair queueing (HPFQ) which is also called enhanced 

WF
2
Q (WF

2
Q+). Their approach is similar to WF

2
Q with 

simpler implementation. In WF
2
Q +, each flow is 

associated with a weight, such that the sum of the weights 

of all flows is no larger than a predefined value W. A flow's 

weight specifies how much share of the capacity of the 

output link a flow is entitled to receive.  Note that if W is 

equal to the capacity of the link, then the weights are actual 

bandwidth given to each flow. By keeping track of eligible 

times and finishing times of flows, the packets could be 

scheduled according to WF
2
Q +. [6],[7] simulates WF

2
Q + 

and compare its performance with SPFQ, which will be 

described later. In spite of the fairness and less complexity 

of HPFQ, there is an issue regarding the distribution of the 

bandwidth in the presence of hierarchical complex network. 

Moreover, the model has lack of ability to serve the 

multimedia traffics due to less-consideration of the 

diversity requirement of the multimedia traffic.  It, also, 

has the inability to accommodate the dynamic flow set and 

insulating the similar traffic. 

Start time fair queueing (SFQ) ([21],[23] applies 

different method with different computational method as 
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well for starting and finishing time for a packet. SFQ has 

finish number and start number. Start number of a packet 

arriving into inactive connection is the current round 

number otherwise it is the finish number of the previous 

packet. Additionally, round number is set to start number of 

the current packet. Hence, packets scheduled in the 

increasing order of start number. SFQ is effective in 

variable bit rate (VBR) application such as the video 

application. Its computation method is less complex 

compare to WFQ and WF
2
Q. Nevertheless, packet sorting 

complexity is an implementation issue which prevents the 

utilization of SFQ in real routers. Furthermore, the end-to-

end delay grows proportionally with the number of session 

[22].  

Leap forward virtual clock (LFVC) introduced in [47] 

has some properties with a subtle discrepancy with VC. It 

consists of two queues; high and low priority. Packets from 

the high priority queue are serviced by lowest tag first. 

Contrary, packets from the low priority queue must still be 

serviced before their tag. Furthermore, it applies the 

punishment policy which means that any flow exceed its 

throughput will be postponed. There are two obvious 

limitations for such discipline; the latency will be increased 

as the number of punished queue increase which leads to 

the second issue which is the accumulative packets.  

Stiliadis [44] presents their mechanism with the 

complexity of O(1) for time stamp and with bounded delay 

and reasonable fairness which called starting potential 

based fair queueing (SPFQ). In this algorithm the virtual 

time is derived from the based potential which defines as 

the minimum of the starting potential of all backlogged 

session. Additionally, the system potential is re-calibrated 

to the minimum of start potential every time this minimum 

changes. Consequently, in term of its implementation, it 

requires more state information to be maintained which 

cause a crucial implementation issue and consequently the 

system complexity will increase linearly with the time.  

Minimum delay self clocked fair queueing (MD-

SCFQ) is another algorithm which proposed by [5]. Since 

MD-SCFQ uses virtual finishing time of the packet as the 

system virtual time, the complexity of calculating system 

virtual time is O(1). Likewise, its fairness is optimal beside 

its bounded delay which is reliable. Nevertheless, the 

recalibration of the system virtual time which passed on 

weighted average virtual start time of all backlogged 

session introduces additional computation which results in 

more complexity.  

To sum up this stage, the complexity issue is the 

dominant of this stage and therefore, none of the proposed 

discipline has been successful in term of its implementation 

in real router. Even though, STFQ, SPFQ and MD-SCFQ 

has less complexity than WF
2
Q, WF

2
Q+, LFVC, and SFQ, 

the potential increase of the system complexity over time 

obstacles its implementation.  

6. THE UPHEAVAL AGE 

As [10] approach has been approved by IETF, researchers 

start a fairly long discussion and the effort toward the 

scheduling algorithm has been raised. As the algorithm 

evolved, some of the side effects of using WFQ have been 

illuminated and several novel and enhanced algorithms 

have been proposed. Self clocked fair queuing (SCFQ) 

proposed by [18] share some similarities with WFQ. It is 

believed that its first conceptual proposition was by [9]. 

The principle of SCFQ that every packet is tagged prior of 

its involvement in the queue and the packet served as its tag 

increase. Despite the fact that it is simpler than WFQ, it has 

the sacrifice of the fairness and less end-to-end bounding 

delay as the number of session grows which makes it less 

concurrent.  

There are some other researchers in favor of WFQ and 

some other disciplines oppose it. Golestani et al. [19] 

introduces a new algorithm, which work cooperatively with 

first-in-first-out (FIFO), to solve the problem of standalone 

FIFO in the degradation in controlling the delay and the 

congestion of a network. His conceptual and mathematical 

approach, which has been presented in several articles [15], 

[16], [17], [18], [19], and [20], tended to address the issue 

in the frame level by introducing the departing and arriving 

frame. This attempt considered as the basic blocks for 

timestamp scheduling even before the proposition of [10] 

as it has been mentioned in his thesis which approved in 

1979 [16].  

Golestian [16] claims that his approach designed for 

connection-oriented network. Nevertheless, there are two 

parts of his strategy; the packet admission and the stop-and-

go. Since stop-and-go primarily tends to be implemented in 

the switches, it could be adopted for connectionless-

oriented network. Essentially, his concept is to assign a 

departing and arriving frame for each packet and divide the 

time in to frames. The served packet should be departed in 

the previous time frame in order to be sent. However, the 

lack of work-conserving discipline and unfairness, despite 

the fact that his approach is better in regard of bounding 

delay-variance, led to less popularity of the algorithm in the 

market environment.   

L. Zhang [55] demonstrates his new discipline which 

called virtual clock (VC). Primarily, he introduces his 

algorithm in his thesis in 1989 and his first paper in the 

discipline in 1991. The concept of his mechanism is to 

emulate the time division multiplexing (TDM) by 

allocating a virtual transmission time for each packet. 

However, its insufficient ability to provide fairness, which 

considered as a primary condition for designing a 

scheduler, led to its supersession.  
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There are two disciplines which cognitively correlated 

to earliest deadline first scheduling (EDF); delay earliest-

due-date (Delay-EDD) and jitter earliest-due-date (Jitter-

EDD). However, there is a subtle difference EDF, Delay-

EDD and Jitter-EDD. EDF does not provide protection to 

the host from misbehavior host. Delay-EDD, which 

proposed by [11],[12] attempts to overcome this issue by 

assigning a rate to each flow and compute a deadline based 

on packet arrival time and allocate separate rate and delay. 

However, its lack of providing proper bounding for delay 

variation (jitter), results in its failure to enhance the QoS 

for real time application. Jitter-EDD, which proposed by 

[49] achieves a satisfactory level of bounding delay 

variation and requires less buffer size. Basically, it 

maintains a head time which stored in the packet header 

and different from deadline and arriving time. This packet 

head time delays the packet to allow reconstruction and 

hence avoidance of jitter. Nevertheless, it utilizes the 

concept of non-conserving scheduler which is not preferred 

in term of providing QoS for real time application.  

The innovation in the scheduling was not limited in 

the above mentioned discipline in this period, rather it has 

been expanded but these are the distinguished mechanisms. 

It titled as the revolution period because there are several 

novel ideas has been proposed on this period. There is 

diversity in implementing each mechanism either in 

mathematical or simulation approach. To conclude these 

mechanisms will be counted and grouped in two main 

categories; work conserving and non-work conserving 

discipline. The work conserving algorithms are WFQ, 

SCFQ, Virtual Clock and Delay-EDD. The non-work 

conserving algorithms are Stop-and-Go and Jitter-EDD. 

Finally, [54] is a distinguish paper which compares those 

algorithms in their underlying algorithm, performance 

guarantee provided, buffer space requirement, associated 

admission control policy and implementation issues.  

7. THE BREAKTHROUGH 

The issue of network congestion was first successfully 

addressed by [36], [37], [38] and published in RFC 896. In 

Nagle [36], there was a clear explanation of the congestion 

collapse. The issue of the integrated network has been 

mentioned in Nagle article by introducing a solution for the 

problem of small-packet. This means that as different 

traffic with different characteristics emerge to the network, 

the network will suffer from providing reliability and 

quality for serving this new traffic. Consequently, the 

network should behave differently. The inhibition of 

sending new packets till the arrival of acknowledgement 

(ACK) was his basic attempt [38]. In other words, he 

basically eliminates the time constraint in the vendor 

machine. His approach was in TCP layer and quite simple 

and realistic but it would not serve all traffic patterns.  

In addition to the small packet solution which 

introduces the problem of traffic diversity, Nagle proposed 

the gateway self defense scheme which has been later 

called as fair queueing (FQ). FQ considered as, in principle, 

the first successful approach to reduce the impact of 

misbehaved host and introduces the fairness demand. 

However, his proposal has not been implemented not even 

in a simulation environment. Therefore, the attention is not 

vital.  

The famous weighted fair queueing (WFQ) was first 

proposed by [10]. There are several reasons for the success 

of WFQ. The actual demand for a technique to solve the 

congestion and QoS issues in the network leads to the wide 

acceptance of the discipline in the network community. 

Another key success which distinguishes this mechanism is 

comprehensive coverage of the mechanism description 

which enhanced with the simulation results. The 

mechanism adopts the fairness definition as a 

Maximization of the allocation for the most poorly treated 

session (maximize the minimum). Since the congestion 

problems dramatically grow, the Internet engineering task 

force (IETF) in 1996 approved WFQ as a basic building 

block for future integrated service network. Actually, the 

practical implementation of WFQ has been presented in 

[37] and it is primarily one of the reasons for WFQ wide 

deployment. Eventually, this stage has a happy ending with 

crucial solution, as it has been assumed, to the fairness and 

congestion problem.  

8. THE CONCLUSION 

In this paper the importance of scheduling in router has 

been demonstrated. Then, the chronological evolution of 

timestamp scheduler has been presented. Obviously, the 

scheduling algorithms revolutionary developed in early and 

late 90’s. However, in the 2000’s, more attention been 

devoted for enhancing QoS in other layers. Most of current 

routers utilize the old discipline whether timestamp or 

round robin. Therefore, WFQ still the dominant of the 

scheduling mansion. 
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Abstract—Document clustering is also referred as text 
clustering, and its concept is merely equal to data clustering. It 
is hardly difficult to find the selective information from an 
‘N’number of series information, so that document clustering 
came into picture. Basically cluster means a group of similar 
data, document clustering means segregating the data into 
different groups of similar data. Clustering can be of 
mathematical, statistical or numerical domain. Clustering is a 
fundamental data analysis technique used for various 
applications such as biology, psychology, control and signal 
processing, information theory and mining technologies. For 
theoretical or machine learning perspective the cluster 
represent hidden pattern means search can be done by 
unsupervised learning, called data concept. For practical 
perspective clustering plays vital role in data mining 
applications such as scientific data exploration, information 
retrieval and text mining, spatial database applications, Web 
Analysis, CRM, marketing, medical diagnostics, 
computational, biology, cybernetics, genetics, marketing etc., in 
this survey we mainly concentrate on text mining and data 
mining. The process of extracting interesting information and 
knowledge from unstructured text is referred as text mining. 
Data mining is sorting through data to identify patterns and 
plot out the relationship. There are lot of algorithm based on 
text and data mining. 
 

Keywords-Text Mining, Information Retrieval and Text 
Mining, Spatial Database Applications, Web Analysis. 

I. INTRODUCTION 
Document clustering is the task of automatically 

organizing text document into meaning full cluster or group, 
such that the document in the same cluster are similar, and 
are dissimilar from the one in other clusters. It is one of the 
most important tasks in text mining. There are several 
number of technique launched for clustering documents 
since there is rapid growth in the field of internet and 
computational technologies, the field of text mining have a 
abrupt growth, so that simple document clustering to more 
demanding task such as production of granular taxonomies, 
sentiment analysis, and document summarization for the 
scope of devolving higher quality information from text. 
They involve in multiple interrelated types of objects. Co-
cluster means document similarity and word similarity are 
defined in a reinforcing manner.  

Computer network is the backbone of science and 
technology, merely 85% of business information is in the 
form of text, so logic-based programming is difficult to 
capture in fuzzy. In order to solve this problem we cope up 
with large number of words in one hand able to structures in 
natural language and on the other hand allow handling 
vagueness, uncertainty and fuzziness. Text mining is a 
knowledge intensive process where the user interacts with a 
document collection by using analysis tools. This is 
analogous to data mining. It extracts the useful information 
from data source from unstructured text. Text document 
used to identify simplified subset of document features that 
can be used to represent the particular document as the 
whole. This feature is said to be a representational model. 
Each document in a collection is made up of large number 
of features, so that it affects the system approach, 
performance and design. 
  

The text mining system supports the presentation layer 
for browsing that is both dynamic and content based 
browsing. Text mining always use visualization tool to 
navigate and explore the concept pattern, this is used for 
expressing the complex data relationship. Text mining act as 
(GUI), graphical user interface, that is friendlier for interact 
with the graphical representation of concept pattern. The 
presentation layer of text mining system severs as a front 
end for execution of the system core discovery algorithm. 
This is user friendly and powerful algorithm, but very 
complex. 
 

The dynamic partitioning of texts ranks top on the priority 
list for all business intelligence systems. However, first 
current text clustering approaches still suffer from major 
problems that greatly limit their practical applicability. Text 
clustering usually noticed as objective method, since it 
delivers one clearly defined results, which should be 
optimal. This is contrary, because different people need 
different idea in clustering the text, as the same text is 
viewed in terms of business as well as technical aspects. 
Second text clustering working in [13][12] high dimensional 
space, where each word is seen as a potential attribute. But 
clustering in high dimensional space is very difficult, since 
each data tends to have the same distance from all other 
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points. To overcome this problem we are using several 
techniques.[14] Third text clustering is actually useless, but 
if we combine with explanation of particular text were 
categorized into particular cluster, but this suffers from high 
number of feature chosen for computing cluster. Though 
there is lot of difficulties in high dimensional clustering, this 
can be eradicated by means of several algorithms our 
ultimate aim is to derive clustering result eventually in all 
space.  
 

The remainder of this paper is organized as follows. 
Section II discusses some of the earlier proposed research 
work on text document clustering. Section III provides a 
fundamental idea on which the future research work focuses 
on. Section IV concludes the paper with fewer discussions. 

 

II. RELATED WORK 
 
Barry de Ville et al., [1] proposed the data-mining 

classification and predictive modeling algorithms that are 
based on bootstrapping techniques. This explains re-use of 
source data repeatedly that can render a holographic view of 
the modeled data. This holographic application is mainly 
used in industrial area that involves text mining warranty 
claims at a major international car, truck, and heavy 
equipment manufacturer. This paper shows, how they work, 
how they perform in text mining area as supplied to 
warranty claims. The main goal is to obtain the 
performances better -than -human.  
 

Mine.T et al., [2] put forward that text mining system 
obtain the relationship between the topics of international 
conference. This paper not only says about the relation 
between topic and conference, but also says the relationship 
between information entities that users are interested.[3] 
arbitrary relations between concepts of a molecular biology 
ontology for the purpose of supporting text mining and 
manual ontology building. [4], [5] have given insights on 
work done on the WWW corpus for text mining based on 
ontological systems. Basically ontology is defined as 
specification of a conceptualization and this also refers to 
the subject of existence. JAVA based ontology and 
knowledge based framework provides a plug-and-play 
environment that makes it a flexible for rapid prototyping.  
 

Qiaozhu Mei et al., says new general probabilistic model 
for contextual text mining that can cover several existing 
models as special cases. The extension of the Probabilistic 
Latent Semantic Analysis (PLSA) model the context 
variables models the context of a document. The proposed 
mixture model, called contextual probabilistic latent 
semantic analysis (CPLSA) model, can be applied to many 
interesting mining tasks, such as temporal text mining. 
PLSA [7] document act as a mixture of aspects, where each 
aspect is represented by a multinomial distribution. To avoid 
over fitting in PLSA, Blei and co-authors proposed a 

generative aspect model called Latent Dirichlet Allocation 
(LDA), which could group up the themes from document. 
 

Miha Grcar1 et al., put fourth an approach regarding lack 
of software mining techniques, which means process of 
extracting knowledge out of source code. [8]In this paper we 
approach the software mining task with a combination of 
text mining and link analysis technique. This mainly deals 
with interlinks between one instance to another instance. 
There are mainly two approaches to build tool for software 
component, retrival and knowledge based approaches. First 
approach natural language documentation of the software 
components. With this approach no interpretation of the 
documentation is made but information is extracted via 
statistical analyses of the words distribution. On the other 
hand, the knowledge-based approach relies on pre-encoded, 
manually provided information Knowledge-based systems 
can be “smarter” than IR systems but they suffer from the 
scalability issue. We recently started developing an 
ontology-learning framework named LATINO which stands 
for Link-analysis and text-mining toolbox [8]. LATINO will 
be an open source general purpose data mining platform 
providing text mining, link analysis, machine learning, and 
data visualization capabilities. 
 

Ingo Feinerer et al.,[9] gives a survey on text mining 
facilities in R and explain how typical application tasks can 
be carried out using our framework. We present techniques 
for count-based analysis methods, text clustering, text 
classification and string kernels [10]. Here the author 
introduced a new framework for text mining applications in 
R via the tm package. It offers functionality for managing 
text documents, abstracts the process of document handling 
and the usage of heterogeneous text formats in R. The 
package has integrated database backend support to 
minimize memory demands. An advanced metadata 
management is also implemented for collections of text 
documents to lighten the usage of large and with metadata 
enriched document sets, tm provides easy access to 
preprocessing and manipulation mechanisms such as 
whitespace removal, stemming, or conversion between file 
formats. 
 

Alan Marwick introduced (UIMA). [10]There is lot of 
opportunity if we focus on using information technology to 
get more value from unstructured information within 
organizations. The new Unstructured Information 
Management Architecture (UIMA) framework that was 
recently introduced by IBM, which makes easier to develop 
and deploy systems that analyze unstructured media objects, 
like documents, in order to provide functions such as 
semantic search and text mining. Text mining is data mining 
applied to information extracted from text. How it can be 
combined with structured databases and data mining. This 
article is mainly for people who are interested in learning 
how the words of unstructured and structured information 
can be brought together.  
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A.Hotho et al., [11] suggest that text clustering basically 

involves in high dimensional space, but it appears difficult 
for all types of setting.  This is one of the new approaches 
for applying background knowledge during preprocessing in 
order to improve clustering results and allow for selection 
between results. In order to over come the difficulty, we 
compute multiple clustering results using k-Means. The 
results may be distinguished and explained by the 
corresponding selection of concepts in the ontology. The 
problem of clustering high-dimensional data sets has been 
researched by Agrawal et al. [12] They present a clustering 
algorithm called CLIQUE that identifies dense clusters in 
subspaces of maximum dimensionality. Hinneburg & Keim 
[13] show how projections improve the effectiveness and 
efficiency of the clustering process. Their work shows that 
projections are important for improving the performance of 
clustering algorithms. 
 

Hossein M. Shirazi et al., projected, that in current trend, 
extracting information from the World Wide Web have been 
much familiar among all. Information extraction system 
defined as a system that “automatically identifies predefined 
set of related items" [14] , Since a lot of Web data are found 
in HTML pages. Since we use HTML, the extraction 
process requires fetching a Web document, cleaning it up 
using a syntactic normalization algorithm, and then, locating 
“objects of interest” in this Web page. This is done by first 
locating the minimal object-rich sub tree. Finally, the set of 
objects is refined to eliminate irrelevant objects. Crescenzi 
and colleagues [15] present a system that automatically 
extract data from large data-intensive Web sites their “data 
grabber” explores a large Web site and infers a model for it, 
describing it as a directed graph with nodes describing 
classes of structurally similar pages and arcs representing 
links between these pages. After pinpointing classes of 
interest, a library of wrappers can be generated, one per 
class with the help of an external wrapper generator and 
appropriate data can be extracted. 
 

Embley and others [16] gave an idea to extract 
information automatically from HTML tables. The 
information is extracted in the from stepwise manner. As the 
first step, extract on ontology is formulated. Extraction 
ontology is a “conceptual model instance” that serves as a 
wrapper for a narrow domain of interest [16]. Second step 
expected attribute names and values from the ontology, third 
step attribute-value pairs are formed and adjusted so that 
they are more meaningful. In the fourth step, the extraction 
patterns are analyzed to refine the extracted information 
further. Then finally, given the input from the earlier four 
steps, a mapping can be inferred from the source to the 
target. There are several other works  such as ‘road runner’,’ 
hidden morkov model’,’ cluster’ to study about HTML 
documents clustering. 
 

Pallav Roxy, and Durga Toshniwal, implemented several 
approaches and that can be classified into two major 
categories, similarity-based approach and model-based 
approach. Similarity-based approach is a pair wise similarity 
document clustering, aiming to maximize the average 
similarities within clusters and minimize the average 
similarities between the clusters. Model-based approaches, 
on the other hand, attempt to learn generative models from 
the documents, with each model representing one particular 
document group. Several approaches have been so far 
proposed for document clustering from mid nineties. New 
technique such as self-organizing map [18], mixture of 
Gaussians [19], spherical k-mean[20], bi-secting k-means 
[21], mixture of multinomial [22, 23]. K-means is one of the 
simplest unsupervised learning algorithms that solve the 
well known clustering problem. The main idea is to define k 
centroids, for each cluster. These centroids should be placed 
far away from each other. The next step is to take each point 
belonging to a given data set and associate it to the nearest 
centroid, then need to re-calculate k new centroids, After we 
have these k new centroids, a new binding has to be done 
between the same data set points and the nearest new 
centroid. A loop has been generated. As a result of this loop 
it is seen that the k centroids change their location step by 
step until no more changes are done, finally this algorithm 
aims at minimizing an objective function. 
 

Shady Shehata put forward new view called Vector Space 
Model (VSM) .Vector Space Model (VSM) [24] which is a 
widely used for representing data for text classification and 
clustering. It says each document as a feature vector of the 
document. Each feature vector contains term-weight. 
Selecting and weighting these features accurately affect the 
result of the clustering algorithm substantially [25] [26]. 
Incorporating semantic features from the WorldNet [27] 
lexical database is one of best approaches that have been 
tried to improve the accuracy of text clustering techniques. 
In this paper he also introduced new semantic-based model. 
[28]The proposed model captures the semantic structure of 
each term within a sentence rather than the frequency. Each 
sentence in a document is labeled by a semantic role labeler, 
it can be either a word or phrase dependent on the semantic 
structure of the sentence.[29] Based on this analysis, each 
term assign some weight. The terms that have maximum 
weights are extracted as top terms. Synonyms of each word 
are added to the term vector. These concepts are analyzed 
on the sentence. Top terms and used in text document 
clustering. When a new document is introduced to the 
system, the proposed model can detect a concept match 
from this document to all the previously processed 
documents in the data set by scanning the new document 
and extracting the matching concepts. 
 

There are several methods for exploiting correlations 
between terms in document clustering. The method 
calculates similarity between documents based on the 
statistical correlations between their terms and then uses 
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these similarities to group documents into clusters. For this 
we analyses different similarity model. In VSM, terms are 
independent and accordingly ignore any semantic relations 
between them. This implies that the proximity between 
documents is not similar. In addition to that, redundancy 
increases the dimensionality and affects the performance of 
algorithms. This disadvantages can be overcome by Wang et 
al., [31] proposed generalized VSM (GVSM) which 
represent the documents as vector in a non-orthogonal basis 
of terms. The similarity between documents is calculated 
based on the similarity between their terms. Here we obtain 
high performance 
 

Hinneburg & Keim [13] stated that projection is one the 
important factor for ontology based text clustering, since 
projection improves effectiveness and efficiency of the 
clustering process. They do not mainly concentrate on 
clustering quality; rather it concentrates on clustering 
performance. There are different projection technique, each 
technique consider being important one. Since every 
individual technique have different output performance. 
Schuetze and Silverstein [31], these two authors had a 
detailed study about the different projection scheme. They 
aimed mainly on local and global projection. Local 
projection deals with ‘how document maps with different 
subspace’. where as global projection select the relevant 
data for all documents using latent semantic indexing 
.although these projection have good performance effect, 
they are not suitable for real-time application, since it often 
does not coincide with the projection most suitable for 
humans to solve a particular task. So here comes the new 
proposal from another two authors named, Devaney and 
Ram describe feature selection for an unsupervised learning 
task, called conceptual clustering. They discuss about 
feature selection based on an existing COBWEB conceptual 
clustering system. In this evaluation they show that feature 
selection significantly improves. The drawback that 
Devaney and Ram face, however, is that COBWEB is not 
scalable like K-Means. Hence, for practical purposes of 
clustering in large document repositories, COSA (Concept 
Selection and Aggregation) and Term Selection (TES) 
seems to be suited. 
 

COSA involves in two stages. First stage COSA maps 
terms and concepts using a shallow and efficient natural 
language processing system. Second stage, COSA uses the 
concept subsequent clustering. COSA comprise a tokenizer 
based on lexical analysis, [32]. It scans the text in order to 
identify boundaries of words and complex expressions like 
“$20.00” or “United States of America”, and to expand 
abbreviations. Lexical analysis includes two steps, first it 
says about identification of the canonical common word and 
then recognize named entities.TEM is for preprocessing, 
and says  feature vectors from Siver, but for only few terms, 
hence, it produces a low dimensional representation. 
 

Li haiying et al.,[33] spotted about real-time clustering 
that  involves in two steps process, the first step involves in 
extraction process that is  partial parser and a shallow 
stemmer are invoked here, it can be used for both  linguistic 
and statistical methods, in order to reduce the term variations 
within the returned text snippets the system introduce 
normalization algorithms. This avoids redundancy, for 
example: "games downloads" and "download games" the 
second step is mainly for clustering purpose, that is 
combining both linguistic clustering and statistical clustering. 
They generate hierarchical clustering for grouping of similar 
documents. This is done in real-time without any predefine 
grouping, pre-build knowledge base, or pre-processing of all 
the document collections used by the search engines. The 
clustering algorithms allow the same document to be in 
multiple clusters. This reflects the fact that different people 
usually will group same information differently. 

III. FUTURE ENHANCEMENT 

In future we plan to investigate various ways of 
constructing the keyword list and apply different clustering 
methods. We consider clustering the keywords to construct 
a new keyword space. We will also apply a stability-based 
criterion for determining the optimal number of clusters. In 
particular Major initiatives for text mining have resulted in 
the proposals for an Open Text Mining Interface (OTMI) 
and NIH's common Journal Publishing Document Type 
Definition (DTD) that can provide semantic cues to the 
machines to answer specific queries contained within the 
text.  

IV. CONCLUSION 

The volume of text data in the web is increasing 
exponentially, it makes difficult for searching purpose, 
several search engines in the web makes it possible to 
retrieve web documents by usual text database. However, 
users may not judge easily whether the documents have 
useful information, especially in the case that given 
keywords have wide concept, in order to .retrieve efficiently 
web documents, so here came the technique called 
“clustering”. In this article, we discussed about introduction 
of field of text mining. Therefore, we motivated this field of 
research, and gave more formal definition of the terms used 
and presented a brief overview of currently available text 
mining methods, their properties and their application to 
specific problems. Even though, it is impossible to describe 
all algorithms and applications in detail, but our ideas will 
be interesting to every reader to provoke for their further 
studies. We already know that “necessity is the mother of 
invention”, while reading this paper, most of them can have 
lot of questions in them. This will strive path to have a new 
invention in the field of text document clustering. 
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Abstract� Proper operation of MANET requires mutual 
cooperation of participating nodes. Due to presence of selfish or 
malicious nodes, performance of network degrades significantly. 
Selfish nodes drop packets coming from its neighbor nodes to 
conserve its energy or push forward their own packets in the buffer 
queue. To prevent this misbehavior, selfish nodes need to be 
detected and isolated from network. This paper, detect selfish nodes 
which are created due to nodes conserving their energy. After their 
detection, performance analysis of networks has done by comparing 
the ideal network and the network with selfish node using NS2. 

Keywords- MANET, DSR, Selfish node.  

I. INTRODUCTION  

A mobile ad hoc network (MANET) is a self-configuring 
network of mobile devices connected by wireless links, in 
which each device is free to move independently in any 
direction, and will therefore change its links to other devices 
frequently. Each must forward traffic unrelated to its own use, 
and therefore be a router. Unlike networks using dedicated 
nodes to support basic functions like packet forwarding, 
routing, and network management, in ad hoc networks these 
functions are carried out by all available nodes. 

Applications of mobile ad hoc networks range from military 
tactical operations to civil rapid development such as 
emergency search-and-rescue missions, sensor networks, and 
instantaneous classroom/meeting room applications. 

MANET nodes are equipped with wireless transmitters and 
receivers. At a given point in time, depending on the nodes' 
positions and their transmitter and receiver coverage patterns, 
transmission power levels and co-channel interference levels 
changes. The ad hoc topology may change with time as the 
nodes move or adjust their transmission and reception 
parameters. 

In Ad hoc network, each mobile terminal has a router, and 
host two functions: as host, terminal need to run the 
applications of end-users; as a router, terminal need to run the 
corresponding routing protocol, participate in Packet 

forwarding and routing maintenance according to the routing 
strategies and routing table. In an Ad hoc network, the routing 
between nodes is through intermediate nodes because the 
coverage area of the wireless terminal is limited. Therefore, it 
is called multi-hop wireless network, self-organizing network, 
not fixed facility network 

A. Cooperation of node 

The successful operation of MANET is totally dependent on 
the cooperation of participating nodes in communication. The 
lack of a fixed infrastructure in ad hoc networks forces ad hoc 
hosts to rely on each other in order to maintain network 
stability and functionality. But sometimes nodes do not work 
as they are intended due to conservation of their resources 
such as energy, memory, and bandwidth. Such nodes are 
called misbehaving nodes or non cooperative nodes and are of 
following types:  

Malicious Node:  

Nodes that perform active attacks with the aim of damaging 
other nodes by causing network outage are considered to be 
malicious [1], also referred to as compromised nodes. In 
addition, a compromised node may use the routing protocol to 
advertise itself as having the shortest path to the node whose 
packets it wants to intercept as in the so called black hole 
attack. 

Selfish Node:  

Selfish nodes [1] work in ad hoc network for their own 
benefit. They simply do not forward packets (data packets 
and/or control packets) of other nodes to conserve their own 
energy, or push their own packets in front of the buffer queue.  

Selfish nodes disturb the performance of ad hoc network to a 
great extent. When a node becomes selfish it does not 
cooperate in data transmission process and causes a serious 
affect on network performance.  

In this paper, simulation analysis of node misbehavior is 
carried out only with selfish node. Theses nodes participate 
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correctly in routing but do not forward data packets it receives 
for other node; so data packets may be dropped instead of 
being forwarded to their destination. 

B. Routing Protocols 

An ad hoc routing protocol [2] is a convention, or a standard, 
by which node decides the way to route packets between 
computing devices. There are basically three types of routing 
protocols. 

Pro-active (table-driven) routing: This type of protocols 
maintains fresh lists of destinations and their routes by 
periodically distributing routing tables throughout the 
network. The main disadvantages of such algorithms are 
respective amount of data for maintenance and slow reaction 
on restructuring and failures. 

Reactive (on-demand) routing: This type of protocols finds a 
route on demand by flooding the network with Route Request 
packets. The main disadvantages of such algorithms are high 
latency time in route finding and excessive flooding can lead 
to network clogging. 

Hybrid routing: This type of protocols combines the 
advantages of proactive and of reactive routing. The routing is 
initially established with some pro actively prospected routes 
and then serves the demand from additionally activated nodes 
through reactive flooding. The choice for one or the other 
method requires predetermination for typical cases. The main 
disadvantages of such algorithms are advantage depends on 
amount of nodes activated and reaction to traffic demand 
depends on gradient of traffic volume. 

This paper uses Dynamic Source Routing protocol (DSR) [3] 
which is a reactive routing protocol. The DSR is a simple and 
efficient routing protocol designed specifically for use in 
multi-hop wireless ad hoc networks of mobile nodes.  

DSR is an on-demand routing protocol which is based on 
source route approach. The protocol is composed of the two 
main mechanisms of "Route Discovery" and "Route 
Maintenance", which work together to allow nodes to discover 
and maintain routes to arbitrary destinations in the ad hoc 
network. All aspects of the protocol operate entirely on-
demand, allowing the routing packet overhead of DSR to scale 
automatically to only that needed to react to changes in the 
routes currently in use.  

II. RELATED WORK 

Marti at [4] observed increased throughput in MANET by 
complementing DSR with watchdog (for detection of selfish 
or malicious misbehavior) and pathrater (for trust management 
and routing policy, every used path is rated); which enable 
nodes to avoid malicious nodes in their routes. 

In [5] a simulation study of effects of misbehaving nodes on 
DSR routing protocol on the basis of countermeasures is 
described. This paper shows that selfish node present in the 

network affect the end to end delay and lead to congestion in a 
low density network.  

In COSR (Cooperative On Demand Secure Routing Protocol) 
[6] Fei Wang measures node reputation and Route reputation 
using three parameters: contribution of node, capability of 
forwarding and recommendation. 

Zhong et al [7] propose an incentive based system named 
SPRITE, in which selfish nodes are encouraged to cooperate. 
In this system, a node reports to the Credit Clearance Service, 
the messages that it has received/forwarded by uploading its 
receipts. Intermediate node earns credit when they forward 
message of others� node. 

III. SIMULATION SETUP 

The simulation was done using NS-2 simulator [8], provides a 
scalable simulation environment for wireless network systems. 
The simulated network consists of 20 nodes placed randomly 
in 670x670 areas. Each node has a transmission range of 250m 
and moves at a speed of 10m/s. The total sending rate of all 
the senders of the multi-cast group, i.e. the traffic load is 
1Mbps. 

Every node has initial energy set to 1000 joules. During the 
sending and receiving of packets, node energy gets decreases. 
If energy of node is less than threshold, it becomes selfish, and 
thus node drop all packets received from neighboring nodes.  

On simulating the network with given simulation parameter 
and considering the energy model parameters as discuss above 
as shown in table 1, two selfish nodes are detected , node 2 
and node 4. Table 1 lists the values of common parameters 
used for simulation. 

Table1. Simulation Parameters 

Parameter Value 

Number of Nodes 20 

Routing Protocol DSR 

Packet size 512 bytes 

Traffic model of sources Constant bit rate 

Mobility model Random way point 

max speed 10 m/s 

Initial energy of node 1000 joules 

Simulation time 25 sec 
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IV. SIMULATION RESULTS  

The ideal network and the network with selfish nodes are 
compared on the basis of node throughput, packet delivery 
ratio and number of packets dropped. 

 

Figure 1: Throughput of ideal network vs network with selfish 
nodes 

 

Node Throughput is the average rate of successful message 
delivery over a communication channel. This data may be 
delivered over a physical or logical link, or pass through a 
certain network node. The throughput is usually measured in 
bits per second (bit/s or bps). 

Figure 1 shows throughput in ideal condition and throughput 
when there were two selfish nodes in the network.  

From the figures it is shown that the throughput at node gets 
degraded by at node 2 and 4 as they become selfish. The 
overall throughput gets degraded by 80%.   

Packet Delivery Ratio (PDR) is the ratio of total no. of 
packets sends to total no. of packets received. 
Figure 2 shows the PDR when there was no selfish node in the 
Network and PDR when there are selfish nodes in the 
network.. 
It can be shown that the PDR increases when there are selfish 
nodes in the network. PDR increases by 40% when using 
above simulation scenario. 
 
Number of bits dropped: From figure 3 it is seen that the 
number of bits dropped is more when there are a selfish node 
in the Network. Bit drop increases by 96% when selfish nodes 
are there in the network. 

 
Figure 2: Packet Delivery Ratio in ideal condition vs. network 

with selfish nodes 
+           

 

Figure 3: Number of bits dropped of ideal network vs network 
with selfish nodes 

V.  CONCLUSION AND FUTURE WORK 

Misbehaving node such as selfish node in MANET can affect 
the performance of the overall network. This paper is the study 
of the selfish node impact on MANET performance. First 
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selfish nodes are detected using energy model, and then 
comparative analysis has been done between the networks in 
ideal condition i.e. the network in which there is no selfish 
node and the network with selfish nodes. 

It has been concluded from the simulation done in NS2 that 
when selfish nodes are present in the network the overall 
network load increases on remaining nodes, hence node 
throughput decreases. Packet Delivery Ratio increases as 
nodes also forward packets with in ideal case may be 
forwarded by nodes which became selfish. 

From the above analysis, it is concluded that either 
misbehaving node has been isolated from the network or  
some system must be include with the network which enforce 
cooperation among nodes to improve network performance  

For future work, simulation study with malicious node is 
carried out and tries to get a system which motivate 
misbehaving node to enhance cooperation and improve 
network performance.   
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Abstract—The document clustering improves the retrieval 
effectiveness  of  the  information  retrieval  System.  The 
association rule discovers the interesting relations between 
variables in transaction databases. Transaction data in real-
world  applications  use  fuzzy  and  quantitative  values,  to 
design  sophisticated  data  mining  algorithms  for 
optimization. If  documents  can be clustered together in a 
sensible order,  then indexing and retrieval operations can 
be  optimized.  This  study  presents  a  review  on  fuzzy 
document clustering.  This survey paper also aims at giving 
an  overview  to  some  of  the  previous  researches  done  in 
fuzzy rule mining, evaluating the current status of the field, 
and envisioning possible future trends in this area 

Keywords-  Fuzzy  set,  Fuzzy  clustering,  Fuzzy  rule  mining,  
Information Retrieval, Web analysis.

I. INTRODUCTION

     Fuzzy sets used for optimization result by allowing 
partial  memberships  to  the  different  sets.   Fuzzy  set 
theory provides the tools need to do the computations in 
order to be able to deal with different data structure. Data 
Mining is an analytic process designed to explore data in 
search of consistent patterns and systematic relationships 
between  variables  and then to  validate the findings  by 
applying the detected patterns to new subsets of data. The 
ultimate  goal  of  data  mining  is  extracting  rules  and 
clustering the similar objects.
     The goal of this survey is to provide a comprehensive 
review  of  different  fuzzy  rule  mining  and  clustering 
techniques in data mining. Clustering is a division of data 
into groups of similar objects. Each group, called cluster, 
consists  of  objects  that  are  similar  between  themselves 
and dissimilar  to objects of other  groups.  Representing 
data  by  fewer  clusters  necessarily  loses  certain  fine 
details, but achieves simplification.
     Association analysis  is  the discovery  of  what  are 
commonly  called  association  rules.  It  studies  the 
frequency  of  items  occurring  together  in  transactional 

databases,  and  based  on  a  threshold  called  support, 
identifies  the  frequent  item  sets.  Another  threshold, 
confidence, which is the conditional probability than an 
item appears in a transaction when another item appears, 
is used to pinpoint association rules. Association analysis 
is commonly used for market basket analysis. Clustering 
is  the organization of  data in classes.  However,  unlike 
classification, in clustering, class labels are unknown and 
it is up to the clustering algorithm to discover acceptable 
classes.  Clustering  is  also  called  unsupervised 
classification, because the classification is not dictated by 
given class labels. 
     The remainder of this paper is organized as follows. 
Section  II  describes  problem  formation.  Section  III 
discusses some of the earlier proposed research work on 
fuzzy  document  clustering  and  fuzzy  association  rule 
mining. Section IV provides a fundamental idea on which 
the  future  research  work  focuses  on.   Section  V 
concludes the paper with fewer discussions.

II. PROBLEM FORMULATION

     Association Rule Mining (ARM) is the process of 
finding a rule of the form X ∪ Y from the given set of 
transactions.  These  transactions  contain  a  set  of  items 
which is a subset of items in the set of unique items in the 
entire database. Association rule generated implies that if 
X, an item set specific to the domain is present then the 
probability of finding Y item set is given by confidence. 
The process of finding the association rules involves two 
steps  namely  frequent  item set  mining  and  association 
rule generation. Frequent item sets play an essential role 
in  many data  mining  tasks  that  try  to  find  interesting 
patterns  from  databases,  such  as  association  rules, 
correlations, sequences, episodes, classifiers, clusters and 
many more of which the mining of association rules is 
one  of  the  most  popular  problems[1].  An  association 
rule is an expression of the form X => Y, where X and 
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Y  are  item  sets,  and  YX ∩  =  {}.  Such  a  rule 
expresses  the  association  that  if  a  transaction 
contains  all  items  in  X,  then  that  transaction  also 
contains  all  items  in  Y.  X  is  called  the  body  or 
antecedent,  and  Y  is called the  head  or  consequent  of 
the rule.To illustrate the concepts, for example from the 
supermarket domain.

The support of an association rule X => Y in D, is the 
support of X U Y in D, and similarly, the frequency of 
the rule is the frequency of X U Y. An association rule 
is  called  frequent  if  its  support  (frequency)  exceeds a 
given  minimal  support  (frequency)  threshold  σ.  The 
confidence  or  accuracy  of an association rule  X  =>  Y 
in  D  is  the  conditional  probability  of  having  Y 
contained in a transaction, given that  X is contained 
in that transaction:

D)Y,(Xconfidence ⇒ =P(Y/X)
D)support(X,D)Y,support(XX)YP( ∪=

   
  The rule is called confident if P(Y|X) exceeds a given 
minimal  confidence  threshold  γ,  with  0  <  γ  <  1. 
Based  on  classical  association  rule  mining,  a  new 
approach has been developed expanding it by using 
fuzzy sets.
     The clustering problem is expressed as follows:
The  set  of  N  documents  D  =  {D1,D2,...DN}  is  to  be 
clustered. Each DiεUNd is an attribute vector consisting of 
Nd real  measurements  describing  the  object.  The 
documents  are  to  be  grouped  into  non-overlapping 
clusters C = {C1,C2,...CN} (C is known as a clustering), 
where, K is the number of clusters, C1∪C2∪...∪CK, Ci≠φ 
and C1∩C2 = φ for i≠j.
     Assuming f:  DxD→U+ is  a  measure  of  similarity 
between document feature vectors. Clustering is the task 
of  finding a  partition  {C1,C2,...,CK} of  D such  that  ∀i, 
j∈{1,...K},  j≠i,  ∀x∈Ci:  f(x,Oi)≥f(x,Oj)  where,  Oi is  one 
cluster representative of cluster Ci.
     The goal of clustering is stated as follows:
Given:
• A set of documents D = {D1,D2,...DN}
• A desired number of clusters K
• An objective function or fitness function that
evaluates  the quality of a  clustering,  the system has to 
compute an assignment g: D→(1,2,...,K} and maximizes 
the objective function.

III. RELATED WORK

One  of  the  key  operations  in  fuzzy  logic  and 
approximate reasoning is the fuzzy implication, which is 
usually  performed  by  a  binary  operator,  called  an 
implication function or, simply, an implication.  M. Mas, 
et.al.,[2]   tries  to  compile  the  main  basic  theoretical 

properties of the four most usual kinds of implications: 
S-,  R-,QL-,  and  D-implications.  This  is  done  for  the 
properly  fuzzy  environment  (implications  defined  on 
[0,1])  as  well  as  for  the  discrete  case,  which  is 
increasingly studied because it allows to avoid numerical 
interpretations  of  the  linguistic  variables  used  in  fuzzy 
techniques.

C.Y.  Suen  et  al.,  [3]  Handwriting  recognition  is  a 
complex  and  important  problem.   Recognition  of 
handwriting  is  important  for  automatic  document 
processing  functions  such  as  mail  sorting  and  check 
reading. Recognition of isolated handwritten digits is no 
longer a significant research problem. Paul D. Gader and 
James  M.  Keller  [4]  introduced  fuzzy  set  theory  to 
handwriting recognition and suggested a new application 
to handwritten word recognition.

     Now-a-days, fraud prevention and detection is a very 
big  category  in  research  issues.   Hence  need  some 
specific  solutions  and  methodologies  for  preventing 
fraud.  Mirjana[5]  based  on  science  database,  fraud 
prevention has been conducted due to problem domains, 
fraud detection and prevention are  diversified  which is 
indicated  by  research  articles  survey.  In  this  work, 
following applications areas were detected and described: 
telecommunications,  insurance,  auditing,  medical  care, 
credit  card  transactions,  e-business,  bid  pricing  and 
identity verification.

     Fuzzy  clustering  is  a  widely  applied  method for 
obtaining fuzzy models  from data.  It  has  been applied 
successfully  in  various  fields  including  finance  and 
marketing.  Fuzzy  set  theory  was  initially  applied  to 
clustering  in  [6].  The  book  by  Bezdek  [7]  is  a  good 
source for material on fuzzy clustering. The most popular 
fuzzy clustering algorithm is the fuzzy c-means (FCM) 
algorithm.  The  design  of  membership  functions  is  the 
most  important  problem  in  fuzzy  clustering.  Different 
choices include those based on similarity decomposition 
and centroids of clusters.

     Eduardo Raul Hruschka et al.,  [8] gives survey on 
evolutionary  algorithms  for  clustering.  They  proposed 
hard partition algorithms, though overlapping (soft/fuzzy) 
approaches  and discussed  key issues on the design of 
evolutionary  algorithms  for  data  partitioning  problems, 
such  as  usually  adopted  representations,  evolutionary 
operators,  and  fitness  functions.  In  particular,  mutation 
and  crossover  operators  commonly  described  in  the 
literature  are  conceptually  analyzed,  giving  especial 
emphasis to those genetic operators specifically designed 
for clustering problems.

     Chin-Teng Lin  and Ya-Ching Lu,[9]  Introduced  a 
system,  that  has  fuzzy  supervised  learning  capability. 
With fuzzy supervised learning,  it  has  been used for  a 
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fuzzy expert system, fuzzy system modeling or rule base 
concentration. It has been also used for an adaptive fuzzy 
controller, when learning with numerical values.
     
     Raghu  Krishnapuram  et  al.,[10]  presented  new 
relational fuzzy clustering algorithms  based on the idea 
of medoids. The worst case complexity of the algorithms 
was, which happens while updating the medoids in each 
iteration. This complexity compares very favorably with 
other  fuzzy  algorithms  for  relational  clustering.  These 
approach were useful in Web mining applications such as 
categorization  of  Web  documents,  snippets,  and  user 
sessions.

     Chun-Hao Chen et  al.,[11]  put  forward  new view 
called cluster-based fuzzy-genetic mining algorithm  for 
extracting both fuzzy association rules and membership 
functions  from  quantitative  transactions.  It  can 
dynamically  adjust  membership  functions  by  genetic 
algorithms  and  uses  them  to  fuzzify  quantitative 
transactions. It can also speed up the evaluation process 
and  keep  nearly  the  same  quality  of  solutions  by 
clustering chromosomes. Each chromosome represents a 
set of membership functions used in fuzzy mining. This 
algorithm first divides the chromosomes in a population 
into k clusters by using the k-means clustering approach. 
All the chromosomes in a cluster then use the number of 
large  1-itemsets  derived  from  the  representative 
chromosome in the cluster  and their  own suitability of 
membership functions to calculate the fitness values. The 
evaluation  cost  can  thus  be   reduced  due  to  the  time-
saving in finding 1-itemsets.

     Hongwel Chen et.al [12], presented a general fuzzy 
trust problem domain for P2P-based system, and compare 
Fuzzy Comprehensive Evaluation method, Fuzzy Rank-
ordering method, and Fuzzy Inference method through a 
concrete  paradigm.  In  this  paradigm,  they  had  applied 
algorithm to  Fuzzy  Comprehensive  Evaluation  Method 
for P2P-based trust system, and Blin algorithm to that of 
Fuzzy Rank-ordering Method, and Mamdani algorithm to 
that of Fuzzy Inference Method. Results demonstrate that 
different  fuzzy trust method for P2P-based system may 
deduce different fuzzy results.

     Zhongze Fan and Minchao Huang,  [13]  specially 
makes extension of the conception of the fuzzy rule that 
the  reasoning  result  may  be  any  of  all  classes  with 
different degrees though the premise is similar, thus the 
contradictions among the fuzzy rules can be completely 
resolved  though  there  are  overlaps  among  the  hyper 
spheres. This idea can be applied for the fault diagnosis 
fields but also can be used for automata, signal treatment 
and image treatment etc.

     FUZZY  clustering  techniques  have  been  applied 
effectively in image processing, pattern recognition and 

fuzzy  modeling.  The  best  known  approach  to  fuzzy 
clustering  is  the  method  of  fuzzy  -means  (FCM), 
proposed by Bezdek [14] and Dunn [15], and generalized 
by other authors. A good survey of relevant works on the 
subject  can  be  found  in  [16].  In  FCM,  membership 
functions are defined based on a distance function, and 
membership  degrees  express  proximities  of  entities  to 
cluster centers. By choosing a suitable distance function 
different  cluster  shapes  can  be  identified  [17]–[22]. 
Another  approach  to  fuzzy  clustering  due  to 
Krishnapuram and Keller [23] is the possibilistic-means 
(PCM) algorithm which eliminates one of the constraints 
imposed  on  the  search  for  partitions  leading  to 
possibilistic (absolute) fuzzy membership values instead 
of  FCM  probabilistic  (relative)  fuzzy  memberships. 
Usana  Susana  Nascimento  et.al.,[24]  introduced  FCPM 
frame  work  called  fuzzy  clustering  with  proportional 
membership model, it says  how data are generated from 
a  cluster  structure  to  be  identified.  This  implies  direct 
interpretability  of  the  fuzzy membership  values,  which 
should be considered a motivation for introducing data-
driven model-based methods. Hamid Mohamadlou et al.,
[25] spotted about an algorithm based on fuzzy clustering 
for mining fuzzy association rules using a combination of 
crisp and quantitative data. L. Bobrowski and J. Bezdek,
[26],  the  reduction  in  the  amount  of  clustering  data 
allows a partition of the data to be produced faster.

     Yücel Saygin and Özgür Ulusoy[27] forward to put 
some methods for automated construction of fuzzy event 
sets  which  are  sets  of  events  where  each  event  has  a 
degree  of  membership  to  a  set.  Fuzzy  event  sets  are 
constructed  by  analyzing  event  histories.  They  have 
proposed a sliding window algorithm for  mining event 
histories and proposed an automated rule modularization 
method that does not rely on semantic knowledge. Rafael 
Alcala  et  al.,  [28]  based  on  the  2-tuples  linguistic 
representation model, they have presented a new fuzzy 
data-mining  algorithm  for  extracting  both  association 
rules  and  membership  functions  by  means  of  an 
evolutionary learning of the membership functions, using 
a basic method for mining fuzzy association rules. Mila 
Kwiatkowska  et  al.,[29] reuse  and  integration  of  data 
from  heterogeneous  data  sources  requires  explicit 
representation of the predictors, their measures, and their 
interpretations.  They  have  described  a  new framework 
based  on  semantic  and  fuzzy  logic  for  knowledge 
representation and secondary data analysis.

     Yeong-Chyi  Lee et  al.,[30]  gave  an  idea  about 
multiple-level taxonomy and multiple minimum supports 
to  find  fuzzy  association  rules  in  a  given  quantitative 
transaction data set. Using different criteria to judge the 
importance  of  different  items,  managing  taxonomic 
relationships among items, and dealing quantitative data 
sets  are  three  issues  that  usually  occur  in  real  mining 
applications.  This fuzzy mining algorithm can generate 
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large  itemsets  level  by  level  and  then  derive  fuzzy 
association rules from quantitative transaction data. 

     Yo-Ping Huang and  Li-Jen  Kao[31]  introduced  a 
model  to  find  inter-transaction  fuzzy  association  rules 
that can predict the variations of events. They proposed 
algorithm  first  mapped  a  quantitative  attribute  into 
several  fuzzy  attributes.  A  normalization  process  was 
taken to prevent the total contribution of fuzzy attributes 
from  being  larger  than  one.  In  order  to  mine  inter-
transaction fuzzy association rules, both the dimensional 
attribute and sliding window concepts were introduced in 
this approach.

     Heng-Ming Huang projected a new fuzzy data-mining 
algorithm  for  extracting  interesting  knowledge  from 
object-oriented quantitative transactions. The numbers of 
fuzzy  intra-object  association  rules  are  usually  smaller 
than those of fuzzy inter-object association rules because 
the attribute number is less than the item number in real 
applications.  Finding  inter-object  association rules  thus 
spends  more  time  than  finding  intra-object  association 
rules[32]. Tzung-Pei Hong[33] constructed several GA-
based  fuzzy  data-mining  methods  for  automatically 
extracting  membership  functions  for  the  rules.  All  the 
genetic-fuzzy  mining  methods  first  use  evolutional 
computation  to  find  membership  functions  suitable  for 
mining  problems  and  then  use  the  final  best  set  of 
membership functions to mine fuzzy association rules.

IV. FUTURE ENHANCEMENT

     In  future  we  plan  to  investigate  various  ways  of 
constructing  the  new  fuzzy  algorithms  and  apply 
different  clustering  methods.  We  will  also  apply  a 
stability-based  criterion  for  determining  the  optimal 
number  of  clusters.  The  topic  of  association  rules  has 
been  studied  over  a  decade.  Most  of  the  foundation 
researches have been done. A lot of attention was focus 
on the performance and scalability of the algorithms, but 
not enough attention was given to the interestingness of 
the rules generated. Although rule mining can help reveal 
patterns  and  relationships,  it  does  not  tell  the  user  the 
value  or  significance  of  these  patterns.  These  types  of 
determinations must be made by the user. To enhance the 
performance  of  the  system  we  can  develop  some 
intelligent system using fuzzy technique.

V. CONCLUSION

The  volume  of  text  data  in  the  web  is  increasing 
exponentially,  it  makes difficult  for  searching  purpose, 
several  search engines  in the web makes it  possible to 
retrieve web documents by usual text database. However, 
users may not judge easily whether the documents have 
useful  information,  especially  in  the  case  that  given 
keywords  have  wide  concept,  in  order  to  .retrieve 
efficiently web documents, so here came the technique 

called  “clustering”.  In  this  article,  we  discussed  about 
introduction of field of fuzzy data mining. Therefore, we 
motivated this field of  research,  and gave more formal 
definition  of  the  terms  used  and  presented  a  brief 
overview of currently available fuzzy clustering and rule 
mining methods, their properties and their application to 
specific  problems.  Even  though,  it  is  impossible  to 
describe all algorithms and applications in detail, but our 
ideas will be interesting to every reader to provoke for 
their further studies. We already know that “necessity is 
the mother of invention”, while reading this paper, most 
of them can have lot of questions in them. This will strive 
path to have a new invention in the field of fuzzy data 
mining.
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Abstract— Quality of Service (QoS) guarantees are important, if 

the network capacity is insufficient, particularly for real-time 

streaming multimedia applications such as voice over IP. 

Differentiated Services or DiffServ are the services of the original 

internet that prioritizes flows according to their service class and 

provides much better bandwidth utilization. Predicting the end-

to-end behavior and acquiring the method by which individual 

routers deal with the type of service field is difficult and fairly 

appropriate.  Moreover it becomes more difficult if a pakcet 

crosses two or more DiffServ clouds, before reaching its 

destination. In this paper, we propose a QoS mapping framework 

to achieve scalability and end-to-end accuracy in QoS, using a 

Policy Agent (PA) in every DiffServ domain. This agent performs 

admission control decisions depending on a policy database.  It 

configures the ingress and egress routers to perform traffic 

policing and conditioning jobs. Moreover, it constructs the 

shortest path between a source and destination satisfying the QoS 

constraints Bandwidth and Delay. By simulation results, we show 

that our proposed approach attains high throughput with 

reduced packet loss when compared with the normal DiffServ 

architecture. 

Keywords-Quality of Service (QoS); Policy Agent (PA); 

DiffServ domain; QoS Route Selection; Packet loss, Throughput. 

I. INTRODUCTION 

A.  IP Networks 

A computer network made of devices that support the 
Internet Protocol is an IP network [1]. In Internet Protocol 
Suite, IP is the primary protocol in Internet Layer which has 
the task of delivering the packets from source to destination 
mainly based on their address. 

B.  Quality of Service (QoS) in IP 

When compared with the achieved service quality, the 
traffic engineering term quality of service (QoS) will refer to 
the resource reservation control mechanisms in both the fields 
of computer networking and other packet-switched 
telecommunication networks.The abiltiy of the QoS is to 
provide different priorties to different applications, users or 
data flows or guaranteeing a certain level of performance to a 
data flow. For example, it guarantees required bit rate, delay, 
jitter, packet dropping probability and/or bit error rate. Quality 
of Service (QoS) guarantees are important, if the network 
capacity is insufficient, particularly for real-time streaming 

multimedia applications such as voice over IP. This is because 
it often requies the fixed bit rate and they are delay sensitive 
and also in networks where the capacity is a limited resource 
(Eg. Cellular data commumnication). QoS mechanisms are not 
required in the absence of  network congestion [1]. QoS is the 
most important implementation consideration within a 
converged network. It is a networking term that specifies a 
guaranteed network data performance level. Practically, QoS 
is a mechanism to ensure that audio and video data pass 
through the network with minimum delay. IP voice or 
videoconferencing calls will be unreliable, inconsistent, and 
often unsatisfactory, if network QoS is poor [2]. 

C. Two solutions for Quality of Service guarantees 

(i) Differentiated services (DiffServ) 
Differentiated Services or DiffServ are the services of the 

original internet which maintains stateless property. 
Differentiated Services is a computer networking architecture 
which specifies a scalable,simple, and coarse-grained 
mechanism for classifying, managing network traffic and 
providing QoS guarantees on modern IP networks [1]. The 
basic of this architecture is to provide network resources 
between the traffic aggregates. DiffServ prioritizes flows 
according to their service class and provides much better 
bandwidth utilization [3] 

(ii) Integrated services  
Services that require stateful architecture of the internet are 

known as Integrated Services or IntServ [1]. This architecture 
specifies the elements to guarantee QoS on the networks and it 
is the basis of the reservation of network resources between 
the individual flows [3].  The main idea of the service is the 
resource reservation and admission control. [4]. Deterministic 
bandwidth and end-to-end delays to the individual flows can 
be offered by the IntServ. Moreover, it depends upon the 
admission control by placing strict resource reservations 
which guarantees the worst case situation [3]. The following 
are the categories of services in this architecture: 

o Guaranteed Services 

o Controlled-load Service 

Guaranteed Services: It is estimated as the strongest 
allowable service in the environment of the internet so far. It 
has the ability to provide per flow bandwidth and delay 
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guarantees and it can assure that the packets will arrive within 
a selected delivery time [1]. 

Controlled-load Service: It allows the services poorly. It 
supports the applications which are highly sensitive to 
congested networks such as real time applications and these 
applications must tolerate small amounts of loss and delay. If 
an application uses this service, the performance will not be 
affected even when the network load is increased. The traffic 
will be provided with service similar to normal traffic in a 
network under light condition [1]. 

D.  Problems or Challenges of QoS  

Many things can happen to packets as they travel from 
origin to destination, resulting in the following problems as 
seen from the point of view of the sender and receiver: 

When the packets travel from the source to destination, it 
experiences the following problems as seen from the point of 
view fo the sender and the receiver. 

Dropped Packets: The routers may fail to deliver (drop) 
some packets when they arrive, if the buffers of the dropped 
packets are already full. Dependng on the state of the network, 
some of the packets or none or all the packets might be 
dropped. Thus it is not possible to forecast the packets.  

Delay: For a packet it may take a long time to reach its 
destination, because it gets held up in long queues, or takes a 
indirect route to avoid congestion. Excessive delay can render 
an application such as VoIP or online gaming unusable, in 
some cases.  

Jitter: Packets may reach the destination with different 
delays from the source. A packet’s delay varies with its 
position in the queues of the routers along the path between 
source and destination.This position can vary and thus it 
cannot be predicted. This variation in delay is known as jitter 
[1]. 

Out-of-order Delivery: When a group of packets are 
routed, then different packets may take different route. Each of 
the packets results in different delay because the order of the 
packets are changed from the source to the destination. Special 
additional protocols are required to rearrange the out-of-order 
packets.  

Error: When packets are transmitted along a route, it may 
be misdirected or combined together or corrupted. The 
receiver have to detect this and the request the sender to 
resend packets [1].  

E.  Problems in Differentiated and Integrated Services 

Predicting the end-to-end behavior and acquiring the 
method by which individual routers deal with the type of 
service field is difficult and fairly appropriate.  Moreover it 
becomes more difficult if a pakcet crosses two or more 
DiffServ clouds, before reaching its destination.  

Simple over-provisioning is an inefficient solution for the 
internet traffic which is highly bursty. If the network is 
dimensioned to carry all traffic with traffic management, it 
will cost an order of magnitude more than a network 

dimensioned to carry the same traffic. The traffic management 
is used to prevent the collapse during the peaks. 

Measuring the peak load is not possible. Since the TCP 
protocol requests more bandwidth as the loss rate decreases, it 
is not possible to measure the links to avoid end-to-end loss 
altogether, when sending a large file. On the other hand, 
increasing the capacity of one link causes loss on a different 
link.  

By dropping the packets which are expended in carrying 
these packets until now through the network, the resources 
will be wasted. The bandwidth consumption at the congestion 
point and in the network is caused by retransmitting this traffic 
in many cases. The packets must be discarded as close to the 
edge of the network as possible, while Diffserv is often 
implemented throughout a network to minimize this waste. 

The problem with IntServ is that many states must be 
stored in each router. It is difficult to keep the path of all the 
reservations because it works on the small scale. Thus the 
architrecture is not much familiar [1].  

In this paper, we propose a QoS mapping framework to 
achieve scalability and end-to-end accuracy in QoS, using a 
Policy Agent (PA) in every DiffServ domain. This agent 
performs admission control decisions depending on a policy 
database. 

II. RELATED WORK 

Kazi Khaled Al-Zahid et al [5], have presented a strategy 
for ETE QoS management in IP networks based on the use of 
programmable software agents. They have proposed a QoS-
based routing architecture to serve multi-constrain ETE high 
priority applications. According to their proposal, the users 
can be electronically specify their QoS requirement from the 
host application based on their preference. Although, their 
proposed system has some performance limitations, but as a 
whole it is flexible, because the routing functionality is 
completely done by the agents which works as complements 
with the existing technology. 

Sergio Gonzalez-Valenzuala et al [6] have investigated an 
improvement by developing algorithms for determining the 
optimal multipoint-to-point (mp2p) routes through the use of 
mobile software agents. They have presented an mp2p routing 
scheme using a mobile intelligent agent system, called 
WAVES. The agents work in a highly distributed and parallel 
manner, cooperating to determine optimal routes in an mp2p 
connection scenario. This work aims at closing the gap 
between the theoretical routing research based on mobile 
agents, and practical routing requirements for real world 
networks that are likely to be deployed during the forthcoming 
years. 

Yao-Nan Lien et al [7] have stated briefly an approach for 
the problem of QoS budget allocation which is deliberated in 
optimization for increasing resource usage efficiency. The 
end-to-end QoS controller in QoS coordination layer has the 
capability of global resource planning. It suggests that an end-
to-end QoS controller will plan all resource provisions 
according to the traffic demands, and all the resource 
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allocation policy will be in accord with the planning. Their 
framework with simulation study demonstrates that it can 
indeed substantially increase the total number of network 
paths under constraints of end-to-end QoS requirements. 

Daniel Schlosser et al [8] have proposed a simple interface 
as an abstraction of a network service based on the service 
oriented architecture approach. The approach considers QoS 
as the network functionality the user is mainly interested in 
and includes charging. They have shown how QoS guarantees 
for several parts of one connection can be consolidated into a 
QoS description for the complete service. Moreover, they have 
discussed options to measure the QoS and presented 
measurements exposing the quality of an available active 
measurement tool, Cisco IP SLA. 

Lynda Zitoune et al [9] have presented a reactive control 
policy which adapts the source bit rate to the reserved 
resources in order to ensure performance guarantees for 
multimedia applications. Their proposed method called 
flatness based trajectory tracking deals with drastic traffic flow 
rate changes and limits the traffic in order to respect the time 
constraints. They have showed the contribution of the reactive 
control and the dynamic regulation using purely control 
theoretic approaches which stabilize the network and avoid 
undesirable oscillations for the transmission of such critical 
flows. By their work they have presented a performance 
analysis for such rate control mechanism, and illustrate its 
feasibility through its implementation on MPLS-TE control 
plane of SSFnet/Glass simulator. 

Rick Whitner et al [10] have examined the issue of 
matching active measurements to the network’s QoS 
configuration when monitoring a QoS-enabled IP network. 
Initially, they have illustrated the issue using common active 
measurement techniques. Then, they have examined 
approaches to matching active measurements to the network’s 
QoS configuration. Finally, they presented their experiences in 
prototyping one approach. 

III. NETWORK MODEL  

We assume that a communication network can be modeled 

using a graph ),( EVG =  where V  is the set of nodes which 

could be routers, servers or switches and E  represents the set 
of edges or links of the network. For any consecutive nodes a, 

b, the link abl  can be expressed for different parameters as: 

abl HH =  

abl CC =  

abl DD =  

abl BB =  

Where lH , is the hops, lC is the cost, lD is the delay and 

lB is the bandwidth of the link l , where the link El ∈ is 

directly connected by Va ∈ and Vb ∈ . These parameters may 

occur in either nodes or edges. And these have either positive 
or non-negative impact over the communication network. QoS 
for different parameter can be expressed using the following 
relation.  
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Where, P  is the path from source s to the destination d .  

pB  is the bandwidth of the path P  

pD  is the delay of the path P  

pC  is the cost of the path P  

The problem is to find a path between s  to d , such that it 

would satisfy all QoS constraints from source to destination. 
The above constraints can be categorized in two groups: link 
constraints and path constraints. Path constrains again consist 
of two classes: additive and multiplicative. Serving application 
that requires both of these constraints simultaneously is yet an 
unsolved problem. 

IV. PROPOSED AGENT BASED APPROACH 

A.  Design Overview 

In this work, we propose a QoS mapping framework for 
both user and administrative policy, qualitative and 
quantitative QoS constraints over the internet’s DiffServ 
domain. We consider the Policy Agent (PA) that depends on 
the local state information to satisfy the end user and do not 
consider any central mechanisms such as bandwidth broker or 
adaptive bandwidth scheme. Thus in our approach, according 
to the service and the requirement of the end user, multi 
constraint MQoS is used for QoS mapping requested in 
different degrees by user applications. 

By assigning each packet with an appropriate QoS level, 
the QoS control takes place.  In order to manage traffic 
according to the traffic conditioning agreement specified in the 
service level agreement (SLA), the application layer is 
responsible for producing the MQoS and sending it to the 
ingress of a DiffServ domain. The PA dynamically configured 
the necessary interface based on the requested traffic’s source 
and destination information. Thus the traffic which is marked 
as the high priority will get the opportunity while the BE 
traffic is considered as low priority. The process is repeated 
for each node along the destination, if the PA satisfies the 
requested MQoS. Otherwise, a negative notification is sent to 
the source that current network is unable to meet the requested 
QoS constraints.   

B.  QoS Moniroting by the PA 

TABLE I. QOS RESOURCE MATRIX 

N Bandwidth Delay Cost 

N0 e00 e01 E02 

N1 e10 e11 E12 

N2 e20 e22 E23 
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The QoS monitoring at each node involves checking 

whether there are sufficient resources for meeting the MQoS. 
This is performed by the QoS Mapping Engine (QME) of the 
PA at the routers or switches. The QME contains a 2-D 
resource matrix shown in Table I that maps different network 
resource parameters with its neighbor routers entity. In Table 
I, N denotes the current visiting node that meets all the 
requested constraints of host application and N0, N1, N2 are the 

attached neighbors of N. ije (where i  is the router entity and 

j  is the constraint) in the resource matrix denotes the value of 

constraints with the attached interface. The main advantage of 
using PA in admission control is to find a path with the 
requested QoS constraints.  

The objective of the PA at any node i , is to check the 

consistency of the following relations to optimize the 
requested MQoS. 

PlwhereBBMIN iconsli ∈≥
−− 11     ,)(     (1) 

cons
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     (2) 
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During the path selection, if iPA accepts the request 

from 1−iPA , then iPA prohibits the RE (router entity) to accept 

any new resource request from others until the current request 

expires. If iPA fails to qualify any one of the inequalities 

shown above, a reject reply is send to 1−iPA  so that 1−iPA  

can trigger the routing algorithm to find the next alternate path 
to the destination. 

From the above description, it is easy to understand that 
PA can support as many as QoS constraints as the application 
requires. Addition of a new constraint is just to include it in 
the resource matrix at each node so the QME can take care off 
the incoming MQoS request for new constraint. 

C.  QoS Route Selection 

The following assumptions are made in order to attain 
optimal performance: 

1. The existing link state protocol such as Open Shortest 
Path Protocol is used to obtain the topology information. 

2. A hop by hop parameter optimization is considered to 
reach the final destination rather than considering the whole 
path. 

3. The PA and the corresponding routing entity are closely 
integrated in such a way that if there any changes in the 
routing entity, then PA is informed to make necessary changes 
in the QoS resource matrix. 

If the routing decisions are made in each router with local 
information by the PA, then it is referred as hop by hop 
routing. In our algorithm, we maintain a topological order 

such as bandwidth, delay, cost, etc. Thus, the important 
parameter is checked first by the PA.  

Algorithm 
Our algorithm takes a sub-optimal path search approach 

for the selected QoS constraints. The required input parameter 

is the MQoS which includes the source ( s ), destination ( d ) 

and multiple QoS criterion. In this algorithm, { N } denotes the 

set of nodes that are involved in the path ),( dsP , while V  is 

the total number of nodes in entire network.  

1. MQoS is applied from s to the next hop router through the 
primary shortest path on the routing table.  

2. If iPA accept the request then  

The RV is updated to {N}, where RV is the route vector.  
PA stores the partial route and no new QoS provisioning  
is accepted for the resources.  

     End if 

3. If MQoS reaches the d, then 
 positive feedback is sent to the source in the reverse  
unicast path.  

    End if 

4. If the QoS monitoring fails, then 

iPA sends the negative feedback to the last router that  

accepts the request.  
    End if 

5. When an infeasible link is encountered, PA searches for 
alternate paths for that can support the requested QoS 
constraints.  

6. PA then bypasses the MQoS through the alternate path.  

7. The PA can trace back when it faces infeasible link that 
fails to satisfy the requested QoS constraints.  

8. The algorithm runs repeatedly until it finds any path to 
destination if there is any. MQoS can be send with current 
accumulated value of the constraints from the stored value at 
any time when it is looking for alternate paths. 

To find the route using MQoS properly, it requires a set of 
standards which should be implemented in the PA. Low 
priority traffic that travels in the same route may experience 
delay due to the high precedence of QoS traffic. If PA wants 
to satisfy the requested QoS constraints, it adjusts the router to 
handle high priority traffic. Another advantage of this 
approach is, PA can dynamically tune only those sub 
interfaces where high priority traffic actually flows and others 
IP interface can be remain untouched. When a session is 
closed PA can readjust the router’s state for usual operation 
according to RE’s need. Moreover PA can send advance 
warning message to other same priority or low priority streams 
to inform them to choose either different path or slow down 
their transmission to avoid congestion and loss of transmission 
quality. 

V. SIMULATION RESULTS 
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A.  Simulation Model and Parameters 

In this section, we examine the performance of our agent 
based QoS mapping approach with an extensive simulation 
study based upon the ns-2 network simulator [11]. We 
compare our results with the normal DiffServ architecture. 
The topology used in our experiments is depicted in Figure 1. 
As we can see from the figure, we have five senders and five 
receivers connected by a ingress router E1 and egress router 
E2 through a core router.  

 

Figure 1. Simulation Topology 

B.  Performance Metrics 

In our experiments, we vary the bottleneck bandwidth, 
traffic flow and traffic rate. We measure the following metrics: 

• Packet Loss  

• Throughput in terms of packets 

• Throughput in Mb/s 

The results are described in the next section. 

C.  Results 

A. Effect of Varying Rate 
In our first experiment, we vary the rate as 5Mb, 10Mb, 

15Mb and 20Mb in order to calculate the packet loss, 
throughput (packets received) and throughput (Mbps). The 
results for the individual receivers are given. 
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Figure 2. Rate Vs Packet Loss at Receiver 1 
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Figure 3. Rate Vs Packet Loss at Receiver 2 
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Figure 4. Rate Vs Packet Loss at Receiver 3 
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Figure 5. Rate Vs Packet Loss at Receiver 4 
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Figure 6. Rate Vs Packet Loss at Receiver 5 
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Figure 2 to 6 shows the packet loss at the receivers 1 to 5 
respectively. From the figure, we can see that the packet loss 
is high in the Normal scheme when compared with our Agent 
based scheme when varying the rates. 

2. Throughput (Packets) 

Rate Vs Throughput (pkts)1

0

10000

20000

30000

40000

50000

60000

5 10 15 20

Rate

T
h

ro
u

g
h

p
u

t 
(p

k
ts

)1

Agent

Normal

 
Figure 7. Rate Vs Throughput at Receiver 1 
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Figure 8. Rate Vs Throughput at Receiver 2 

Rate Vs Throughput (pkts)3

0

20000

40000

60000

80000

5 10 15 20

Rate

T
h

ro
u

g
h

p
u

t 
(p

k
ts

)3

Agent

Normal

 

Figure 9. Rate Vs Throughput at Receiver 3 
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Figure 10. Rate Vs Throughput at Receiver 4 
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Figure 11. Rate Vs Throughput at Receiver 5 

Figure 7 to 11 gives the Throughput in packets for the 
receivers 1 to 5 by varying the rates. It shows that the 
Throughput is more in the case of Agent based scheme when 
compared with Normal scheme  

3. Throughput (Mbps) 
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Figure 12. Rate Vs Throughput at Receiver 1 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

193 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



 

Rate Vs Throughput(Mbps)2

0

2

4

6

8

10

12

5 10 15 20

Rate

T
h

ro
u

g
h

p
u

t(
M

b
p

s
)2

Agent

Normal

 

Figure 13. Rate Vs Throughput at Receiver 2 
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Figure 14. Rate Vs Throughput at Receiver 3 
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Figure 15. Rate Vs Throughput at Receiver 4 
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Figure 16. Rate Vs Throughput at Receiver 5 

Figure 12 to 16 gives the Throughput in Mbps for the 
receivers 1 to 5  for varying the rates. It shows that the 
Throughput is more in the case of Agent based scheme when 
compared with Normal scheme.  

B. Effect of Varying Simulation Time  
In our second experiment, we vary the time as 2, 4,6,..10 

seconds in order to calculate the packet loss, throughput 
(packets received) and throughput (Mbps). The results for the 
individual receivers are given. 
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Figure 17. Time Vs Packet Loss at Receiver 1 
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Figure 18. Time Vs Packet Loss at Receiver 2 
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Figure 19. Time Vs Packet Loss at Receiver 3 
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Figure 20. Time Vs Packet Loss at Receiver 4 
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Figure 21. Time Vs Packet Loss at Receiver 5 

Figure 17 to 21 show the packet loss for the receivers 1 to 
5. From the figures, we observe that the loss is high in the 
Normal scheme when compared with our Agent based scheme 
when varying the time. 

2. Throughput in Packets 
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Figure 22. Time Vs Throughput at Receiver 1 
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Figure 23. Time Vs Throughput at Receiver 2 
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Figure 24. Time Vs Throughput at Receiver 3 
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Figure 25. Time Vs Throughput at Receiver 4 
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Figure 26. Time Vs Throughput at Receiver 5 
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Figure 22 to 26 give the Throughput in packets for the 
receivers 1 to 5 by varying the time. It shows that the 
Throughput is more in the case of Agent based scheme when 
compared with Normal scheme  

3. Throughput (Mbps) 
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Figure 27. Time Vs Throughput Receiver 1 
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Figure 28. Time Vs Throughput Receiver 2 
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Figure 29. Time Vs Throughput Receiver 3 
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Figure 30. Time Vs Throughput Receiver 4 
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Figure 31. Time Vs Throughput Receiver 5 

Figure 27 to 31 gives the Throughput in Mbps for the 
receivers 1 to 5 by varying the time. It shows that the 
Throughput is more in the case of Agent based scheme when 
compared with Normal scheme.  

VI. CONCLUSION 

In this paper, we propose a QoS mapping framework to 
achieve scalability and end-to-end accuracy in QoS, using a 
Policy Agent (PA) in every DiffServ domain. This agent 
performs admission control decisions depending on a policy 
database.  It configures the ingress and egress routers to 
perform traffic policing and conditioning jobs. The QoS 
monitoring at each node involves checking whether there are 
sufficient resources for meeting the Multiple QoS constraints 
(MQoS). This is performed by the QoS Mapping Engine 
(QME) of the PA at the routers or switches. Moreover, it 
constructs the shortest path between a source and destination 
satisfying the QoS constraints Bandwidth and Delay. During 
the path selection, if PA at node i accepts the request from its 
previous node, then PA prohibits the router entity to accept 
any new resource request from others until the current request 
expires. If PA fails to qualify any one of the inequalities, a 
reject reply is send to the PA at previous node so that it can 
trigger the routing algorithm to find the next alternate path to 
the destination. By simulation results, we have shown that our 
proposed approach attains high throughput with reduced 
packet loss when compared with the normal DiffServ 
architecture. 
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Abstract—Reconfigurable computing greatly accelerates a wide 
variety of applications hence it has become a subject of a great 
deal of research. It has the ability to perform computations in 
hardware to increase performance, while keeping much of the 
flexibility of a software solution. In addition reconfigurable 
computers contain functional resources that may be easily 
modified after field deployment in response to changing 
operational parameters and datasets. Till date the core 
processing element of most reconfigurable computers has been 
the field programmable gate array (FPGA) [3]. This paper 
presents reconfigurable FPGA-based hardware accelerator for 
embedded DSP. Reconfigurable FPGAs have significant logic, 
memory and multiplier resources. These can be used in a parallel 
manner to implement very high performance DSP processing. 
The advantages of DSP design using FPGAs are high number of 
Instructions/Clock, high number of Multipliers, high Bandwidth 
Flexible I/O and Memory Connectivity. The proposed processor 
is a reconfigurable processing element architecture that consists 
of processing elements (PEs), memories and interconnection 
network and control elements. Processing element based on bit 
serial arithmetic (multiplication and addition) was also given. In 
this paper, it is established that specific universal balanced 
architecture implemented in FPGA is a universal solution, suited 
to wide range of DSP algorithms. At first the principle of 
modified shared-memory based processor are shown and then 
specific universal balanced architecture is proposed. An example 
of processor for TVDFT Transformation on the given accelerator 
is also given. By the proposed architecture, we could reduce cost, 
area and hence power in the best-known designs in the Xilinx 
FPGA technology.  

Key Word; Reconfigurable architectures; FPGA; 
Pipeline; Processing Element; Hardware Accelerator 

I. INTRODUCTION 

Now that design rules have stopped shrinking for ASICs, 
ASSPs and the like, they seem likely to be replaced by 
FPGAs. With their design rules coming into the 40nm 
generation, FPGAs will soon be level with ASICs and ASSPs 
in terms of circuit size and performance. The circuit 
configuration of FPGAs can be freely revised by equipment  
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manufacturers on the spot, which means that they have no 
need to pay development costs, including mask sets. Even 
better, FPGAs do not require any circuit fabrication after 
design, which means faster equipment development. 
Nowadays, consumer appliances have become more 
advanced than ever. They are required to be more functional 
and portable. Moreover, the span of the product’s life has 
become shorter. There are two important issues to develop 
LSIs, period and cost. Development of new LSI demands 
investing hugely and taking a big risk. Programmable 
devices, such as CPU, DSP and FPGA, have become a key 
to resolve these issues and hardware reconfigurability has 
been paid attention because of its high performance [3]. 
FPGA has high flexibility and suitable to implement control 
circuits, but FPGA suffers from the low area efficiency to 
implement data dominated circuits. When implementing 
industrial application systems, the area of FPGA 
implementation is far larger than that of ASIC 
implementation because of the high reconfigurability. 
Reconfigurable architecture has the capability to configure 
connections between programmable logic elements, 
registers and memory in order to construct a highly parallel 
implementation of the processing kernel at run time. This 
features makes them attractive, since a specific high speed 
circuit for given instance of an application can be generated 
at compile or even run time. Since the appearance of the 
first reconfigurable computing systems, DSP applications 
have served as important test cases in reconfigurable 
architecture and software development.  In the area of 
special purpose architecture for digital signal processing, 
systolic arrays are recognized as a standard for high 
performance. Systolic designs represent an attractive 
architectural paradigm for efficient hardware 
implementation of computation-intensive DSP applications, 
being supported by the features like simplicity, regularity 
and modularity of structure. In addition, they also possess 
significant potential to yield high-throughput rate by 
exploiting high-level of concurrency using pipelining or 
parallel processing or both [1]. Today’s objective is to tailor 
system performance to given task at minimal cost in terms 
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of chip area and power consumption. Finding a universal 
solution suited to wide range of DSP algorithms is 
permanently actual task. To reach relevant real-time 
performance, it must be multiprocessor architecture. At the 
architectural level, the main interest is the overall organization 
of the system compound using processing elements (PEs), 
memories, communication channels and control elements. One 
of the possible approaches is so called shared memory 
architecture. Our architecture can obtain a high area efficiency 
and high performance for implementing industrial 
applications. 

II. PRINCIPLE OF SHARED MEMORY BASED 
PROCESSOR 

In this section, we review shared-memory approach for 
DSP application [13]. The architecture of shared memory is 
shown in Figure 1. The idea is very simple. In order to 
simultaneously provide the PEs with input data, we need to 
partition the shared-memory into blocks. Processing elements 
(PEs) usually perform simple memory less mapping of the 
input values to a single output value. Using a rotating access 
scheme, each processor gets access to the memories once per 
N (N - number of PE’s) cycles. During this time processor 
either writes or reads data from memory. All processors have 
the same duration time slot to access to the memories and 
access conflict is completely avoided. The disadvantage of 
using shared-memory architecture is the memory bandwidth 
bottleneck. In order to avoid bandwidth bottleneck and 
simultaneously provide the processors with several (K) input 
data, the shared-memory is partitioned into K memories 
(figure 3). 

 
Fig. 1. Shared-memory architecture 

In this paper, a special instance of that architecture is 
presented. The main target is to find balance between 
complexity of interconnection network, type of computation 
model of PEs (serial vs. parallel), number of PEs and memory 
size. Chosen compromise should fulfill following factors: 
required performance, minimal power consumption and cost 
in terms of chip area. Another important requirement is to 
create flexible, easy reconfigurable architecture suited to wide 
range of DSP algorithms. 

A. Processing Elements (PEs)  
Usually Processing elements perform simple memory less 
mapping of the input values to a single output values. The PEs 
can be in parallel or serial fashion. In parallel form it requires 
a parallel data bus and careful design because of delays and 
carry propagation. Parallel form leads to arithmetic operation 
made in one clock cycle, but when compared to serial form, it 

consumes more chip area. Serial PEs receives their inputs 
bit serially, and their results are also produced bit-serially. 
Hence, only a single wire is required for each signal. Design 
process could be more simple and robustness. The cost in 
terms of chip area and power consumption is therefore low. 
However, to achieve required performance bit-serial 
communication leads to high clock frequencies. 

 
Fig. 2. Shared-memory architecture 

B. Memory elements  
Memory elements comparing to PEs are slow. It is desirable 
to make a trade-off between additional registers and RAM 
to achieve appropriate (in comparing to PE) read and write 
performance. By bit parallel PE high speed register will play 
a trivial (one word) cache memory role. By bit serial PE 
there must be a shift register. The data can be shifted in to 
and out from register with high speed. Then word can be 
written into the RAM. The RAM addressing requires only 
cyclic work. Reading data is bit-parallel and stored into shift 
register. Number of RAM words should be enough to store 
all variables accordingly to realize algorithm. 

C. Interconnection network (ICN)  
Interconnection network provides the communication 
channel needed to supply the PEs with proper data and 
parameters, and store results in the proper memories. The 
data movement should be kept simple, regular and uniform. 
Major design issues involve the topology of the 
communication network and its bandwidth. 

III. BALANCED MODIFIED SHARED MEMORY 
ARCHITECTURE 

 
Realizing single, basic arithmetic operation like addition 

or multiplication, it is obviously bit-parallel version of PEs 
that has several times higher performance then bit serial 
one. However, taking into account whole module with PEs, 
input and output registers, memory and interconnection 
network, advantage of parallel form is not so clear. 
Including power consumption and chip area, serial form 
could be more convenient. Generally smaller chip area and 
smaller clock leads to smaller power consumption. The 
requirements on the PE are that it completes its operation 
within the specified time limit. Self–explanatory chip area 
of single serial-PE is much smaller then parallel-PE, but to 
get the same performance needs faster clock. Parallel PE’s 
lead to more connections lines, consistently more area and 
power. Parallel-PE looks to have several times bigger 
computational throughput (then serial by the same clock), 
however when considering 2-3 PE’s in shared– memory 
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architecture it could be impossible to use high speed clock 
because of noise in signal propagation in long parallel buses. 
Otherwise control part of whole system in serial-PE version 
may be in micro program fashion, where implemented 
algorithm will be changed by the way of changing control 
memory contest. Using parallel-PE, control part must be 
significantly changed due to change type of computational 
task. This brief considerations show that shared-memory 
architecture with serial-PE’s can be easier to implement and is 
better suited to wide range of DSP algorithms. 

The proposed balanced shared-memory module based on 
the approach [13] is shown on figure 3. The Processing 
elements are capable of performing three computing functions: 
bit–serial full addition (inc. carry), bit–serial multiplication 
and negation, with two inputs and one output. Other arithmetic 
operation will be done as sequence of additions. Because of 
two serial inputs and one serial output, each PE is equipped 
with four shift registers (two inputs and one output for two 
independent memories). Those registers are used as single 
word cache memory and as serial/parallel parallel/serial 
translators on communication path to RAM memory. Hence 
interconnection network is very simple. This leads to small 
chip area and possibly of using high speed clock. Number of 

PEs should be 2 and consequently 1 RAM memory blocks 
(one RAM per multiplied output of PE). The multiplier 
output of PE1 is shipped into the RAM block using signals 
s1=1 and s2=0 to PE2 via shift register.  PE2, accumulate 
the multiplier output and write back the result to the output 
buffer. Our shared-memory architecture offers good balance 
in terms of chip area, power consumption, computational 
throughput and flexibility. In fact of lack of required 
performance proposed module could be “multiplied” i.e. 
connected as shown in figure 5 and figure 6. Using parallel 
(figure 5) or cascade (figure 6) connection of modules it is 
easy to create processor suited to wide range of algorithms. 
Almost every required performance could be achieved as 
well. In the next part of this article the example realization 
of multiplier based on serial arithmetic and TVDFT 
transformation based on proposed architecture is presented. 
The heart of proposed architecture is PE (Figure 4). This 
element makes all bit-serial arithmetic calculation such as 
multiplication and addition. Moreover that, the processor 
element can made negation on “b” input when control signal 
“not_b” is high. Control signals s1 and s2 enable 
multiplication and addition respectively.  

 

 
Fig. 3. Instance of universal specific balance architecture 
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Fig. 4. PE architecture 

 
Fig. 5.  Parallel form 
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Fig. 6. Cascade form 

A. Multiplicator based on the serial arithmetic 
Most bit-serial multipliers are in practice based on the 

shift-and-add algorithm where several bit-products are 
added in each time slot. We present such bit-serial 
multiplicator. Bit-serial addition is based on equations are 
given bellow: 
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In bit–serial arithmetic the numbers are normally 
processed with least-significant bit first. In bit–serial 
carry–save adder carries of the adder are saved from one 
bit position to the next. At the beginning of computation 
the D flip-flop is reset. The n-bit serial multiplicator is 
shown on figure 7. At the first step register (shift register 
with serial input and parallel output) takes less significant 
bit of multiplier and first delay from element D1 (less 
significant bit of multiplicand). Unit delay D1 holds bits 
for one clock cycle and D2 unit, two cycles respectively. 

The first bit (less significant) of output appears after 2n 
clock cycles. For example 8–bit serial multiplication takes 
16 clock cycles. 
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Fig. 7. Bit serial multiplicator 

 

IV. TVDFT TRANSFOMATION ON THE GIVEN 
ARCHITECTURE 

Systolic system consists of an array of processing 
elements (typically multiplier-accumulator chips) in a 
pipeline structure that is used for applications such as 
image and signal processing. Systolic approach can speed 
up a compute-bound computation in a relatively simple 
and inexpensive manner. A systolic array in particular 
achieves higher computation throughput without 
increasing memory bandwidth. A wide variety of signal 
processing functions can be hosted on the shared-memory 
processor, including complete subsystems that encompass 
multiple algorithms. The TVDFT transformation [8] will 
be used as the example. TVDFT is given by equation: 
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Where X (k) - spectral component corresponding to k-th 
harmonic, N – length of analysis frame, x(n) -input signal, 
w(n) – time window, K – number of orders in input 
signal. 
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Where f0 (i) is fundamental frequency at time specified by 
i, Fs is sampling frequency. 

In case of linear change of fundamental frequency 
formula (3) can be written as follows: 
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Where: f0 -fundamental frequency at the beginning of 
analysis frame, ∆f is fundamental frequency change 
within analysis frame. Hence, TVDFT formula (2) can be 
written as follows: 
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where: xw(n)=x(n)w(n).  

Formula (5) shows, that for practical realization of 
TVDFT, two sine wave generators with linear change of 
frequency can be used [10]. The balance for that 
algorithm needs two serial PEs, so there is only six shift 
registers for communication between RAM and PEs. Size 
of memories for given example is 3 of 8–bit words RAM 
[0...2]. Such architecture can be used as bit–serial 
computational unit (figure 3). According to proposed 
TVDFT computation in formula 5, at the first step we 
must calculate value of sine and cosine function then 
multiply that value by input signal. Given algorithm could 
be realized in one bit–serial computational unit in two 
main steps. Step one – generation of sine/cosine value 
[10]. 

 As the main step of TVDFT algorithm there is 
necessary multiply generated value of sine/cosine by 
value of input signal. It could be done by detailed steps 
given bellow: 

1) Load data into input registers. 
• R1.1< -IN1, R2.1< - IN2; 
• R1.2< -RAM [0], R2.2< -R3.2; 

 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

203 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



2) Calculations. 
• PE1< -R1.1 * R2.1;  
• PE2< -R1.2 + R2.2; 

3) Writing the results into output registers. 
• R3.1< -PE1; 
• R3.2< -PE2; 

4) Writing the result from output registers to memories 
• RAM [0] < -R3.1; 
• R2.2< -R3.2; 

Where: IN1- input signal from sine generation out 
module, IN2- input signal X(n). 

As it was shown, scheduling of TVDFT algorithm 
consists of two parts of work. First of it, computation 
value of sine/cosine function and the second one, 
multiplication of 8 bit input sample by 8 bit sine/cosine 
value, according formula 5. The same main steps should 
be repeated N times for each real and imaginary part. For 
improving computations performance it is possible to use 
parallel or cascade connection of computation units.  

V. HARDWARE IMPLEMENTATION  

FPGA implementation of specific universal balanced 
architecture was made on XILINX VIRTEX-II family 
(Selected Device: 2vp2fg256-6). Simulation is critical in 
verifying developed design behavior. Functional and 
timing simulation of the specific universal balance 
architecture design was done with Mentor Graphics 
Modelsim using developed test bench and appropriate 
stimuli to validate the design. Table I shows area 
utilization of given architecture and it is compared with 
utilization of area in previous architecture [1] [3] [13] 
[14]. Table II shows timing summary and Table III shows 
timing constraint. The simulation result of TVDFT 
Transform on specific universal balanced architecture is 
shown in figure 8. Layout design is created using Micro 

wind 3.1 to verify the impact of physical structure on the 
behavior of the developed design which is shown in 
figure 9. The final voltage, maximum Idd current of 
proposed architecture is 0-1v 0-2mA.  

TABLE I. Device utilization summary 

2vp2fg256-6 Area Used Utilization 

Number of Slices 40 out of 1408 2% 
Number of Slice Flip Flops 48 out of 2816 1% 
Number of 4 input LUTs 72 out of 2816 2% 
Number of bonded IOBs 28 out of 140 20% 
Number of MULT18X18s 2 out of 12 16% 
Number of GCLKs 1 out of 16 6% 

 

TABLE II.  Timing summary 

Maximum Frequency 271.444MHz 
Minimum Period 4.160ns 
Minimum input arrival time before clock: 3.316ns 
Maximum output required time after clock 3.670ns 

 

A. Comparison of Architectures 
Details of the performance of the specific universal 

balanced architecture of Section III in terms of the basic 
design metrics are tabulated alongside with those of other 
comparable existing architectures in Table IV and figure 
10. It is clear that the proposed implementation 
significantly outperforms the existing implementations in 
terms of three important key metrics, namely the area 
occupied, maximum usable frequency, and gate count.  

 
 
 

 

TABLE III. Timing constraint: Default period analysis for Clock 'clk' 

Cell:in->out Fan 
out 

Gate 
Delay 

Net 
Delay 

Logical Name (Net Name) 

MULT18X18S:C>P4 
LUT2_D:I1->O 
MULT18X18S:A4 

2 
6 

0.705 
0.313 
2.057 

0.561 
0.524 

PE1/multiplier1/Mmult__old_pdt_int_11_inst_mult_0  
PE1/output4<4>1 (PE_1<4>) 
PE2/multiplier1/Mmult__old_pdt_int_11_inst_mult_0 

Total  4.160ns  (3.075ns logic, 1.085ns route)(73.9% logic, 26.1% route) 

 

 

Fig. 8. Simulation of instant universal specific balance architecture 

 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

204 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



Table IV.  Comparison of Performance of the Proposed Implementation and the Existing Reconfigurable Implementation 

2vp2fg256-6                                            Area Used 
Proposed Systolic Fir 

Filter[14] 
2-D Systolic 
Structure for FIR 
Filters[1] 

Yoo et[13] 

Number of Slices 40 122 133 146 

Number of Slice Flip Flops 48 668 48 48 
Number of 4 input LUTs 72 - -- -- 
 Frequency[MHz] 271.44 84.5 74 70 
Period[ns] 4.160 11.8 14.5 14.0 

 
 

 

 

Fig. 9. Layout design of specific instant universal balance architecture  
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Fig. 10. Comparison of Proposed Architecture and Existing Shared Memory Architecture [3] 
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VI. CONCLUSION 

Reconfigurable hardware is getting more and more 
complex with increased complexity and heterogeneity. To 
develop smaller and powerful reconfigurable processor 
we have proposed the universal computation module as 
balanced architecture, based on modified shared-memory 
approach. The balance was achieved between processing 
elements (PEs), count of memories and interconnection 
network. As an example of balanced architecture 
appliance for DSP algorithm the TVDFT transformation 
was implemented. Processing element based on bit serial 
arithmetic (multiplication and addition) was also given. 
As presented in this paper shared-memory balanced 
architecture implemented in FPGA is a universal solution, 
suited to wide range of DSP algorithms.  
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A Novel approach of Data Hiding Using Pixel
Mapping Method (PMM)

Souvik Bhattacharyya , Lalan Kumar and Gautam Sanyal

Abstract—Steganography is a process that involves hiding a mes-
sage in an appropriate carrier like image or audio. The carrier can be
sent to a receiver without any one except the authenticated receiver
only knows existence of the information. Considerable amount of
work has been carried out by different researchers on steganography.
In this work the authors propose a novel Steganographic method for
hiding information within the spatial domain of the gray scale image.
The proposed approach works by selecting the embedding pixels
using some mathematical function and then finds the 8 neighborhood
of the each selected pixel and map each two bit of the secret message
in each of the neighbor pixel according to the features of that pixel
in a specified manner.This approach can be modified for mapping of
four bits of the secret message by considering more no of features of
the embedding pixel. Before embedding a checking has been done to
find out whether the selected pixel or its neighbor lies at the boundary
of the image or not. This solution is independent of the nature of
the data to be hidden and produces a stego image with minimum
degradation.

Keywords—Cover Image, Pixel Mapping Method (PMM), Stego
Image.

I. INTRODUCTION

S TEGANOGRAPHY is the art and science of hiding infor-
mation by embedding messages within other, seemingly

harmless messages. Steganography means “covered writing” in
Greek. As the goal of steganography is to hide the presence
of a message and to create a covert channel, it can be seen
as the complement of cryptography, whose goal is to hide the
content of a message. Another form of information hiding is
digital watermarking, which is the process that embeds data
called a watermark, tag or label into a multimedia object such
that watermark can be detected or extracted later to make an
assertion about the object. The object may be an image, audio,
video or text only. A famous illustration of steganography
is Simmons’ Prisoners’ Problem [16].An assumption can
be made based on this model is that if both the sender
and receiver share some common secret information then
the corresponding steganography protocol is known as then
the secret key steganography where as pure steganography
means that there is none prior information shared by sender
and receiver. If the public key of the receiver is known
to the sender, the steganographic protocol is called public
key steganography [2], [3] and [10].For a more thorough
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knowledge of steganography methodology the reader may
see [14], [17].Some Steganographic model with high security
features has been presented in [4], [5] and [6].Almost all
digital file formats can be used for steganography, but the
image and audio files are more suitable because of their high
degree of redundancy [17]. Fig. 1 below shows the different
categories of steganography techniques.

Fig. 1. Types of Steganography

A block diagram of a generic image steganographic system
is given in Fig. 2.

Fig. 2. Generic form of Image Steganography

A message is embedded in a digital image (cover image)
through an embedding algorithm, with the help of a secret key.
The resulting stego image is transmitted over a channel to the
receiver where it is processed by the extraction algorithm using
the same key. During transmission the stego image, it can be
monitored by unauthenticated viewers who will only notice
the transmission of an image without discovering the existence
of the hidden message. In this work a specific image based
steganographic method for gray level image has proposed. In
this method instead of embedding the secret message into the
cover image a mapping technique has been incorporated to
generate the stego image. This method is capable of extracting
the secret message without the presence of the cover image.

This paper has been organized as following sections: Sec-
tion II describes some related works, Section III deals with
proposed method. Algorithms are discussed in Section IV
and Experimental results are shown in Section V. Section VI
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contains the analysis of the results and Section VII draws the
conclusion.

II. RELATED WORKS

A. Data Hiding by LSB

Various techniques about data hiding have been proposed
in literatures. One of the common techniques is based on
manipulating the least-significant-bit (LSB) [8], [9] and [13],
[15]planes by directly replacing the LSBs of the cover-image
with the message bits. LSB methods typically achieve high
capacity but unfortunately LSB insertion is vulnerable to slight
image manipulation such as cropping and compression.

B. Data Hiding by PVD

The pixel-value differencing (PVD) method proposed by
Wu and Tsai [18] can successfully provide both high embed-
ding capacity and outstanding imperceptibility for the stego-
image. The pixel-value differencing (PVD) method segments
the cover image into non overlapping blocks containing two
connecting pixels and modifies the pixel difference in each
block (pair) for data embedding. A larger difference in the
original pixel values allows a greater modification. In the
extraction phase, the original range table is necessary. It is
used to partition the stego-image by the same method as used
to the cover image. Based on PVD method, various approaches
have also been proposed. Among them Chang et al. [12].
proposes a new method using tri-way pixel-value differencing
which is better than original PVD method with respect to the
embedding capacity and PSNR.

C. Data Hiding by GLM

In 2004, Potdar et al.[11] proposes GLM (Gray level mod-
ification) technique which is used to map data by modifying
the gray level of the image pixels. Gray level modification
Steganography is a technique to map data (not embed or hide
it) by modifying the gray level values of the image pixels.
GLM technique uses the concept of odd and even numbers
to map data within an image. It is a one-to-one mapping
between the binary data and the selected pixels in an image.
From a given image a set of pixels are selected based on a
mathematical function. The gray level values of those pixels
are examined and compared with the bit stream that is to be
mapped in the image.

Fig. 3. Data Embedding Process in GLM

Fig. 4. Data Extraction Process in GLM

D. Data Hiding by the method proposed by Ahmad T et al.

In this work [1] a novel Steganographic method for hiding
information within the spatial domain of the grayscale image
has been proposed. The proposed approach works by dividing
the cover into blocks of equal sizes and then embeds the
message in the edge of the block depending on the number of
ones in left four bits of the pixel.

III. PROPOSED METHOD

In this section the authors propose a new method for
information hiding within the spatial domain of any gray scale
image.This method can be considered as the improved version
of [7].The input messages can be in any digital form, and are
often treated as a bit stream. Embedding pixels are selected
based on some mathematical function which depends on the
pixel intensity value of the seed pixel and its 8 neighbors
are selected in counter clockwise direction. Before embedding
a checking has been done to find out whether the selected
embedding pixels or its neighbors lies at the boundary of the
image or not. Data embedding are done by mapping each two
or four bits of the secret message in each of the neighbor pixel
based on some features of that pixel. Fig.5 and Fig.6 shows
the mapping information for embedding two bits or four bits
respectively.

Fig. 5. Mapping Technique for embedding of two bits

Fig. 6. Mapping Technique for embedding of four bits

Extraction process starts again by selecting the same pixels
required during embedding. At the receiver side other different
reverse operations has been carried out to get back the original
information.
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IV. ALGORITHMS

Let C be the original 8 bit gray scale image of size N x N
i.e. C = (Pij | 0 ≤ i < N, 0 ≤ j < N,Pij ∈ 0, 1, . . . , 255).
Let MSG be the n bit secret message represented as MSG
=(mk | 0 ≤ k < n,mk ∈ 0, 1).A seed pixel Prc can be
selected with row (r) and column (c). Next step is to find
the 8 neighbors Pr′c′ of the pixel Prc such that r′ = r + l
, c′ = c + l ,−1 ≤ l ≤ 1. The embedding process will be
finished when all the bits of every bytes of secret message are
mapped or embedded.

A. Data Embedding Method for embedding of two bits

Algorithm of the embedding method are described as :
• Input : Cover Image(C), Message (MSG).
• Find the first seed pixel Prc.
• count = 1.
• while (count ≤ n)
• begin (for embedding message in message surrounding a

seed pixel).
• cnt=Count number of ones of one of the Pr′c′ of intensity

(V).
• mk=Get next msg bit.
• count = count+ 1.
• mk+1=Get next msg bit.
• count = count+ 1.
• Bincvr= Binary of V.
• If(mk = 0 & mk+1 = 1)
• Bincvr(zerothbit) = 0
• If(cnt mod 2 = 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk = 0 & mk+1 = 0)
• Bincvr(zerothbit) = 1
• If(cnt÷ 2 6= 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk = 0 & mk+1 = 0)
• Bincvr(zerothbit) = 0
• If(cnt mod 2 6= 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk = 0 & mk+1 = 1)
• Bincvr(zerothbit) = 1
• If(cnt mod 2 = 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• End
• Get the next neighbor pixel Pr′c′ for embedding based

on previous Pr′c′ and repeat.
• End
• Return the stego image (S).

B. Data Extraction Method for extraction of two bits

The process of extraction proceeds by selecting those same
pixel with their neighbors. The extracting process will be
finished when all the bits of every bytes of secret message are
extracted. Algorithm of the extraction method are described
as :
• Input : Stego image (S) , count.
• count = count÷ 2.

Fig. 7. A snapshot of data embedding process for two bits

Fig. 8. DFA for embedding process of two bits.

• BinMsg= ” ”.
• Find the first seed pixel Prc.
• I=0.
• While (count ≤ N )
• begin (for extract message in message around a seed

pixel).
• Get the (First/Next) neighbor pixel Pr′c′ .
• cnt=Count number of ones of one of the Pr′c′ of intensity

(V).
• Bincvr= Binary of V.
• Binmsg(i)=ZerothBit of Bincvr.
• count = count+ 1.
• i = i+ 1.
• Binmsg(i)=Enters according to One of ones in the inten-

sity(1 for odd :0 for even).
• i = i+ 1.
• End.
• Get the next neighbor pixel Pr′c′ for embedding based

on previous Pr′c′ and repeat.
• End loop.
• Binmsg is converted back to Original message.
• Return Original Message.
• End.

C. Data Embedding Method for embedding four bits

Algorithm of the embedding method are described as :
• Input : Cover Image(C), Message (MSG).
• Find the first seed pixel Prc.
• count = 1.
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Fig. 9. A snapshot of data extracting process for extraction of two bits

• while (count ≤ n)
• begin (for embedding message in message surrounding a

seed pixel).
• mk=Get next msg bit.
• count = count+ 1.
• Mask the 5TH bit from left with the mk in ’Bincvr’
• mk+1=Get next msg bit.
• count = count+ 1.
• Mask the 6TH bit from left with the mk+1 in ’Bincvr’
• cnt=Count number of ones of one of the Pr′c′ of intensity

(V).
• mk+2=Get next msg bit.
• count = count+ 1.
• mk+3=Get next msg bit.
• count = count+ 1.
• Bincvr= Binary of V.
• If(mk+2 = 0 & mk+3 = 1)
• Bincvr(zerothbit) = 0
• If(cnt mod 2 = 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk+2 = 0 & mk+3 = 0)
• Bincvr(zerothbit) = 1
• If(cnt÷ 2 6= 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk+2 = 0 & mk+3 = 0)
• Bincvr(zerothbit) = 0
• If(cnt mod 2 6= 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• If(mk+2 = 0 & mk+3 = 1)
• Bincvr(zerothbit) = 1
• If(cnt mod 2 = 0)
• Bincvr(firstbit) = ¬Bincvr(firstbit)
• End
• Get the next neighbor pixel Pr′c′ for embedding based

on previous Pr′c′ and repeat.
• End
• Return the stego image (S).

D. Data Extraction Method for extracting four bits

The process of extraction proceeds by selecting those same
pixel with their neighbors. The extracting process will be
finished when all the bits of every bytes of secret message are
extracted. Algorithm of the extraction method are described
as :
• Input : Stego image (S) , count.

• count = count÷ 2.
• BinMsg= ” ”.
• Find the first seed pixel Prc.
• I=0.
• While (count ≤ N )
• begin (for extract message in message around a seed

pixel).
• Get the (First/Next) neighbor pixel Pr′c′ .
• cnt=Count number of ones of one of the Pr′c′ of intensity

(V).
• Bincvr= Binary of V.
• Binmsg(i)=3rd Bit of Bincvr from Right.
• i = i+ 1.
• Binmsg(i)=2nd Bit of Bincvr from Right.
• i = i+ 1.
• Binmsg(i)=ZerothBit of Bincvr.
• i = i+ 1.
• If (cnt mod 2 = 0) (i.e. it is even ) Binmsg(i)=0 Else

Binmsg(i)=1
• Binmsg(i)=Enters according to One of ones in the inten-

sity(1 for odd :0 for even).
• i = i+ 1.
• count = count+ 1.
• End.
• Get the next neighbor pixel Pr′c′ for embedding based

on previous Pr′c′ and repeat.
• End loop.
• Binmsg is converted back to Original message.
• Return Original Message.
• End.

One important point needs to be kept in mind that a specific
order for selecting the neighbors of the seed pixel has to be
maintained for embedding / mapping process and also for the
process of extraction other wise it would not be possible to
retrieve the data in proper sequence. This sequence has been
shown in Figure 8.

Fig. 10. Sequence of data embedding

E. Pixel Selection Method

Random Pixel Generation for embedding message bits is de-
pendent on the intensity value of the previous pixel selected.It
includes a decision factor (dp) which is dependent on intensity
with a fixed way of calculating the next pixel.The algorithm
for selection of pixel for embedding is described below:
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• Input: C , previous pixel position (x,y),pixel intensity
value (v).

• Consider dp (Decision Factor)=1 if (intensity ≤
80),dp=2 if (intensity ≥ 80 & ≤ 160) ,dp=3 if
(intensity > 160 & ≤ 255).

• t = x+ 2 + dp
• if (t ≥ N)m = 2, n = y + 2 + dp
• else m = x+ 2 + dp, n = y
• Return m and n.
• End

Fig. 11. Snapshot of Selected Pixel for embedding.

Fig. 12. DFA for pixel selection.

V. EXPERIMENTAL RESULTS

In this section the authors present the experimental results
of the proposed method based on two benchmarks techniques
to evaluate the data hiding performance based on embedding
of two bits or four bits respectively. First one is the capacity
of hiding data and another one is the imperceptibility of
the stego image, also called the quality of stego image. The
quality of stego-image should be acceptable by human eyes.
The authors also present a comparative study of the proposed
methods with the existing methods like PVD,GLM and the
methods proposed by Ahmad T et al.by computing embedding
capacity, mean square error (MSE) and peak signal-to noise
ratio (PSNR).The authors also compute the normalized cross
correlation coefficient for computing the similarity measure
between the cover image and stego image. In this section
experimental result of stego image are shown based on two
well known images: Lena and Pepper. In Fig 13 a segment of
Lena as cover image has been shown. Fig 14 shows the same
segment of Lena as stego image after embedding the message
(two bits per pixel) ”I am an Indian” on that segment.

Fig. 13. A Segment of Cover Image with selected pixel

Fig. 14. A Segment of Stego Image with selected pixel with the embedded
msg segment ”I am an Indian” (two bits per pixel)

In Fig 15 shows the segment of Lena as cover image and
Fig 16 shows the same segment of Lena as stego image after
embedding the message (four bits per pixel) ”I am an Indian,
India is my country” on that segment.

Fig. 15. A Segment of Cover Image with selected pixel

Fig. 16. A Segment of Stego Image with selected pixel with the embedded
msg segment ”I am an Indian, India is my country” (four bits per pixel)

In Fig 17 shows the image of Lena as cover and also as
stego after embedding the message ”I am an Indian and I
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feel proud to an Indian.”(four bits per pixel). Fig 18 shows
the same with Pepper as the image.

Fig. 17. A) Cover Image B) Stego Image of Lena after embedding ”I am
an Indian and I feel proud to an Indian.”

Fig. 18. A) Cover Image B) Stego Image of Pepper after embedding ”I am
an Indian and I feel proud to an Indian.”

A comparative study of the embedding capacity with other
methods has been illustrated in figure 19 (two bits per pixel)
and figure 20 (four bits per pixel) respectively.

Fig. 19. Comparision of embedding capacity for two bits

Fig. 20. Comparision of embedding capacity for four bits

** For PVD method all the images used are of size 512x512.

A. Peak Signal to Noise Ratio (PSNR)
PSNR measures the quality of the image by comparing

the original image or cover image with the stego-image, i.e.
it measures the percentage of the stego data to the image
percentage. The PSNR is used to evaluate the quality of the
stego-image after embedding the secret message in the cover.
Assume a cover image C(i,j) that contains N by N pixels and
a stego image S(i,j) where S is generated by embedding /
mapping the message bit stream. Mean squared error (MSE)
of the stego image as follows:

MSE =
1

[N ×N ]

N∑
i=1

N∑
j=1

[C(ij)− S(ij)]2

The PSNR is computed using the following formulae:

PSNR = 10 log10 255
2/ MSE db.

A comparative study of PSNR of various methods has been
illustrated in figure 21 and figure 22 respectively.

Fig. 21. Comparison of PSNR after embedding two bits per pixel

Fig. 22. Comparison of PSNR after embedding four bits per pixel

B. Similarity Measure

For comparing the similarity between cover image and
the stego image, the normalized cross correlation coefficient
(r) has been computed. In statistics, correlation indicates the
strength and direction of a linear relationship between two
random variables. The correlation coefficient ρxy between two
random variables X and Y with expected values µx andµy and
standard deviations σx and σy is defined as

ρx,y =
cov(x, y)

σxσy
=
E((X − µx)(Y − µy))

σxσy

where E is the expected value operator and cov means
covariance. The value of correlation is 1 in the case of an
increasing linear relationship, -1 in the case of a decreasing
linear relationship, and some value in between in all other
cases, indicating the degree of linear dependence between the
variables.

Cross correlation is a standard method of estimating the
degree to which two series are correlated. Consider two series
x(i) and y(i) where i=0,1,2,. . . ,N-1. The cross correlation r at
delay d is defined as

r =

∑
i[(x(i)−mx)(y(i− d)−my)]√∑

i(x(i)−mx)2
√∑

i(y(i− d)−my)2

where mx and my are the means of the corresponding series.
The cross-correlation is used for template matching which is
motivated through the following formula

r =
∑

x
y

f(x, y)t(x− u, y − v)
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where f is the image and the sum is over x, y under the
window containing the feature t positioned at u, v.

Similarity measure of two images can be done with the
help of normalized cross correlation generated from the above
concept using the following formula:

r =

∑
(C(i,j)−m1)(S(i,j)−m2)√

(
∑

C(i,j)−m1
)2
√
(
∑

S(i,j)−m2
)2

Here C is the cover image, S is the stego image,m1 is the
mean pixel value of the cover image and m2 is the mean pixel
value of stego image. It has been seen that the correlation
coefficient computed here for all the images is almost one
which indicates the both the cover image and stego image are
of highly correlated i.e. both of these two images are same.

Fig. 23. Comparision of Similarity Measure for Lena

Fig. 24. Comparision of Similarity Measure for Pepper

VI. ANALYSIS OF THE RESULTS

In this article the authors proposed an efficient image
based steganography approach for hiding information in a
gray scale image. Comparison has been shown with some
existing methods like PVD, GLM and the technique proposed
by Ahmad T et al. From the experimental results in can be
seen that the embedding capacity of the proposed method is
better compared to PVD, GLM and the other technique in most
cases and also the similarity measures proves that the proposed
method better among these four methods which ensures that
cover image and the stego image is almost identical. As

the message bits are not directly embedded at the pixels of
the cover image, steganalysis may be able to find out the
embedded bits but can not be able to extract the original
message bits.PSNR value of the proposed method (two bits
per pixel) for various sizes of the image better than compared
to other methods.

VII. CONCLUSION

The work dealt with the techniques for steganography as
related to gray scale image. A new and efficient steganographic
method for embedding secret messages into images without
producing any major changes has been proposed. Although in
this method it has been shown that each two bit or four bit
of the secret message has been mapped in the pixels of the
cover image,but this method can be extended to map 8 no
of bits per pixel by considering more no of features of the
embedding pixels.This method also capable of extracting the
secret message without the cover image. This approach may
be modified to work on color images also.
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Abstract- This paper proposes and evaluates an approach to 
facilitate semantic interoperability between Ontologies built in 
SHIQ description logic language in an attempt to overcome the 
heterogeneity problem of Ontologies. The structural definition of 
Ontologies is used as a key point to predict their similarities.  Based 
on SHIQ General Concept Inclusion, Ontologies to be mapped are 
translated into hierarchical trees and a graph matching technique 
is used to find out similarities between the trees. Similarity between 
concepts is predicted based on their  level of hierarchy and their 
logical definition. Semantic similarities between concepts are 
evaluated by putting more emphasis on the logical operators used 
in defining concepts with less reference to concepts  syntactic 
similarities analysis. The obtained result shows that a pure 
structural comparison based mainly on logical operators used in 
defining Ontologies concepts provides a better approximation than 
a comparison combining the logical and syntactic similarities 
analysis evaluated based on  the edit distance function. 

  
 

Keywords: Ontology, Description logics, Mapping, 
Interoperability, Semantic.  

1. Introduction 
Due to heterogeneity of information sources, the need has 

arisen for the development of techniques for representing 
information in an unambiguous way and finding approaches 
that allow applications to simultaneously manipulate data 
available in multiple sources. Ontologies [15] have been 
used to provide structured knowledge and information that 
give a common understanding of the domain been modeled. 

The non standardization of Ontologies and Ontologies 
languages leads to the existence of several incompatible 
Ontologies systems even those representing the same 
domain. This means that, different ontology builders may 
have different approaches to model a given domain or can 
use different terminology to represent the same concept, 
which may be semantically the same but syntactically 
different. This leads to inconsistent interpretation and  
incompatibility between Ontologies even those describing 
the same domain. Incompatibility limits the sharing of 
knowledge between machines or humans who do not have 
the same understanding of what terminology means. One 
cannot talk of common understanding of domains as long as 
there is inconsistent interpretation of terminologies.  
Consequently, interoperability among Ontologies systems is 
no longer possible at semantic level unless there is a mean of 
matching Ontologies created by different builders. 
Ontologies then face the same or even harder problems with 
respect to heterogeneity as any other piece of information 
[16]. Several research works have been undertaking in recent 
time in this field to determine how Ontologies should be 
constructed and to attempts to overcome the problem of 

semantic interoperability. Description logics(DL) [1,12] are 
becoming widely used in Ontologies building, as a language 
that provides a clear semantic and inference services to 
support the design, evolution, maintenance and integration of 
Ontologies. Despite the merit of description logics as a 
language for Ontologies building, interoperability among 
description logics based Ontologies is still an unsolved 
problem. Several authors e.g. [2,3] show how description 
logics can be used as Ontologies language but there have 
been few effective and efficient proposals on how 
interoperability among them can really be achieved. 

An approach to this problem is to determine a platform 
that reconciles different Ontologies. Literatures on how to 
reconcile different Ontologies remain scanty [17,11]. 
Mapping of Ontologies elements is often used as an attempt 
for that purpose. A review of existing systems for ontology 
mapping reveal that most systems evaluate the semantic 
similarities by performing a deep analysis of syntactic 
comparison or by using class instance comparison[4,9,13]. 
The main drawback of this approach is that, in ontology 
building, some jargon may not be easily interpreted so as to 
derive their meaning from their syntax. Since most natural 
languages are not yet standardized, syntactic analysis cannot 
be seen as a perfect solution. 

In this paper, we describe a mapping approach that can be 
used to achieve interoperability between SHIQ Ontologies 
by performing a matching between Ontologies based mostly 
on the hierarchical structure of Ontologies and constructors 
used in defining concepts. Textual Ontologies are translated 
into hierarchical trees based on SHIQ general concept 
inclusion and graph matching techniques are used to identify 
similar concepts. Similarities between concepts are evaluated 
based on their logical definition, the similarities of their 
ancestors and that of their successors. 
In the next section we present a formal definition of ontology 
mapping. Section 3 introduces SHIQ language and it syntax, 
section 4 describes the proposed SHIQ mapping system and 
section 5 focuses on the implementation and the discussion 
of the obtained result 

2. Mapping Ontologies 

Ontology mapping is the main task required to achieve 
interoperability between two agents or services using 
different Ontologies. Mapping is a set of formulae that 
provide the semantic relationship between concepts in the 
models [10]. Mapping is to establish correspondences among 
different Ontologies and to determine the set of overlapping 
concepts (concepts that are similar in meaning but have 
different name or structure) and concepts that are unique to 
each of the sources [14]. Given two Ontologies O1 and O2, 
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mapping Ontologies O1 onto ontology O2 means that for each 
entity in ontology O1, we try to find a corresponding entity, 
which has the same intended meaning, in ontology O2. 

Mapping takes as input two lists of terms from Ontologies O1 
and O2 and produces a list of matched pairs. Each pair 
contains two terms: one from the source ontology O1 and 
another from the target ontology O2. Ontology mapping as a 
task will entail discovering the following properties:  
Property 2.1 Equality: 
Two Ontologies are equal if there exist a mapping that can 
transform ontology O1 into ontology O2  
Property 2.2 Subsumption: 
Ontology O1 subsumes O2 if a mapping exists that can 
transform a subset O1′ of O1 into O2. 
Property 2.3 Intersection: 
Intersection occurs between ontology O1 and O2 if they have 
some overlapping area. That is there exist O1′ and O2′  such 
that O1′⊆O1 and O2′⊆O2 and a mapping exist that can 
transform O1′ into O2′. 
Property 2.4 Disjointeness: 

Ontology O1 and O2 are disjoint when the two Ontologies are 

totally different. 

Ontology is made up of a collection of related concepts. 
Analyzing the mapping properties between two different 
Ontologies is the task of finding the mapping concepts in the 
two Ontologies. This allows us to characterize relationship 
between Ontologies as relation between their concepts. 

Map⊆C1 x C2 where C1 and C2 are sets of concepts in 
ontology O1 and O2 respectively is regarded as one to one 
function between Ontologies concepts. Each concept of a 
given ontology may be associated with a corresponding 
semantically similar concept in the other ontology. 
 

3.  Review of SHIQ description logics as 
ontology language. 

Description logics provide languages for the description of 
concepts, relations used to represent knowledge. They can be 
used in ontology building. They are characterized by the use 
of various constructors to build complex concepts from 
simpler ones, with an emphasis on the decidability as key 
reasoning tasks, and by the provision of sound, complete and 
(empirically) tractable reasoning services [5]. 

In contrast to most description logic which concentrates on 
constructors to describe concepts, SHIQ DL[5,6,7,8] is an 
expressive knowledge representation formalism that extends 
ALC description logics with qualifying number restrictions, 
inverse roles, role inclusion axioms (RIAs) R  S, and 

transitive roles[6]. 
3.1. Syntax of SHIQ concepts 

Concepts are used to describe the relevant notions of an 
application domain. The terminology (TBox) introduces 
abbreviations (names) for complex concepts. In SHIQ, the 
TBox allows one to state also more complex constraints. Let 
NC be a set of concept names. The set of SHIQ-concepts is 
the smallest set such that the following hold: 

1. Every concept name A ∈  NC is a SHIQ-concept. 
2.  If C and D are SHIQ-concepts and r is a SHIQ-role, then 

C   D, C D, ¬C,∀ r.C, and    ∃ r.C are SHIQ-concepts, 

3. If C is a SHIQ-concept, r is a simple SHIQ-role, and 

n∈N, then (≤ nr.C) and (≥ nr.C) are SHIQ-concepts. 
A general concept inclusion (GCI) is of the form C  D, 

where C and D are SHIQ-concepts. A finite set of GCIs is 
called a TBox. Concept definition is of the form A C, where 

A is a concept name. It can be seen as an abbreviation for the 
two GCIs A  C and C  A. For example, a subset of the 

definition of a family can be stated in Tbox using GCI as 
follow: 

man human  ≥haschild.human 

woman human  female 

man human  ¬ woman 

mother  woman  ≥1haschild.human 

father man ≥1haschild.human 

grandmother  mother  ∃ haschild.parent 

grandfather father ∃haschild.parent 

motherwith5children  mother  ≥5haschild.human   

≤ 2haschild. human 

motherwithoutdaughter mother  ∀ haschild.man 

3.2. Syntax of SHIQ-roles 
Role is interpreted as binary relation. It uses binary 

relations (such as Boolean operators, composition, inverse, 
and transitive closure) as role forming constructors. Syntax 
of SHIQ role is defined as follows: 

1 Every role name is a role description (atomic role), 
and if R, S are role descriptions, then R, S, R  S 
(intersection), R   S (union), are normal role.  

For example, one can express that someone has a 
number of male children within the range of 2 and 7 

by (≥2 has_Child ≤ 7 has_Child).male 

2 Let R be a set of role names, which is partitioned into 
a set R+ of transitive roles and a set RP of normal 
roles. The set of all SHIQ-roles is R  {r - / r   R}, 

where r- is called the inverse of the role r.  
The inverse role construct allows one to denote the inverse 

of a given relation. One can for example one can state with 
has_child-.doctor that someone has a parent who is a 

doctor, by making use of the inverse of role has_child. The 
inverse relation on binary relations is symmetric, i.e., the 
inverse of r - is again r. 

A role inclusion axiom is of the form r  s where r and s 

are SHIQ-roles. A role hierarchy is a finite set of role 
inclusion axioms. Role inclusion is transitive and an 
inclusion relation between two role transfers to their inverses 
3.3. Describing Ontologies in SHIQ 

In general, ontology can be formalized in a TBox as 
follows: 

Firstly, we restrict the possible worlds by introducing 
restrictions on the allowed interpretations using the general 
concepts inclusion (GCIs).  

Secondly, we can define the relevant notions of our 
application domain using concept definitions. A concept 
name is called defined if it occurs on the left-hand side of a 
definition, and primitive otherwise. 

We want our concept definitions to have definitional 
impact, i.e., the interpretation of the primitive concept and 
role names should uniquely determine the interpretation of 
the defined concept names. For this, the set of concept 
definitions together with the additional GCIs must satisfy 
three conditions: 
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- There are no multiple definitions, i.e., each defined 
concept name must occur at most once as a left-hand 
side of a concept definition. 

- There are no cyclic definitions, i.e., there is no cyclic 
dependency between the defined names in the set of 
concept definitions. 

- The defined names do not occur in any of the additional 
GCIs. 
 

4.  The SHIQ match system. 
The SHIQ match system takes as input two Ontologies 

built in SHIQ and produce as output the proposed mapped 
concept from the two Ontologies. 

  
Fig.1 structure of the SHIQ match system 
 

Textual Ontologies are first translated into trees. Trees are 
traversed and similarities are computed between trees 
elements based on some metrics to be defined. Finally, the 
system proposes to the users the matching between concepts 
of the two Ontologies based on their obtained similarity 
values 

4.1. Parsing Ontologies into trees 
Parsing Ontology into tree takes, for each valid general 

concept inclusion, its constituent parts and adds them into a 
tree. This represent ontology as a tree T by a couple T=(N,E) 
where N is a finite set of nodes and E⊆  N x N is a set of 
directed edges. Nodes of the tree represent concept names 
while edges occurring between two nodes represent the role 
as well as associated constructors, which is the relation that 
links the two concepts. In other words, a sub-concept 
becomes a child of the parent concept from which it was 
defined, while the node linking them is labeled with 
associated constructors that define the sub-concept in terms 
of the parent.  

Ontologies to be mapped are defined in negation normal 
form (NNF), that is, negation occurs only in front of concept 
names. Any SHIQ concept can easily be transformed to an 
equivalent one in NNF by pushing negations inwards by 
using a combination of De Morgan’s laws: 

(B C)= ¬B ¬C 

¬(B C)= ¬B ¬C 

 and the following equivalences: 

¬ (∃ r.C) = (∀ r.¬C) 
¬ (∀ r.C ) =(∃ r.¬C) 
¬ (≤ n r.C) =≥ (n+1) r.C)  
¬ (≥ n r.C)= ≤ (n-1) r.C 
In NNF form, concepts defined using GCI is represented 

as follow: 
Conceptdef  conce ptsub  role1.concept1   

role2.concept2  …  rolen.conceptn 
Where n is a positive integer, which may be zero and rolei, 

used as a generic term that may represent constructors as 
well as role name. 
The concept definition in this case can be divided into three 
differents parts: The defined concept specified by Conceptdef, 
which is the concept being defined. It is regarded as a subset 
of the parent concept. The parent (or subsuming) concept 
represented by conceptsub, which is a concept more general 
than the defined concept and is assumed to have the defined 
concept as one of its subset. Finally, a sequence of 
rolei.concepti separated by a set operator ( ). Each 

rolei.concepti  term represents a specialization of the parent 
concept. That is, they specify an attribute of the defined 
concept that makes it a special kind of the parent concept. 

 

Fig. 2 SHIQ General Concept Inclusion syntax diagram. 

Starting from the top concept as a root of the tree, each GCI 
line is scanned using the GCI diagram and the concept been 
defined is added in the tree as a successor node of it parent 
concept. Any other element of the definition (roles, 
constructors and any associated concepts) appear at the edges 
linking the two nodes. Note that the parent concept appearing 
in the right side of the concept inclusion symbol of each 
definition. This preserves the hierarchical structure of the 
tree, where concepts of higher level are assumed to subsume 
concepts of lower level.  

 

Fig.3 Tree representation of General Concept Inclusion 

4.2 Match SHIQ Ontologies from trees.  

Comparison between the two trees is performed by 
traversing the two trees simultaneously and evaluating 

conceptsub 

conceptdef 

role1.concept1  
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restriction 

 

Cardina
lity 

 
quantification 

 
 

concept 

Ontology O1 Ontology O2 
 

Trees representation 

Mapping functions: 
Similarities evaluations 

Proposed mapped concepts 
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similarities between trees elements. Normally, each node of 
the first tree is compared with all the node of the second tree, 
to find its similar node from all the nodes of the second tree. 
We have adopted an approach that optimizes the total 
number of comparison by reducing the searching space by a 
factor at which concepts are similar.  

Nodes to be compared next are selected based on the 
similarities of their ancestors. When the current selected 
node of the first tree is compared with all the nodes of the 
second tree, a decision about its similarity with a node of the 
second tree is made. Whenever a node of the second tree is 
perfectly similar with that of the currently selected node of 
the first tree, the next step of comparison takes only their 
sub-trees, taking the two identical nodes as roots. For 
instance, in fig. 7, with the matching between woman and 
femme, all nodes derived from woman should be compared 
only with the nodes derived from femme rather than 
comparing them with all the nodes of the second tree. In case 
there is no perfect match, all its successors are compared 
with all the nodes of the second tree  
Comparetreee(tree1,tree2: tree) 
Begin 

Select a node of tree1 say node1 
While (there still exist unvisited node in tree2)do 
Begin 

Select a node in tree2 say nodei 
Mark nodei as visited 
Compute_ similarity( node1, nodei) 

End 
If (there exist a node of tree2 say nodei where          
computed similarity=1) then 
Begin 

For (all subtree of node1 )do 
For (all subtree of nodei)do 
   Comparetree(subtree of node1, 
subtree of nodei) 
End 

End 
End 
Else 
Begin 

For (all subtree of node1 )do 
Comparetree(subtree of node1, 

tree2) 
End 

End 
End 
Pseudo code 1: Algorithm for traversing trees to perform the 
comparison.  

It is worth nothing that compute_similarity is a pseudo 
method that refers the three methods for computing the 
similarity between nodes. That is comparedefinition, 
Comparesuccessor and importing the parent similarity as 
stated in fig. 4. 

This comparison approach reduces the number of 
comparison to be performed from the Cartesian product of 
all the nodes of the two trees (N x M) to a factor of the 
numbers of successors nodes of the two concepts being 
compared. Any pair of compared nodes is treated as a 
candidate mapping that will be checked and the most similar 

concepts (if there exist) based on the similarity metric to be 
defined, is considered as the mapped concepts.  

Similarity between two concepts is defined as follows:  

Sim : ε1 × ε 2 × O1 × O2 ∈ [0, 1] 

Where ε1, ε2 are the set of concepts of ontology O1 and O2 
respectively. 

Sim function returns a degree of similarity between pairs of 
concepts. The similarity value is between 0 and 1, where 1 
stands for perfect match and 0 for no match. 

The hierarchy structure of the tree implies that each concept 
was defined only once and then appears only once on the 
tree. Thus each concept of the first ontology may only have 
at most only one similar concept in the second ontology. 
With this assumption, the task of mapping between two 
Ontologies is reduced to a one to one mapping between their 
respective concepts.  

To have a good understanding of the semantic of a particular 
defined concept, there is a need to understand the semantic 
of all other concepts associated in its definition. For 
example, with the following representation:  

Mother  Woman  ≥1haschild.Human 

mother is defined as a woman having a child which is an 
instance of a class human. To capture the meaning of the 
concept mother, we need to understand first the meaning of 
concept woman and human. SHIQ Ontology is defined using 
concept name, role name, which is a relation occurring 
between concepts and possibly constraints on this relation, as 
well as constructors to combine those concepts. For each pair 
of concept been compared, a logical comparison is 
performed on the logical symbols that associate the concepts 
to their neighbor. This comparison is associated a weight 
which define the importance of the logical operators in 
determining the similarities of the concepts been defined. 
Because theses operators do not have any relation with the 
natural language used, they are considered to be the main 
point at which the comparison is based upon. Their 
comparison is based on a direct logical comparison. Our 
mapping approach is to make the mapping as free as possible 
from the syntactic comparison. We assign a high weight to 
each logical comparison.(fig.5)  

Whenever there is a need, generally when Ontologies are 
built in the same natural language, syntactic comparison may 
be used to support the logical comparison but with a very 
low weight. The syntactic comparison may be performed on 
Meta data used as concepts name or role label. Generally, 
when two syntactically similar terms are used in the same 
context, they have the same meaning. It is observed that, in 
modeling the same world using the same natural language, it 
will be difficult to find that knowledge modelers have used 
totally different vocabulary to define all of their concepts and 
role. In some cases, they may used highly syntactically 
related to represent the same things. As example, one may 

218 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 4, July 2010 

decide to use “studentname” to represent the student name 
while another builder may use “student_name” for the same 
purpose. The edit distance (ed) introduced by Levenshtein is 
used as a basic measure for the syntactic similarity function. 
The idea behind the edit distance is to measure the minimum 
number of token insertions, deletions, and substitutions 
required to transform one string into another. The difference 
between two strings can be obtained from the longest 
common subsequence (LCS) by subtracting the double of the 
length of the LCS from the sum of the length of the two 
strings. 

Ed(string1,string2) = |string1|+|string2|-
2(|LCS(string1,string2)|) 

Based on the edit distance, we define the syntactic similarity 
function as a maximum value between 0 and the ratio of the 
minimum value between the lengths of the two strings minus 
their edit distance over the minimum length of the two 
strings. 

Simsyntax(string1,string2)=
( ) ( )

( ) 








 −

2,1min

2,12,1min
,0max

stringstring
stringstringedstringstring

 

Simsyntax function returns a degree of similarity of two strings, 
which is a value between 0 and 1, where 1 stands for perfect 
match and zero for bad match. It considers the number of 
changes that must be made to transform one string into the 
other and weights the number of these changes against the 
length of the shorter of the two strings. 

The similarity between concepts is captured based on three 
major comparisons: Concepts definition, concepts successors 
and parents’ concepts. 

  

Fig 4. Approach for concepts similarities evaluation 

4.3 Definition comparison 

Comparing definitions means that we find out similarities 
between operators, relations as well as other concepts used in 
the definitions. In a tree, it implies a comparison between the 
two edges leading to the nodes being compared. A 
comparison of all the rolei.concepti of the two definitions is 
performed. A best match for each rolei.concepti of the first 

tree is determined and an average value of their similarity is 
obtained as the similarity value of the concept definition. The 
comparison is achieved by performing a syntactic 
comparison on the role name, a logical comparison on the set 
operators used in the definition. Generally, concepti 
appearing in the rolei.concepti is an already defined concept. 
Their similarity value can be obtained just by referring to 
their already computed value. The pseudo code below 
describes the comparison between two definitions. 
Comparedefinition(node1,node2) 
Var 
Resultdefinition: array of record 
Role1:string 
Role2:string 
Score:real 
Begin 
   For i=1 to number of rolei.concepti appearing in the  
  edge  leading to node1 do 
 begin  
   For j=1 to number of rolej.conceptj appearing in the    
   edge  leading to node2 do 
  Begin 

 Scorerolename ←simsyntax(rolenamei, rolenamej) 
 scorecardinality←simlogic(cardinalityi,cardinalityj) 
 scorequantification←simlogic(quantificationi,     
quantificationj) 
scorenumberrestriction←simlogic(number restrictioni, 
number restrictionj) 
scoreassociatedconcept←similarity value of 
(concepti,conceptj) 
resultdefinition[k].role1←rolei.concepti 
resultdefinition[k].role2←rolej.conceptj 
resultdefinition[k].score←sum(scorerolename*weight 
+scorecardinality*weight+scorequantification*weight+ 
corenumberrestriction*weight+ 
scoreassociatedconcept*weight) /sum(weight) 
k←k+1 

  end 
end 
 
for (each rolei.concepti in  resultdefinition[i].role1) do 
begin 

select their best match score in resultdefinition[i].score 
averagescore← sum(all best matches)/(number of 
rolei.concepti appearing in the edge that lead to node1) 
scoreconceptdefinition←averagescore 
return scoreconceptdefinition 

   end 
end 

Pseudo code2: Algorithm for comparing the definition of two concepts 

4.4 Successor’s comparison  

It is evident that similar concept will also subsume similar 
children concepts. So, comparison is performed on all the 
concepts definitions that use each of the two concepts as a 
parent concept. To achieve this, we compare all the edges 
departing from both nodes being compared.  For two given 
nodes, we perform a Cartesian product of the number of 
children of each node. For instance, in fig.7, if the two nodes 
being compared are mother and maman, we find also the 
similarities between the sets (grandmere, merede5enfants) 
and (grandmother, motherwith5children) as they are 

Concepts 

similarity 

Similarity between 
their parents 

Similarity between 
their definitions 

Similarity between 
their successors 
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successor’s node of maman and mother respectively. For 
each edge departing from the node being compared in the 
first tree, it best match is detected from all the edges of the 
node of the second tree. An average value is obtained from 
the ratio of all the best match value and the number of edges 
departing from the node of the first tree. 
Comparesuccessor(node1,node2) 
Var 
Resultsuccessor: array of record 
concept1:string 
concept2:string 
Score:real 
Begin 

For i=1 to number of successor of node1 do 
Begin 

For j=1 to number of successor of node2 do 
Begin 

resultsuccessor [k].concept1← successori 
resultsuccessor [k]. concept2← successorj 
resultsuccessor[k].score←conceptdefinition(succe
ssori, successorj) 
k←k+1 

             end 
   end 
for (each successori in  resultsuccessor[i].concept1) do 
begin 

select their best match score in resultsuccessor[i].score  
averagescore← sum(all best matches)/( number of 
successor of node1) 
scoresuccessor←averagescore 
return scoresuccessor  
end 

end 
Pseudo code3: Algorithm for computing the similarity between 
successors’ nodes 

4.5 Parent node comparison  

In a real world, two things are similar if they produce the 
same elements. Since Ontology is just the modeling of the 
real world, if two concepts are similar, then there should be a 
similarity between their parents. For each pair of concepts 
being compared, we refer to the similarity of their parents to 
predict their own similarity. 

With the comparison been evaluated at three different level, 
we obtain, three values for a candidate pair of concepts from 
the two Ontologies. We define an aggregate value that gives 
the similarity value for that mapping. These values are 
assigned different weights that represent the importance for 
each of those above obtained value, to influence the final 
similarity value. We define the result of similarity between 
two concepts as follow: 

Weight parent(score parent)+ weight concept 
definition(score concept definition)+weight concepts 
subsumption(score concept subsumption) /Σ(weight)     

A syntactic comparison (see fig.5), should be avoided 
whenever the two Ontologies are not in the same natural 
language. The figure 5 below shows all the comparison 
performed for a given pair of concept to deduce their 
similarities 

 

Fig 5: Summary of comparisons.  

5. Implementation and result 

SHIQ match system consists of a user interface and an 
associated mapping engine built based on the above 
described technique of mapping.  It provides facilities of 
building Ontologies to be compared. The system emphasis 
on the internal matching structure rather than the 
visualization aspect of transformations occurred on the 
ontology. 

 

Fig.6 the SHIQ match system interface for Ontology building 

Taking as example, the two given Ontologies, the first 
describing a subset of a living things and the second 
ontology, it subset describing the family bellow: 

 

Similarity concept 
definition 

 

Similarity operators 
 (logical comparison) 

Similarity concepts associated 
to role (obtained from their 
mapping result) 

Similarity roles name 
(syntactic comparison) 
 

Similarity operators 
(logical comparison) 

Total 
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parent concepts) 
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Ontology1 

Animal living 
Plant living  ┐ animal 
Tree plant >7 haslength.meters 
smalltree plant   ¬ tree 
Human animal  intelligent 
Parent human haschild.human 
Beast animal  ¬ human 
Woman  human  female 
man human ┐woman 
father  man ≥ 1 haschild.human  
mother  woman  ≥ 1 haschild.human  
grandfather  father  ∃ haschild.parent 

grandmother  mother  ∃haschild. Parent 

motherwith5children  mother  ≥5haschild. 
human   ≤ 5haschild. human 

predators  beast  ∀ hasnutrition.meat 
 
Ontology2 

parent humain   ∃a_enfant.humain 
femme humain  feminine 
homme humain ¬ woman 

papa homme    ∃a_enfant.humain  

maman femme ∃a_enfant.humain 

grandpere papa    ∃a_enfant.parent 

grandmere maman   ∃a_enfant.parent 
merede5enfant maman    < 5 a_enfant.humain   > 5 
a_enfant.humain 
We expect the system to obtain the mapping bellow (note 
that for clarity purpose, edges were not labeled with roles) 
 

 

Fig.7 Ontologies represented in a graph with matched concepts 
 

The system uses a threshold value to determine similarities 
between concepts. The comparison between concepts of 
ontology O1 and concepts of ontology O2 provides a tabular 
representation of the entire possible matching and their 
similarity values. Each table entry contains the two concepts 
being compared and their similarity score. Each concept has 
(if exist) only one similar concept in the second tree. A 
threshold value is set, which gives the minimum value at 
which, two concepts can be said to be semantically similar. 
Since the score of similarity between concepts is in the range 
of 0 to 1, the threshold is chosen as a positive value between 
0 and 1.  

The system scans the entire table to determine the table 
entry having the highest value. This value is compared with 
the threshold. If it is greater than the threshold, the 
corresponding concepts are taken to be the most similar 
concepts. For each table entry having one of the two 
concepts, they are removed from the table and therefore no 
other concept can be mapped to them. The process is iterated 
until no value of similarity obtained is above the threshold 
value.  

Figures 8 and 9 below show the result for the two 
Ontologies given above. The first result evaluated without 
syntactic comparison and the second one with syntactic 
comparison. From the result it is clear that the syntactic 
comparison has introduced a discrepancy in the result which 
is increasing as comparison move downward the tree. 

 

 
Fig.8 Output with similarity evaluated mainly on logical 

comparison(threshold = 0.7) 
A comparison was performed on the same ontology while 

taken into account the syntactic similarities evaluation and 
the following result was obtained. 

 
Fig.9 Output with similarity evaluated based on logical and syntactic 

comparison (threshold= 0.7) 
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6.  Summary and Conclusion 
This work proposes and evaluates a structural approach, 

based on SHIQ description logics language that facilitates 
interoperability between Ontologies. Textual Ontologies to 
be compared are translated into hierarchical trees of concepts 
and roles based on SHIQ description GCI. Similarities 
between concepts are evaluated with more emphasis on their 
logical definition and by referring to others related concepts.  

The success of semantic interoperability largely depends 
on the possibility of system to operate less with the semantic 
similarities obtained from the syntactic analysis of 
information they are processing. It is hoped that, new 
intelligent application will deviate from syntatic to logical 
nature of semantic comparison.  The framework evaluated in 
this work,  shows that an analytical of semantic similarities 
between Ontologies based on their logical definition may be 
the expected solution to overcome the problems of 
interoperability encountered in Ontologies built in SHIQ. 
The proposed work is limited only on SHIQ language. SHIQ 
is just one of the multitude incompatible Ontology 
languages. Automatic processing of semantic information 
will not be fully achieved as long as we have several 
incompatible systems. It becomes then  a necessity to look at 
performing a mapping across different plate form by finding 
techniques to reconcile existing ontology languages and by 
building theories that define the principle of mapping. 
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ABSTRACT – Genetic Algorithm (GA) is a popular 
technique to find the optimum of transformation, 
because of its simple implementation procedure. In 
image processing GAs are used as a parameter-search-
for procedure, this processing requires very high 
performance of the computer. Recently, parallel 
processing used to reduce the time by distributing the 
appropriate amount of work to each computer in the 
clustering system. The processing time reduces with the 
number of dedicated computers. Parallel 
implementations of systems can be grouped into 3 
categories: 1) Parallel Hardware architectures designed 
specially for parallel processing. 2) Supporting Software 
implementations on machines with hardware support 
for parallel processing and 3) parallel processing 
algorithms implemented entirely in software on general- 
purpose hardware. It includes the clustering 
architecture consisting of homogeneous collection of 
general purpose computer systems connected via 
networks, also termed a clustered computing 
environment. . The queue length is optimally adjusted 
using GA so that queue length is minimized during data 
transfer in order to keep the bandwidth at a stable 
condition. Graph is also drawn to show the difference of 
bandwidth. Implementation includes all those activities 
that take place to convert from the old system to the 
new. The new system may be totally new, replacing an 
existing system or it may be major modification to the 
system currently put into use. This application 
implemented with simulation model of computer 
network, constructed along with the router. The options 
are given to invoke the FCFS and Genetic Algorithm. 
The path between source and destination were drawn 
and the result of both algorithms is discussed. 

1. INTRODUCTION 

GA   mimics all the process based on the concept 
of natural evolution to find the optimized solution to 
the given problem residing in the search space. The 
GA pool contains a number of individuals called 
chromosomes. Each chromosome encoded from the 
parameters holds the potential solution. According 
the evolutionary theories, the chromosomes which 
only have a good fitness are likely to survive and to 
generate the off springs and pass its strength to them 
by the genetic operator. The fitness of chromosome is 
the way that is linked to the predefined problem or 
objective function. Fig 1 shows the possible stages of 
evolution. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1. Genetic Algorithm Steps 

 
GA cycle can be decomposed into five steps 
described as follows: 
 

1) Randomly initialize the population in the pool. 
With more population, the       coverage in search 
space is good but traded off by the calculation time 
in each generation. In the simplest way, the real –
value parameter is binary coded to give a bit string. 
The bit strings for several parameters are 
concatenated to form a single string or 
chromosome. In   accord with the biology, each bit 
corresponds to gene. 

 
2) Evaluate the chromosomes by objective function. 

After the evolution, all the chromosomes are 
ranked for the fitness values in the descending or 
ascending order depending on the purpose of 
objective function. 

 
3) Select the parents from the chromosomes with the 

based chances. The higher-fitness chromosome is 
prone to survive. 
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4) Generate the offspring using genetic operators 
consisting of crossover and mutation. Crossover is 
a recombination operator that swaps the parts of 
two parents, two random decisions are made prior 
to this operation, whether to do it or not and where 
the crossover point is. Mutation gives a good 
chance to explore the uncovered search space. It 
mutates, or complements some genes in the 
chromosome of the offspring, so that the new 
parameter value takes place. 

 
5) Entirely replace the elder generation in the pool 

with the newer one and return to step 2. In some 
case, the few best elders may be kept away from 
replacement. This is known as elitist strategy. The 
criteria for stopping the revaluation loops are met 
when a (the loop number is over some predefined 
point or d) the steady last for predetermined times. 

 
It is important to realize that GA are stochastic 

meaning that there is randomness involved ; mainly 
in the initial generation of a random population, 
random choice  of parents, random choice of which 
genes to inherit from which parents, and random 
choice of which genes to mute. Some times how 
however tournament selection is used as a parent or 
survival selection strategy. This ensures that there is 
bias towards replacing less fit solutions in the parent 
population by fitter solution from the new generation. 

 

2.  PARALLEL GENETIC ALGORITHM 

Two approaches to parallel genetic algorithms have 
been considered so far. 
 
Standard parallel approach: In this approach, the 
evaluation and the reproduction are done in parallel. 
However, the selection is still done sequentially, 
because would require a fully connected graph of 
individuals in the population may be mated. 
 
Decomposition approach: This approach consists in 
dividing the population into equal size sub-
populations. Each processor runs the genetic 
algorithm on its own sub-population, periodically 
selecting good individuals to send its neighbors and 
periodically receiving copies of its neighbors’ good 
individuals to replace bad ones in its own sub-
population. 
 

The processor neighborhood, the frequency of 
exchange and the number of individuals exchanged 
are adjustable parameters. The standard parallel 
model is not flexible in the sense that the 
communication overhead grows as the square of 
population size. Therefore, this approach is not 

adapted to distributed memory architectures, where 
the cost of communications has a great impact on the 
performance of parallel programs. In the 
decomposition model, the inherent parallelism is not 
fully exploited as treatment of sub-populations may 
be further decomposed. This approach should be 
considered only when the number of available 
processors is less than the required size of the 
population. Considering massively parallel 
architectures with numerous processors, we chose a 
fine –grained model, where the population is mapped 
on a connected processor graph like a grid, one 
individual per processor. We have bisection between 
the individual set and the processor set. The selection 
is done locally in a neighborhood of each individual. 
Another version to this approach has been already 
proposed in, where at each generation a hill-climbing 
algorithm is executed for each individual in the 
population. The choice of the neighborhood is the 
adjustable parameter. To avoid overhead and 
complexity of routing algorithms in parallel 
distributed machines, a good choice may be restrict 
neighborhood to only directly connected individuals. 
 

The parallel genetic algorithm proposed is: 
Genetic in parallel a population of random 
individuals. 
 
While generation_number <max_number_of_generations 
Do 

1. Evaluation- Evaluate in parallel each 
individual. 

2. Selection – Receive in parallel the 
individuals coming from the neighbors. 

3. Reproduction- Each individuals 
reproduces in parallel with the individuals 
previously received. 

4. Replacement- Do in parallel a selection of 
best local off springs. 

 
We use the speed-up ratio as a metric for the 

performance of the parallel genetic algorithm. The 
speed up ratio S is defined as S=Ts/Tp where Ts is the 
execution time on a single processor and Tp 
corresponds to execution time for a P processors 
implementation. 

3.  RELATED WORK 

There are mainly two types of scheduling namely 
the system level scheduling and the application level 
scheduling. The scheduling system will analyze the 
load situation of every node and select one node to 
run the job. The scheduling policy is to optimize the 
total performance of the whole system. If the system 
is heavily loaded, the scheduling system has to 
realize the load balancing and increase the throughput 
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and resource utilization under restricted conditions. 
This kind of scheduling is known as the system level 
scheduling. 

If multiple jobs arrive within a unit scheduling 
time slot, the scheduling system shall allocate an 
appropriate number of jobs to every node in order to 
finish these jobs under a defined objective. 
Obviously, the objective is usually the minimal 
average execution time. This scheduling policy is 
application-oriented so we call it application-level 
scheduling.  

We will first select a certain number of inputs, 
say, x1, x2, ... , xn belonging to the input space X. In 
the GA terminology, each input is called an organism 
or chromosome. The set of chromosomes is 
designated as a colony or population. Computation is 
done over epochs. In each epoch the colony will 
grow and evolve according to specific rules 
reminiscent of biological evolution.  

To each chromosome xi, we assign a fitness value 
which is nothing but f (xi). Stronger individual that is 
those chromosomes with fitness values closer to the 
colony optimal will have greater chance to survive 
across epochs and to reproduce than weaker 
individuals which will tend to perish. In other words, 
the Algorithm will tend to keep inputs that are close 
to the optimal in the set of inputs being considered 
(the colony) and discard those that under-perform the 
rest. 

The crucial step in the algorithm is reproduction 
or breeding that occurs once per epoch. The content 
of the two chromosomes participating in reproduction 
are literally merged together to form a new 
chromosome that we call a child. This heuristic 
allows us to possibly combine the best of both 
individuals to yield a better one (evolution). 

During each epoch, a given fraction of the 
organisms is allowed to mutate. This provides a 
degree of randomness which allows us to span the 
whole input space by generating individuals with 
partly random genes. 

Each epoch ends with the deaths of inapt 
organisms. We eliminate inputs exhibiting bad 
performance compared to the overall group. This is 
based on the assumption that they're less inclined to 
give birth to strong individuals since they have poor 
quality genes and that therefore we can safely 
disregard them (selection).  

The algorithm: Now that we've outlined the basic 
principles, let's examine in further detail how this 
whole process is accomplished and how the 

algorithm works in practice. Let's take the example of 
optimizing a function f over a space X  

Every input x in X is an integer vector x=( x1, x2, ... , 
xn). For the sake of simplicity, assume 0<= xi <=k for 
i=1...n. In order to implement our genetic algorithm 
for optimizing f, we first need to encode each input 
into a chromosome. 

We can do it by having log(k) bits per component and 
directly encoding the value xi (figure 1). Each bit will 
be termed gene. Of course, we may choose any other 
encoding based on our requirements and the problem 
at hand.  

 
Figure 2. Encoding the Chromosomes 

At epoch 0, we generate (possibly randomly) an 
initial set of inputs in X. Then at each epoch i, we 
perform fitness evaluation, reproduction, mutation 
and selection. The algorithm stops when a specified 
criterion providing an estimate of convergence is 
reached.  

Reproduction: At each epoch, we choose a set of 
chromosomes belonging to the population that will 
mate. We choose to call such individuals females. 
Each female chooses a random set of potential 
partners and mates with the fittest of the group (this 
is another way of achieving selection). Once two 
organisms have been chosen for crossover, we merge 
their genetic information in order to create a new 
organism. The split position is determined randomly. 

 

 

Figure 3. CrossOver Operation 

Mutation: A new organism is created by randomly 
modifying some of its genes. This can be done right 
after reproduction on the newly created child or as a 
separate process. 
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Figure 4. Mutaion Operation 

Death: Worst performers among the colony are given 
a high probability of dying at the end of each epoch. 
We may also consider eliminating old chromosomes. 
The highest performer is immune from death from 
old age. 

Why do Genetic Algorithms Work? 

Similarities among the strings with high fitness value 
suggest a relationship between those similarities and 
good solutions.  

A schema is a similarity template describing a 
subset of strings with similarities at certain string 
positions. Crossover leaves a schema unaffected if it 
doesn't cut the schema. Mutation leaves a schema 
unaffected with high probability (since mutation has 
a low probability). Highly-fit, short schemas (called 
building blocks) are propagated from generation to 
generation with high probability.  

Competing schemata are replicated exponentially 
according to their fitness value. Good schemata 
rapidly dominate bad ones.  The effectiveness of the 
search depends on the population size and the 
number of generations. The larger the population, the 
more likely that our initial population is 
representative of the search space, and the more 
likely that a probabilistic survival of the fittest 
mechanism produces the expected outcomes. Each 
successive generation should improve the fitness of 
the result, so longer runs usually produce better 
solutions. Genetic Algorithm application level 
scheduling algorithm generates the initial population, 
evaluates each individual’s fitness, and performs 
genetic operations on the individuals with high 
fitness such copying, crossover and mutation, to 
generate a new population. The genetic process 
continues with the new population until a nearly 
optimal jobs assignment strategy is obtained. Finally, 
the jobs are assigned to each node based on the 
strategy. The connection to a resource is limited and 
a limited service is provided to the jobs. The 
scheduling policies used are the greedy algorithm 
which assigns the resources as and when it is found. 
Suppose that there are three data servers {S1, S2, 

S3}, each having two available connections. Let S1 
have resources {r1, r2, r3, r4} and both S2 and S3 
have resources {r1,r2,r5,r6}. Suppose the scheduler 
has four tasks each processing one of the resources. 
Each task with no contention, run for one hour. A 
greedy scheduler could allocate the two connections 
of S1 for running the resources r1 and r2. The 
running time is two hours as the other tasks cannot be 
run.  The parameters to be considered in job 
scheduling are the following. 

• Total execution time is the time between the 
beginning of execution of the first job of a series 
and completion of the last job. 

• Average turnaround time is the average, for each 
job from when the job arrives to when the job 
finished. 

Parallel Genetic Algorithms PGA has the same 
advantage as a serial Genetic algorithm, consisting in 
using representation of the problem parameters, 
robustness, easy customization for a new problem 
and multiple solution capabilities. PGA is usually 
faster, less prone to finding only sub-optimal 
solutions, and able of cooperating with other search 
techniques in parallel. PGA can be divided into 
global, fine grained, coarse grained and hybrid 
models. 

The advantages of using PGA as stated in are  

• Parallel search from multiple points in a 
space 

• Works on a coding of the problem. 
• Independent of the problem. 
• Can yield alternate solutions to the problem. 
• Better search even if no parallel hardware is 

used. 
• Higher efficiency and efficacy than 

sequential Genetic Algorithms. 
• Easy cooperation with other search 

procedures. 
 

The global single population master slave Genetic 
algorithm tells the master    stores the population, 
executes the Genetic operators, and distributes 
individuals to the slaves. The slave evaluates the 
fitness of the individual and reports the fitness value 
to the master. 

4.  PROPOSED SYSTEM 

Here the problem statement is to reduce the 
processing overhead during scheduling. In our 
implementation, we apply the proposed work to data 
transfer between computers of two networks. 
Generally, during data transfer between pc of two 
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different networks, a router will be present in 
between the networks and it will take care of the 
scheduling of data packets between the source and 
destination computers. In the router there will be a 
number of ports Pn and each port Pi will take care of 
one data transfer. In each port, there will be a queue 
Qi for data packets and this is where scheduling is 
applied. There are various scheduling algorithms 
possible to schedule the packets in each port of the 
router. The objective of each router is to reduce the 
congestion C of data transfer. Here we compare the 
proposed method with FCFS (first-come-first-serve) 
scheduling. We show the difference in terms of 
bandwidth at the router. Bandwidth will be kept in a 
stable condition and hence possibility of congestion 
and deadlock are greatly reduced. The queue length 
ql is optimally adjusted using GA so that queue 
length ql is minimized during data transfer in order to 
keep the bandwidth at a stable condition. Graph is 
also drawn to show the difference of bandwidth BW. 
Implementation includes all those activities that take 
place to convert from the old system to the new. The 
new system may be totally new, replacing an existing 
system or it may be major modification to the system 
currently put into use. This application implemented 
with simulation model of computer network, 
constructed along with the router. The options are 
given to invoke the FCFS and Genetic Algorithm. 
The path between source and destination were drawn 
and the result of both algorithms is discussed. 

5. IMPLEMENATION 

It is necessary to select a certain number of inputs 
space X. Let BW be the total band width available, Ql 
is the queue length, there are n queues belonging to 
input space X. In the GA terminology, each input is 
called an organism or chromosome. The set of 
chromosomes is designated as a colony or 
population.  

Every input x in X is an integer vector x=(x1, x2, x3... 
xn).  

Genetic in parallel a population of random 
individuals  

While SUM( all queue length) <= total bandwidth 
BW 

For values of X  0<=xi<=k , for i=1...n; 

As the band width is constant and the queue 
length is variable, kept less than bandwidth 
(Q <= BW) 

At epoch 0, we generate (possibly 
randomly) an initial set of inputs in X.  

Then at each epoch i, call genetic_alg(), 

Repeat above steps for all epochs 

The algorithm genetic_alg() performs the following 
operations of GA 

a. fitness evaluation, 

b. reproduction, 

c. mutation and  

d. selection.  

The algorithm stops when a specified criterion 
providing an estimate of convergence is reached. 

Fitness Function evaluation can be on either 
maximization of Bandwidth (BW) or minimization of 
Congestion C. 

6.  RESULT 

 

Figure 5. Results FCFS Vs GA 
 
The main results are the following: 
- The algorithm has higher speed 
- It is easy to program 
- It is simple to implement on massively parallel distributed 

memory architectures. 
 

Genetic algorithms are versatile optimization 
tools suitable for solving multi-disciplinary 
optimization problems in aerodynamics where the 
design parameters may exhibit multimodal or non-
smooth variations. The ability of genetic algorithms 
(GAs) to handle non- smooth topology and 
overcome local critical points in its search for a 
global optimum makes the method ideal for use in 
aerospace design optimization.  

7.  CONCLUSION 

Here the problem statement is to reduce the 
processing overhead during scheduling. In our 
implementation, we apply the proposed work to data 
transfer between computers of two networks. 
Generally, during data transfer between pc of two 
different networks, a router will be present in 
between the networks and it will take care of the 
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scheduling of data packets between the source and 
destination computers. In the router there will be a 
number of ports and each port will take care of one 
data transfer. In each port, there will be a queue for 
data packets and this is where scheduling is applied. 
There are various scheduling algorithms possible to 
schedule the packets in each port of the router. The 
objective of each router is to reduce the congestion of 
data transfer. Here we compare the proposed method 
with FCFS (first-come-first-serve) scheduling. We 
show the difference in terms of bandwidth at the 
router. Bandwidth will be kept in a stable condition 
and hence possibility of congestion and deadlock are 
greatly reduced. The queue length is optimally 
adjusted using GA so that queue length is minimized 
during data transfer in order to keep the bandwidth at 
a stable condition. Graph is also drawn to show the 
difference of bandwidth. 
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Abstract— Intrusion detection systems and Intrusion Prevention 
system are few of the possible ways for handling various types of 
attacks or intrusions. But the credibility of such systems itself are 
at stake. None of the existing systems can assure you, your safety. 
In this paper we propose integration of SOM based intrusion 
detection system with an intrusion prevention system in the 
Linux platform for preventing intrusions. We propose a 
framework for reducing the real time security risks by using Self-
organizing maps for intrusion detection accompanied by packet 
filtering through Netfilter-Iptable to handle the malicious data 
Packets.  

Keywords-Intrusion Detection System, SOM. 

I.  INTRODUCTION  

In today’s world every computer is vulnerable, nothing is 
secure, but the quest of mankind for that ideal security is still 
going on. Internet and other ways of communication over 
network are proving to be boon as well as bane. Boon, when it 
is providing new dimensions to the business and bane with its 
harmful effects of intrusions into various networks. Every now 
& then we witness various types of attacks and keep banging 
our heads in solving them. As soon as one computer is 
connected to another computer there is an addition of the 
possibility that someone using the other computer can access 
our computer's information, eventually leading to intrusions. 
Some recent surveys show that cyber attacks targeted to the 
networks are no longer an unlikely incident that only occurs to 
few exposed networks of organizations in the limelight. In the 
struggle to both maintain and implement any given IT security 
policy, professional IT security management is no longer able 
to ignore these issues, as attacks are more frequent and 
devastating; the commercial success is directly related to the 
safe and reliable operation of their networks [4].  
 
Intrusion is an action to attack the integrity, confidentiality and 
availability of the system resources [3]. Intrusion detection 
systems were developed for this cause so that they can detect 
the malicious data packets traveling on the network in real 

time. But it has its own limitations such as it can’t do the 
session based detection which uses multiple packets [2]. In a 
network based IDS, packets are examined both according to 
header and payload searching for attack signatures, stored in 
the IDS Attack signature database, which is the vital part of 
any IDS software [4] but it becomes inefficient when we talk 
about blocking those attacks and hence can easily enter into a 
system. Each of such system is passive in reporting such 
intrusions and hence do not provide real time security.  
 
For handling such situations we propose a real time system 
that consists of an intrusion detection system based on Self 
organizing maps, for tracing down the malicious packets along 
with handling those packets through an intrusion prevention 
system in the Linux environment. Self-organizing maps is an 
unsupervised way of learning and has the ability to express 
topological relationships [22]. The hypothesis is that typical 
connection characteristics will be emphasized – densely 
populated regions of the map – whereas atypical activities will 
appear in sparse regions of the topology [22]. Selection of 
SOM for intrusion detection is also guided by its robustness 
with regard to the choice of the number of classes to divide the 
data into, and is also resistant to the presence of outliers in the 
training data, which is a desirable property: in the real-world 
situations, the training data could already contain attacks or 
anomalies and the algorithm must be capable of learning 
regular patterns out of a “dirty” training set [25]. Detection 
will be followed by prevention by using Netfilter-Iptables 
available in Linux environment [3]. Our system blocks the 
malicious data packet as soon as they are detected, without 
any external help, in real time.  
 
This paper is organized in various sections in which we 
discuss the existing intrusion detection system as well as 
intrusion prevention systems. This is followed by description 
of framework which consists of training of SOM, usage of 
netfilter-iptables for packet filtering. 
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II.  EXISTING INTRUSION DETECTION SYSTEM 

Scientist and researchers had been continuously working for 
quite a few years for the development of a perfect intrusion 
detection system (IDS) that can’t be bluffed. Its main job is to 
monitor, analyze, detect and respond to the intrusions to the 
information systems [5]. Intrusion detection systems can be 
broadly categorized into signature based and anomaly 
detection systems. It may be passive.  Signature based IDS 
look for attack signatures, specific patterns of network traffic 
or activity in log files that indicate suspicious behavior. 
Signature-based methods rely on a specific signature of an 
intrusion which when found triggers an alarm [6, 7]. Now 
coming on to its sub categories-if an IDS searches for 
suspicious attack signatures on the traffic flowing on the 
network then it is named as Network intrusion detection 
systems (NIDS) and when the same is done by looking at log 
file of hosts, it is termed as Host intrusion detection systems 
(HIPS) [4]. HIDS is mostly deployed in e-commerce 
environments for securing the sensitive data. But it serves the 
purpose only at the host level. NIDS performs the search for 
attack signatures at the packet level and as soon as a match is 
found, an alarm gets raised. The anomaly detection IDS uses 
statistical techniques to detect penetrations and attacks that 
begins with the establishment of base-line statistical behavior 
that what is the normal behavior for this system. After that it 
captures new statistical data and measure, for finding the 
deviation from the base line. Once a threshold is exceeded, an 
alarm is generated [4]. 
 
All the above-mentioned IDS’s suffer from few serious 
limitations. As the attack-trails is increased, it became difficult 
for network IDS or host IDS to detect the attacks with a limited 
capability [9]. Some of them are 1) High misinformation rate-is 
a bulky log and real-time prevention problems that has not yet 
been solved efficiently [3]. An alarm gets raised even if there 
was no attack (false positive) and no alarm even if there is as 
an attack (false negative). Hence there is need for a more exact 
and effective access control policy [8]. Hence in anomaly 
detection methods, the base line needs to be adjusted 
dynamically. 2) Once an IDS gets attacked then it allows the 
attacker to move freely on the network [8] .3) There is no way 
by which an IDS can block an attacker, it remains confined 
only to its primary job of detection. 

III.  INTRUSION PREVENTION SYSTEM 

Intrusion prevention system (IPS), also known as Network 
Defense System (NDS), is a system in which firewall is tightly 
coupled with IDS and it can react to the changes of the 
network environment [8]. It can be either in the form of 
software or hardware providing help in blocking of illegal 
external attack, preventing the loss, destroy and change of 
internal information from illegitimate users through Internet, 
and helping internal information to be provided to the outside 
safely. It is an active protection process to prohibit from 
incoming of illegal traffics and permit only the authorized 
traffics [17]. IPS is located in the rear section of router 
generally and keeps a check on the forwarded packets to the 

router by analyzing and comparing with filter-rules [16]. In 
order to have proper security the IPS should fulfill the 
criterions like- it must be a part of communication link and 
supported by dedicated hardware, it should actively detect the 
intrusions in real time and should block those intrusions 
instantaneously.  

IV.  PROPOSED FRAMEWORK 

The proposed framework for efficient intrusion detection-
protection system is an integration of SOM based intrusion 
detection system working in coherence with netfilter-iptable 
based firewall. Self Organizing maps being an unsupervised 
way of learning are one of the best choices for intrusion 
detection because it clearly identifies the “odd” phenomenon 
even in vast amount of observations, which is its core 
property. Apart from this, it does not require a priori 
knowledge inputs.  
 
The DARPA 1998 Intrusion Detection Evaluation data set 
consists of about 5 million connections of labeled training data 
and 2 million connections of test data [23]. This data consists 
of the values of all 41 features of a data packet along with its 
labeling into categories of normal, smurf, Neptune etc. These 
41 features consist of Basic TCP features, Content features, 
Time-based traffic features; and Host-based traffic features 
[24]. Since the proposed work is data driven unsupervised 
from of learning hence out of those 41 features only 6 having 
basic TCP information are required, namely-duration of 
connection, protocol type (tcp/udp), service(HTTP etc.), 
destination bytes, source bytes and the value of flag. Hence 
SOM based IDS will have 6 inputs and classifies packets into 
three clusters-normal, smurf and Neptune, the latter two being 
the attacks. Once this network gets trained with this data, it is 
ready for detecting the malicious packets. 

 

• Why SOM for intrusion detection? 
Intrusions done by an unknown program leads to disasters 
because of their unknown behavior & characteristics. 
Although we can find out its characteristics but they remain a 
mystery for us. So we need to classify it into the normal and 
the abnormal states [11]. Now the problem gets reduced to 
defining normal and the abnormal states.  
 
The architecture of Self organizing maps was developed by 
Teuvo Kohonen at the University of Helsinki. Self organizing 
maps are provided only with a series of input patterns and it 
learns for itself how to group these together so that similar 

patterns produce similar outputs. It consists of a single layer 
of cells, all of which are connected to a series of inputs. The 
inputs themselves are not cells and do no processing - they are 
just the points where the input signal enters the system [14] as 
shown in Figure 1. 
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This network involves unsupervised learning and hence it 
itself finds, what it needs to learn, without any external help. 
In the area of intrusion detection systems, the use of 
unsupervised learning algorithms supports the detection of 
anomalies [10, 12]. Moreover a learning algorithm can be 
tuned totally to the specific network it operates into, which is 
also an important feature to reduce the number of false 
positives and optimize the detection rate [12]. 

• Training the SOM 
The training of self organizing map involves sampling, 
similarity matching and updating apart from the basic 
initialization of weights to very small values of the range 0 to 
0.01 [13]. The learning process of SOM is as follows: 
 
1) During initialization, the only restriction is that wj (0) be 
different for j=1,2,…l, where l is the number of neurons in the 
lattice.   

2) It is followed by sampling where a sample vector x 
(representing activation pattern) is drawn from the input space 
with certain probability and presented to the lattice. In the 
proposed work, out of previously mentioned 41 features, the 6 
basic TCP information are presented to the network. 

3) In similarity matching every node is examined to calculate 
which one's weights are most like the input vector. The 
winning node is commonly known as the Best Matching Unit 
(BMU)/neuron. BMU is calculated by iterating through all the 
nodes and calculating the Euclidean distance between each 
node's weight vector and the current input vector. Hence the 
BMU i(x) at time step n by using the minimum –distance 
Euclidean criterion is: 

i(x)=arg min j || x(n) – w j||, j=1,2,…, l          

                      ---------------- Formula 1 
The node with a weight vector closest to the input vector is 
tagged as the BMU. As the learning proceeds and new input 
vectors are given to the lattice, the learning rate gradually 
decreases to zero according to the specified learning rate 

function type [15]. Along with the learning rate, the 
neighborhood radius decreases as well. 
4) In the updating phase the synaptic weight vectors of all the 
neurons is updated by using the formula 
w j(n + 1) = w j(n) + n(n) h j ,i (x)(n) (x(n) - w j(n))               -----
---------- Formula 2 
where n(n) is the learning-rate parameter, which has been set 
to 0.1 and h j ,i (x)(n) is the neighborhood function centered 
around the winning neuron i(x); both n(n) and h j ,i (x)(n) are 
varied dynamically during learning for best results [14]. 
5) We continue with step 2 until no noticeable changes in the 
feature map are observed or for given number of iterations 
(generally is fixed, in our case it is 50000). 
 
After training, SOM becomes ready to categorize the packets 
in three different categories, namely-smurf, Neptune and 
Normal. After this phase the work of Intrusion prevention 
system starts. The efficiency of IPS gets decreased because of 
certain limitations in its basis principles. IPS performs packet 
filtering based on predefined rules, what if there is a novel 
attack? IPS has passive characteristics such that it can prevent 
only the predefined rules and filter some kinds of packets [18]. 
Apart from this, it is also not able to detect an attack carried 
out from the internal network of an organization. We propose 
to use Netfilter-Iptables for overcoming many such drawbacks 
of intrusion prevention systems. 

 

• Netfilter-Iptable 
Netfilter is a set of hooks inside the Linux kernel [18]. 
Netfilter is a framework that enables packet filtering, network 
address [and port] translation and other packet mangling. It 
performs packet filtering based on rules saved in packet 
filtering tables in kernel space. The rules are grouped in 
chains, according to the types of packets they deal with. Rules 
dealing with incoming packets are added to the INPUT chain, 
rules dealing with outgoing packets are added to the OUTPUT 
chain and rules dealing with packets being forwarded are 
added to the FORWARD chain [20]. Other than these three 
chains there are other chains also like prerouting & 
postrouting and user defined chains. As soon as a packet 
comes to a chain, its next action is decided on that chain.  
 
When a packet perfectly matches with a rule, action performed 
is ACCEPT and packet is allowed to go wherever it is destined 
to(-j ACCEPT), DROP-packet will be blocked and no further 
processing will be done on it (-j DROP), REJECT(similar to 
drop) but doesn’t leave dead sockets & sends back error 
message (-j REJECT) as shown in Figure 2 [21]. There are 
few more actions that can be performed on the packets. 
 

x1 

xN 
Inputs 

Figure 1 (Self Organizing Map) 
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The iptables tool inserts and deletes rules from the kernel's 
packet filtering table [21]. ’Iptables’ is not a packet filtering 
tool itself. It is just a command tool of the Netfilter imported 
in the kernel, and we should use this tool to make rules to 
reflect current intrusion aspects [3]. Few of its commands are: 
(-N) Creation of new chain, (-L) List the rules in a chain, (-F) 
Flush the rules out of a chain, (-A) Append a new rule to a 
chain,(-I) Insert a new rule at some position in a chain,  (-X) 
delete an empty chain, (-D) delete a rule at some position in a 
chain, or the first that matches etc. For example for deleting 
the rule1 
                # iptables -D INPUT 1 
 
For blocking an IP address 192.168.1.1 

# iptables -A INPUT -f -d 192.168.1.1 -j DROP 

 
Now as soon as the SOM based IDS find an attack it generates 
an alert. Along with generating an alarm it also passes the 
information, the port number and IP address of that malicious 
packet to the netfilter-iptable firewall. Then the IPS (firewall) 
decides how to deal with that packet according to the rules of 
the kernel's packet filtering table. The decision regarding 
dropping, accepting or rejecting the incoming packets is taken 
at this juncture after matching the packets with the predefined 
rules present in various chains (input, output, forward). And in 
cases of indecision or if any rule is not present in packet 
filtering table, it updates the table by inserting additional rules 
into it. This property of Netfilter-Iptable overcomes its 
limitation of handling only such packets for which predefined 
rules are available. This updation in the rules table is carried 

out by using libiptc (libiptc is a library to set the packet 
filtering function in the Netfilter framework) [3] and can be in 
the form of blocking that particular IP address or blocking 
only that particular port as shown in Figure 3. 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

V. CONCLUSION AND FUTURE WORK 

In this research we have investigated few of the intrusion 
detection and prevention systems and critically analyzed them. 
We have explored the role of self organizing maps, an 
artificial intelligence technique for increasing the efficiency of 
intrusion detection systems. We also presented an extensive 
study of Netfilter-Iptable for overcoming few of the 
limitations of existing intrusion prevention systems. Along 
with this we finally proposed an integrated version of SOM 
based IDS with netfilter-iptable firewall that do not require 
any external help in form of administrator for handling the 
malicious data packets. During the research we focused only 
on three classes-normal, smurf and Neptune. More practical 

Figure-2 (Netfilter system) [21] 
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Figure-3 (Integrated Framework) 
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IDSs should have several attack types; therefore, it is possible, 
as a future development to the present study, to include more 
attack scenarios in the dataset. We have taken only 6 basic tcp 
information of a packet for training our network for intrusion 
detection. Hence in future further improvements can be done 
by including more parameters of a data packet. 
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Abstract: This study used purposefully selected employees to fill 
self-administered unstructured questionnaires to provide information 
on aspects concerning information security at organizational level. 
The responses were subjected to non-probability analysis from which 
understanding of challenges encountered and subsequent impact were 
obtained. Six evaluation questions were used to gain insight into 
information security components. The study documented four 
categories of challenges encountered, possible outcomes of 
challenges and consequential impact. These results are beneficial to 
business end-users, information security managers, top and senior 
management in organizations. 
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I. INTRODUCTION 

Information is very valuable business asset and it requires 
being suitably protected [1]. Protecting this information 
requires implementing appropriate information security 
measures. Measures are necessary tools to avoid occurrence of 
incidences from attacks. 

Information security is preservation of [1]: confidentiality 
to ensure information can be accessed by those authorized; 
integrity to safeguard information accuracy and completeness; 
and, availability to ensure authorized users have access to 
information and associated assets. 

The goal of information security is to provide effective 
level of protection. To realize this level, an information 
security management is necessary. This context of 
“management” assumes the definition from Glossary of 
Commercial Real Estate Terms [2], that, “management is a job 
of planning, organizing, and controlling business enterprise”. 
Through planning, organizing and controlling, effective 
information security is achievable. 

Information security management is concerned with 
making information protection more effective. Further, 
protecting business information effectively demands 
understanding of challenges pertaining to managing 
information security. Studies reviewed following aspects of 
information security: (1) Lack of proactive actions on 
information security management [3], which means that 
organizations are ill-prepared for eventualities; (2) New and 
evolving technologies, research, tools and standards pose new 
challenges to organizations [4], which means it is a source of 
difficulties in securing business transactions, infrastructure 
and information; and, (3) Four challenges identified as 
structural, process, boundary and human, have  challenges 

concerning human resources least emphasized despite having 
consequences in threats from inside organizations [5].   

To advance understanding in the area of business 
information protection, this study examines challenges in 
information security management through organizations’ 
employees. The study uses the research question: “What are 
today’s organizational challenges constraining effective 
management of information security”.   

The understanding of challenges is beneficial to 
information security managers and decision makers in 
organizations. The study scope entails reviewing relevant 
literature on one hand and carrying out non-probability analysis 
of responses on the other hand, to obtain answer to the research 
question. Uses of results of this study include security 
managers determining threats and vulnerabilities in order to 
maintain effective risk management and enabling interlink for 
strategic, tactical and operational security levels. 

II. RELEVANT WORK 

2.1 Information Security Management 
International Organization for Standardization (ISO) 

17799 [1] provides three basic information security goals, 
namely, confidentiality, integrity and availability. To achieve 
the goals an organization needs to implement management and 
technical security measures. From management security 
measures, the organization can attain physical and operational 
security as well as legal and ethical obligations. On the other 
hand, from technical security measures an organization can 
attain following: access controls, system integrity, 
cryptography for security, audit and monitoring, and, 
configuration and security assurance. 

Today’s information security focus is to secure business 
information systems [6]. Further, today’s business 
environment is complex and sometimes it involves real-time 
transactions, which can be prone to myriad of security attacks. 
This scenario necessitates a management approach which is 
information security management. Information security 
management is defined in Vermeulen and Von Solms [7] as 
“… the structured process for implementation and ongoing 
management of information security in an organization”. It is a 
process that is structured – meaning, it is a prearranged set of 
procedures for information security to implement. It is also an 
ongoing management – meaning that, it is a continuous 
activity of planning, controlling, coordinating or organizing 
information security. 
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Components of information security management are: 
security objectives, business requirements, risk management, 
identity and access management, security policies and 
procedures, threats and vulnerabilities, security domain 
management, and incident response [8]. Security objectives 
involve confidentiality of information, integrity of information 
and availability of resources. Business requirements entail 
legal and operational requirements. Risk management involves 
balancing need for availability, integrity and confidentiality 
requirements vis-à-vis selection of safeguards for threats and 
vulnerabilities. Identity and access management ensures 
applications distinguish users from non-users and provide 
services appropriate to different users. Through security 
policies and procedures, security management on threats are 
identified and suitably implemented. Security domain 
management entails limiting threats and vulnerabilities of 
organization information. Incident response is a requirement 
that requires procedures to be in place to handle incidents as 
and when they occur. 

Information security standards can be used to provide 
standard mechanisms to protect information. Standards are 
used to develop and benchmark security management 
programs. Information security standards are management 
standards used to guide top executives and senior managers 
through issues and to develop potentially effective information 
security management program. Details of information security 
standards are found in ISO/IEC 27001 [9] and ISO/IEC 27002 
[10]. 

Today, business information requires more than just 
technology-centered security approach for it to be effectively 
managed. Kalkowska found individual and organizational 
values are important when it comes to effective information 
security management, and further that, it is difficult to 
formalize behavior of employees by only rules, procedures or 
even regulations [11]. Instead, to influence changes for 
information security one may need to target culture of 
organization as pointed out by Hofstede [12]. 

Top and senior management information security 
management concerns are found in three organizational 
security levels, namely, strategic, tactical and operational 
security levels [13]. Information requirements for security 
management are policy-driven at the strategic security level 
when management is guideline-driven at the tactical security 
level and measures-driven at operational security level. 
Further, strategic level issues affect organization strategy 
when tactical issues relate to processes and methodologies 
used in managing security; operational level installation and 
operation of security tools, and measures are prominent 
operations of organization [13]. A further aspect of 
information security is that it requires integration with other 
strategic parts of business to make senior management agenda 
[14, 15].  

2.2 Information Security Governance 

The need for information retention and privacy coupled 
with significant threats of information system disruptions from 
hackers, worms, viruses and terrorists have resulted in a need 
for a governance approach to protecting information and 

reputation. Drucker [16] stated that, “The diffusion of 
technology and the comodification of information transformed 
the role of information into a resource equal in importance to 
the traditionally important resource of land, labor and capital”. 
Between then and now, this value escalated and dependence 
on information increased exponentially [17]. Further, a large 
portion of the task in protecting critical information resources 
falls squarely on shoulders of executives and boards [17].  

Information security is a technical issue, business and 
governance challenge that involves adequate risk 
management, reporting and accountability [17]. An effective 
information security requires active involvement of executive 
so that tasks such as assessment of emerging threats and 
organization’s response to them have corporate support. In 
order to have an effective information security governance, 
boards and senior executives must have following: a clear 
understanding of what to expect from the information security 
program and the need to know how to direct the 
implementation of program; how to evaluate their own status 
pertaining to existing program; and, how to decide on the 
strategy and objectives of an effective program [17]. 

Information security governance in essence involves 
leadership, organizational structures, and processes [17]. 
Information Technology Governance Institute (ITGI) [17] 
gives a summary for five basic outcomes of information 
security governance as:  
1. Strategic alignment of information security with business 

strategy to support objectives. 
2. Risk management by executing appropriate measures to 

manage and mitigate risks and reduce potential impacts 
on information resources to acceptable level. 

3. Resource management through utilizing information 
security knowledge and efficient and effective 
infrastructure. 

4. Performance measurements through measuring, 
monitoring and reporting information security governance 
metric to ensure that organization’s objectives are 
achieved. 

5. Value delivery by optimizing information security 
investments in support of organization’s objectives. 

III. RESEARCH THESIS AND APPROACH  
In line with recommendations from Dick [18] that research 

question should be kept general, flexible and open with what 
is happening, this study’s research question is: “What are 
today’s organizational challenges constraining effective 
management of information security?” To focus and seek 
insight from components of information security aspects, the 
study used six evaluation questions as follows: (1) How 
organizations are affected by change of focus to securing 
business information systems; (2) What tools/security 
measures are in use for information security; (3) What 
processes/systems are in use to manage information security; 
(4) What mechanisms are implemented to protect against 
threats/prevent vulnerabilities; (5) What challenges are 
hindering effectiveness of information security management; 
and, (6) What the impact from challenges are. 
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Qualitative research approach was adopted in this study in 
accordance with Denzin and Lincoln [19] definition that 
qualitative research is the study of things in their natural 
settings aimed at making sense of or interpreting the meanings 
people bring to them. The study used research question to state 
and focus on the understanding being sought as recommended 
in Creswell [20]. 

Purposeful sampling selection was used to identify 
participants involved with either information security 
management or information security decision making. The 
sample represents an indefinite population because it is not 
possible to know the many organizations fitting this selection. 
There is, though, possibility of bias in this selection 
considering that not every potential selection has equal 
possibility of being selected. This study selection is small 
since the participants were fifty, which coupled with 
purposefully selected Information and Communication 
Technology (ICT) professionals, makes the sample tolerably 
reliable and adoptable with an added advantage that time and 
money were saved [21]. 

Fifty self-administered unstructured questionnaires were 
sent out and thirty two respondents returned theirs filled. This 
data became the primary data for qualitative analysis. Results 
of this analysis coupled with relevant literature review results 
provided study results. Interpretive research was adopted for 
data analysis, where the meaning follows from explanation in 
Walsham [22] that, it neither predefines 
dependent/independent variables nor sets out to test hypothesis 
but instead aims to produce understanding of social context of 
phenomenon and process. Further, according to Orlikowski 
and Baroudi [23], understanding social process involves 
getting inside the world of those generating it; hence the study 
used responses of employees to obtain insight into 
processes/systems in organizations. 

Analysis was carried out as follows: (1) scrutinized 
questionnaires for accuracy and consistency; [2] identified and 
categorized main themes, topics or patterns; and, (3) interpreted 
by use of contents and commonalities coupled with relevant 
literature review to give answers to evaluation questions and 
consequently the research question of study. 

IV. DISCUSSION AND RESULTS  

4.1 Discussion of Responses 

Discussion of evaluation questions follows below. 

4.1.1 How organizations are affected by change of 
information security focus to securing business 
information systems 

Figure 1 shows that majority of organizations reacted to 
change of focus by introducing new solutions commensurate 
with new challenges. These are: “New solutions for new 
challenges” which involve introducing new security tools 
and/or technologies, upgrading networks and/or systems, and, 
implementing security measures to guard against internal and 
external threats. Other measures taken but by fewer 
organizations are: “Awareness campaigns and/or skills 

development” and “Introducing an information security 
function”. Responses involving “Improved system 
administration” and “Focusing on effective team work and 
knowledgeable employees” were reported but appear they 
were not common reactions. 

 
 

Figure 1: Organization’s reactions to information security 
change focus 

 
Figure 2 shows responses on what was affected in 

information security focus change. Responses indicate that 
where information security focus changed there was 
pronounced change in internal/external user protection 
followed by change in the approach to information protection. 
Internal/external information user protection affects access 
controls and IT infrastructure technologies. These findings 
agree with what is expected considering that a change in 
approach to information protection would involve 
consideration/adoption of following measures: (1)  
Minimizing chances for malicious hackers to succeed, (2) 
Users getting no more privileges than necessary to do their job 
assignments, and, (3) Granting permissions to users based 
upon separation of privileges. 

More organizations appear to have resulted to adopting 
new solutions for new challenges when few organizations 
appear to have emphasized awareness and/or skills 
development. Further, fewer organizations reacted by 
introducing information security function. These changes 
appear to have centered on upgrading or acquisition of 
technologies for assuring security for business information 
systems. It appears therefore that these organizations adopted 
new security measures coupled with new technology to 
provide sufficient protection in this new environment under 
question. 

4.1.2 What security tools or measures are in place for 
managing information security 

 
Table 1 shows the security tools/measures present in the 

organizations. At strategic security level, written security 
policies were reported as more commonly available than 

Business environment/savvy 
/threats System administration 

improved

Information 
security function 

introduced 

Awareness/ 
capacity 

increased

New 
solutions for 
new 
challenges 
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others. Written security policies are followed by existence of 
security objectives and goals, which, since they are part of 
security policy, may be seen as confirming presence of 
security policy. The other tool/measure in the strategic 
security level but reported by fewer respondents, is security 
architecture, which indicates presence of documented designs 
on security. At the tactical security level, security procedures 
followed by security benchmarks and then standards are 
pronounced. The least pronounced tactical security 
tool/measure is the process methodology, which is an 
indication of lack of international certification. At operational 
security level, network, physical, data, application and 
infrastructure security measures exist. 

Figure 3 provides responses on how organizations developed 
their security goals and objectives. Responses indicate that 
“Consultation within senior management, technical 
departments and other stakeholders” has the highest number of 
responses followed by “Assignment to persons to produce 
required critical data and resources for protection”, and 
“Consultation within and inter departments and senior 
management”. Use of “Adoption and ad hoc methods” and 
“Policies/strategic plans” were least reported. 

 
 

Figure 2: What was affected in the focus change in 
information security 

The main security measure/tool used appears to be 
“Written security policies” at the strategic level while 
“Security procedures” form the measure/tool at the tactical 
security level. “Network security”, “Physical security” and 
“Data security” form the common measures/tools at 
operational security level. The use of consultation between 
senior management, technical and other stakeholders appears 
common in developing security goals and objectives. 

4.1.3 What are the processes or systems in use to manage 
information security in the organizations 

 
Figure 4 shows responses on formal processes/systems used in 
organizations in managing information security. Responses 
show organizations used “Automated/written/ unwritten 
procedures” to manage information security, followed by use 

of “ICT policy guidelines”. Reported but minor processes 
include: “IT manager prescribing” and “Being reactive to 
issues”. Notable of these responses on this aspect is that some 
respondents believed their organizations did not have a 
process for managing information security and an information 
security management system appears least in existence. 

Table 1: What information security tools/measures existed at 
different security levels 

 
Security levels Security measures/tools 

Strategic  Tactical  Operational  
1 Written security 

policies 
22   

2 Security objectives 18   
3 Security goals 17   
4 Security 

architecture 
8   

5 Security 
procedures 

 18  

6 Security 
benchmarks 

 9  

7 Standards  8  
8 Process 

methodology 
 5   

9 Network security 
measures  

  23 

10 Physical security 
measures 

  21 

11 Data security 
measures 

  20 

12 Infrastructure 
measures 

  18 

13 Application 
security measures 

  16 

14 Disguise custody 
of equipment 

  1 

 
 

 
Figure 3: How security goals and objectives were developed 

 

Procedures are common as process/system used in 
managing information security. Table 2 shows responses on 
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the processes used when checking individuals dealing with 
critical responsibilities. To check individuals, the process 
involved maintaining “Different and accountable roles with 
privileges and/or audits”, followed by “Staff vetting” and 
“performance contracting” in that order. “Regular surveys & 
reviews” were least reported as processes for checking 
individuals. 

Processes or systems used in managing information 
security are thus automated procedures, written or unwritten 
procedures, and ICT policy guidelines. When dealing with 
critical assignments, employees are checked through 
maintaining different/accountable roles in assignments in 
addition to differing privileges and occasional audits. 
Individuals can be vetted and performance contracting is 
employed in some organizations though not common. 

4.1.4 What mechanisms are implemented to protect against 
threats and prevent exploitation of vulnerabilities 

 
Table 3 shows responses on the mechanisms used to 

protect organization technology, physical and logical access, 
applications and data. Ordered by number of responses 
reported against its use, mechanisms identified can be outlined 
as follows: 
(a) Firewall policy. It protects information and systems against 

external and internal security threats. 
(b) Access, password and antivirus policies. Responsible for 

preserving confidentiality, integrity and availability of 
information. 

(c) Backups and business continuity programs. Responsible 
for ensuring continuity of services and availability of 
information. 

(d) Physical security measures. These measures involve 
combining locks and guards to deter and ensure sensitive 
documents, business information systems, and servers, are 
not accessed by unauthorized persons. 

(e) System administration roles. These measures ensure 
automated procedures and policies are not only 
implemented but are also monitored and reviewed 
accordingly. 

(f) Intrusion Detection System (IDS) and Intrusion Protection 
Systems (IPS). The existence of these systems ensures 
organizations can identify and prevent harmful incidences 
to business information systems and further automatically 
log incidences for future learning and review. 

(g) Encryption of data. Through this mechanism, organizations 
can have assurance in integrity and availability of its 
information and systems. 

 
Therefore, the main mechanisms used to protect business 

information systems against internal and external threats 
involve implementing firewalls, access policies, password 
policies and antivirus policies. Backup and business continuity 
plans coupled with physical measures ensure continuity of 
business operations and availability. To a lesser extend, 
system administration, Intrusion Detection Systems/Intrusion 
Prevention Systems and encryptions are used. 

No process 
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IT manager 
prescribes ICT policy 

guidelines

Automated 
written/unwritte
n procedures

Information 
security 

management 
system

ICT department 
manage 
security 

Reactive 
approach

 
 
Figure 4: Formal processes used in managing information 

security in organizations 
 
Table 2: Processes used to check individuals occupying 

critical positions in organizations 
 

 Response  Implication Number 
1 Maintaining 

different and 
accountable 
roles and 
privileges 
and/or audits 

Can detect tendencies and 
prevent internal threats. 
Can facilitate improved 
compliance hence have 
management with ethics, 
predictable outcomes and 
threat-management 

6 

2 Vetting 
through 
government 
machinery 

Protects organization 
against criminal inclined 
employees hence internal 
threats minimized  

3 

3 Performance 
contracting 
and 
appraisal 

Motivates, rewards and 
reprimands individual 
performance thereby 
cultivating a responsible 
positive culture 

3 

4 Regular 
surveys and 
constant 
reviews   

Protects organization 
from internal attacks by 
constantly monitoring 
employee actions and 
tendencies 

1 

 
4.1.5 What challenges are responsible for hindering 

effectiveness of information security management in 
these organizations 

Based on the received responses, four categories of 
challenges affecting organizations were identified as 
challenges encountered in ineffective information security, 
when integrating information security management function 
into other business processes, when identifying IT 
infrastructure, and, when securing IT infrastructure. Brief 
outline of each of the challenges follows below. 
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Table 3: Mechanisms used to protect technology, physical and 
logical access, applications and data 

 Response  Number  
1 Firewall policy 10 
2 Access and password policies 9 
3 Antivirus policy 9 
4 Backups & Business Continuity Programs 6 
5 Security guards for critical areas 5 
6 Use of combination locks  4 
7 Surveillance cameras and alarm systems 3 
8 System administration roles 3 
9 Gate passes 2 
10 Configuration policy 2 
11 Intrusion detection and prevention systems 2 
12 Encrypting data 2 
13 Surveys and reviews  1 
14 Copy rights  1 
15 Motivate personnel 1 
16 Rotation and/or separation of duties 1 
17  Manager and staff affair 1 

 

(a) Challenges encountered in information security duties 
 

Table 4 provides challenges reported encountered when 
performing information security. It is because of these 
challenges that preventing unauthorized access, use, 
disclosure, disruption, modification or destruction of 
information and business systems is difficult or unachieved. 
Identified challenges under this category follow below. 
1. Lacking information security management system. Lack of 

information security management system shall provide an 
ineffective protection. 

2. Lacking or insufficient top/senior management support. This 
leads to inability to provide necessary protection to realize 
effective management. 

3. Lacking or insufficient capacity, motivation or integrity for 
supporting and maintaining information security 
implementations. This leads to ineffective or compromised 
protection. 

4. Lacking or insufficient up-to date awareness of threats to 
information security. This leads to ineffective protection in 
the organization. 

5. Lacking or insufficient end-user information security 
awareness, skills development and understanding of their 
roles. This leads to lack of protection against internal threats 
and prevention of exploitation of vulnerabilities. 

6. Dynamic technological changes. Such changes lead to 
inappropriate solutions and ineffective protection of 
information security. 

7. Dynamism and complexity in information sharing and 
access. This situation makes it difficult to realize effective 
and sufficient protection in the organization. 

8. Balancing need to know and be accessible. Through access, 
internal and external threats may be realized. When realized, 
the threats render protection less effective. 

9. Procurement bureaucracies. Subsequent delays 
associated with this situation may compromise information 
and system protection. 

These challenges bring about inability to protect business 
information systems. When attended, it leads to either 
implementing an effective system/mechanism or 

empowering/facilitating protection provision. If unattended, 
security attacks can succeed and vulnerabilities can easily be 
exploited. Lack of information security management system is 
the major challenge reported in this category. 

(b) Challenges encountered when integrating information 
security management function to other business processes 

 
Table 5 provides responses on challenges encountered 

when integrating information security management function 
with other businesses. Brief outline of challenges identified 
under this category follow below. 
1.  Lacking or insufficient ownership and understanding of 

the top management duty and role in supporting 
information security. Inadequate budgetary support and 
inappropriate acquisition for measures/tools are 
responsible. 

2.  Lacking or insufficient technical capacity. This situation 
makes it difficult to design, implement and maintain 
measures/tools for the protection. 

3. Lacking or insufficient user awareness. This situation 
makes support to implement and maintain security 
measures/IT infrastructure inadequate. 

4.  Inappropriate or inadequate IT infrastructure. This 
situation leads to insecure business operations. 

5.  Cost taking precedence to acquisitions for security 
measures, tool or IT infrastructure in decisions. This leads 
to insecure business operations. 

6.  User lethargy. This makes it difficult to get adequate user 
support for continuous and efficient service delivery. 

7.  Faulty system requirements development. This leads to 
wrong designs and acquisitions for IT infrastructure and 
information security. 

8.  Lacking or poor IT governance. This leads to insufficient 
structures and capacity for managing IT infrastructure. 

9.  User apathy to changes. This leads to insufficient user 
support, ineffective operations and service delivery. 

10.  Lacking or insufficient inter-departmental 
communications. This leads to discontinuity of operations 
and inefficient service delivery. 

11.  Insufficient employee business support. This leads to 
discontinuous inefficient service delivery and vulnerable 
to internal threats. 

12.  Reliance to consultants. This can lead to possible 
compromise in confidentiality and integrity. 

13.   Lacking link between technical and management roles. 
This leads to discontinuity of operations and inefficient 
service delivery. 

14.  Lacking IT representation in strategic management levels. 
This can lead to insufficient understanding and support at 
the strategic level. 

 
These challenges are encountered in projects involving 

planning and implementations. The outcome from this 
category of challenges is that protection measures will be 
based on inherent insecure implementation. Lack of ownership 
and understanding in top management, inadequate technical 
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capacity and lack of user awareness are the major challenges 
in this category. 

Table 4: What are the challenges encountered when 
performing information security duties? 

 
 Response Number  

1 Lacking or insufficient information security 
management system 

11 

2 Lacking or insufficient capacity, motivation 
or integrity for supporting and maintaining 
information security implementations 

10 

3 Lacking or insufficient top and/or senior 
management support  

10 

4 Lacking or insufficient up-to-date 
awareness of threats to information security 

7 

5 Technological change dynamism  5 
6 Lacking or insufficient end-user 

information security awareness, skills and 
understanding of their roles  

5 

7 Dynamism and complexity in information 
sharing and access 

2 

8 Balancing the need to know and open 
information access  

1 

9 Costly security solutions 1 
10 Procurement bureaucracies and/or 

subsequent delays 
1 

 

(c) Challenges encountered when identifying IT infrastructure 

Table 6 provides responses on challenges reported as 
encountered when identifying IT infrastructure. A brief outline 
of challenges identified in this category follows below. 
1. Faulty procurement/wrong solution provider. This leads to 

wrong solutions rendering discontinuity of operations and 
inefficient service delivery. 

2. Inadequate technical involvement and knowledge. This 
leads to faulty or wrong solutions, acquisitions and 
implementation. 

3. New technologies always emerging in ICT within very 
short time. This makes it difficult to identify appropriate 
solutions or even cope with changes. 

4. Costly technological solutions vis-à-vis organizational 
growth. This makes it difficult for governance to 
sufficiently support relevant budget for procurement. 

5. Lack of adequate user awareness of available technological 
solutions. This leads to insufficient user support and 
participation. 

6. Lack of or insufficient top management awareness of 
technological solutions. This leads to faulty or wrong IT 
infrastructure solutions. 

7. Increasing complexity of environment and platform. This 
makes it difficult to attain appropriate designs for IT 
infrastructure solutions. 

8. Lack of or insufficient IT infrastructure alignment to 
service delivery. This leads to inefficient service delivery. 

 
These challenges are encountered when identifying 

software for development, software for maintenance, software 
for purchase, IT hardware, and IT service delivery. If not 

attended, outcome involves insecure business operations and 
inefficient service delivery. Faulty procurement or wrong solution 
provider is the major challenge reported in this category. 

 
Table 5: Challenges encountered when integrating information 

security management function with other business 
processes 

 
 Response  Number 

1 Lacking ownership and understanding by top 
management 

5 

2 Inadequate technical capacity 5 
3 Lack of user awareness 5 
4 Inappropriate infrastructure 3 
5 Cost taking precedence at expense of acquired 3 
6 User lethargy  2 
7 Poor or faulty system requirements  2 
8 Lack of IT governance 2 
9 User apathy to change 2 
10 Lack of or insufficient inter-departmental 

communication 
2 

11 Insufficient employee business support 1 
12 Over reliance to consultants 1 
13 Lack of link between technical and 

management roles 
1 

14 Lack of IT representation in strategic 
management levels 

1 

 
Table 6: What challenges are encountered when identifying 

IT infrastructure? 
 

 Responses  Number  
1 Faulty procurement or wrong solution 

provider  
12 

2 Inadequate technical involvement and 
knowledge 

7 

3 New technologies always emerging in ICT 
within very short time 

5 

4 Costly technological solutions vis-à-vis the 
organizational growth 

5 

5 Lack of adequate user awareness of available 
technological solutions 

3 

6 Lack of or insufficient top management 
awareness of technological solutions 

2 

7 Increasing complexity of  environment and 
platform  

2 

8 Lack of or insufficient IT infrastructure 
alignment to service delivery 

1 

 

(d) Challenges encountered when securing IT infrastructure 

Table 7 provides responses reported as challenges 
encountered when securing IT infrastructure. Brief outline of 
the challenges follows below. 
1. Lack of or insufficient skills. This leads to inadequacy in 

facilitating and supporting security solutions. 
2. Bureaucracy and unstructured approach to acquisition of 

security solutions. This leads to delay and faulty security 
solutions. 
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3. Lack of or insufficient awareness of threats in all 
stakeholders. This leads to insufficient support and 
participation in implementing security solutions and 
avoiding risks. 

4. Inadequate access control measures. This leads to 
possibilities of unauthorized access, disclosure and 
alteration. 

5. Growing sophistication and diversification of attacks. This 
leads to lack of protection against unknown threats and 
vulnerabilities. 

6. Lack of or insufficient support by top management. This 
leads to insufficient support to budgetary allocations for 
security solutions. 

7. Lack of or insufficient measures and policies to combat 
threats. This leads to inadequate plans and protection. 

 
Table 7: What are the challenges in securing IT infrastructure? 
 

 Responses  Number  
1 Lack of sufficient skills  9 
2 Bureaucracy/unstructured security solutions 

acquisition 
5  

3 Insufficient awareness of threats in stakeholders 5 
4 Inadequate access control measures 4 
5 Sophistication and diversification of attacks  3 
6 Lack of sufficient support by top management 3 
7 Lack of sufficient measures and policies 1 
8 Growing volumes in transactions  1 
9 Internal threats and insecure systems 1 
10 Costly security solutions   1 
11 Lacking mechanisms to sufficiently mitigate risk 

in outsourcing 
1 

12 Being limited in technological solutions   1 
 
8. Growing volumes in transactions. This leads to varying 

solutions for storage and transmissions at the 
organizational level. 

9. Internal threats and insecure systems. This leads to 
vulnerable business information systems. 

10. Costly security solutions. This leads to inadequate 
protection. 

11. Lacking or insufficient mechanisms to mitigate risk in 
outsourcing. 

12. Being limited in technological solutions. This leads to 
inadequate designs and solutions in the protection of 
business information systems. 

 
These challenges are encountered when securing software 

development, software maintenance, software purchase, IT 
hardware, and service delivery. If not attended, the outcome 
will be insecure IT infrastructure and operations. Lack of 
sufficient skills is the major challenge in this category. 

4.1.6 What is the impact from challenges responsible for 
inhibiting effectiveness of information security 
management 

Table 8 shows the possible outcome and eventual impact 
from identified challenges. Thirteen possible outcomes were 

identified from which eventual impact is possible. Outline 
follows below. 
(a)  Insufficient protection is caused by lack of information 

security management system, management support or 
existence of internal threats. 

(b) Insufficient support and participation are brought about by 
lack of sufficient capacity, motivation, security 
awareness, internal communications, support, policies and 
ownership.  

(c) Inability to cope can come from dynamic technological 
changes. 

(d) Inadequate protection can come from dynamism and 
complexity found in information sharing and access. 

(e) Over protection or under protection can come from a 
situation where balance for the need to know and comply 
with access needs is inadequately done. 

(f) Delays in acquiring security solutions can come from 
bureaucratic and unstructured methods found in the 
acquisition of security solutions. 

(g) Ineffective service delivery can come from inappropriate 
or inadequate IT infrastructure, lack of IT governance or 
lack of IT infrastructure alignment to service delivery. 

(h) Lacking appropriate security solutions possible if cost of 
security infrastructure affects decisions during acquisition 
which lead to inappropriate security solutions. 

(i) Inappropriate security solutions can result from growing 
sophistication and diversification of attacks. 

(j) Faulty security solutions can originate from use of faulty 
system requirements, which lead to faulty security 
designs. 

(k) Insufficient protection can be caused by costly security 
solutions which influence decisions responsible for 
insufficient information protection. 

(l) Compromised confidentiality and integrity is possible 
from over reliance to consultants or lack of mechanisms 
to mitigate risks in outsourcing. 

(m) Insufficient data security can come from growing volumes 
in transactions common nowadays. 

 
4.2 Results of Study 

Table 9 is a summary of results from the evaluation 
questions in the study. The table provides specific results of 
the six evaluation questions used.  

The following can be said about the organizations sampled: 
4.2.1 That, organizations appear to have reacted to change of 

focus to securing business information systems by 
adopting new security measures together with 
acquisition of relevant technologies. 

4.2.2 That, written security policies, security procedures, 
network security measures, physical security measures, 
and data security measures were major tools used to 
manage information security. 

4.2.3 That, processes in use involve automated procedures, 
written/unwritten procedures and ICT policy guidelines. 

4.2.4 That, mechanisms used to realize security involve 
implementing firewalls, access policies, password 
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policies and antivirus policies together with backup and 
physical measures. 

 
Table8:  Possible outcome and eventual impact from identified 
challenges 

Identified challenges Possible 
challenge 
outcome 

Eventual 
impact 

1 Lacking information security 
management system, management 
support and existence of internal 
threats/insecure systems 

Insufficient 
protection 

2 Lacking/insufficient capacity, 
motivation, security awareness, 
internal communications, support, 
policies and ownership 

Insufficient 
support and 
participation 

3 Dynamic technological changes Inability to 
cope 

4 Dynamism and complexity in 
information sharing and access 

Inadequate 
protection 

5 Balancing need to know and 
compliance to being open 

Over protection 
or under 
protection 

6 Bureaucratic and unstructured 
methods in acquisitioning security 
solutions 

Delays and 
insufficient 
protection 

7 Inappropriate or inadequate IT 
infrastructure, lacking IT 
governance and IT infrastructure 
alignment to service delivery 

Ineffective 
service delivery 
or business 
operations 

8 Consideration of cost at expense 
of acquisition of security 
infrastructure  

Lacking 
appropriate 
security 
solutions 

9 Growing sophistication and 
diversification of attacks 

Inappropriate 
security 
solutions  

10 Faulty system requirements  Faulty security 
solutions 

11 Costly security solutions Insufficient 
protection 

12 Over reliance to consultants or 
insufficient mechanisms to 
mitigate risk in outsourcing 

Compromised 
confidentiality 
and integrity 

13 Growing volumes in transactions Insufficient data 
security 

 
 
 
 
 
 
 
 
 
 
 
 
Loss of 
capital, 
reputation or 
even business 
opportunities   

 
 
4.2.5 That, effective management of information security is 

hindered by challenges encountered in integrating 
information security management function to other 
businesses, in identifying IT infrastructure, in securing 
IT infrastructure, and in the program for information 
security program. 

4.2.6 That, information security assurance or lack of it 
depends on the acquisition and implementation of 
security solutions, business operations, and 
management aspects involved in protecting the business 
information systems. 

4.2.7 That, the practice of using an information security 
management system was lacking in majority of 
organizations. 

4.2.8 That, lack of ownership and understanding in top 
management, inadequate technical capacity and lack of 

user awareness was major problems in the 
organizations. 

4.2.9 That, faulty procurement or wrong solution provider are 
problem when identifying IT infrastructure. 

4.2.10 That, lack of sufficient skills in organizations is a major 
setback to security in an organization. 

 
Where and when identified challenges are not mitigated, 

the result is ineffective information security management 
characterized by lacking protection to business information 
systems and eventual negative impact to business. 
 
Table 9: Summary of results from study evaluation questions 
 

 Evaluation question Results 
1 How the change of 

focus to securing 
business information 
systems was 
affected? 

Organizations adopted new security measures 
coupled with new technology to provide 
sufficient protection. Awareness and skills 
development are least emphasized.  

2 What security tools/ 
measures are in place 
to manage 
information security? 

Organizations appear to have: (1) written 
security policies at the strategic level; (2) 
security procedures at the tactical level; and, 
(3) network, physical and data security 
measures at the operational level. 

3 What  processes/ 
systems are in use to 
manage information 
security 

Automated procedures, written/unwritten 
procedures and ICT policy guidelines are the 
processes/systems used to manage 
information security. Employees are checked 
through maintaining different/accountable 
roles in assignments in addition to ensuring 
privileges and audits are employed.. 

4 What mechanisms 
are implemented to 
protect against threats 
and prevent 
exploiting 
vulnerabilities? 

Organizations use implementations of 
firewalls, access policies, password policies 
and antivirus policies to protect business 
information systems against internal and 
external threats. Backup and business 
continuity plans coupled with physical 
measures ensure continuity of business 
operations and availability.  

5 What challenges are 
responsible for 
hindering 
effectiveness of 
information security 
management? 

Four categories of challenges identified are: 
(1) challenges encountered in protecting 
business information systems, (2) challenges 
encountered in integrating information 
security management function to other 
businesses, (3) challenges encountered when 
identifying IT infrastructure for business, and, 
(4) challenges encountered when securing IT 
infrastructure. 

6 What is the impact 
from the identified 
challenges 

Business information systems security attacks 
may be caused, enabled or facilitated by: (1) 
lack of, insufficient, compromised or 
ineffective protection, (2) faulty, wrong, 
insufficient or delayed security solutions, (3) 
inefficient and insecure business operations, 
and, (4) faulty, wrong and incomplete 
security solutions. The impact to business 
eventually is loss of capital, reputation and 
business opportunities.   

V. CONCLUSION 

The study identified four categories of challenges 
encountered in organizational management of information 
security. The study identified that there are challenges 
encountered when performing information security duties, 
integrating information security management function with 
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other business processes, identifying IT infrastructure and 
securing IT infrastructure. 

Where the identified challenges are not mitigated 
accordingly, the result is ineffective information security 
management. The organization will experience lack of 
protection to business information systems and eventual 
negative impact to its business, which can translate into lost 
opportunities, reputation and capital. Organization will lack 
competitiveness and may even go under as a result. 

 This study has successfully obtained understanding of 
challenges in information security management from an 
organization’s perspective as found today. The insight 
provides understanding of what system end-users, security 
managers and top/senior management should know and act on 
to realize effective management in organizational information 
security. 
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Abstract—In this paper novel methods for image retrieval based 

on texture feature extraction using Vector Quantization (VQ) are 

proposed.  We have used Linde-Buzo-Gray (LBG), and Kekre’s 

Median Codebook Generation (KMCG) algorithms for texture 

feature extraction. The image is first divided into blocks of size 

2x2 pixels (each pixel with red, green and blue component). A 

training vector of dimensions 12 is created using this block. 

Collection of all such training vectors is a training set. To 

generate the texture feature vector of the image, LBG and 

KMCG algorithms are applied on the initial training set to obtain 

codebooks of size 16, 32, 64, 128, 256 and 512. These codebooks 

are considered as feature vectors for CBIR. Thus the codebook 

generation algorithms and five different codebook sizes per 

algorithm result in 12 proposed image retrieval techniques. The 

proposed image retrieval techniques are tested on generic image 

database respectively having 1000 images. Results are also 

compared with the Gray Level Co-occurance Matrix (GLCM) 

method. The proposed CBIR methods outperform GLCM with 

higher precision and recall values. KMCG based CBIR give 

performance improvement over LBG based CBIR. The 

performance of KMCG CBIR improves with increasing 

codebook size. Overall in all KMCG CBIR with codebook size 

512 gives best results with higher precision and recall values for 
both databases. 

Keywords— CBIR, Vector Quantization, GLCM, LBG, KMCG 

I.  INTRODUCTION (HEADING 1) 

Technological advances in digital imaging, broadband 

networking, and data storage have motivated people to 

communicate and express by sharing images, video, and other 

forms of media online [1,3]. Although the problems of 

acquiring, storing and transmitting the images are well 

addressed, capabilities to manipulate, index, sort, filter, 

summarize, or search through image database lack maturity 
[31]. Modern image search engines [31, 37] retrieve the 

images based on their visual contents, commonly referred to as 

Content Based Image Retrieval (CBIR) systems [40]. CBIR 

systems have found applications in various fields like fabric 

and fashion design, interior design as panoramic views 

[17,18,32-35], art galleries [32], museums, 

architecture/engineering design [32], weather forecast, 

geographical information systems, remote sensing and 

management of earth resources [38,39], scientific database 

management, medical imaging, trademark and copyright 

database management, the military, law enforcement and 

criminal investigations [25], intellectual property, picture 

archiving and communication systems, retailing and image 

search on the Internet. Typical CBIR systems can organize and 

retrieve images automatically by extracting some features such 

as color, texture, shape from images and looking for similar 

images which have similar feature [36, 37]. CBIR systems 

operate in two phases. In the first phase, feature extraction 

(FE), a set of features, called feature vector, is generated to 
accurately represent the content of each image in the database. 

A feature vector is much smaller in size than the original 

image [29, 30]. In the second phase, similarity measurement 

(SM), searching distance between the query image and each 

image in the database using their signatures is computed so 

that the most similar images can be retrieved [24,28]. A 

variety of feature extraction techniques have been developed. 

Color based feature extraction techniques include color 

histogram, color coherence vector, color moments,, circular 

ring histogram [4], BTC extensions [25, 28, 30]. Texture 

based feature extraction techniques such as co-occurance 

matrix [6], Fractals [5], Gabor filters [5], variations of wavelet 
transform [1], Kekre transform [17, 27, 39] have been widely 

used. Effort has been made in even to extend image retrieval 

methodologies using combination of color and texture as the 

case in [23] where Walshlet Pyramids are introduced. The 

synergy resulting from the combination of color and texture is 

demonstrated to be superior than using just color and texture 

[37, 38]. 

 

In section II texture feature extraction using GLCM and VQ 

based methods viz. LBG and KMCG are discussed. In section 

III, technique for image retrieval using vector quantization is 
proposed. Results and discussion are given in section IV and 

conclusions are presented in section V. 

II. TEXTURE FEATURE EXTRACTION METHODS 

Texture is important component of human visual perception 

and can be effectively used for identifying different image 
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regions [1]. Compared with color and shape features, texture 

features indicate the shape distribution, better suits the 

macrostructure and microstructure of the images [5]. Texture 

representation methods can be classified into three categories, 

namely structural, statistical and multi-resolution filtering 

methods. The identification of specific textures in an image is 

achieved primarily by modeling texture as a two-dimensional 

gray level variation [6,37]. This two dimensional array is 

called as Gray level Co-occurance Matrix (GLCM). GLCM 
describes the frequency of one gray tone appearing in a 

specified spatial linear relationship with another gray tone, 

within the area under investigation.  

 

A. GLCM Method 

Normalized probability density Pij of the co-occurance 
matrices can be defined as follows: 

{ }
S

jdydxfiyxfSdydxyx
jiP

#

),(,),(||),(),,(|#
),(

=++=∈++
=δ

 

(1) 

where x, y = 0,1,…..L-1 are the gray levels. S is set of pixel 

pairs which have certain relationship in the image.  #S is the 

number of elements in S. Pδ(i,j) is the probability density that 

the first pixel has intensity value i and the second j, which are 

seperated by distance δ=(dx, dy).  

 

The GLCM is computed in four directions for δ=00, δ=450, 

δ=900, δ=1350. Based on the GLCM four statistical parameters 

energy, contrast, entropy and correlation are computed.  
Finally a feature vector is computed using the means and 

variances of all the parameters [8, 9]. The steps for texture 

feature extraction using GLCM are as given below 

1. Separate the R,G, B planes of image. 

2. Repeat steps 3-6 for each plane. 

3. Compute four GLCM matrices (directions for δ=00, 

δ=450, δ=900, δ= 1350 ) as given by eq. (1) 

4. For each GLCM matrix compute the statistical features 

Energy(Angular second moment), Entropy(ENT), 

Correlation(COR), Contrast(CON) [8,9] using the 

equations mentioned below:  

 
Energy: measures textural uniformity (i.e. pixel pairs 

repetitions).and can be given as Angular Second Moment 

(ASM) 

)j,i(PASM 2

∑∑=  (2) 

 

Contrast (CON): Contrast indicates the variance of the 

gray level . 

)j,i(P)ji(CON
2

∑∑ −=  
(3) 

 

Entropy (ENT) : This parameter measures the disorder of 

the image. For texturally uniform image, entropy is small. 
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Correlation: (COR) 
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Where µx, µy, σx, σy are the means and standard deviations 

of Px and Py respectively. Px is the sum of each row in co-

occurance matrix. Py is the sum of each column in the co-

occurance matrix.  

 

Thus we obtained 

ASM0  ENT0      COR0 CON0 

ASM 45       ENT 45      COR45 CON45 

ASM 90       ENT 90      COR90 CON90 

ASM 135    ENT 135     COR135        CON135 
 

Compute the feature vector using the means and variances of 

all the parameters. Thus, the feature vector  f={µASM  , 

µENT  , µCOR  , µCON  , σASM   ,σENT , σCOR , σCON } 

Where µ is mean and σ is variance of the parameters. 

B. VQ based methods 

Vector Quantization (VQ) [7-15] is an efficient technique 

for data compression [23]. VQ has been very popular in 

variety of research fields such as video-based event detection 

[26], image segmentation [19-22], speech data compression 

[23], CBIR [26,37,38] and face recognition [25].  

 

VQ can be defined as the mapping function that maps k-

dimensional vector space to the finite set CB = { C1, C2, C3, . 

. .., CN}. The set CB is called codebook consisting of N 

number of codevectors and each codevector Ci = {ci1, ci2, ci3, 

……, cik} is of dimension k. The key to VQ is the good 
codebook. This codebook is the signature/feature vector of the 

entire image and can be generated by employing various 

clustering techniques. The method most commonly used to 

generate codebook is the Linde-Buzo-Gray (LBG) algorithm 

[8]. The drawback of LBG algorithm is that the cluster 

elongation is -450
 to 1350 horizontal axis in two dimensional 

cases. This results in inefficient clustering.  Kekre’s 

Proportionate algorithm (KPE) removes the disadvantage of 

LBG [36]. However, LBG and KPE algorithms require heavy 

computations. Kekre’s Fast Codebook Generation algorithm 

(KFCG) [12,24,36] requires less errors and least time to 
generate codebook as compared to other algorithms, as it does 

not require computation of Euclidian distance [2,33]. 

 

To generate the codebook, the image is first divided into 

fixed size blocks, each forming a training vector Xi = (xi1, xi2, 

……., xik ).The set of training vectors is a training set. This 

training set is initial cluster. The clustering algorithms like 

LBG, KPE, and KFCG etc are then applied on this initial 

cluster to generate the codebook of desired size. Below, LBG, 

KPE and KFCG algorithms for codebook generation are 

discussed.  
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C. LBG Algorithm 

In this algorithm centroid is computed as the first 

codevector for the training set. Two vectors v1 & v2 are then 
generated by adding constant error to the codevector. 

Euclidean distances [2,33] as presented in equation 6, of all 

the training vectors are computed with vectors v1 & v2 and two 

clusters are formed based on nearest of v1 or v2. This 

procedure is repeated for every cluster. 

( )∑
=

−=
n

i

qipi vXED
1

2
 

(6) 

where, Xpi and vqi are the training vector and codevectors 

respectively with size n.  

D. Kekre’s Median Codebook Generation algorithm 

(KMCG) 

The steps of KMCG algorithm can be explained as follows. 

• Image is divided into the windows of size 2x2 pixels 

(each pixel consisting of red, green and blue 

components).  

• These are put in a row to get 12 values per vector. 
Collection of these vectors is a training set. 

• The training set is sorted with respect to first column. 

The Median of the first column is used to divide the 

training set in two parts and the median vector is put in 

the codebook. Set the codebook size equal to 1. 

• Further each part is then separately sorted with respect to 

second column to get two median values and these two 

median vectors are put into the codebook. Set the 

codebook size equal to 2. 

• The process of sorting is repeated till codebook of desire 

size is obtained.  

 
Here quick sort algorithm is used. This algorithm takes least 

time to generate codebook, since Euclidean distance 

computation is not required. 

 

III. IMAGE RETRIEVAL USING VQ BASED TECHNIQUES  

Image retrieval based on content requires extraction of 

features of the image, matching these features with the 

features of the images in the database and retrieving the 

images with the most similar features. Here, paper discusses 

the feature extraction technique based on vector quantization. 

A. Proposed Feature Extraction Technique  

1. Repeat steps 2-6 for each image in the image database. 

2. Divide the image  into blocks of size 2x2 (Each pixel 

having red, blue and green component, thus resulting in a 

vector of 12components per block) 

3. Form the training set/ initial cluster from these vectors. 

4. Compute the initial centroid of the cluster. 
5. Obtain the codebook of desired size using LBG/KMCG 

algorithm. This codebook represents the feature 

vector/signature of the image.  

6. Store the feature vector obtained in step 5 in the feature 

vector database. 

B. Query Execution 

For a given query image compute the feature vector using 

the proposed feature extraction technique. To retrieve the most 
similar images, compare the query feature vector with the 

feature vectors in database. This is done by computing the 

distance between the query feature vectors with those in 

feature vector database. Euclidian distance as given in 

equation (6) and correlation coefficient are most commonly 

used as similarity measure in CBIR [2, 36]. Here Euclidian 

distance is used as a similarity measure. As compared to 

GLCM method, this proposed method saves tremendous 

number of computations.  Also the accuracy of the proposed 

VQ technique is much better than that of GLCM. 

IV. RESULTS AND DISCUSSIONS 

The proposed CBIR techniques are implemented in Matlab 
7.0 on Intel Core 2 Duo Processor T8100, 2.1 GHz, 2 GB 

RAM machine to obtain results. The sample image database is 

shown in Figure 1. The results are obtained on the general 

database consisting of 1000 images from 11 different 

categories (some of these are taken from [41]). To test the 

proposed method, from every class five query images are 

selected randomly. So in all 55 query images are used from 

general database. To check the performance of proposed 

technique we have used precision and recall. The standard 

definitions of these two measures are given by following 

equations. 
 

retrieved_images_of_number_Total

retrieved_images_relevant_of_Number
ecisionPr =  (7) 

database_in_images_relevent_of_number_Total

retrieved_images_relevant_of_Number
callRe =

 
(8) 

 

The crossover point of precision and recall acts as 

performance measure of CBIR technique. Higher value of 

precision-recall at crossover point indicates better performance 

of image retrieval method. For the image database, results are 

obtained using LBG and KMCG for the codebook of sizes 

16x12, 32x12, 64x12, 128x12, 256x12 and 512x12.  

 

 
Figure 1 sample database of 11 images by randomly selecting one image from 

each category from general image database 

Figure 2 shows average precision and recall plotted against 

number of retrieved images for General image database with 

precision-recall crossover point value 0.273.  
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Figure 2. Average Precision and Recall plotted against number of retrieved 

images for GLCM-CBIR of General image database 
 

Figure 3 gives crossover points of average precision and 

average recall values of the LBG based CBIR techniques for 

all codebook sizes tested on generic image database. Here the 

codebook sizes 32 and 64 are better with highest crossover 

point value. The precision and recall curves of codebook size 

32 are higher than other codebook sizes indicating better 
performance for LBG-CBIR. The crossover points of average 

precision and average recall values for KMCG based CBIR 

techniques with considered codebook sizes are shown in figure 

4. Here codebook size 512 is giving best performance.  

 

 
Figure 3. Average Precision and Recall plotted against number of retrieved 

images for LBG-CBIR of General image database 

 

 
Figure 4. Cross-over points of average precision and recall using KMCG-

CBIR for all considered  codebook sizes of General image database 

 

Figure 5 to figure 10 gives the comparison of crossover points 

of average precision and average recall values using LBG-

CBIR and KMCG-CBIR for codebook sizes 16 to 512 

respectively. In all codebook sizes KMCG-CBIR outperforms 

the LBG-CBIR with higher precision and recall values.  

 

 
Figure 5. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 16 of Generalimage  

database 

 

 
Figure 6. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 32 of Generalimage  

database 

 

 
Figure 7. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 64 of Generalimage  

database 
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Figure 8. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 128 of Generalimage  

database 

 
Figure 9. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 128 of Generalimage  

database 

 

 
Figure 10. Comparison of Cross-over points of average precision and recall 

using LBG-CBIR and KMCG-CBIR for codebook size 512 of Generalimage  

database 

 

Figure 11 gives comparison of average precision and average 

recall values of GLCM-CBIR with codebook generation based 

CBIR techniques with codebook size 512x12. Here the 

codebook generation based CBIR techniques are performing 

far better than GLCM-CBIR as indicated by higher average 

precision and recall values. Also the fact that KMCG-CBIR 

performs better than LBG-CBIR is reflected in the figure with 

higher precision nad recall values. 

 

 
Figure 11. Comparison of average precision and recall using GLCM-CBIR, 

LBG-CBIR and KMCG-CBIR for codebook size 512 of Generalimage  

database 

 

V Conclusion 
The use of vector quantization codebooks as feature vectors 

for image retrieval is revisited in the paper. The paper used 

various codebook generation techniques such as of Linde-

Buzo-Gray (LBG) and newly proposed Kekre’s Median 

Codebook Generation (KMCG) algorithms for texture feature 

extraction. These codebooks extracted in sizes 16,32,64,128, 

256 and 512 are used in proposed CBIR techniques. Thus two 

codebook generation algorithms and six different codebook 
sizes per algorithm result in 12 proposed image retrieval 

techniques.  Results of the proposed CBIR techniques are also 

compared with the Gray Level Co-occurance Matrix (GLCM) 

method. The proposed CBIR methods outperform GLCM with 

higher precision and recall values, indicating better image 

retrieval.  KMCG based CBIR give immense improvement 

over LBG based CBIR. In KMCG based CBIR the higher 

codebook size give better performance, proving the codebook 

size 512 to be the best. Overall in all codebook sizes KMCG 

gives best results with higher precision and recall values for 

both generic image database and COIL image database. The 
KMCG takes least time to form codebook (texture feature set) 

as compared to LBG. This proves that KMCG-CBIR gives not 

only better but also faster image retrieval. 
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Abstract— In this paper, we present a general trust establishment 

framework comprising three components. The first part is the 

trust computation model that evaluates the trust level of each 

participating node through monitoring and quantification of 

some relevant behavioral indicative metrics. The second part is 

the trust evidence distribution scheme that distributes the trust 

evidences obtained by the first component. And finally the third 

part is the reputation computation model that combines the 

collected trust evidences from other nodes to form an overall 

reputation score and a judgment basis regarding the 
trustworthiness level of each node.   

     The trust computation model is based on first-hand evidences 

obtained via direct observations at the MAC layer. The proposed 

trust evidence distribution scheme is an efficient, scalable and 

completely distributed scheme based on ant colony optimization 

algorithm. For combination of collected evidences in the 

reputation computation model, Dempster’s rule for combination 

is applied. Dempster’s rule for combination gives a numerical 

procedure for fusing together multiple pieces of evidence from 
unreliable observers.  

      The paper, illustrates the applicability of the proposed 

framework on data packet delivery functionality with Dynamic 

Source Routing (DSR) as the underlying routing protocol. We 

present simulation results which demonstrate the effectiveness 
and efficiency of the proposed framework. 

 

Keywords- Trust establishment framework; mobile ad hoc 
network (MANAT); evidence distribution; ant colony optimization; 
Dempster-Shafer theory 

I.  INTRODUCTION 

Mobile ad hoc networks (MANETs) are multihop wireless 
networks spontaneously constructed by mobile nodes without 
relying on any pre-established infrastructure [1]. In MANETs, 
nodes can directly communicate with other nodes within their 
wireless transmission range that are often referred to as 
neighbors. However, to communicate with non-neighbor nodes, 
they have to follow a multi-hop scenario where the source 
nodes rely on their neighbors and several other intermediate 
nodes to relay their messages and deliver them to the 
destination. Therefore, the cooperation of participating nodes 
plays a vital role for successful communications. Early routing 

and communication protocols for MANETs have been 
developed optimistically, where the benign and cooperative 
behavior of all the participating nodes is presumed. However, it 
may not be always the case and in the absence of a fixed trust 
or security infrastructure; some nodes may decide to exhibit a 
non-cooperative or malicious behavior for a variety of 
incentives including better service, selfishness, monetary 
benefits or malicious intents. 

     Due to the unique characteristics of MANETs such as 
shared wireless medium, the lack of any fixed infrastructure, 
mobility and consequently dynamic topology changes, and 
resource-constrained nodes in terms of battery and computation 
capability, these networks are seriously susceptible to a large 
number of security attacks [2]. The aforementioned 
characteristics also prevent traditional cryptographic-based 
security methods to be directly applicable to MANETs. 

     As a result, in recent years researchers have taken a 
trust-based approach which promotes modeling and computing 
trust by defining and monitoring some behavioral indicative 
metrics and coming up with some sort of belief in 
trustworthiness level of other nodes. This computed degree of 
trustworthiness may then be used in situations where a node 
has to rely on previously unknown and therefore unreliable 
nodes for accomplishment of a cooperative service. In a 
MANET context, trust is defined as a belief level that one node 
can put on another node for a specific action according to 
previous direct or indirect information from observation of 
behaviors. The belief level is the extent to which one node 
believes that another node is willing and able to obey the 
protocol and act normally [3].  

     In this paper, we present a trust establishment 
framework that is based on first-hand evidences obtained via 
direct observations at the MAC layer as well as second-hand 
evidences that are obtained via an ant-based trust evidence 
distribution scheme from other nodes. A common difficulty in 
trust-based schemes that incorporate various trust evidence 
exchange mechanisms to reinforce their accuracy pertains to 
the combination of observational data from nodes that can vary 
in their reliability or trustworthiness. In this paper, we have 
employed the Dempster-Shafer evidence theory, which is well 
suited to an ad-hoc network where doubt and uncertainty is 
inherent. 
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The remainder of the paper is organized as follows. Section 
II briefly reviews related work on trust establishment in 
MANETs. Section III is dedicated to the details of our 
proposed trust establishment framework. Section IV presents 
results from simulation experiments that demonstrate the 
effectiveness of the proposed scheme. The final section of the 
paper discusses concluding remarks. 

II. RELATED WORK 

In recent years, security establishment in MANETs by the 
means of trust modeling and management has been a 
considerable topic of interest. The proposed trust management 
frameworks in literature fall into two major categories, 
reputation-based [4,5] and trust establishment [6-9]. In the 
former category, trust in other nodes is evaluated by direct 
observation and second-hand information distributed among a 
network. In this category most of the proposed methods use a 
Bayesian approach based on Beta distribution [3, 5, 10, 11]. In 
this approach, a random variable that follows the beta 
distribution is associated with the trust value of a node. Also, 
the posterior distribution that represents a notion of trust is 
derived from a prior distribution. In the later category [6-9], 
trust in neighbors is evaluated by direct observation, and trust 
relations between two nodes without previous direct interaction 
are established through a combination of opinions from 
intermediate nodes. 

     L. Eschenauer et al. [12] present a high-level framework 
for generation, revocation and distribution of trust evidence and 
demonstrate the significance of estimation metrics in trust 
establishment. A.A. Pirzada et al. [13] present a trust model 
that allows the evaluation of the reliability of the routes, using 
only first-hand information. The notion of confidence as it 
relates to trust management was explored by G. 
Theodorakopoulos et al. [14]. L. Buttyan et al. [15] propose a 
framework for stimulating cooperation in MANETs. The 
approach is based on a credit system for packet forwarding 
while trusted hardware is assumed.  

     The majority of research works presented in the 
literature have mainly concentrated on trust modeling and 
quantification, while little attention has been paid to efficient 
distribution of trust information. In most of the proposed trust 
establishment schemes participating nodes are required to 
periodically disseminate their trust information acquired 
through direct observations.  

These trust information are received by other nodes and 
combined to form an overall reputation score for each node. 
This proactive approach suffers scalability, efficiency and 
robustness problems in resource-constrained environments 
[16]. Tiang and Baras [17] propose an efficient ant-based 
approach for the distribution of trust certificates in MANETs. 
However, their proposed scheme does not involve any trust or 
reputation computation model. In this paper we use an efficient 
on-demand trust evidence discovery protocol based on ant 
colony optimization algorithm for the distribution of trust 
evidences.  

     Yet another challenge in reputation-based schemes is 
related to employing an accurate, robust and straightforward 

method for combining observational data from nodes that can 
vary in their reliability or trustworthiness. Previous approaches 
have used simplistic combination techniques such as averaging 
or majority voting [18,19]. Here we apply Dempster-Shafer 
mathematical theory of evidence to combine independent 
pieces of evidence collected from other nodes in order to form 
an overall reputation score regarding the trustworthiness degree 
of a given node. 

III. THE PROPOSED FRAMEWORK 

As in real life, in MANETs context, trust levels are 
determined for particular actions. Obviously, trust computation 
for any action of interest requires clear definition, monitoring 
and quantification of some relevant behavioral indicative 
metrics. We believe that our proposed framework is a general 
framework and once corresponding metrics for a given action 
of interest are properly defined, monitored and quantified, it 
may be adapted for various scenarios. However, to give a 
practical illustration, for the rest of the paper, we will be 
particularly considering the incorporation of the proposed 
framework into data packet delivery functionality with 
Dynamic Source Routing (DSR) as the underlying routing 
protocol [20]. In the resulted trust-aware DSR protocol, the 
trustworthiness degree of intermediate nodes is taken into 
account, so that, non-cooperative nodes could be avoided in 
route selection decisions. The details of the proposed trust 
establishment framework are discussed in subsequent 
subsections. 

A. Trust Computation Model 

The trust computation model is executed by each individual 
node. Each node operates independently and maintains its 
individual perspective of the trust hierarchy. Each node uses a 
direct observation mechanism for monitoring data packet 
forwarding behavior of its neighbor nodes and accordingly 
quantifies trust level of each neighbor node.  

     In the proposed scheme, each node buffers all the 
packets it has sent, puts itself in promiscuous mode, initiates a 
timer and then overhears its neighbor’s forwarding behavior. If 
a packet is properly forwarded within the expected timeout, 
then a successful forwarding event is recorded, otherwise an 
unsuccessful forwarding event is recorded. The trust level is 
simply computed by dividing the number of successful 
forwarding observations for a particular node by the total 
number of packets sent to that node to be forwarded. In 
particular, the trust value, t, assigned to node j by node i is 
defined as follows: 

s
ij

s u

N
t

N N
=

+
  (1) 

 

Where  and Ns and Nu respectively represent 
the cumulative number of successful and unsuccessful 
forwarding events of node j recorded by node i. A trust value of 
0 for a given node represents complete distrust and a value of 1 

0 1t≤ ≤
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implies absolute trust in packet forwarding functionality of that 
node. 

The trust value computed for each neighbor node is signed 
by observer’s private key and therefore can’t be modified by 
intermediate nodes. We assume that the public key of the 
signer is well known and authenticated, and the corresponding 
private key cannot be compromised. Trust evidence is a 
foursome tuple denoted as TE=<provider, target, TV, time>. 
Provider is the observer node which has computed the trust 
value, target represents the node for which this trust evidence 
is produced, TV is the trust value of target node computed by 
the provider and finally time is the last update time of the trust 
evidence. Trust evidences are locally stored by observer nodes.  

In the proposed framework as it applies to the data packet 
delivery functionality of DSR protocol, whenever a node needs 
to choose among available paths to communicate with a given 
destination, it first evaluates the reliability of each available 
path and consequently chooses the most reliable one. Path 
reliability is computed as the probability that a packet won’t be 
dropped by the nodes along the route and will be safely 
delivered to its destination. 

     To compute reputation scores, a node first employs the 
trust evidence discovery protocol to collect relevant trust 
evidences and then applies the reputation computation model to 
combine multiple pieces of independent trust evidences 
collected from other nodes. The details of these two steps are 
discussed in following subsections. 

B. Trust Evidence Discovery Protocol 

Although there exist some literature on trust evidence 
discovery in P2P networks [21,22], very little attention has 
been paid to exclusive study of trust evidence 
discovery/distribution problem in MANETs. Typical 
approaches for trust evidence discovery in P2P networks rely 
on either flooding or centralized storage. The flooding 
approach imposes efficiency and scalability problems and the 
centralized storage approach is against the decentralized and 
infrastructure-less nature of MANETs and also imposes 
robustness risks.    

Almost all of the trust establishment schemes that utilize 
trust information sharing mechanisms take a proactive 
approach, where nodes periodically broadcast their first-hand 
trust information to their neighbors. This approach also suffers 
scalability, efficiency and uneven distribution of trust 
evidences across the network. 

Here we introduce an efficient on-demand ant-based trust 
evidence discovery protocol. Our ant-based scheme uses the 
swarm intelligence paradigm [23]. The swarm intelligence 
paradigm is inspired from artificial ant colonies techniques to 
solve combinatorial optimization problems [24]. The main 
principle behind the interaction in a swarm is called stigmergy 
– indirect communication through the environment. An 
example of stigmergy is pheromone laying on the trails 
followed by ants. Ants are attracted to pheromones and thereby 
they tend to follow the trails that have high pheromone 
concentrations. 

The idea of the proposed ant-based scheme is inspired by 
the process used by real ant colony. The ant can seek path 
between the nest (source node) and multiple food sources 
(nodes hosting relevant trust evidences). They accomplish the 
mission with great efficiency. As the environment changes, 
ants can also quickly discover new routes. Since trust evidence 
discovery is a process to find relevant evidences with the best 
efficiency, utilizing the ant colony optimization proves to be 
helpful. 

To obtain desired trust evidences hosted by other nodes, a 
node generates several artificial ants. The probabilistic 
movement of the ant allows it to explore new paths and find the 
proper trust evidence provider. During the trust evidence 
discovery period, Forward ants (Fa) and backward ants (Ba) 
are used. Fa is generated by trust evidence requester to explore 
a path to a proper trust evidence provider. Ba which contains a 
relevant piece of trust evidence is generated from the trust 
evidence provider and routes back to the requester. 

The formats of Fa and Ba packets are shown in Fig. 1. The 
Fa packet contains RID – requester’s ID, TID – target’s ID (the 
node for which we are interested to obtain trust evidences), 
SeqN – the unique sequence number, TTL – the maximum 
number of intermediate nodes allowed to forward the Fa 
packet and pass list– the dynamically increasing list which 
consists of the passed nodes’ IDs. In the Ba packet PID is the 
ID of trust provider node which creates the backward ant and 
TimeStamp is the creation time of the Ba packet. 

 

 

 

 

 

Figure 1.  (a) FA packet     (b) BA packet 

Along the path of delivering requested trust evidences, 
backward ants modify the information stored in the trust 
evidence table (TET) of each node. The structure of trust 
evidence table (TET) is shown in Fig. 2. 

 

 N1 N2 … Nm 

TE1 P11 P12 … P1m 

TE2 P21 P22 … P2m 

… … … … … 

TEn Pn1 Pn2 … pnm 

Figure 2.  Trust Evidence Table (TET) 

Each row in TET corresponds to trust evidence of a node. 
For each trust evidence TEn and for each neighbor node i, the 

probability value nip  expresses the probability of choosing 

node i as the next hop when searching for trust evidence n and 
is calculated by the formula (2): 

  Pass List … 

Pass List … 

(a) 

(b) 

TID SeqN TTL 

RID PID TimeStamp 

RID 
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           (2) 

 

In (2), N is the neighbor node set of current node and nip  

is the amount of pheromone on the link between current node 
and node i for trust evidence n. During the trust evidence 

discovery process, 
ni

p  is updated using the following formula: 

(1 ).
ni ni nj

p p pα= − + ∆  (3) 

Where 0 1α< < is the pheromone evaporation parameter, 

ni
p∆ is the increment amount of 

ni
p and is determined by 

information contained in the received Ba and is calculated 
using the following formula: 

m n

ni
p r h− −∆ =  (4) 

In the above formula, r  is the recency of the trust evidence 

contained in the received Ba, h  is the hop count the ant have 
passed by from its source to the current node. m and n are 
parameters which determine the relative importance of trust 
evidence recency versus hop count. 

To improve the performance of the trust evidence discovery 
protocol, discovered evidences are cached in trust evidence 
repository (TER) of every node on the path of backward ants. 
Therefore after a period of adaptation, the request overhead 
will be drastically reduced, since probability of obtaining 
required evidences from neighbors would increase. The 
replication procedure assures the availability of trust evidences, 
even when some origins may be out of reach. Upon receiving 
fresher trust evidences, cached evidences are updated. The 

cached trust evidence 
,i j

TE provided by node i about node j 

will be deleted from the TER of the current node if a more 
recent evidence is not received from node i about node j in a 

fixed time interval t∆ .  

In the proposed trust establishment framework as it applies 
to the data packet delivery functionality of DSR protocol, 
relevant evidences are collected by the requester nodes in two 
following modes: 

Implicit mode: In this mode, the trust evidence discovery 
process is incorporated into the route discovery mechanism of 
DSR protocol. Here, in addition to standard fields, each Route 
Reply message contains a field (trust evidence record) specially 
considered for recording relevant trust evidences. Before 
receiving a Route Request message at the target node, the route 
discovery process is performed according to the standard 
specifications of DSR protocol. When the target node received 
the Route Request message, it checks the list of all intermediate 
nodes contained in the route record of the received message, 
searches its TER, extract evidences related to those nodes and 
in addition to the standard route record, it appends these 
evidences to the trust evidence record of the Route Reply 
message that it creates. The target node then sends back the 

Route Reply message to the initiator node on the reverse path. 
Each intermediate node that forwards the Route Reply message 
also checks the list of nodes contained in the route record 
(excluding the source and destination nodes) and appends 
relevant trust evidences by referring to its own TER. 
Intermediate nodes avoid appending repetitive trust evidences 
and also replace recorded evidences if they have more recent 
versions of those evidences in their TER. Also a node 
forwarding the Route Reply message adds useful trust 
evidences to its own TER. 

Explicit mode: In situations where a source node has 
multiple routes to a given target of communication, but due to 
the lack of adequate trust evidences for the nodes along the 
routes cannot effectively evaluate the reliability of available 
routes, it follows the following procedure: 

1) The source node creates a forward ant Fa and broadcasts 
it to its neighbors.   

2) Each neighbor node receiving the Fa searches its first 
hand trust evidence storage. If a relevant piece of 
evidence is found, a backward ant Ba containing the 
discovered trust evidence will be generated and will 
retrace the path of the Fa back to the source. As the Ba 
moves on its path, the intermediate nodes will update 
their TET using the formula (4) and will store the 
evidence in their TER.   

3) After decreasing the TTL value of the received Fa, if it is 
still greater than zero, then the current node will unicast 
the Fa to the neighbor with the highest probability by 
consulting its TET. If there is no preference to the 
neighbors, i.e. there is no entry in the TET for this 
evidence, the Fa will be broadcasted to all neighbors. 
This happens either when no path to the requested trust 
evidence has been explored or the information of the 
node is outdated. Nodes discard repetitive Fa packets by 
checking the sequence number of received packets.   

4) The requester node waits for a predefined period of time 
in order to get relevant trust evidences from other nodes. 
Once the requested evidences are received, the requester 
applies the reputation computation model to combine 
evidences related to each node to form an overall 
reputation score for each node. 

The next section discusses the details of the reputation 
computation model. 

C. Reputation Computation Model 

In the proposed framework, nodes utilize the trust evidence 
discovery protocol discussed in previous section to obtain 
relevant trust evidences from other nodes. The obtained trust 
evidences are combined to form an overall reputation score for 
each node. Combination of trust evidences from other nodes 
that can vary in their reliability or trustworthiness is a 
challenging task and has a significant impact on the overall 
effectiveness of trust establishment framework. Previous 
approaches have used simplistic combination techniques such 
as averaging or majority voting [18,19]. Here, we employ the 
Dempster-Shafer evidence theory which offers an alternative to 
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traditional probabilistic theory for the mathematical 
representation of uncertainty and is well suited to our context 
where doubt and uncertainty are inherent. The theory and its 
applicability to reputation computation are discussed in 
subsequent subsections. 

1) Dempster-Shafer Theory of Evidence 

 
Dmpster-Shafer Theory (DST) is a mathematical theory of 

evidence. The seminal work on the subject is [25], which is an 
expansion of [26]. The theory’s practical appeal is largely due 
to Dempster’s rule for combining beliefs based on independent 
pieces of evidence. In a finite discrete space, Dempster-Shafer 
theory can be interpreted as a generalization of probability 
theory where probabilities are assigned to sets as opposed to 
mutually exclusive singletons. Let X be the universal set: the 
set of all states under consideration. The power set, ( )P X , is the 

set of all possible sub-sets of X , including the empty set. Any 
hypothesis A will refer to a subset of power set for which 
observers can present evidence. 

     There are three important functions in Dempster-Shafer 
theory: the basic probability assignment function (bpa or m), 
the Belief function (Bel), and the Plausibility function (Pl). The 
bpa, represented by m, defines a mapping of each subset of the 
power set to the interval between 0 and 1. Formally, 

: ( ) [0,1]m P X →  where it verifies two axioms. First, the mass 

of the empty set is zero: 

( ) 0m ∅ =  (5) 

Second, the summation of the bpas of all the subsets of the 
power set is 1: 

( )

( ) 1
A P X

m A
∈

=∑  (6) 

The value of the bpa for a given set A (represented as 
m(A)), expresses the proportion of all relevant and available 
evidence that supports the claim that a particular element of 
X (the universal set) belongs to the set A but to no particular 
subset of A. From the basic probability assignment, the upper 
and lower bounds of an interval can be defined. This interval 
contains the precise probability of a set of interest (in the 
classical sense) and is bounded by two nonadditive continuous 
measures called Belief and Plausibility. The Belief function 
(Bel) maps a hypothesis A to a value between 0 and 1and is 
defined as follows. 

|

( ) ( )
B B A

Bel A m B
⊆

= ∑  (7) 

The belief function constitutes the lower bound of the 
interval and represents the weight of evidence supporting A’s 
provability. The plausibility function maps each hypothesis A 
to a value pls(A) between 0 and 1and is defined as follows. 

|

( ) ( )
B B A

pl A m B
∩ ≠∅

= ∑  (8) 

The plausibility function constitutes the upper bound of the 
interval and represents the weight of evidence that doesn’t 
refute A. 

2) Dempster’s Rule for Combination 

 
Suppose m1(A) and m2(A) are the basic probability 

assignments from two independent observers (in the same 
frame of discernment). The combination (called the joint m12) 
is calculated from the aggregation of two bpa’s m1 and m2 in 
the following manner: 

1 2

12

( ) ( )

( )
1

B C A

m B m C

m A
k

∩ ==
−

∑
 

(9) 

Where 

1 2
( ) ( )

B C

K m B m C
∩ =∅

= ∑  (10) 

The denominator in Dempster’s rule is a normalization 
factor and represents the basic probability mass associated with 
conflict. 

3) Dempster’s Rule for Combination Applied to 

Reputation Computation 
 

We apply the Dempster’s rule to combine multiple pieces 
of independent trust evidences collected from other nodes. In 
our context, the power set has three focal elements: hypothesis 

{ }H T=  that characterizes the trust degree of a given node, 

hypothesis { }H T=  that characterizes the distrust degree of a 

given node and universe hypothesis { , }U T T= that 

characterizes the degree of belief that a given node is either 
trusted or distrusted. 

For a simple illustration of how trust evidences are 
combined using Dempster’s rule, consider that nodes A and B 
are offering trust evidences on node S. Assume that node A 
claims that trust and distrust values for S are 0.8 and 0.2 
respectively and B claims that these values are 0.2 and 0.8 
respectively (according to its own observations or maliciously). 
These two pieces of trust evidence are formalized as follows: 

( ) 0.8     

( ) 0.2

( ) 1 ( ( ) ( )) 0

A

A

A A A

m T

m T

m U m T m T

=

=

= − + =

 (11) 

( ) 0.2   

( ) 0.8

( ) 1 ( ( ) ( )) 0

B

B

BB B

m T

m T

m U m T m T

=

=

= − + =

 (12) 

And the combination is computed as follows: 
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( ) ( ) ( ) ( ) ( ) ( ) 0.16
( ) ( ) 0.5

0.321 ( ) ( ) ( ) ( )

A B A B A B

A B

A B A B

m T m T m T m U m U m T
m T m T

m T m T m T m T 
 
 

⊕
+ +

= = =
− +

 

(13) 

Dempster’s rule for combination is a commutative and 
associative rule and therefore for any arbitrary number of bpas 
we can compute the combination by first combining any pair of 
bpas and then combining the result with the remaining bpas in 
the same way. 

Even though in this paper we assume that all nodes are 
completely reliable with respect to offering accurate trust 
evidences, a significant advantage of utilizing Dempster’s rule 
for combination is its ability to effectively discount the impact 
of evidences obtained from unreliable sources in the computed 
reputation score.  

An honesty coefficient with a value between 0 and 1 for the 
collected evidences can be utilized for this purpose. A value of 
0 for a given node represents its complete dishonesty and 
completely neutralizes the impact of the trust evidence 
provided by that node in the combination rule. Conversely, a 
value of 1 for a given node represents its absolute honesty and 
maximizes the impact of the trust evidence provided by that 
node in the combination rule. To exemplify this, suppose that 
in the previous example, instead of absolute honesty, the 
honesty coefficient of node B was 0.8. So, we would have: 

2 2

( ) 0.8 0.2 0.16   

( ) 08. 0.8 0.64

( ) 1 ( ( ) ( )) 0.2

B

B

B

m T

m T

m U m T m T

= × =

= × =

= − + =

 (14) 

And the combination rule would yield: 

( )
(0.8 0.16) (0.8 0.2) 0.288

0.63
0.4651 (0.8 0.64) (0.16 0.2)

× + ×
= =

− × + ×
 (15) 

As it can be easily verified, the impact of B’s trust evidence 
in the combination rule has been weakened and A’s evidence 
has been more influential in the gained result. 

IV. SIMULATION AND EVALUATION 

The Performance of the proposed framework has been 
evaluated using some simulations. The simulation model and 
gained results are discussed in following subsections. 

A. Simulation Model 

To evaluate the effectiveness and efficiency of the proposed 
framework, we have conducted some simulations according to 
multiple scenarios. We have used NS-2 for simulation purpose. 
All simulations are in an ad hoc network consisting of 50 nodes 
spread uniformly through a 1000×1000 meter square area. 
Nodes are equipped with an IEEE 802.11 radio network 
interface, operating at 11Mbps data rate with a 250m 
transmission range. There exist a total of 30 CBR connections 
and sending nodes send data packets of size 512b at 4pk/s rate. 
Nodes move according to the Random Waypoint mobility 
model with speed uniformly distributed between 0 and 10m/s 

and a pause time of 50 seconds. Simulations run for 900 
seconds. 

B. Simulation Results 

We use the following metrics for evaluation of the proposed 
trust establishment framework: 

Success rate: the percentage of requests for which the 
requester successfully obtains the relevant evidence(s). In 
simulation, it is the number of unique forward ants sent by the 
requester nodes over the total number of corresponding 
backward ants received by those nodes. 

Throughput: In our context, throughput is defined as the 
ratio of the number of packets received by the application layer 
of destination nodes to the number of packets sent by the 
application layer of source nodes. 

Average Latency: this metric reflects the overhead 
imposed by the proposed scheme. The metric is defined as the 
mean time (in seconds) taken by the packets to reach their 
respective destinations. 

Fig. 3 presents the success rate performance results. As it 
can be observed, except at the beginning of the simulation that 
still trust evidences are not available and entries in trust 
evidence tables of participating nodes aren’t accurately 
updated, the success rate for requested trust evidences is low. 
However as the simulation proceeds a fast convergence is 
achieved at the cost of using broadcast requests for finding 
desirable trust evidences. 

 

 

Figure 3.  Success rate performance results 

Notice that in fig. 3 the success rate of the proposed scheme 
increases and decreases repeatedly by a small amount. The 
reason is the mobility of nodes hosting requested trust 
evidences and abolishment of trust evidences with the passage 
of time. 

To investigate the effectiveness of the proposed framework 
as it applies to the data packet delivery functionality of DSR 
protocol; we use the throughput metric. For this purpose, a 
varying number of selfish nodes that drop their received data 
packets destined to other nodes with a probability between 60 
and 100 percent are implemented in simulations. 

Simulations have been conducted for two different 
scenarios. In each scenario the ratio of selfish nodes ranges 
from 0 to 50 percent. The two scenarios are: 1) when standard 
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DSR protocol is used for route selection decisions and 
communications among nodes. 2) When the proposed scheme 
is employed to improve route selection decisions. 

Fig. 4 presents the throughput performance results of the 
two scenarios. 

 

 

Figure 4.  Throughput performance results 

The performance results reveal that in the presence of a 
varying percentage of selfish nodes, the proposed scheme 
results in a better throughput. The main reason is that in 
standard DSR protocol, by default shorter paths are preferred 
for communication. However, in the proposed scheme, 
whenever a node needs to communicate with another node, it 
first evaluates the reliability of each available path and 
consequently chooses the most reliable one. Path reliability is 
defined as the probability that a packet won’t be dropped by the 
nodes along the route and will be safely delivered to its 
destination. 

The comparison results for average latency of standard 
DSR and the proposed scheme are shown in Fig 5. 

 

 

Figure 5.  Average latency results 

As expected, considering the fact that the trusted paths 
chosen by the proposed scheme are not necessarily optimal in 
terms of the number of hops, compared to the standard DSR 
protocol the average latency has been increased.  However, the 
achieved amelioration of throughput compensates for the 
imposed overhead. 

V. CONCLUSION 

We presented a trust establishment framework that utilizes 
both first and second-hand observational data. An on-demand 
ant-based scheme was introduced for efficient distribution of 
trust evidences. The flexibility of the formula used for choosing 
the best next hop for obtaining the requested trust evidences 
provides the possibility of embedding more complicated 
metrics such as node mobility, provider’s trustworthiness and 
security related items.     

      Dempster's rule for combination which offers an 
effective and robust mechanism for combination of trust 
evidences collected from other nodes and quantification of 
reputation was used. We used experimental simulations to 
demonstrate the effectiveness of the proposed framework as it 
applies to the data packet delivery functionality of DSR 
protocol. However, we believe that the proposed framework is 
a general framework that may be adapted for a variety of 
scenarios where nodes have to rely on unreliable nodes to 
accomplish a cooperative service. 
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Abstract-In the last decade, many researchers had published the 
overall analysis attacks of cryptographic devices against 
implementation on elliptic curve attacks. Usually such type of 
information is not sufficient to learn about the individual attacks. 
Now in this article, we indisputably concentrated on fault 
analysis attack and its countermeasure. 
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I. INTRODUCTION 
In research field, the embedded based devices made an 

enormous role on security. A lot of attention has been paid to 
the problem of errors occurring in cryptographic devices, such 
as crypto processors. The cryptographic security is mainly 
activated through the field of study and the study of 
implementation. The implementation is a major obsession to 
known about the overall performance clearly. When 
comparing the real world applications, the embedded devices 
use cryptographic algorithm to achieve a chief safety. 

Fault analysis attacks take advantage of errors that occur 
while cryptographic device is performing a private- key 
generation. Fault analysis is one kind of side channel analysis 
that collects data such as time and power consumption emitted 
by the device during computation with private key. 

II.TYPES OF FAULT 
The fault types can be classified as permanent and 

transient 

A. Permanent 
In a permanent fault, it directly affects to or change ROM 

and code can be damaged. It is more powerful than temporary 
faults [1]. It is very hard to recover the permanent fault and it 
very hard to change or modify the damaged part. 

B.Transient faults 
In a transient faults [1][2], it can disturb the code of 

execution of a particular event. It is a tedious work to defeat 

the transient faults. It accesses the program counter and 
different execution might be executed. 

III. MODEL OF FAULT ATTACKS 

A. Bit versus Byte errors 
  The frequency to alter a value of one bit or one byte. 

Byte model directly affects the whole memory storage. 
Compare to the bit model, bit model is not induced. Because it 
is tedious to identify the bit level errors. [9] 

B. Specific versus Random values 
 The frequencies of possibility to alter the value of 

data in specify or random but as a binary values. A random 
values execution is easier to induce. 

C. Static versus Computational errors 
Normally, the attackers can make errors in execution or 

computation period. After that execution, the errors are static 
can’t able to change [8]. Computation error is easy to add in 
the real time process. At the similar time, it is tough to add the 
modified value in memory 

D. Data versus Control errors 
A control error occurs when some iteration are stopped 

because of faults. Control error is more powerful than data 
error. It can be very prevailing while execution period. 

IV. FAULT ATTACKS AND FAULT INJECTION 
In which place or in what type of situation Fault Injection has 
been discovered [5] 

 Laser produce similar effects as multi chromatic light 
but allow targeting a more precise circuit area. 

 Photoelectric effects due to intense light induce 
currents in the electric circuit [5]. 

 
To protect Fault analyses attacks, the following 
countermeasure could be realized in hardware or software 
 

 Light Detectors 
 Supply Voltage Detectors 
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 Frequency Detectors 
 Hardware redundancy with comparison 
 Checksum. 

 

V. TYPES OF FAULT ATTACKS 

A. Biehl-Major –Muller Attacks 
By inserting or disturbing representation of a point on 

a strong elliptic curve E, and insert a random register fault on 
the device. Its computation to a value which is not a point on 
curve E but on different curve. The result of these 
computations is a point on the new, but not less 
cryptographically strong curve[3]. This can be exploited to 
compute the secret key d. The incorrect output values are used 
to compute possible intermediate values of the computation 
and part of the secret key. 

B. Random access of the multiplication Algorithm 
The cryptographically strong elliptic curve E is 

defined over Fq. E(Fq) contains a subgroup of prime order p 
with p > q/log q[7]. The multiplication operation dP =Q is 
done by the Binary method (Algorithm 1) 
 
Algorithm 1(Binary method) 
Input: d = (dn−1. . . d0), P€ E(Fq) 
Output: dP 

Initialize: 
H = P 
Q = O 
for i = 0 to n − 1 do 
if di == 1 then 
Q = Q + H 
end 
H = 2H 
return Q 
end 

 
Qi and Hi are the values stored in Q, H before interaction i.  
The following steps are using to iterate the process 
 
step 1: 

 Q=Qn=dP where n=log2d 
step 2: 
    The computation with P and enforce a fault and get a 
fault out put Qn. 

Qn  a bit flip in a random iteration i, such that Qj  
-Qj.[ ] 
 
step 3: 
  Guessing and comparing with the know values Qn,-
Qn, and Countermeasures for Multiplication Algorithm: 

 Consistency of output point 
 Any point which serves as basis for the computation. 

 
 

C. Invalid Curve Attack 
The collection of small subgroup attacks are called 

Invalid curve attack, which can be developed by Differential 
Fault Attack of Bihel, Meyer and Muller Standardized elliptic 
curve key establishment and public key encryption protocols 
such as EC-DH, DC-IES and IC-MQV [4 ], which are 
effective if the receiver of an elliptic curve point doesn’t verify 
that the point lies on the appropriate elliptic curve. 
 

D. Small subgroup Attack 
Small Subgroup Attack Lim and Lee demonstrated in [16] 

the importance of public key validation by presenting small 
subgroup attacks on discrete-logarithm Key-agreement and 
encryption protocols such as Diffie-Hellman-type key 
exchange protocols and applications of El-Gamal encryption 
and signature schemes. The attacks succeed if the receiver of a 
group element does not verify that the element belongs to the 
desired group of high order. Their attacks are effective if the 
cofactor has many small factors [15]. The attacker can then 
determine the victim’s secret key modulo of these small 
factors and combine the results using CRT.The attacks that use 
a faulted public key can be prevented by public key validation 
or by partial validation as recommended in [14] [15].  

VI. SIGN CHANGE FAULTS 
Sign changes of points can be used to recover the secret 

scalar factor d: Q = dP .The sign change curve scalar factor 
was identified by biomer, Otto and Seifert showed in [12]. The 
faulty output is a valid point on the curve and the secret scalar 
factor can be recovered in polynomial time. They also 
presented a countermeasure that is motivated by a similar 
countermeasure by Shamir [13]. 

 

Algorithm: 
 Set n: = l(k) 
 Set Qn: = O 2 for i from n-1 to 0 do 
 Set Q′i := 2 · Qi+1………………………………………. Q′i 
= − Q′i 
If (ki = 1) then set Qi: = Q′i + P 
4 If (ki = 1) else set Qi: = Q′i 
Return Q0 
Step 1: Describe faulty final result 

Qi= −Qi + 2 · Li(k), 
Step 2: Collect many faulty final results 

Choose block size m € O(2m) operations: 
Mount (n/m) log (2n) many attacks to hit every 

possible block with Probability[10]. At least 1/2 
Step 3: incremental computation of k 

Assumption: all s lowest bits of k are known try all 
possibilities with up to s + m bits: 

Qi !=−Qi + 2 · Ls+m−1(k) 
Compare to gathered faulty final results 
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VII. COUNTERMEASURES AGAINST FAULT 

ATTACKS 
 Run the encryption twice and out put the results only 

if these two are identical. The main approach is that increases 
computation time, also the probability that fault will not occur 
twice is not sufficiently small. The probability of fault 
occurrence makes twice the functions such as encryption and 
decryption [2][11], this level of countermeasure is hard to 
implement but not impossible. 

VIII.CONCLUSION 
This article provides a brief explanation about the 

fault analysis attacks, basic performance and their 
countermeasures implementations. It also provides guidance 
for further researchers by refereeing each subtopic with more 
clearly. 
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Abstract−Steganography is the art of hiding while the

communication is taking place, by hiding information in 

other information.  Many different carrier file formats can 

be used, images, videos, audios, image etc. This paper 

proposes a Compressed Video Steganographic Scheme. In 

this scheme, data hiding operations are executed entirely in 

the compressed domain. Here data are embedded in the 

macro blocks of I frame with maximum scene change. To 

enlarge the capacity of the hidden secret information and to 

provide an imperceptible stego-image for human vision,

random embedding scheme (Pixel Value Differencing) is 

used. Decompression process is not required in this 

scheme. Experimental results demonstrate that the 

proposed algorithm has high imperceptibility and capacity.

       Keywords- Video Steganography; MPEG-4; PVD

I. INTRODUCTION

The quick growth of the Internet and 

multimedia communication systems in the past 

decade has enabled users to send digital data over 

network suitably. However, transmission of data in 

an open network is not secure, and data can be easily 

tampered by illegal users. Consequently, shielding 

data during transmission is an important task. 

Although cryptographic techniques can be used for 

this purpose, they are not secure enough because 

encryption can provide secure delivery of digital 

content, but when the content is decrypted, 

encryption no longer provides any security. To solve 

this problem, data hiding techniques were proposed 

and have been considered widely in various fields 

like covert communication, copyright protection, and 

broadcast monitoring and military communication.

Steganography is the art of hiding information in 

such a way that no one can realize a hidden message 

in the data except the sender and the intended 

recipient. Steganography is also known as ‘covered 

writing’ which includes methods of transmitting 

secret messages through inoffensive cover mediums 

in such a manner that the survival of the embedded 

messages is undetectable. It can also be viewed as a 

tradeoff between detectability, robustness, and bit 

rate. Detectability is the apprehension of clandestine 

transmission and is often used in combination with 

encryption. It is robust to all types of processing such   

as transformations, filtering, truncation, and scaling. 

Finally, bit rate or the maximum amount of data that 

can be transmitted. This paper considers data 

embedding in videos. A video can be viewed as a 

sequence of still images and data embedding in 

images seems very similar to videos. However, there 

are many differences between data hiding in images 

and videos, where the first important difference is the 

size of the host media. Since videos contain more 

sample number of pixels or the number of transform 

domain coefficients, a video has higher capacity than 

a still image and more data can be embedded in the 

video. Also, there are some characteristics in videos 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

263 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



which cannot be found in images as perceptual 

redundancy in videos is due to their temporal 

features. Here data hiding operations are executed 

entirely in the compressed domain [1] [2]. On the 

other hand, as a really higher amount of data must be 

embedded in the case of video sequences, there is a 

more demanding constraint on real-time effectiveness 

of the system. Furthermore, with the development of 

multimedia and stream media on the Internet, 

transmitting video on the Internet will not incur 

suspicion. Image-based and video-based 

steganographic techniques are mainly classified into 

spatial domain and frequency domain based methods.

The former embedding techniques are LSB, matrix, 

embedding [5] etc. Two important parameters for 

evaluating the performance of a steganographic 

system are capacity and imperceptibility. Capacity 

refers to the amount of data that can be hidden in the 

cover medium so that no perceptible distortion is 

introduced. Imperceptibility or transparency 

represents the invisibility of the hidden data in the 

cover media without degrading the perceptual quality 

by data embedding. Security is the other parameter in 

the steganographic systems, which refers to an 

unauthorized person’s inability to detect hidden data. 

Previous work in data hiding field cared little about 

capacity and had low embedding capacity.

In this paper, we propose a secure 

compressed video steganographic architecture taking 

account of video statistical invisibility. This paper is 

organized as follows: Section II describes the framework 

of our video steganography system. In Section III, the 

embedding mechanism is described in detail. We give the 

experimental results in Section IV. In Section V, a 

conclusion is drawn finally.

II. ARCHITECTURE

Fig.1: Block Diagram

As shown in the Fig. 1, the architecture 

consists of four functions: I frame extraction, the 

scene change detector, the data embedder. The first 

section explains the extraction of I frames from 

MPEG video. In the second module, scene change 

detector analyzes the frames with maximum scene 

change. I frames in MPEG standard is coded in intra 

frame manner, we can obtain the DC picture with 

abstracting the DC coefficients from the DCT 

coefficient codes. Eq.1 describes the compare method 

between two conjoint I frames

H(Ii,Ii+1)=

where I and, Ii+1 means the ith and i+1th I frames, Hi

and Hi+1are histograms of DC pictures from the ith and 

i+1th I frames. If the HD (Ii, Ii+1) is the peak value the 

two I frames are from different scenes, therefore the 

scene change point is found. Also the variances var ( i) 

U of each DC picture from I frame will be calculated. 

With the third module, data embedder, secret message 

M is hidden into the compressed video sequence 

without bringing perceptive distortion. To increase the 

capacity of the hidden secret information and to 

provide an imperceptible stego-image for human 

2))^(1)(/(2))^(1)((
1
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vision, here pixel-value differencing (PVD) is used for 

embedding. 

III. EMBEDDING MECHANISM

A. Embedding Position Selection

Compressed video sequence achieves 

compression through the elimination of temporal, 

spatial and statistical redundancies with the use of 

motion compensation, block quantization inside a 

discrete cosine transform (DCT), and Huffman run-

level encoding. While selection of the embedding 

block calculate the maximum scene change of each 

block of the conjoint I frames. Select the block with 

which maximum scene change occurs by using 

threshold value. Selection of proper color channel is 

another issue in Video Steganography. The frames of 

video sequence is split into Y,Cb,Cr channels in the 

MPEG coding stage. According to different color 

resampling rules, it is possible for the ratio Y:Cb:Cr to 

be set to 4:2:2 or 4:2:0. Under these the only 

unchanged channel is the Y channel. So here Y 

channel is preferred as the host channel. In addition to 

the above selections, choosing inappropriate frame 

type among I-frame, P-frame or B-frame for hiding 

message is also a crucial issue. Usually, a conventional 

video consists of a number of GOPs. Each GOP is 

composed of one I-frame and several B-frames and P-

frames. A typical I-frame adopts intra coding, which 

means it does not refer to any other frames. Different 

from an I-frame, a P-frame only refers to its nearest 

preceding I- or P-frame. As for a B-frame, it refers to 

the nearest preceding and succeeding I-frame or P-

frame. In a conventional MPEG format, the content of 

a B- or P-frame is the so-called residual error between 

the current frame and the frame to which it refers. 

Therefore, only an I-frame can hold complete 

information. In this paper, we choose to embed 

message into the I-frames of an MPEG compressed 

video sequence.

B. Compressed Video Steganographic Algorithm

Here a novel steganographic approach called 

pixel-value differencing algorithm (PVD) is used for 

embedding. Images are more easily noticed by human 

eyes. In the PVD embedding method, the cover image

(I frame) is simply divided into a number of non-

overlapping two-pixel blocks. Each block is 

categorized according to the difference of the gray 

values of the two pixels in the block. A small 

difference value indicates that the block is in a smooth 

area and a large one indicates that it is in an edged 

area. The pixels in edged areas may, as mentioned 

previously, tolerate larger changes of pixel values than 

those in the smooth areas. So, in this method more 

data is embedded in edged areas than in the smooth 

areas. And it is in this way that the changes in the 

resulting stego-image are kept unnoticeable.

C. Data Embedding and Extraction

1) Calculate the difference value di between two 

consecutive pixels pi and pi+1for each block in the 

cover image. The value is given by di= gi+1− gi

2) Using di to locate a suitable Rk in the designed 

range table, that is to compute j = min (uk − |di |) 

where uk>=di for all 1<=k<=n. Then Rj is the located 

range.

3) Compute the amount of secret data bits t that can 

be embedded in each pair of two consecutive pixels 

by Rj. The value t can be estimated from the width w

of Rj, this can be defined by t=log2wj

4) Read t bits from the binary secret data and 

transform the bit sequence into a decimal value b. For 
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instance, if bit sequence = 110, then the converted 

value b = 6.

5) Calculate the new difference value d to replace the 

original difference 

6) Modify the values of pi and pi+1 by the following 

formula ( gi’, g’i+1) = (gi − ceil (m), gi +1 + floor (m)) 

if d is odd

(gi’, g’i+1) = (gi − floor (m), gi+1+ ceil (m)) if d is 
even, where m = (d’ − d)/2i+1

Repeat Step 1-6 until all secret data are embedded 
into the cover image, then the stego-image is 
obtained.

During the phase of secret extraction, the original 

designed range table is required. In the beginning, the 

same method in the embedding phase is used to 

partition the stego-image into pixel pairs (blocks). 

Then the difference value d for each pair of two 

consecutive pixels pi* and p* the stego-image is 

calculated. Next, di* is used to locate the suitable Ri+1

in Step 2 during the embedding phase. Therefore, b* 

is obtained by subtracting lj from di*. If the stego-

image is not altered, b* is equal to b. Finally, b* is 

transformed from a decimal value into a binary 

sequence with t bits, where t=log2wj

IV. EXPERIMENTAL RESULT

Several experiments were performed  to evaluate 
the performance of the proposed steganographic
algorithm

A. Capacity and PSNR

The secret binary data sequence S is

generated by pseudo-random  numbers.  We  set  

the  designed range table with the width in the set

of wk Є {8, 8, 16, 32, 64, 128}. Here, PSNR value

is utilized to evaluate the invisibility of the stego-

images. Table I lists the experimental results after 

the secret data are embedded using those two

approaches. The hiding  capacity  (in  bytes)  and  

PSNR values achieved by the proposed scheme for I-

frames are shown. The listed values are the average

results after embedding 100 randomly generated bit 

sequences into the cover images. Two stego-images

are still h a r d l y o b s e r v e d t h a t the secret d a t a

is hidden inside. This is because of the high

variance existed in the pixel values of the I- frame.

Therefore, this  demonstrates that the proposed

approach provides a promising performance in 

increasing the capacity of the stego-images and

maintaining the imperceptible quality  

simultaneously.  This table explains the capacity and 

the PSNR value after embedding.

Table I
PSNR and Capacity of stego I-frames

Fig. 4.1: I-frame before embedding

Cover

I-frames

Capacity

(bytes)

PSNR

(db)

I1 70235 42.14

I9 71345 41.5

I16 70356 43.5
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Fig. 4.2: I-frame after embedding

V. CONCLUSION

A   new   Video   Steganographic   Scheme   

was proposed  in  this  paper,  operating  

directly  in compressed domain. For data hiding

pixel- value differencing  (PVD)  algorithm  

has  been used. This algorithm provides high 

capacity and imperceptible stego-image for

human vision of the hidden  secret  information.  

Here I-frame with maximum s c e n e  change

blocks was used for embedding. The

performance of the steganographic algorithm is

studied and experimental results shows that this 

scheme can be applied on compressed videos 

with no noticeable degradation in visual

quality.
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Abstract─Encryption is used to securely transmit data in open 

networks. Each type of data has its own features; therefore 

different techniques should be used to protect confidential image 

data from unauthorized access. In this paper, selective image 

encryption using DCT with Stream Cipher is done. In the DCT

method, the basic idea is to decompose the image into 8×8 blocks 

and these blocks are transformed from the spatial domain to the 

frequency domain by the DCT. Then, the DCT coefficients 

correlated to the lower frequencies of the image block are 

encrypted using the RC4 Stream Cipher. The resulted encrypted 

blocks are shuffled using the Shuffling Algorithm. Selective 

encryption is a recent approach where only parts of the data are 

encrypted to reduce the computational requirements for huge 

volumes of images. 

Keywords- DCT; Stream Cipher; Shuffling Algorithm; 

Selective Encryption 

I. INTRODUCTION

Currently, information security is becoming more 

essential in data storage and transmission. Images are 

widely used in several processes. Therefore, the protection 

of image data from unauthorized access is important. Image 

encryption plays a significant role in the field of 

information hiding. Image hiding or encrypting methods 

and algorithms range from simple spatial domain methods 

to more complicated and reliable frequency domain [1]

ones. It is argued that the encryption algorithms, which have 

been originally developed for text data, are not suitable for 

securing many real-time multimedia applications because of 

large data sizes. A major recent trend is to minimize the 

computational requirements for secure multimedia 

distribution by “selective encryption” where only parts of 

the data are encrypted. Selective encryption aims at 

avoiding the encryption of all bits of a digital image and yet 

ensuring a secure encryption. The key point is to encrypt 

only a small part of the bit stream to obtain a fast method

[2].

Several selective encryption methods have been 

proposed for DCT compressed images. Droogenbroeck and 

Benedett [3] selected AC coefficients from compressed 

images for encryption. In their method the DC coefficients 

are not ciphered because they carry important visible 

information and they are highly predictable. The 

compression and encryption stages are separated in this 

approach and this requires an additional operating cost. 

Fitch et al. [4] have proposed a partial image encryption 

where the data are organized in a scalable bitstream form 

[5]. The variety of applications for secure multimedia 

requires either full encryption or selective encryption. 

However, there is a huge spectrum of applications that 
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demands security on a lower level, as for example that 

ensured by selective encryption (SE). Such approaches 

reduce the computational requirements in networks with 

diverse client device capabilities. The goal of SE is to 

encrypt a well defined range of parameters or coefficients. 

The security level of SE is always lower when compared 

with the full encryption. However, SE decreases the data 

size to be encrypted and consequently requires lower 

computational time. Confidentiality is very important for 

lower powered systems such as for example wireless 

devices. Always, when considering image processing 

applications on such devices we should use minimal 

resources. However, the classical ciphers are usually too 

slow to be used for image and video processing in 

commercial low powered systems. The selective encryption 

(SE) can fulfill the application requirements without the 

overhead of the full encryption. In the case of SE, only the 

minimum necessary data are ciphered [6]. In [7] a technique 

was proposed, called zigzag permutation applicable to 

DCT-based videos and images. On one hand this method 

provides a certain level of confidentiality, while on the 

other hand it increases the overall bit rate. Combining SE 

and image/video compression using the set partitioning in 

hierarchical trees was used in [8]. However, this approach 

requires a significant computational complexity. A method 

that does not require significant processing time and which 

operates directly on the bit planes of the image was 

proposed in [9]. An approach that turns entropy coders into 

encryption ciphers using statistical models was proposed in 

[10]. In [11] it was suggested a technique that encrypts a 

selected number of AC coefficients. The DC coefficients 

are not ciphered since they carry important visual 

information and they are highly predictable. In spite of the 

constancy in the bit rate while preserving the bit stream 

compliance, this method is not scalable. Moreover, the 

compression and the encryption process are separated and 

consequently the computational complexity is increased [6].

II. DISCRETE COSINE TRANSFORM

The DCT is a mathematical transformation that takes 

a signal and transforms it from spatial domain into 

frequency domain. Many digital image and video 

compression schemes use a block-based DCT, because this 

algorithm minimizes the amount of data needed to recreate 

a digitized image. In particular, JPEG and MPEG use the 

DCT to concentrate image information by removing spatial 

data redundancies in two-dimensional images [12]. In the 

standard JPEG encoding, the representation of the colors in 

the image is converted from RGB to YCbCr, then the image 

is decomposed in 8×8 blocks, these blocks are transformed 

from the spatial to the frequency domain by the DCT. Then, 

each DCT coefficient is divided by its corresponding 

constant in a standard quantization table and rounded down 

to the nearest integer. After this step, the DCT quantized 

coefficients are scanned in a predefined zigzag order to be 

used in the final step, the lossless compression as illustrated 

in Fig. 1. In each block the 64 DCT coefficients are set up 

from the lowest upper left corner) to the highest frequencies 

(lower right corner) [13].

Fig. 1: JPEG Compression Algorithm

III. STREAM CIPHER

RC4 is a stream cipher, symmetric key algorithm. 

The same algorithm is used for both encryption and 

decryption as the data stream is simply XORed with the 

Original 
Image

Image decomposing 
in 8x8 blocks DCT

JPEG 
Image

Entropy 
Encoder Quantizer

Quantizer 
Matrix
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generated key sequence. The key stream is completely 

independent of the plaintext used. It uses a variable length 

key from 1 to 256 bit to initialize a 256-bit state table. The 

state table is used for subsequent generation of pseudo-

random bits and then to generate a pseudo-random stream 

which is XORed with the plaintext to give the ciphertext.

The algorithm can be broken into two stages: initialization, 

and operation. In the initialization stage the 256-bit state 

table, S is populated, using the key, K as a seed. Once the 

state table is setup, it continues to be modified in a regular 

pattern as data is encrypted.

The initialization process can be summarized by the 

pseudo-code:

j = 0;

for i = 0 to 255:

S[i] = i;

for i = 0 to 255:

j = (j + S[i] + K[i]) mod 256;

swap S[i] and S[j];

It is important to notice here the swapping of the locations 

of the numbers 0 to 255 (each of which occurs only once) in 

the state table. The values of the state table are provided. 

Once the initialization process is completed, the operation 

process may be summarized as shown by the pseudo code 

below;

i = j = 0;

for (k = 0 to N−1) {

i = (i + 1) mod 256;

j = (j + S[i]) mod 256;

swap S[i] and S[j];

pr = S[ (S[i] + S[j]) mod 256]

output M[k] XOR pr

}

Where M [0..N−1] is the input message consisting of N bits.

This algorithm produces a stream of pseudo-random values. 

The input stream is XORed with these values, bit by bit. 

The encryption and decryption process is the same as the 

data stream is simply XORed with the generated key 

sequence.

IV. THE PROPOSED METHOD

In the proposed method, a comparative study of 

selective image encryption using DCT with Stream Cipher 

is done. In the DCT method, the basic idea is to decompose 

the image into 8×8 blocks and these blocks are transformed 

from the spatial domain to the frequency domain by the 

DCT. Then, the DCT coefficients correlated to the lower 

frequencies of the image block are encrypted using the RC4 

Stream Cipher.  The concept behind encrypting only some 

selective DCT coefficients (the coefficients [0,0], [0,1], 

[0,2], [1,0], [2,0], [1,1]) is based on the fact that the image 

details are situated in the lower frequencies and the human 

is most sensitive to the lower frequencies than to the higher 

frequencies. An extra security has been provided to the 

resulted encrypted blocks by shuffling the resulted blocks 

using the Shuffling Algorithm. Fig. 4 shows the general 

block diagram of the proposed method of selective image 

encryption.

Fig. 4: Block Diagram of the Proposed Method

In the following, the encryption, decryption and shuffling of 

the images are illustrated.

Original 
Image

Image decomposing 
into 8x8 blocks DCT

Selection of 
some DCT 
coefficients

IDCT

Encrypted 
Image

ShufflingDecryption
Decrypted 

Image

Stream Cipher
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Algorithm to Encrypt Image

Input  :  Target Image to be encrypted and the stream RC4 

Key values.

Output:  Encrypted Image

Begin

Step 1: Read the image header, save the height of the image 

in variable height & the width in variable width and save 

the body image in an array imagbody.

Step 2: Obtain how many blocks exist in an image row and 

how many ones in the column, by dividing the width and 

height of the image by N, where N is equal to 8 (the 

required block size).

NoRowB = Image Height / N;

NoColB = Image Width / N;

Step 3: For all blocks in the image perform the following:

 Get_block (row_no, col_no)

 Perform a DCT on the block and save the resulted 

coefficients in an array.

 Round the selected coefficients, convert the selected 

coefficients to 11 bits; the 12th bit is used to save the 

sign of the coefficient.

 Encrypt the selected coefficients by XORing the 

generated bit stream from the RC4 + Key with the 

coefficient bits, the sign bit of the selected 

coefficients will not be encrypted.

 Perform an Inverse Discrete Cosine Transform

(IDCT) and get the new block values and the 

resulted values could be positive or negative values 

due to the encryption step.

Step 4: Apply the proposed shuffling algorithm on the 

resulted blocks to obtain the encrypted image.

End

Algorithm to Decrypt Image

Input   :  Target Image to be decrypted and the Encryption 

Key

Output:  Original Image

Begin

Step 1: Read the image header, save the height of the image 

in variable height & the width in variable width and save 

the body image in an array imagbody.

Step 2: Obtain how many blocks exist in an image row and 

how many ones in the column, by dividing the width and 

height of the image by N, where N is equal to 8 (the 

required block size).

NoRowB = Image Height / N;

NoColB   = Image Width / N;

Step 3: For all blocks in the image perform the following:

 Get_block (row_no, col_no)

 Perform a DCT on the block and save the resulted 

values in an array.

 Round the selected coefficients, convert the selected     

coefficients to 11 bits; the 12th bit is used to save the 

sign of the coefficient.

 Decrypt the resulted bits by using the generated bit 

stream from the RC4 + Key, by performing an XOR 

operation, the sign bit of the selected coefficients 

will remain.

 Convert the resulted bits into integer values, and join 

the sign (from the step above) with each integer, if 

the coefficient is negative multiply it by −1.

 Perform an IDCT and get the new blocks.

Step 4: Reshuffle the block, since the shuffling algorithm 

generates the same row and column numbers to return the 

shuffled blocks into their original locations.

Step 5: Reconstruct the image to get the original Image.

End

   Shuffling Algorithm

Input : Key, number of blocks in the row (NoRows), 

number of blocks in the column (NoCols) and the resulted 

encrypted image saved in an array.

Output: A new shuffled image

Begin
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for i = 0 to (NoRows × NoCols)

NewVal [i] = (Key × i) mod (NoRows × NoCols)

endfor

k = 0

for i = 0 to (NoRows × NoCols)

MoveBlock (ImageBlk (NewVal [i]), ImageBlk [k])

k++

endfor

   End

V. EXPERIMENTAL RESULTS

The performance analysis of selective image 

encryption using DCT with Stream Cipher is measured using 

the Peak Signal to Noise Ratio (PSNR), histogram analysis 

and entropy. Fig. 5.1 shows the Original Image used in the 

DCT method. Fig. 5.2 shows the Selective Encryption of the 

original image. The Encrypted Image after applying the 

shuffling algorithm is shown in Fig. 5.3 and in Fig 5.4, the 

Decrypted Image is shown. Here, the number of coefficients/ 

block selected is 6.

                    
                                     Fig. 5.1: Original Image

                   
Fig. 5.2: Selective Encryption

                    
Fig. 5.3: Encrypted Image

(After Shuffling)

                    
Fig. 5.4: Decrypted Image

                                               

Table I shows the Performance Analysis of the DCT 

method. When the number of coefficients/block selected is 

6, we obtain a lower PSNR in the case of Encrypted Image 

and a higher PSNR in the case of Decrypted Image. Higher 

PSNR value shows a better quality of the image.
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Table I

Performance Analysis of DCT Method

Table II shows the performance analysis of encrypted and 

decrypted images in terms of PSNR when tested with 

different test images of size 512×512. A lower PSNR in 

obtained in the case of Encrypted Images and a higher PSNR 

is obtained in the case of Decrypted Image. Higher PSNR 

value shows better quality of the images.

Table II 

Performance Analysis of DCT Method with different test images

To demonstrate that our proposed algorithm has strong 

resistance to statistical attacks, test is carried out on the 

histogram of enciphered image. Several gray-scale images of 

size 512×512 are selected for this purpose and their histograms 

are compared with their corresponding ciphered image. One 

typical example is shown below. The histogram of the original

image contains large spikes as shown in Fig. 5.5 but the 

histogram of the cipher image as shown in Fig. 5.6, is more 

uniform. It is clear that the histogram of the encrypted image is, 

significantly different from the respective histogram of the 

original image and bears no statistical resemblance to the plain 

image. Hence statistical attack on the proposed image 

encryption procedure is difficult.

                       
Fig. 5.5: Histogram of Original Image

                          
Fig. 5.6 Histogram of Encrypted Image

(after shuffling)

                       
Fig. 5.7 Histogram of Decrypted Image

Entropy is a statistical measure of randomness. Table III

shows the entropy of different test images of size 512×512.

Number of 

coefficients/

block

PSNR of 

Encrypted 

Image

PSNR of 

Decrypted 

Image

3 32.5619 52.9979

6 29.2989 75.0756

10 29.1731 74.9530

15 28.9983 74.8003

Test 

Images

PSNR of 

Encrypted 

Image

PSNR of 

Decrypted 

Image

    Barbara 20.5784 65.6641

    House 20.7056 65.4996

    Lena 20.8768 65.5393

    Airplane 20.6219 65.4215

    Baboon 20.7354 65.3072
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Table III

Entropy of different test images

VI. CONCLUSION

The proposed encryption method uses the Selective 

Encryption approach where the DC coefficients and some 

selective AC coefficients are encrypted, hence the DC 

coefficients carry important visual information, and it's difficult 

to predict the selective AC coefficients, this give a high level of 

security in comparison with methods mentioned above. The 

algorithm will not encrypt bit by bit the whole image but only 

selective DCT coefficients will be encrypted, and extra security 

has been added to the resulted encrypted blocks by using 

Shuffling method. The algorithm considered as a fast image 

encryption algorithm, due to the selective encryption of certain

portion of the image (the DC and some AC coefficients). PSNR 

values of the encrypted images are low and are resistant to 

statistical attacks. Hence, better security has been provided.

REFERENCES

[1] Lala Krikor, Sami Baba, Thawar Arif, Zyad Shaaban, “Image Encryption 

Using DCT and Stream Cipher”, European Journal of Scientific Research, 

ISSN 1450-216X, Vol.32, No.1 (2009), pp.47-57.

[2] Xiliang Liu, “Selective Encryption of Multimedia Content in Distribution 

Networks: Challenges and New Directions”, Proceedings of Communications, 

Internet, and Information Technology (CIIT 2003), Scottsdale, AZ, USA, Nov. 

2003.

[3] M. Van Droogenbroeck and R. Benedett, “Techniques for a Selective 

Encryption of Uncompressed and Compressed Images”, in Proceedings of 

Advanced Concepts for Intelligent Vision Systems (ACIVS) 2002, Ghent, 

Belgium, Sept. 2002.

[4] M. M. Fisch, H. Stgner, and A. Uhl, “Layered Encryption Techniques for 

DCT-Coded Visual Data”, in European Signal Processing Conference 

(EUSIPCO) 2004, Vienna, Austria, Sep., 2004.

[5] Rodrigues, J.M. Puech, W. Bors, A.G. "Selective Encryption of Human 

Skin in JPEG Images", IEEE International Conference on Image Processing, 

2006.

[6] Puech, W.; Rodrigues, J.M.; Bors, A.G., "Analysis and Cryptanalysis of a 

Selective Encryption Method for JPEG Images", Eighth International 

Workshop on Image Analysis for Multimedia Interactive Services, 2007. 

WIAMIS07, June 2007.

[7] L. Tang., “Methods for Encrypting and Decrypting MPEG Video Data 

Efficiently”, In Proc. ACM Multimedia, volume 3, pages 219–229, 1996.

[8] H. Cheng and X. Li., “Partial Encryption of Compressed Images and 

Videos”, IEEE Trans. on Signal Processing, 48(8):2439–2445, Aug. 2000.

[9] R. Lukac, K. Plataniotis, “Bit-Level Based Secret Sharing for Image 

Encryption”, Pattern Recognition, 38(5):767–772, May 2005.

[10] C. Wu, C. Kuo. “Design of Integrated Multimedia Compression and 

Encryption Systems”, IEEE Trans. on Multimedia, 7(5):828–839, Oct. 2005.

[11] M. V. Droogenbroeck, R. Benedett, “Techniques for a Selective 

Encryption of Uncompressed and Compressed Images”, In Proc. of 

Advanced Concepts for Intelligent Vision Systems (ACIVS) 2002, Ghent, 

Belgium, pages 90–97, Sept. 2002.

[12] C. Coconu, V. Stoica, F. Ionescu, and D. Profeta, "Distributed 

Implementation of Discrete Cosine Transform Algorithm on a Network of 

Workstations", Proceedings of the International Workshop Trends & Recent 

Achievements in IT, Romania, pp. 116-121, May 2002.

[13] JPEG, jpeg.org.

Test Images Entropy of Encrypted Image

    Barbara 3.9693

    House 3.9525

    Lena 3.9654

    Airplane 3.9571

    Baboon 3.9470

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

274 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 4, July 2010 

Adaptive Background Estimation and object detection 

applying in Automated visual surveillance 

M.Sankari 

Department of Computer Applications, 

Nehru Institute of Engineering and Technology, 

Coimbatore, INDIA.  

sankarim2@gmail.com 

C. Meena 

Head, Computer centre, 

Avinashilingam University, 

Coimbatore, INDIA. 

cccmeena@gmail.com

 

 
Abstract— Automated visual surveillance is currently a hot topic 

in computer vision research. A common approach is to perform 

background subtraction, which identifies moving objects from 

the sequence of video frames that differs significantly from a 
background model. As a basic, the background image must be a 

representation of the scene with no moving objects and must be 

kept regularly updated. There are many challenges in developing 

a good background subtraction algorithm. We have proposed a 

methodology to perform   background subtraction from moving 

vehicles in traffic video sequences that combines statistical 

assumptions of moving objects using the previous frames. It is 

necessary to update the background image frequently in order to 

guarantee reliability of the motion detection. For that, a binary 

moving objects hypothesis mask is constructed to classify any 

group of lattices as being from a moving object based on the 

optimal threshold. Then, the new incoming information is 

integrated into the current background image using a Kalman 

filter. In order to improve the performance, it is necessary to 

perform post- processing.  It has been accomplished by shadow 

and noise removal algorithms operating at the lattice which 

identifies object-level elements. The results of post-processing can 

be used to detect object more efficiently. Experimental results 

and comparisons using real data demonstrate the superiority of 

the proposed approach which has achieved an average accuracy 
of 92% on completely novel test images.  

Keywords- Background subtraction; Background updation; 

Binary segmentation mask;  Kalman filter; Noise remova; Shadow 

removal; Traffic video sequences.  

I. INTRODUCTION 

As computer vision begins to address the visual 
interpretation of many problems in applications such as 

surveillance and monitoring are becoming more relevant. Our 

main goal is to identify the object from the multi model 

background. For that we need to detect and extract the 

foreground object from the background image. Once objects 

are detected, the further processing for tracking and activity is 

limited in the corresponding regions of the image. Several 

factors make on-road vehicle detection very challenging 

including variability in scale, location, orientation, and pose. 

Vehicles, for example, come into view with different speeds 
and may vary in shape, size, and color. Vehicle appearance 

depends on its pose and is affected by nearby objects. In-class 

variability, occlusion, and lighting conditions also change the 

overall appearance of vehicles. Region along the road changes 

continuously while the lighting conditions depend on the time 

of the day and the weather. 

We present a system for detecting and tracking vehicles in 

surveillance video which uses a simple motion model to 

determine salient regions in a sequence of video frames. 

Similar regions are associated between frames and grouped to 
form the background. The entire process is automatic and uses 

computation time that scales according to the size of the input 

Video sequence. We consider image/video segmentation with 

initial background subtraction, object tracking, and vehicle 

counting, in the domain of traffic monitoring over an 

intersection.  

The remainder of the paper is organized as follows: Section 
II gives the overview of the related work. Section III describes 
the architecture and modeling of proposed methodology for 
background elimination and object detection. Implementation 
and performance are analyzed in section IV. Section V contains 
the concluding remarks and future work. 

II. OVERVIEW OF THE RELATED WORK 

Many works have been proposed in the literature as a 

solution to an efficient and reliable background subtraction. 

To detect moving objects in a dynamic scene, adaptive 

background subtraction techniques have been developed [1] 

[2] [3]. Adaptive Gaussian mixtures are commonly chosen for 

their analytical representation and theoretical foundations. For 

these reasons, they have been employed in real-time 

surveillance systems for background subtraction [4] [5] and 

object tracking [6]. For foreground analysis [7] [8], a method 
for foreground analysis was proposed for moving object, 

shadow, and ghost by combining the motion information. The 

computation cost is relatively expensive for real-time video 

surveillance systems because of the computation of optical 

flow. In [9], a work has presented on a novel background 

subtraction algorithm that is capable of detecting objects of 

interest while all pixels are in motion. Background subtraction 

technique is mostly used for motion pictures to segment the 

foreground object by most of the researchers [10] [11]. Liyuan 

Li, et al. [12] proposed foreground object detection through 

foreground and background classifications under bayesian 
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framework. In addition, moving object segmentation with 

background suppression is affected by the problem of shadows 

[6] [13]. Indeed, the moving object detection do not classify 

shadows as belonging to foreground objects since the 

appearance and geometrical properties of the object can be 

distorted which, in turn, affects many subsequent tasks such as 

object classification and the assessment of moving object 

position. In this paper, we propose a novel simple method that 

exploits all these features, combining them so as to efficiently 
provide detection of moving objects, ghosts, and shadows. The 

main contribution of this proposal is the integration of 

knowledge of detected objects, shadows, and ghosts in the 

segmentation process to enhance both object segmentation and 

background update. The resulting method proves to be 

accurate and reactive and, at the same time, fast and flexible in 

the applications. 

III. PROPOSED WORK 

Block diagram of the algorithm used in proposed system is 
described in Fig.1. The proposed Automated Video 
Surveillance system seeks to automatically identify people, 
objects, or events of interest in variety of environment. 
Typically, these systems consist of stationary cameras placed in 
highways. These cameras are integrated with, intelligent 
computer systems that perform preprocessing operation from 
the captured video images and notify human operators or 
trigger control process. The objective of this real-time motion 
detection and tracking algorithm is to provide low-level 
functionality for building higher-level recognition capabilities. 

Preprocessing & 
Background 
Subtraction

Foreground 
Detection

Shadow and Noise 

Removal 

Object Detection

Frames f1,f2,.....fn

 

Figure 1. Block diagram of the algorithm. 

A. Preprocessing 

Preprocessing is the key step and the starting point for 
image analysis, due to the wide diversity of resolution, image 
format, sampling models, and illumination techniques that are 
used during acquisition. In our method, preprocessing step was 
done by statistical method using adaptive median filter. The 
resultant frames are then utilized as an input for the background 
subtraction module. In Fig.2, image I(x,y) at time t is shown in 
Fig.3 , the background image B(x,y) at time t is shown. 

 

Figure 2. Image at time t:  I (x; y; t). 

 

Figure 3. Image at time t:  B (x; y; t). 

To get the new estimated background, the following steps 

were used for calculation. 

Step 1: Estimate the background at time t using adaptive 

median filter method. 

Step 2: Subtract the estimated background from the input 
frame. 

Step 3: Apply a threshold,  to the absolute difference to get 

the binary moving objects hypothesis mask.   

 

Assuming that the background is more likely to appear in a 

scene, we can use the median of the previous n frames as the 

background model 

 

)),,,(((),,( ityxIMediantyxB            (1) 

,|),,((),,(| ityxIMediantyxI                          (2) 

 

where }1,...,2,1,0{ ni  

B. Foreground Detection 

In this module estimated background and foreground mask 

images are used as an input for further processing .Thus, we 

use grayscale image sequences as input. Elements of the scene 

and the sizes of the traffic objects (vehicles and pedestrians) 

are unknown. The Foreground detection is done by using 
accumulative difference method, which is change-detection 

based on subtraction of a background image. It is necessary to 

update the background image frequently in order to guarantee 

reliable object detection. The basic idea in background 
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adaptation is to integrate the new incoming information into 

the current background image using a Kalman filter: 

 

ttttt DMaMaBB ]*1(*[ 21)1( ,           (3)  

 

where tB  represents the background model at time 
tDt,  is 

the difference between the present frame and the background 

model, and tM  is the binary moving objects hypothesis mask. 

The gain  are based on an estimate of the rate of 

change of the background. The larger it is, the faster new 

changes in the scene are updated to the background frame. In 

our approach, , they are kept small 

and the update process based on Eq.(3) is only intended for 

adapting to slow changes in overall lighting. 

 

Otherwise

TxDif
xM

tt

t ,0

|)(|,1
)( .                                       (4) 

 

Foreground detection is started by computing a pixel based 

absolute difference between each incoming frame and an 

adaptive background frame tB . The pixels are assumed to 

contain motion if the absolute differences exceed a predefined 

threshold level. As a result, a binary image is formed where 

active pixels are labeled with a "1" and non-active ones with a 

"0". With the updated background image strategy using 

Kalman filter, we get the better foreground detection result. 

This is a simple, but efficient method to monitor the changes 

in active during a few consecutive frames. Those pixels which 

tend to change their activity frequently are masked out from 

the binary image representing the foreground detection result. 
 

C. Shadow Removal 

Shadows appear as surface features, when in fact they are 
caused by the interaction between light and objects. This may 
lead to problems in scene understanding, object segmentation, 
tracking, recognition, etc. Because of the undesirable effects of 
shadows on image analysis, much attention was paid to the area 
of shadow detection and removal over the past decades and 
covered many specific applications such as traffic surveillance. 
In this paper, 8-neighborhood gray clustering method is used to 
define the precise shadow and remove it. The mean clustering 
threshold and the initial cluster seed of the gray are calculated 
by the following equations. 

 

2)),(max()3/1( ii uyxGT ,                        (5) 

where   ),( yxG  is a gray value of the pixel in ),( yxI  , iu  is 

the mean of ),( yxG . The initial seed 
iC locates in the centre of 

),( yxG .The clustering starts from the seed  
iC  , and the point 

iP  is examined in turn. If at least one point in the 8-

neighborhood of 
iP  has been marked as a shadow region, 

standard deviation of 
iP  is calculated by the following 

equation. 

 

2)),(( iii uyxPP ,                                                        (6) 

 
where )),(( yxIPi

 is the gray value of I(x,y). If TPi
, 

iP  

must be shadow point; otherwise, the point need not be 

marked. The point 
iP   is checked constantly until no new point 

is marked. At last all the marked shadow points are removed. 

 

D. Noise removal 

Usually due to the camera noise and irregular object 
motion, there always exist some noise regions both in the 
object and background region. Moreover, the object boundaries 
are also not very smooth. Hence a post processing technique is 
applied on the foreground image. In order to remove the noise 
wiener low-pass filters a grayscale image that has been 
degraded by constant power additive noise. It is based on an 
adaptive statistics estimated from a local neighborhood of each 
pixel. 

 

E. Detection 

After post-processing, the image is compared with the one 
of the original frames (usually, the first frame). If the pixels are 
less than certain threshold, then they are ignored. Otherwise, 
they are replaced by the pixels of original image. This resulting 
image will be consisting of the moving object ignoring the 
background and hence satisfying our requirement. 

 

IV.  IMPLEMENTATION AND PERFORMANCE ANALYSIS 

This system was implemented on an Intel Pentium IV 280 
GHz PC. We have tested the system on image sequences on 
different scenarios like traffic junction intersection, highways 
etc. Real life traffic video sequence are used to demonstrate the 
vehicle tracking from traffic video sequences using the 
proposed framework. All the videos chosen for vehicle tracking 
have same light intensity and have been taken during day time. 
We convert the colour video frames to gray scale images. 

 

Automatic monitoring visual surveillance system 

implementation needs to detect vehicles using automatic 

background extraction. Background subtraction is the main 

step for vehicle detection. Fig. 4 shows number of successive 

frames that are used to extract the background. Digital camera 

used to take shots. The camera placed over the highway 

directly. It shots eight frames per second. 

 

1 2a and a

1 20.1 0.01a and a
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Figure 4.  Number of successive frames that are used for preprocessing.  

  

Estimated background using Median Filter for n = 12. This is 

shown in Fig.5  

 

Figure 5. Estimated background. 

 
After apply a threshold,  to the absolute difference we got 

the binary moving objects hypothesis mask which is shown in 
Fig. 6 

 

 
 

Figure 6. Binary moving objects hypothesis mask. 

Fig.7 shows the foreground detected objects obtained after 
background subtracted, shadow and noise. The automatic 
background extraction results are very good and promising. 
The most effective parameters that are playing a main role for 
automatic background extraction are the threshold level. This 
threshold is used to extract the moving vehicles from the 
background. Matlab built-in function has been employed for 
the evaluation of the threshold. 

 

 

Figure 7. Foreground object detection process. 

 

 

 

Table I gives vehicle detection results. The background is 

subtracted from the current image then the resulted image is 

filtered to get moving vehicles only. By using this technique 
most of vehicles are detected. Moving vehicles are detected 

easily after background is subtracted. Performance analysis is 

shown in Fig.8. 

 

 
TABLE I.        The results for vehicle detection.  

 

Type of 

Vehicle 

 

 

Actual 

Number of 

vehicles 

Detected 

Vehicles 

 

Rate 

% 

 

Car 20 19 95 

Motor 

cycle 

10 9 90 

Bus 15 14 93 

Lorry 10 8 80 

Truck 13 12 92 
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Figure.8 Performance analysis. 

 

V. CONCLUSION  
The experimental results of applying this approach lead to 

detect moving vehicles efficiently. This approach gives 

promising and effective results where vehicle detection rate 

was around 94%. In this approach the advantages of 

background subtraction and edge detection are used. It could 
be improved and used as a basis for automatic traffic 

monitoring. Miss detection resulted from occluding large 

vehicles the small ones and the far moving vehicles that 

appear as a point in the image. These difficulties could be 

solved in the future work. 
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Abstract—The problem of transmitting secret messages securely 
between two parties is very old one. Human imagination has come 
up with clever ways of overcoming the difficulties associated with 
this problem, in particular preventing a malevolent eavesdropper 
from obtaining information about the secret message exchanged 
over the communication channel. Now a days internet security is 
most important issue because a large number of people depends on 
online transaction.  During recent year quantum cryptography has 
been the object of a strong activity and is now extending its activity 
into various areas. Quantum cryptography is now a days widely 
used for communicating secret data between two authenticated 
parties. It has great potential to become the key technology for 
securing confidentiality and privacy of communication and thus to
become the driver for the success of a series of web services in the 
field of e-governance, e-commerce, e-health, transmission of 
biometric data etc. The main problem with quantum cryptography 
is to find the initial raw key. This problem is discussed in this paper 
and a method is proposed which uses quantum cryptography in 
SSL/TLS server for securing web communication.

Keywords- BB84 protocol , Random key generation, QKD. 

I. INTRODUCTION

Quantum cryptography is an approach to securing 
communications by applying the phenomena of quantum 
physics. Unlike traditional classical cryptography, which uses 
mathematical techniques to restrict eavesdroppers, quantum 
cryptography is focused on the physics of information. Unlike 
the public key cryptosystem the security of QKD is provable 
and can not be compromised. Although QKD is not very 
practical but it has been the object of intensive research 
activities and of rapid progress. It is only useful for short 
distance but with sufficient technical improvement it will 
become possible to implement QKD over large distances. 
Unconditional security of QKD lies in the principal of 
Heisenberg uncertainty  and principal of photon polarization. 
According to the  Current status of security of classical 
cryptosystem in relation to quantum cryptography[1].

   

Cryptosystem
Broken by Quantum 

algorithm

RSA public key encryption
Broken

       Diffie-Hellman   
       key-exchange

Broken

Elliptic curve cryptography
Broken

TABLE I. SECURITY STATUS OF CRYPTOSYSTEM

The main protocol utilized in QKD is BB84 protocol. It  
consist of four stages [2] .

A. Stages Utilized in BB84 Protocol

Raw key generation: Transmission of randomly encoded 
single photon stream over the quantum channel from 
sender to receiver to establish initial raw key. The sender
will maintain the temporary database of each photon sent.

Sifting: Here receiver will send a list of photons detected 
and their basis but not their value back to the sender over 
the same channel. photons are measured with three basis 
horizontal, vertical, diagonal and only one basis can be 
applied to one  photon as it is measured once.

Reconciliation: This phase mainly deals with the 
correction of errors. This process requires a number of 
communication between sender and receiver over 
classical channel and because of this, the size of key is 
reduced than sifted key.

Privacy amplification: In this step no communication is 
needed between sender and receiver. Using reconciled set 
of bits a new smaller set of bits is computed.
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B. QKD based on three levels of complexity

QKD is a cryptographic primitive which is used for various 
purposes of increasing complexity. These purposes can be 
classified according to the three levels of complexity. These 
levels are equivalent to the first three layers of the OSI model. 

 The first level is key establishment between two 
user shared by each . Quantum Key Agreement,
falls in the category of physical layer security 
cryptographic  primitives.

 The second level is two user secure payload 
transmission built on top of key establishment 
scheme. These are link layer security cryptographic 
primitives.

 The third level is key distribution    over a global 
network composed of multiple users. These are 
network layer  security cryptographic primitives.

II. PREVIOUS WORK

Quantum computing is a rapidly  growing field of research 
that applies concepts of quantum physics to building more 
efficient computers. Although only rudimentary quantum 
computers have been built so far, many researchers believe 
that quantum computing has great potential. In recent years, 
there has been extensive studies about the possibilities offered 
by quantum computation to cryptology. From the point of 
view of quantum computing researchers, after the advent of 
high power quantum computers, conventional cryptography 
may be no longer secure. Cryptanalysis tasks would be 
dramatically accelerated with the help of quantum computers, 
if such computers are ever build. Till now quantum 
cryptography is implemented successfully in optical fiber 
communication but large distances is still a problem to be 
solved. There are  drawbacks in the existing techniques like  
initially deciding  a fixed length of  key is a problem. As 
distance increases key size varies and error rate also increases.
Presently sequential key generation is being used as a result of 
which if any intermediate sample of data get corrupted than all 
preceding sample get affected and because of this  error rate 
increases. Following method is used for key generation in 
existing techniques [3]

Where n=length of raw key, e=error rate and k=final key that 
is obtained after error correction.

III. PROPOSED MODIFIED SSL/TLS RECORD
PROTOCOL WITH  QUANTUM CRYPTOGRAPHY

Here a modification is proposed in  the Transport Layer 
Record Protocol of SSL/TLS using quantum cryptography 
key distribution. In this modification three parts of QKD are 
occurred first one is QKD setting protocol for the bias setting 
and channel establishment . Second is one hand shake protocol 
for communication for the client and server and finally  
amplification of encrypted message for authentication 
purpose.

Figure 1. SSL/TLS Record Protocol

Our proposal is the random key generation for getting the 
initial key of fixed length. With this error rate will be reduced 
because corruption of intermediate sample of data will not 
affect the whole process of key generation. The Basic 
problem of QKD is to find the initial key length will also be 
removed remove by our proposed technique . As soon as raw 
key get fixed, base announcement is done and channel get 
established for further communication. We will simulate QKD 
in SSL server and make an error generator for estimating the 
error to know which bit is get corrupted and this data will be 
used in our random  key generation scheme using monte carlo 
method [4].

Application Layer

         Data

Fragment

Compression

QKD setting protocol

    QKD handshake

       MAC algorithm

Compression     MAC        Padding

Encryption algorithm

       AmplificationTransport Layer

Header Encrypted record
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Client                                                               Server
Figure 2. SSL Using QKD

Monte Carlo Key Generation Method

In this we are integrating new concept of random sifting of 
key length using random number generator.
                Consider a random variable X having probability 
density  function fx(x) which is greater than zero, than 
expected value of function g of x is
           
E(g(x))=    ∑ g(x) fx(x)      (1)
                 xε X

   
If x is discrete and 
Eg(x)=∫ g(x) fx(x)dx      (2)

           xε X

Now the value of threshold of key shift is
τ ≤{ log21+4e-4e2   for e ≤ ½
       1                    for 1/2≤ e

After modification
   E(τ)=  ∫g (log21+4e-4e2  ) tdt
             xε e

Now the final key length is 
K={1- E(τ)+f(e)
                                           Where f(e)=elog2(e)+(1-e)log2(1-e)

IV. CONCLUSION AND FUTURE WORK

In this paper a new technique is proposed in which random 
key is generated for getting the initial key of fixed length
Which will reduce the error rate because corruption of 
intermediate sample of data will not affect the whole process 
of key generation. The future work will be to evaluate the 
performance of key found by new method and analyze the 
results by plotting the graph between error and key for both 
old and new key.
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Abstract— Discovering interesting, implicit knowledge and 
general relationships in geographic information databases is very 
important to understand and to use the spatial data. Spatial 
Clustering has been recognized as a primary data mining method 
for knowledge discovery in spatial databases. In this paper, we 
have analyzed that by using a guided approach in combining the 
outputs of the various clusterers, we can reduce the intensive 
computations and  also will result in robust clusters .We have 
discussed our proposed layered cluster merging   technique for 
spatial datasets and used it in our three-phase clustering 
combination technique in this paper.  At the first level, m 
heterogeneous ensembles are run against the same spatial data 
set   to generate BB1…BmB  results. The major challenge in fusion of 
ensembles is the generation of   voting matrix or proximity 
matrix which is in the order of n2, where n is the number of data 
points. This is very expensive both in time and space factors, with 
respect to spatial datasets. Instead, in our method, we compute a 
symmetric clusterer compatibility matrix of order    (m x m) , 
where m is the number of clusterers and m <<n, using the  
cumulative similarity between the clusters of the clusterers. This 
matrix is used for identifying which two clusterers, if considered 
for fusion initially, will provide more information gain. As we 
travel down the layered merge, for every layer, we calculate a 
factor called Degree of Agreement (DOA), based on the agreed 
clusterers. Using the updated DOA at every layer, the movement 
of unresolved, unsettled data elements will be handled at much 
reduced the computational cost. Added to this advantage, we 
have pruned the datasets after every (m-1)/2 layers, using the   
gained knowledge in previous layer. This helps in faster 
convergence compared to the existing cluster aggregation 
techniques. The correctness and efficiency of the proposed cluster 
ensemble algorithm is demonstrated on real world datasets 
available in UCI data repository. 

Keywords- Clustering ensembles, Spatial Data mining, Degree 
of Agreement, Cluster Compatibility matrix. 

I.  INTRODUCTION  
With a variety of applications, large amounts of spatial and 
related non-spatial data are collected and stored in Geographic 
Information Databases. Spatial Data Mining[1], (i.e., 
discovering interesting, implicit knowledge and general 
relationships in large spatial databases) is an important task for 
the understanding the usage of these spatial data. With the 
rapid growth in size and number of available databases in 

commercial, industrial, administrative and other applications, 
it is necessary and interesting to examine how to extract 
knowledge automatically from huge amount of data.  Very 
large data sets present a challenge for both humans and 
machine learning algorithms. Machine learning algorithms can 
be inundated by the flood of data, and become very slow in 
knowledge extraction. More over, along with the large amount 
of data available, there is also a compelling need for producing 
results accurately and fast.  

Efficiency and scalability are, indeed, the key issues when 
designing data mining systems for very large data sets. 
Through the extraction of knowledge in databases, large 
databases will serve as a rich, reliable source for knowledge 
generation and verification, the discovered knowledge can be 
applied to information management, query processing, 
decision-making, process control and many other applications.  
Therefore, data mining has been considered as one of the most 
important topics in databases by many database researchers. 

Spatial data describes information related to the space occupied 
by objects. It consists of 2D or 3D points, polygons etc. or 
points in some d-dimensional feature space. It can be either 
discrete or continuous. Discrete spatial data might be a single 
point in multi-dimensional space while continuous spatial data 
spans a region of space. This data might consist of medical 
images or map regions and it can be managed through spatial 
databases [8]. 

Clustering [17] is to group analogous elements in a data set in 
accordance with its similarity such that elements in each cluster 
are similar, while elements from different clusters are 
dissimilar. It doesn’t require the class label information about 
the data set because it is inherently a data-driven approach. So, 
the most interesting and well developed method of 
manipulating and cleaning spatial data in order to prepare it for 
spatial data mining analysis is by clustering that has been 
recognized as a primary data mining method for knowledge 
discovery in spatial database [4-7]. 

Clustering fusion is the integration of results from various 
clustering algorithms using a consensus function to yield stable 
results. Clustering fusion approaches are receiving increasing 
attention for their capability of improving clustering 
performance. At present, the usual operational mechanism for 
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clustering fusion is the combining of clusterer outputs. One tool 
for such combining or consolidation of results from a portfolio 
of individual clustering results is a cluster ensemble [13].      It 
was shown to be useful in a variety of contexts such as 
“Quality and Robustness” [3], “Knowledge Reuse” [13,14], 
and “Distributed Computing” [9]. 

The rest of the paper is organized as follows. The related work 
is in section 2. The proposed knowledge guided fusion 
ensemble technique is in section 3. In section 4, we present 
experimental test platform and results with discussion. Finally, 
we conclude with a summary and our planned future work in 
this area of research. 

II. RELATED WORK 

A.  Litereature on Clustering Algorithms 
Many clustering algorithms have been developed and they can 
be roughly classified into hierarchical approaches and non-
hierarchical approaches. Non-hierarchical approaches can also 
be divided into four categories; partitioning methods, density-
based methods, grid-based methods, and model-based methods. 
Hierarchical algorithms can be further divided to agglomerative 
and divisive algorithms, corresponding to bottom-up and top-
down strategies, to build a hierarchical clustering tree.  

Spatial data mining or knowledge discovery in spatial 
databases refers to the extraction, from spatial databases, of 
implicit knowledge, spatial relations, or other patterns that are 
not explicitly stored [8, 10]. The large size and high 
dimensionality of spatial data make the complex patterns that 
lurk in the data hard to find. It is expected that the coming 
years will witness very large number of objects that are 
location enabled to varying degrees. Spatial clustering [8] has 
been used as an important process in the areas such as 
geographic analysis, exploring data from sensor networks, 
traffic control, and environmental studies.  Spatial data 
clustering has been identified as an important technique for 
many applications and several techniques have been proposed 
over the past decade based on density-based strategies, 
random walks, grid based strategies, and brute force 
exhaustive searching methods[5]. This paper deals with fusion 
of spatial cluster ensembles using a guided approach to reduce 
the space complexity of such fusion algorithms.  
Spatial data is about instances located in a physical space. 
Spatial clustering aims to group similar objects into the same 
group considering spatial attributes of the object. The existing 
spatial clustering algorithms in literature focus exclusively 
either on the spatial distances or minimizing the distance of 
object attributes pairs. i.e., the locations are considered as 
another attribute or the non-spatial attribute distances are 
ignored. Much activity in spatial clustering focuses on 
clustering objects based on the location nearness to each other 
[5]. Finding clusters in spatial data is an active research area, 
and the current non-spatial clustering algorithms are applied to 
spatial domain, with recent application and results reported on 
the effectiveness and scalability of algorithms [8, 16]. 
Partitioning algorithms are best suited to such problems where 
minimization of a distance function is required and a common 

measure used in such algorithms is the Euclidian distance. 
Recently new set of spatial clustering algorithms has been 
proposed, which represents faster method to find clusters with 
overlapping densities. DBSCAN, GDBDCAN and DBRS are 
density-based spatial clustering algorithms, but they each 
perform best only on particular types of datasets [17].  
 
However, these algorithms also ignore the non-spatial attribute 
participation and require user defined parameters. For large-
scale spatial databases, the current density based cluster 
algorithms can be found to be expensive as they require large 
volume of memory support due to its operations over the 
entire database. Another disadvantage is the input parameters 
required by these algorithms are based on experimental 
evaluations. There is a large interest in addressing the 
automation of the general purpose clustering approach without 
user intervention. However, it is difficult to expect accurate 
results from the results of these algorithms as each one has its 
own shortfalls.  

B. Litereature on Clustering Ensembles 
Clustering ensemble is the method to combine several runs of 
different clustering algorithms to get an optimal partition of the 
original dataset. Given dataset X = {x1 x2,.. ,xn}, a cluster 
ensemble is a set of  clustering solutions, represented as P = 
P1,P2,..Pr,where r is the ensemble size, i.e. the number of 
clusterings in the ensemble. Clustering-Ensemble Approach 
first gets the result of M clusterers, then sets up a common 
understanding function to fuse each vector and get the labeled 
vector in the end. The goal of cluster ensemble is to combine 
the clustering results of multiple clustering algorithms to obtain 
better quality and robust clustering results. Even though many 
clustering algorithms have been developed, not much work is 
done in cluster ensemble in data mining and machine learning 
community.  

Strethl and Ghosh [13,14], proposed a hypergraph-partitioned 
approach to combine different clustering results by treating 
each cluster in an individual clustering algorithm as a hyper 
edge. All the three proposed algorithms approach the problem 
by first transforming the set of clusterings into a hypergraph 
representation. Cluster-based Similarity Partitioning 
Algorithm (CSPA) uses relationship between objects in the 
same cluster for establishing a measure of pair wise similarity. 
In Hyper Graph Partitioning Algorithm (HGPA) the maximum 
mutual information objective is approximated with a 
constrained minimum cut objective. In their Meta-CLustering 
Algorithm (MCLA), the objective of integration is viewed as a 
cluster correspondence problem.  
Kai Kang, Hua-Xiang Zhang, Ying Fan [6] formulated the 
process of cooperation between component clusterers, and 
proposed a novel cluster ensemble learning technique based on 
dynamic cooperating (DCEA). The approach is  mainly 
concerned how the component clusterers fully cooperate in the 
process of training component clusterers.  
Fred and Jain [2] used co-association matrix to form the final 
partition. They applied a hierarchical (single-link) clustering to 
the co-association matrix. Zeng, Tang, Garcia-Frias and 
Gao[18], proposed an adaptive meta-clustering approach for 
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combining different clustering results by using a distance 
matrix. 

C. Fusion Framework 
We begin our discussion of the guided ensembles fusion 
framework by presenting our notation. Let us consider a set of 
n data objects,  D = { v1 . . . vn }. A clustering C of dataset D, 
is a partition of D into k disjoint sets C1 … Ck. In the sequel 
we consider m clusterings; we write Bi to denote the ith 
clustering, and ki for the number of clusters of Bi. In the 
clustering fusion problem the task is to find a clustering that 
maximizes the related items with a number of already-existing 
clusterings [4]. 

D. Definations 
• Fusion Joint set, FJij:  

Fusion Joint set, FJij refers to set of matching pairs of  ith 
clusterer’s  jth cluster. For instance, FJ12 refers to probable 
fusion spot for first clusterer’s clusters with second 
clusterer’s cluster. It will be used for deciding where the 
fusion is most likely to yield optimal preciseness of 
clusters. 

• Clusterer Compatibility matrix: CCM (m X m) 

Clusterer Compatibility matrix is a m X m symmetric 
matrix where m is the total number of clusterers, considered 
for fusion. 

• CCM[i][j] 

Integer value d representing the maximum information 
gained through the summation of  intersection elements 
cardinality of the matching pairs of clusterer found in 
Fusion Joint Set, FJ[i][j]. 

• Degree Of Agreement Factor: (DOA) 

Degree of agreement factor is the ratio of the index of the 
merging level to the total number of clusterers. And also 
this DoA value will be cumulative till it reaches the 
threshold level DoATh, an user assigned value indicating 
the majority required for decision making. Under normal 
scenario, DoATh will be set as 50% of the number of 
clusterers. 

• Degree of  Shadow factor : (DOS) 

Degree of shadow factor is the maximized value of the 
intersection of the two minimum bounding circles of k 
clusters with ith cluster from a different clustering. 

III. KNOWLEDGE GUIDED ENSEMBLE FUSION 
In this section we discuss our proposed layered cluster 
ensemble fusion guided by the gained knowledge during the 
merging process. The first phase of the algorithm is the 
preparation of B heterogeneous ensembles. This is done by 
executing different clustering algorithms against the same 
spatial data set to generate partitioning results. For our 
experimental purpose, we have also generated homogenous 
ensembles by partitioning the spatial data horizontally/ 

vertically into n subgroups and used it as the input to our 
ensemble algorithm. Either way individual partitions in each 
ensemble are sequentially generated. 

A.  Selection of  clusterings for prime fusion 
D Any layered approach will have a drawback of being 
dependent on which clusterer is considered for initial fusion. 
This sensitiveness is a major bottleneck in deciding the 
accuracy of the outputs. But, in our approach, we compute a m 
x m symmetric clusterer compatibility matrix, where 
CCM[i][j] indicates the summary of information gain when ith 

clusterer and jth clusterer are merged. This way we have used 
heuristics to direct the fusion in the right direction. 

B.  Resolution for Label Correspondence Problem 
The other issues in fusion of cluster ensembles are label 
correspondence problem and the merging technique used for 
fusion. At the second phase, we address the label 
correspondence problem. These clustering results are 
combined in layered pairs, called fusion joints set, FJmk . The 
criteria of merging can be any one of the Fusion Joint 
Identification Techniques i.e., overshadowing or usage of 
highest cardinality in intersection set along with usage of add-
on knowledge gathered from such association. 
First approach uses the degree of shadow that one cluster has 
on other. This is computed using the smallest circle or 
minimum covering circle approach, which is a mathematical 
problem of computing the smallest circle that contains all of a 
given set of points in the Euclidean plane. Each cluster of the 
clusterer in two layers first compute the minimum bounding 
circle and the diameter of such circle, using which  the degree 
of Shadow  (DOS) is computed. The aim is to find the clusters 
in different layers whose shadow overlap is maximized and 
then assign it to the matching pair set.  This method finds the 
most appropriate clusters belonging to a two clustererings for 
forthcoming fusion phase. 
Second approach uses the usage of heuristic greedy approach 
in computing mutual information theory to decide on the 
degree of compatibility. Mutual information is used when we 
need to decide, which amongst candidate variables are closest 
to a particular variable. Higher the mutual information, more 
the two variables are 'closer'. It is the amount of information 
'contained' in Y about X.  
 
Let X and Y be the random variables described by the cluster 
labeling λ(a)  and λ(b) , with k(a)  and k(b)   groups respectively. 
Let I(X; Y) denote the mutual information between X and Y, 
and H(X) denote the entropy of X, i.e, a measure of the 
uncertainty associated with a X. The chain rule for entropy 
states that 
 
H(X1:n)= H(X1)+H(X2|X1)+...+H(Xn|X1:n−1)                  (1) 
 
When X1:n are independent ,identically distributed (i.i.d.), 
then H(X1:n) = nH(X1). From Eqn 1, we have  
 

H(X, Y ) = H(X) + H(Y |X) = H(Y ) + H(X|Y ) 
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H(X) − H(X|Y ) = H(Y ) − H(Y |X).                                     (2) 
This difference can be interpreted as the reduction in 
uncertainty in X after we know Y, or vice versa. It is thus 
known as the information gain, or more commonly the mutual 
information between X and Y. Finding the maximum MI for 
the clusters in the clusterings is a combinatorial optimization 
problem, requiring an exhaustive search through all possible 
clusterings with k labels. This is formidable since for n objects 
and k partitions there are approximately kn /k!  for n >> k. For 
example, there are 171,798,901 ways to form four groups of 
16 objects. Hence, instead of the complete greedy solution, we 
have incorporated some heuristics so that cluster accuracy will 
improve amidst the cost savings in terms of space & 
computations. As we travel the length and breadth of the 
ensemble space, we try to reduce the   kn /k! Combinations, by 
reuse of the cumulative information gain. This way, when n 
>> k, as in most of the cases of spatial data, the solutions can 
be reached much faster. 

C. Knowledge Guided fusion of  clusterings – An Excerpt 
 

 

 

 

 

 

 

 

 

 

 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 3.3. Excerpt of the guided  fusion of ensembles 

The initial phase of the fusion starts with finding BBm Clusterers, 
using m different clustering algorithms. Next stage is to find 
the clusterers amongst BmB  , with maximum compatibility 
matrix index, for merging, so that they yield maximum 
knowledge for further fusions. When the merging happens, 
based on the Fusion Joint Set, for each merged data point, the 
degree of agreement (DOA) is calculated.. For example, if the 
total number of clusterers are 5, then all the data points that 
get merged at level 1, will have DOA as 1/5 = 0.2. This DOA 
value will be treated as the increment factor for every future 
fusion. And also the DOA value in the corresponding DOA 
vector be cumulative till it reaches the threshold level DOATh. 
Once the DOA of any point in the cluster crosses the threshold, 
it can be affirmed to belong to a particular cluster result and 
will be treated as a strong link. . Thus, the normal voting 
procedure with huge voting matrix, to confirm the majority 
does not arise at all in our method.  
This final layer merge with the earlier combined clusters will 
yield the robust combined result. This approach is not 
computationally intensive, as we tend to use the first law of 
geography in merging layer by layer. And also the computation 
of voting matrix is avoided. Input: 

D – the input data in   2-dimensional feature space 
The three levels of the technique: fusion joint identification, 
guided fusion and resolving low voted data points are all 
executed sequentially. They do not interfere with each other, 
but they just receive the results from the previous levels. No 
feedback process happens, and the algorithm terminates after 
the completion of all procedures.  

Layer : Group  of  Clusterers B

IV. EXPERIMENTAL PLATFORM & RESULTS 

A. The Test Platform 
Ensemble Creation : In order to predigest the analysis, the 
paper uses five representative clustering methods to produce 
five heterogeneous ensembles or clustering members, viz. 
DBSCAN, k-means, PAM, Fuzzy K Means and Ward’s 
algorithm. K-means is a very simple yet very powerful and 
efficient iterative technique to partition a large data set into k 
disjoint clusters. The objective criterion used in the algorithm 
is typically the squared-error function. DBSCAN method 
performs well with attribute data and with spatial data. 
Partitioning around medoids (PAM) is mostly preferred for its 
scalability and hence useful in Spatial data. The latest in 
clustering is the usage of fuzziness and we have added Fuzzy 
C means (FCM) as one of the clusterer, so that we get a robust 
partition in the end result. Hence these clustering techniques 
along with different cluster sizes form the input for our 
knowledge guided fusion technique. 
Data Source : Most of the ensemble methods, have sampling 
techniques in selecting the data for their experimental platform, 
but this heuristics results in losing some inherent data clusters, 
thereby reducing  the quality of clusters. We have tried to 
avoid sampling and involve the whole dataset.  For our 
experiments we have used the datasets available in the data 
repository of University of California, Irvine. 
Metrics: We used the classification accuracy (CA) to measure 
the accuracy of an ensemble as the agreement between the 

1  to B  ; m
Levels : List  of clusters  k1  to kn 

CCM[i][j]  : Clusterer compatability for ith clusterer with jth clusterer. 
Step1: Form B k  to B1 1 ikn   clusters from D using B1 to Bm clusterers, each 
clusterer generating k clusters 
Step 2; Compute Clusterer compatability matrix, whose entries are the 
aggregated cardinality values of the intersecting elements set of the 
clusterers. 
Step 3: Identify and select the harmonizing clusterers for fusion from the 
CCM matrix. as  TobeMerged_Layers 
Step 4: Set DOA_Increment Factor as  1/ m . 
Step 5: Find fusion joints for TobeMerged_Layers , (FJ12 1 .. FJ1 k) , using 
degree of Shadow overlap or maximizing the information gain of 
probable merge. 
Step 6: For every pair in the fusion joint Set, FJ   i k,

 Do{  
        ClustData[i]   Union of Data points of the pair   
        Initialize Vector_DOA  with  DOA_Increment Factor  
        Append it to to Vector_CData [i]  
        For each element in the intersection set between Pairs, 
               DOA[i]   DOA[i] + DOA_Increment Factor 
          Increment the vector index I by 1 &  merge_ layer by 2 
      } until i <= k; //normal merge for m/2 layers 
Step 7: repeat steps2 to 6 till merge_ layer < m/2;  
// finalize the cluster elements at layer i and at level k 
 do{ If  (Vector_DOA > DOA Th )
    Strong links  Corresponding  Elements of  Vector_CData  
Else  
   Weak linksk   Corresponding  Elements of  Vector_CData  
 } until all pairs at layer I is resolved 
Step 8: Using Strong links, finalize Final_Kluster  &k   continue gathering 
votes for weak links. 
Step 9: From (m/2 +1)th  layer, perform the pruned merging, where the 
strong links will be pruned for  the confirmed data points, when they 
reappear. Data points in the weak links could be the noise data points, 
(Noise_Elements k) , as their inherent votes were below the threshold 
value.   
Step10: Return the robust clusters obtained from m clusterers 
Final_Kluster k  and  Noise_Elements k.
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ensemble partition and the "true" partition. The classification 
accuracy is commonly used for evaluating clustering results. 
To guarantee the best re-labeling of the clusters, the proportion 
of correctly labeled objects in the data set is calculated as CA 
for the partition. We have used the measurement of intra 
cluster and inter cluster density before and after usage of our 
cluster ensemble approach, which will be a metric for the 
preciseness of the so formed cluster groups. 

B. Validation of fusion Results 
As clustering is a kind of study without guidance, basically 
unsupervised classification, it is difficult to evaluate the 
clustering efficiency. But with classifying information of data, 
it can be considered that some inner distribution characters of 
the data are expressed to certain degree. If such classifying 
information is not used by clustering, it can be used to 
evaluate the clustering effect. If the number of same objects, 
which covered by certain clustering label of labeled vectors 
and certain known category of category properties, are at best, 
this clustering label corresponds to this known category. Thus 
many clustering labels might correspond to the same category, 
whereas one clustering label can not correspond to many 
categories. The clustering results can be evaluated by 
classifying information. 
 The test results with the IRIS dataset, Wine dataset, Half rings 
and Spiral dataset (Courtesy: UCI data repository) is 
promising and shows better cluster accuracy. Two parameters 
were computed to verify our algorithm: Cluster Correctness 
Factor (CCF) and the space complexity of the fusion of 
ensembles. Few bench marked datasets as mentioned above 
were tested with this technique and the CCF was found to be 
100%, in all the cases. Normally, in all ensembling algorithms, 
voting matrix is computed which is normally in the order of n2, 
where n is the number of data points. But, due to the 
knowledge guided fusion along with unique inherent voting 
scheme, the space complexity has been reduced to the order of 
n. This has a major impact in not only memory requirements 
but also in the total number of matrix computations.  

C. Comparison of the Experimental  Results 
In our approach of knowledge guided fusion, we have 
combined the results of several independent cluster runs by 
computing inherent voting of their results. Our phased 
knowledge guided approach voting helps us to overcome the 
computationally infeasible simultaneous combination of all 
partitions and also increases the cluster accuracy. (Figure 
4.3.1). By the help of our scheme, we have shown that the 
consensus partition indeed converges to the true partition. 
InterCluster Density (Figure 4.3.3) has been reduced by almost 
40% when compared against the other clustering algorithms 
with our technique. For the benchmark iris dataset it is around 
11.47   and our cluster miner produces 6.77 implying that the 
later has produced better cluster in terms intercluster Density. 
We have observed that the IntraCluster Density (Figure 4.3.2) 
has increased, implying that the cluster quality has improved 
due to the guided approach used for ensemble fusion.  For the 
standard benchmark iris dataset, intra cluster density achieved 
using normal clustering methods is 5.1283, whereas our 

technique had generated an intra cluster density of 5.7125, 
implying that we have generated more precise clusters.  

 
Figure 4.3.1 Comparison of error rates of the fused ensembles 

 

        
Figure 4.3.2 Intra cluster density        Figure 4.3.3 Inter cluster density  

     With Iris dataset 

V. CONCLUSION AND FUTURE WORK 
In this paper we addressed the relabeling problem found in 
general in most of   cluster ensembles, and has been resolved 
without much computations, using the notion from first law of 
geography. The cluster ensemble is a very general framework 
that enables a wide range of applications. We have applied the 
proposed guided cluster merging technique on spatial 
databases. The main issue in spatial databases is the 
cardinality of data points and also the increased dimensions. 
Most of the existing Ensemble algorithms have to generate 
voting matrix of at least an order of n2. or an expensive 
graphical representation with the vertices which is equal to the 
number of data points. When n is very huge and is also a 
common factor in spatial datasets, this restriction is a very big 
bottleneck in obtaining robust clusters in reasonable time and 
high accuracy.  
Our algorithm has resolved the re labeling using layered 
merging as well as guided by the gained information.  Once 
elements move from strong links to final clusters, they do not 
participate in further computations. Hence, the computational 
cost is also hugely reduced. Usage of the Cluster compatibility 
matrix enables us to have a good head start in the fusion 
process, which otherwise is a matter of sheer randomness.  
The key goal of spatial data mining is to automate knowledge 
discovery process. It is important to note that in this study, it 
has been assumed that, the user has a good knowledge of data 
and of the hierarchies used in the mining process. The crucial 
input of deciding the value of k, still affects the quality of the 
resultant clusters. Domain specific Apiori knowledge can be 
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used as guidance for deciding the value k. We feel that semi 
supervised clustering using the domain knowledge could 
improve the quality of the mined clusters. We have used 
heterogeneous clusterers for our testing but it can be tested 
with more new combinations of spatial clustering algorithms 
as base clusterers.  This will ensure exploring more natural 
clusters.  
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Abstract: In this paper we present a novel approach to 
analog electronic circuits fault diagnosis based on 
selection of both nodes and frequency for the first time 
as far as we know. Two fault isolation and localization 
algorithms are presented in this paper. The first 
algorithm selects nodes and frequencies which isolate 
all or desired number of faults. The second algorithm 
presented converts the fault dictionary contents into 
binary form. Importantly this helps in the automation 
of the fault diagnosis process. 

Keywords: Fault Dictionary, Fault Isolation Table, 
Binary dictionary, singletons. 

I. Introduction 

      Analog Fault Diagnosis has been of immense 
research interest for the past three decades and 
continues to sustain the same zeal even today. The 
main challenges today in analog fault diagnosis are to 
design universally accepted fault models, cost 
effective, faster and accurate diagnosis of faults. 
Importantly all this is desired even in the presence of 
inherent characteristics of analog circuits like 
tolerances, non linearity, in accessible test nodes etc.  

There are two categories of analog circuit fault 
diagnosis: Simulation before test (SBT) and 
Simulation after test (SAT) [1]. The SBT approach 
involves the generation of fault dictionary by 
simulating the circuit and then using pattern 
recognition to identify the faults. This is the most 
popular method adopted. In SAT approach sufficient 
measurements are needed to identify faulty parameters. 
In the SBT approach construction of fault dictionary is 
an efficient method. Different test measurements like 
node voltages, current sources, branch currents, 
frequency measurements etc are used in the 
construction of fault dictionaries [2].  There are some 
algorithms developed to find out testable 
measurements using numerical approach in [3] and [4]. 

In [5] a new method in the construction of fault 
dictionary is proposed where a combination of 
sensitivity based and information channel based 
approaches are used. Also the construction of integer 
coded fault dictionary using Quasi-Hamming distance 
is proposed in this paper.  Heuristic methods using 
evolutionary computation in combination with the 
Fuzzy logic is presented in [6], the main purpose of 
such a combination is to generate an optimized 
frequency test set and also ambiguity sets are provided 
to avoid take care of tolerance effects. An SBT based 
approach is proposed in [7] where the fault dictionary 
is constructed using test node voltages and the method 
used to approximate is Section wise piecewise linear 
(SPLF) method. A procedure for the selection of test 
frequencies is presented in [8]. This is based on the 
evaluation of algebraic indices and the inverse norm of 
a sensitivity matrix of the circuit under test. In [9], [10] 
and [11], fault diagnosis based on different types of 
neural networks has been proposed. In [12] knowledge 
base and fuzzy logic have been used in fault diagnosis. 
The knowledge base is developed in two ways, one by 
simulations and the second is based on heuristic 
symptoms observed by the operator. In [13] the 
ambiguity sets are divided based on the lowest error 
probability in the construction of fault dictionaries is 
proposed. This paper used Monte Carlo techniques for 
sensitivity analysis. In [14] a fault threshold function 
and a fault criterion have been proposed for the fault 
diagnosis of circuits with tolerance. An algorithm is 
proposed in [15], which aims to reduce the size of the 
fault dictionary. In [16] and [17] different methods and 
algorithms are used to reduce the size of the fault 
dictionaries. In [18] time slot specification based 
approach is used in analog fault diagnosis. For this 
built in current sensors and test point insertion is used. 
A sensitivity based approach using randomized 
algorithms is used to diagnose soft faults in [19].In 
[20] the algorithm proposed tries to find the minimum 
number of test point for maximum fault isolation. This 
approach is based on information measure of the test 
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points. The diagnosis proposed in this paper [21] is 
based on global sensitivity analysis method. Also 
fuzzy logic is used to obtain the sensitivity curves. In 
[22] an efficient method is applied in the selection of 
test nodes. This is done by searching for the minimum 
entropy index based on the available test points. An 
efficient graph based method is proposed in [23].This 
method can be used to select optimum test point 
selection and also can be sued to build DFT. Efficient 
Inclusion methods and Exclusion methods are 
proposed in [24] to select or de select test nodes, in 
other words the faster selection of optimum test points.  
A novel multi frequency approach is proposed in [25] 
which drastically reduce the number of test frequencies 
needed to achieve maximum fault diagnosis. The 
reduction achieved is better than any known methods. 
The method proposed in [26] consists of two parts. 
One is the creation of fault dictionary consisting of 
nominal and faulty states of the components and 
second is a novel fault detection and localization 
algorithm. 

This paper proposes a novel approach where both test 
node and multi frequency techniques are used. This 
approach is used to diagnose all the faults or the 
desired number of faults.  

II Node-Frequency Approach 

In the analog fault diagnosis the prominent methods 
used are multi node or multi frequency measurements. 
The research so far has been on developing methods to 
find out optimum number of test nodes or test 
frequencies that can identify the desired faults. This in 
some cases leads to more number of measurements 
being made thus drastically increasing the size of the 
dictionary. 

In this paper we have taken basically nodal analysis 
and then a choice of test frequencies is made based on 
[27]. The proposed algorithm selects the nodes and 
frequencies which isolate all or desired faults. 

In this paper two algorithms are presented. The first 
algorithm is for fault isolation and localization. The 
second algorithm converts the integer coded fault 
dictionary into a binary dictionary which helps in 
faster fault isolation.  

The actual measurements of the CUT are noted down 
and these values are normalized if necessary. From 
these values we form ambiguity sets. Now we 
construct another table called integer coded table using 

ambiguity sets. Then the original readings are replaced 
by integer numbers indicative of the ambiguity set to 
which these values belong. 

The test frequency set is represented by f1 to fM, where 
N is the number of frequencies chosen. 

The nodes are represented by n1 to nP, where P 
represents the total number of nodes. 

The faults are represented by F0(nominal value) to FN, 
where N represents the total number of faults. 

Algorithm 1: 

Step 1: Select the test frequency set (f1 to fM).  

Step 2: Select the test nodes (n1 to nP) which are 
accessible for each frequency. 

Step 3: Note the actual readings of the circuit for the 
test frequency set and nodes chosen in steps 1 and 2. 

Step 4: Form the integer coded dictionary using the 
ambiguity sets. 

Step 5: Identify unique integer codes called singletons 
for each row i.e. for each of the nodes selected.  

Step 6: Identify the node (nK) which has maximum 
number of singletons for a frequency fJ., where 1<K≤P 
and 1<J≤M. Select this node-frequency (nK, fJ) pair. If 
more than one node satisfies this condition, then go to 
step 9. 

Step 7: If the number of singletons is equal to N+1, 
then go to step 12. If else go to next step 8. 

Step 8: Call Algorithm 2, to form binary dictionary 
which helps in identifying other nodes from the 
remaining (P-1) nodes belonging to the frequency fJ, 
which can identify different faults. If all faults are 
isolated then go to step 12. 

Step 9: Find the total number of singletons for each 
test frequency. Then choose the node belonging to the 
frequency which has the maximum number of 
singletons. If more than one frequency satisfies this 
condition choose any one of the nodes randomly. 

Step 11: If all the faults or desired number of faults are 
not isolated, then repeat steps from 6 with the next 
highest number of singletons.  

Step 12: Stop 
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Algorithm 2: 

Step 1: Replace all the singletons by the value ‘1’ and 
others by ‘0’ in the integer coded table, resulting in a 
binary table. 

Step 2: If nK is the node chosen, then calculate (nM-
nK), where 1<M≤P, thus forming another table called 
Node-Wise Fault Isolation table. This results in three 
values 0,-1 or 1. The value  ‘0’ indicates that the fault 
has been identified by both nM and nK or both the 
nodes did not isolate the fault, whereas ‘-1’ indicates 
that the fault has been isolated by only nK and ‘1’ is an 
indication that the fault has been identified by the node 
of interest i.e. nM. Therefore choose the node nM which 
has maximum number of 1’s. 

Step 3: Check the total number of faults isolated by the 
nodes nk and nM. If this sum is equal to P, then Stop, 
otherwise choose the node which has the next highest 
number of 1’s. 

Step 4: Repeat step 3 till the desired fault isolation is 
achieved or no further isolation is possible. 

Step 5: Return to Algorithm 1 

III. Integer coded dictionary based on ambiguity sets 

The formation of the Integer coded dictionary based on 
ambiguity sets is illustrated by an example in this 
section. Assume that the actual readings of an 
imaginary circuit under test are given in Table 1 
below.  

 

 

 

 

 

 

 

Table 1: Actual readings of the imaginary CUT 

Node Nominal Fault-1 Fault-2 Fault-3 

Node-1 1.22 0.33 0.78 0.34 

Node-2 1.33 0 0.09 2.1 

Node-3 1.45 0 0.99 2.5 

 

As seen from the Table 1 above, we see that for     
node -1 measurement, fault-1 and fault -3 have almost 
the same value and thus belong to the same ambiguity 
group. Also these two values are the least among all 
and are assigned values ‘1’. The other values do not 
belong to any ambiguity group and are assigned values 
2 for fault-2 and 3 for nominal, based on the ascending 
range of the values. Using the same procedure for all 
the remaining nodes, integer coded fault dictionary is 
formed and is shown in Table 2. 

Table 2: Integer Coded Fault Dictionary 

Node Nominal Fault-1 Fault-2 Fault-3 

Node-1 3 1 2 1 

Node-2 2 1 1 3 

Node-3 3 1 2 4 

 

In the Table 2, we see that node-1 has 2 singletons, 
node-2 has 2 singletons and node 3 has 4 singletons. 

IV Illustration 

The circuit used here is a 2nd order Butterworth High 
Pass Filter as shown in Fig. 1. The circuit has been 
simulated using Tina Spice software.  

The faults chosen are taken as 50% increase or 
decrease in the component values. Thus CUT has been 
simulated for these faults by changing the component 
values by ±50%. 
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Figure 1: Second Order Butterworth-High Pass Filter 
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Using the Step1 from the Algorithm 1, we have 
chosen the test frequency fT= {500Hz, 800 Hz, 
1000Hz, 1200Hz, and 1500Hz}. From Step 2, 
we have chosen four nodes with the assumption 

that all these nodes are accessible
and 4, the CUT has been simul
integer coded dictionary as shown
formed based on the actual reading

 

 

Table 3: Integer coded Dictionary for the HP Filter 

Frequency=500Hz 

Nodes/Faults F0 F1 F2 F3 F4 F5 F6 F7 F8 F9 F10 

N1 5 7 2 4 7 6 4 8 3 8 1 

N2 2 3 1 2 3 2 2 5 6 4 1 

N3 2 3 1 2 3 2 2 5 6 4 1 

N4 5 6 2 4 9 7 3 10 1 7 1 

Frequency =800 Hz 

N1 7 6 3 5 11 10 4 12 2 9 1 

N2 6 5 4 5 9 7 5 10 1 7 3 

N3 6 5 4 5 9 7 5 10 1 7 3 

1 
2 

3 

4 
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N4 7 6 5 5 12 10 4 11 1 8 3 9 2 

Frequency=1000Hz 

N1 4 3 5 3 8 6 3 7 1 5 2 5 3 

N2 6 5 7 5 9 8 4 10 1 7 3 8 2 

N3 6 5 7 5 9 8 4 10 1 7 3 8 2 

N4 6 5 7 4 12 10 3 11 1 8 3 9 2 

Frequency= 1200 Hz 

N1 5 3 9 4 10 7 3 8 1 6 2 6 4 

N2 6 4 9 5 11 8 4 10 1 6 3 7 2 

N3 6 4 9 5 11 8 4 10 1 6 3 7 2 

N4 6 5 9 4 11 9 3 10 1 7 4 8 2 

Frequency=1500Hz 

N1 5 2 8 3 7 6 2 6 1 5 3 5 4 

N2 4 3 9 3 8 6 3 7 1 4 3 5 2 

N3 4 3 9 3 8 6 3 7 1 4 3 5 2 

N4 7 5 11 4 11 10 3 9 1 7 6 8 2 

 

The number of singletons for each node for the 
whole frequency set is calculated (Step 5) and 
tabulated in Table 4. Here the frequencies are 
f1=500Hz, f2=800Hz, f3=1000Hz, f4=1200Hz 
and f5=1500Hz. 

Table 4: Total number of singletons 

Node/Freq f1 f2 f3 f4 f5 

N1 4 11 6 7 4 

N2 2 8 7 9 7 

N3 2 8 7 9 7 

N4 8 11 11 9 9 

Total 16 38 31 34 27 

 

As seen from the Table 4, node1 and node 4 of 
frequency set f2, and node 4 of frequency set f3 
have maximum number of singletons equal to 
11, i.e. these nodes can isolate 11 of the total 
thirteen faults. We have chosen node 1(or even 
node 4 can be chosen) of the frequency set f2 i.e. 
800Hz as it has maximum number of total 
singletons (step 9). As the condition mentioned 
in step 7 is not satisfied, binary table is formed 
as per step 8. 

The binary table is formed replacing Table 3 
contents by either ‘0’ or ‘1’. All the singletons 
are replaced by ‘1’and ambiguity sets by ‘0’ 
(step 1 of Algorithm 2). The binary fault 
dictionary is shown in Table 5.  

After the execution of the step 2(Algorithm 2), 
the results are shown in the Node-wise Fault 
isolation Table 6. 
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Table 5: Binary Dictionary 

Frequency: 800Hz 

Nodes F0 F1 F2 F3 F4 F5 F6 F7 F8 F9 F10 F11 F12 

N1 1 1 1 1 1 1 0 1 1 1 1 1 0 

N2 1 0 1 0 1 0 0 1 1 0 1 1 1 

N3 1 0 1 0 1 0 0 1 1 0 1 1 1 

N4 1 1 0 0 1 1 1 1 1 1 1 1 1 

 

 

Table 6: Node-Wise Fault Isolation Table 

Frequency: 800Hz 

Nodes F0 F1 F2 F3 F4 F5 F6 F7 F8 F9 F10 F11 F12 

N1 1 1 1 1 1 1 0 1 1 1 1 1 0 

N2-N1 0 -1 0 -1 0 -1 0 0 0 -1 0 0 1 

N3- N1 0 -1 0 -1 0 -1 0 0 0 -1 0 0 1 

N4- N1 0 0 -1 -1 0 0 1 0 0 0 0 0 1 

 

From the Binary dictionary of Table 5, we can 
see that the faults isolated are F0, F1, F2, F3, F4, F5, 
F7, F8, F9, F10, and F11, where as faults F6 and F12 
are not isolated. The faults not isolated is 
deduced from the ‘0’ entry in the corresponding 
columns. As seen from the Table 6, the total 
number of 1’s is two for (N4-N1), one for (N3-
N1) and (N2-N1). So we choose the (N4-N1) 
column, i.e. node 4 is chosen. The faults isolated 
by this node 4 are F6 and F12. As seen these are 
the faults which are not isolated by node 1.  

In the example discussed in this paper we have 
been able to achieve 100% fault diagnosis. This 

is achieved by a single test frequency of 800Hz 
and nodes 1 and 4.  

V. Conclusions 

In this paper we have presented a novel method 
using node-frequency approach in analog fault 
diagnosis. We have presented two algorithms, 
the first one for choosing the frequencies and 
nodes for the desired fault isolation and the 
second is for the generation of binary 
dictionaries. The effectiveness of these two 
algorithms was demonstrated using a HP filter 
circuit. 
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Abstract—Business process management (BPM) is moving from
a niche market into the mainstream. One of the factors leading to
this transformation is the emergence of very powerful rapid so-
lutions development tools for creating BPM solutions (BPM RSD).
It has been widely recognized that this facility is important
for achieving benefits quickly. Similar benefits are attributed to
the agile software movement, but BPM RSD differs in that the
objective is to reduce the need for custom software development.
As the BPM RSD features of some of the current business process
management suites (BPMS) products have matured, additional
benefits have emerged that fundamentally change the way we
approach solutions in this space.

Keywords—BPM, Business process management, workflow, ag-
ile, rapid applications development, rapid solutions development,
RAD, BPM RSD, BPM RAD.

I. INTRODUCTION

Technology, in a traditional sense, is not the differentiator
that attracts customers. In the BPM context, the “technology”
is about how the extensive functionality that is required for
successfully automating a customer’s mission-critical business
processes is applied to solving their problem.

Business users are not information technology (IT) experts
and have difficulty relating technical designs to their business
needs. Furthermore, most business users have great difficulty
articulating their needs since they have little experience or
involvement working with complex process solutions. This has
historically been a major impediment to creating successful
BPM solutions.

Modern BPMS products provide a rich application develop-
ment infrastructure with significant out-of-the-box capabilities
and extensive hooks for customization. This paper will provide
information on these capabilities and the benefits that are
provided. Not only do these capabilities provide a rich en-
vironment for building solutions, but the combination of rapid
solutions development and the rich internal constructs needed
to support it amplify a designer’s ability to conceptualize
these solutions. By providing the major, base functionality,
these products allow architects and developers to focus on
the unique aspects of each solution – the issues that make
the difference between successful and unsuccessful projects.
Examples will be provided based on Northrop Grumman’s
e.POWER R©1 BPMS product.

1e.POWER is a commercial BPM product and a registered trademark of
the Northrop Grumman Corporation.

Fig. 1. Three Key BPM Components

There are over 100 products in the BPM software product
market as well as products servicing other software product
segments that have BPM features. A small subset of these
products offer the capabilities described in this paper. The
implications of these capabilities are, perhaps, more significant
than have previously been documented, and affect all aspects
of the system development life cycle (SDLC).

II. BPM RSD FEATURE REQUIREMENTS

BPM RSD tools focus on providing the three key components
required for any BPM solution: the business process or work-
flow, an application for doing the work, and forms as the basis
for user interaction. These three components are illustrated
in Figure 1. The extent to which a particular BPM product
provides these capabilities out-of-the-box is a measure of their
“out-of-the-boxness.” Keep in mind that not all BPM products
have BPM RSD toolsets.

Automating a business process involves two key steps:
Ê Creating an automated representation of the business

process – see Figure 2. Drag and drop interfaces are
the norm with BPM RSD tools. Note that in addition
to being a visual representation of the process, it also
defines the rules for the process in a backend store that
is later used by the process engine for managing the
work. Engines of this type are said to be “model-driven”
because changes to the model directly affect production
instances of the process. Other, less flexible approaches
include configuration-driven and parameterized where a
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limited set of options are baked in by the product vendor.
[1]

Ë Creating an application for users to process their work
(see Figure 3) that is process-enabled. For the toolset
to be considered a BPM RSD toolset, the user interface
should be a byproduct of the application definition pro-
cess – a declarative process rather than a programming
exercise. While it is important to automatically generate
the user interface, it is also important to provide cus-
tomization hooks needed to tweek the interface, since
rarely is the one-size-fits-all approach adequate.

III. AGILITY

The primary purpose of process automation is process im-
provement. Complex business processes are constantly chang-
ing – with or without explicit direction. Factors such as
changing business environments, government regulation, and
competition are major drivers of these changes, necessitating
changes in the support systems.

The traditional life-cycle development approaches to cus-
tom development are seriously challenged to support these
dynamics.2 Historically, requirements documentation, detailed
systems design, development, and implementation could easily
take 12 to 18 months to deliver a complex solution, during
which time the business requirements may have changed
significantly enough to require additional iterations prior to
implementation.

Agility has become a popular term for describing the flexi-
bility needed by organizations to operate in today’s dynamic
environments. Agility is a natural by-product of BPM RSD
toolsets. Agility is a critical feature of BPMS products.

Agility in the BPM context is similar to, but not the same as
the agile software development methodology, typically used
in an iterative process for creating custom software. Agility in
the BPMS space is more about using the built-in capabilities
of the BPM product to avoid having to write custom software.
Custom software is needed as part of the creation process
for most BPM solutions, but whenever it can be avoided, the
resulting solution is less expensive and has fewer defects and
lower risk. In order to differentiate this process from rapid
applications development (RAD) approaches, I have coined the
term “BPM RSD.”

Another related software engineering concept is model-
driven development. These techniques often include a frame-
work in which software is developed, providing a powerful
facility for leveraging the assets within the framework for
reuse.

The concept of ‘models’ is critical to BPM products where
the software architecture creates models of the organization’s
business operations – a key example being the model of the
operational aspects of the business being encapsulated in the
graphical process map. But as in the agile space, the model-
driven development space is critically different from BPM RSD
in one respect: it is meant to either generate source code or

2Cantara, p.7.

provide a framework within which source code is written.
BPM RSD models are run-time models as well as design-time
models and are designed to reduce the need to write custom
software.

So how are BPM RSD tools different? For agile or model-
driven development, source code must be recompiled and
redeployed when changes are made. Although this might be
done automatically, it does not produce a clean transition
in production environments; i.e., it is not seemless to an
operating business process. BPM RSD products, however, store
the semantics of process definitions in a repository – often
a relational database – and execution engines dynamically
drive production instances from this repository. Changes to the
repository using the BPM RSD tools directly effect operational
changes.

Another key distinction between frameworks and BPM RSD
tools is that frameworks require skilled software developers
to “wire up” the framework in order to achieve the benefits.
Frameworks are analogous to e.POWER’s API’s plus our
solution paradigm, but in e.POWER our framework has been
pre-wired so that many of the technical requirements have
already been resolved, allowing less skilled staff, or in some
cases such as our process designer, non-technical staff, to
contribute to solution development. Frameworks also require
that individual wires be “soldered” into the solution. BPM RSD
tools eliminate the need to do so and eliminate the possibility
of neglecting to do so, insuring that critical functionality such
as auditability, searchability, etc., mentioned in the Object
Types section of this paper, is included automatically.

In a very real sense, BPM RSD tools are pre-wired, or pre-
compiled frameworks.

IV. OUT-OF-THE-BOXNESS

Similar approaches have arisen over the years in other busi-
ness software categories. Typically packaged as products to
offset the increased cost of producing these solution sets, these
products consist of design tools that are largely configuration-
driven and produce robust implementations. Such solution sets
exist in the enterprise resource planning (ERP) space, customer
resource management space (CRM), as well as the BPM space.
Each of the design-time toolsets has unique characteristics.
One of the key differentiators is how much functionality is
delivered “out-of-the-box” and how much requires custom
software development.

This “out-of-the-boxness” has significant benefits beyond
the obvious advantage of creating solutions quickly. Successful
BPM solutions must be customizable to each organization’s
unique requirements. Gathering those requirements through
traditional documentation approaches can be cumbersome
and slow and produces paper-based models to validate the
requirements – an imperfect model at best.

BPM RSD tools provide working models of the solution
in days rather than weeks or months. The significant user
interfaces and workflow needed for requirements validation
can be mocked up very quickly, providing a significant portion
of the solution in a totally objective fashion – via working
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Fig. 2. Graphical Workflow Map

software. Select portions of the solution such as legacy systems
integrations might be delayed to a later phase in order to
minimize the impact on requirements gathering or to accelerate
implementation in order to achieve operating efficiency gains
earlier in the process. Iterating with prototypes help business
people and IT staff objectify the end-product more quickly and
accurately, greatly increasing the likelihood of a successful
implementation.

The obvious advantage of BPM RSD development is also im-
portant: rapid implementations. Lengthy requirements efforts
of many months suffer from the modern-day problem of a
rapidly changing business context. How often have we seen a
system that was well-designed and executed, but outdated by
the time it was deployed? BPM RSD approaches reduce that
risk.

It is important to note that these prototypes are not throw-
aways. To the extent they accurately reflect the underlying re-
quirements, they become part of the final production solution.
The key is that the tools used to develop proofs-of-concept,
prototypes, and production systems are the same tools.

V. OBJECT TYPES

Automation of business systems require creation of software
modeling constructs that represent the key business objects in
the problem domain. We refer to these constructs as object
types. These object types map to the real-world business
objects in the same way that classes relate to class instances
in object-oriented programming languages. Object types could
be thought of as index fields – or metadata on steroids.

Effective BPM RSD tools require a rich structure for creating
process-enabled applications of any complexity. This generic
structure, while necessary to support the user interfaces gen-
erated, is also very effective at helping analysts conceptualize
the ultimate solution.

In tools such as the e.POWER Activator designer, object
types define the characteristics of the real-world business
components that make up the solution and object instances
model the actual instances of those business objects. A by-
product of this approach is that objects and object types inherit
many useful properties from the e.POWER Activator infras-
tructure, features that might not be provided if the solution
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Fig. 3. User Interface

were created in a custom development effort. All e.POWER
Activator objects are inherently editable and searchable and all
activity against them is auditable. The rules applied at design
time help to insure data integrity.

For an equal employment opportunity (EEO) application,
object types might include complainant, class action lawsuit,
and investigator. For a training solution, object type definitions
would be needed for student, training class, and possibly
training facility if the application was designed to model any
of the facility behaviors. This direct mapping between IT
constructs and business constructs greatly facilitate commu-
nication between IT staff and business staff and simplifies
solution conceptualization.

VI. BPM RSD BENEFITS

Summarizing what we’ve discussed so far, BPM RSD tools
provide the following key benefits over more traditional ap-
proaches.

Ê Requirements gathering. Providing a prototype solution
early in the requirements gathering process helps end
users understand the possibilities and helps to shape their
expectations.

Ë Requirements validation. Working prototypes allow end
users to understand exactly what they are getting. It is
very difficult for end users to visualize how the software
will affect how they work from paper documentation.
Prototypes help to eliminate the perennial problem of
“that’s what I asked for but not what I need.”

Ì Analysis and design. Prototypes also assist designers in
visualizing what the ultimate solution can and should
look like. BPM RSD capabilities allow them to draw
from a toolbox of components that include “nice-to-
have” features that might otherwise be omitted from the
solution.

Í Documentation. All solutions, whether using BPM RSD or
more traditional approaches, require many forms of docu-
mentation: documentation for project approval, documen-
tation for design reviews, documentation for the quality
assurance process, etc. Having working prototypes early
in the process makes all forms of documentation signif-
icantly easier to produce and much more effective. The
clarity provided by actual screen-shots, process maps, and
relational designs (necessarily generated automatically by
BPM RSD tools) benefits all participants in the review
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process, from end-users to the approving management
staff.

Î Implementation. Implementation is the obvious area
where BPM RSD is valuable, allowing customers to
achieve the benefits more quickly and less expensively
than through traditional approaches.

Ï Quality assurance. The quality of a solution constructed
through pre-built components is clearly higher since the
out-of-the-box features have been refined through pre-
existing, broad-based customer usage. New customers
benefit from defects that were identified and resolved by
other customers. Additionally, for each product release,
the software is quality-checked through an independent
process. This allows project quality teams to focus on
the customizations – the area most likely to introduce
software defects.

Ð Maintenance. The area of maintenance aligns with the
notion of agility – being able to modify the production
solution to adapt to changing conditions. The tools that
facilitate rapid creation are typically the same tools used
to update the solution as needs change over time.

Ñ Risk. The BPM RSD approach reduces risk in virtually
all phases of the development effort. The functioning
prototypes reduce the risk of building a good solution that
is the wrong solution. Analysis and design are improved
through the objectivity of these same functioning proto-
types, reducing the risk of an incorrect design. Quality is
improved as noted above and therefore reduces the risk of
poor quality. Implementation, operation and maintenance
are likewise facilitated, reducing risk in their respective
areas as well.

BPM RSD products affect all aspects of the system develop-
ment life cycle and, as we shall describe in the next section,
fundamentally change the way we approach solutions.

VII. A BPM RSD METHODOLOGY

As stated earlier, these new capabilities suggest a new
approach to solution creation. [3] Rather than the traditional
waterfall approach of requirements, design, development, and
implementation, our approach is to use the following roadmap
when engaging new customers. This approach is iterative: very
similar to an agile software development approach, but the
final result is achieved largely through model-manipulation
rather than programming.

Ê Request existing documentation from the business users
very early in the requirements gathering process.

a) A Visio diagram or a description of the business
process is the starting point for creating the process
map.

b) Copies of key forms provide templates for some of
the user-interfaces as well as the data fields needed
for the application.

Ë Prototype the solution using the BPM RSD tools.
a) Use the graphical process designer to draw the

business process which is more than visual: it en-
capsulates the business rules that drive the process.

This graphical representation is critical to making
sure IT and the business users agree on the process
details.

b) Use a declarative application builder for application
creation.

c) Use a security manager for defining security pro-
files, often integrated with an existing LDAP repos-
itory.

Ì Present the solution to the business users to refine the
requirements and the solution.

a) Iterate on changes to the process diagram in inter-
active design sessions.

b) Modify the application in interactive design ses-
sions.

Í Put the solution into production, often in phases to
accelerate the initial benefits.

a) Create documentation from the prototype to support
the organization’s vetting process.

b) Get something into production quickly to get imme-
diate benefits.

c) Defer complex integrations until later phases if
possible.

This relatively simple formula is significantly more effective
than alternative methods. Business users are able to react
to high-fidelity prototypes rather than paper representations.
BPM RSD tools make it feasible to rapidly evolve the solu-
tions – interactively in design sessions with the end-users.

VIII. CONCLUSIONS

BPM rapid solutions development tools make it possible to
construct business process solutions much more quickly and
effectively than in the past. End-users are able to interact with
designers in an expressive environment that allows them to
model the solution with the actual tools used to create the
solution. Rapid prototyping is a key to this approach and
allows developers to build the solution that the business users
need to satisfy their actual requirements – rather than the ones
they “asked for.”

This represents a major step forward in producing effective
solutions. This approach results in lower risk of producing an
ineffective solution and reduces defect rates by minimizing the
amount of custom coding required to produce the solution. The
end result is a much higher probability of successful projects.
The BPMS software market serviced by model-driven BPM RSD
tools may be unique in the IT software industry.
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Abstract—In recent years, the networks have played a vital 

factor in modern society. To prevent data tampering as well as 

eavesdropping, it’s important to ensure that connections are 

always private and secure. Intrusion Detection Systems (IDSs) 

are gaining more importance to the applied technologies and 

become an integral part of the security infrastructure of 

organizations.  

 In this paper, a new hybrid intrusion detection system 

called HSIDS combines both of heuristic and signature 

intrusion detection approaches is proposed and implemented 

based on reading bytes from the Network Interface Cards 

(NICs). Embedding the capturing module in the protocols 

stack is another capturing method used in HSIDS. HSIDS's 

structured is layered which allows to detect bugs fast and 

easily. Also, its functionality is not depending on any external 

applications, so it is easy to upgrade its protocols parsing 

classes. The experimentation results show that the proposed 

system is an efficient IDS. 

Keywords-Computer security, hybrid intrusion detection 

system, network interface cards (NIC), heuristic intrusion 

detection, signature intrusion detection. 

I. INTRODUCTION 

Today, organizations rely on flexible and efficient 
security approaches and tools to guarantee that their 
information being exchanged is secured and privacy. Many 
approaches have been achieved to assure system privacy and 
security such as user authentication, authorization, 
encryption, firewalls, antivirus, and intrusion detection 
Systems (IDSs). Computer security is that field concerning 
with using technology, policies, and education to assure 
many factors such as the confidentiality, integrity, and 
availability of information system resources. This includes 
hardware, software, firmware, information/data and 
telecommunications [1, 2]. To secure data, three main 
activities should be pursued: prevention, detection, and 
recovery [3]. To be able to get a secure system, it is 
important to identity threats, extract characteristics from the 
threats, and encode the characteristics into software to detect 
those threats [4]. Intrusion is simply an attack attempting to 
access machine to get and/or manipulate information or to 
force it to be unreliable or unusable [5]. Intrusion can be 

unauthorized use, misuse, or abuse of computer systems by 
authorized user. 

 Firewalls are placed in between two or more computer 
networks to stop committed attacks into or out of these 
networks. Packet filtering firewall usually works by scanning 
a packet for both of the layer three and the layer four 
protocols information. A packet filtering firewall works by 
applying some filtering rules called policies. Provide 
information regarding whether the event is occurred or not 
cannot be obtained [2, 6, 7]. Firewalls are not totally enough 
to ensure the network security. Hence, intrusion detection 
systems (IDSs) are needed to identify malicious activity and 
suspicious in computer systems [8]. 

Intrusion detection systems depend on monitoring the 
computer systems or the networks to gather information, 
analyze this information, and recognize the system behavior 
to take a suitable action to prevent any completion of this 
attack and to ensure that the system is safe. IDSs are working 
by scanning packets at layer three and at layer four.  IDSs 
can scan the different levels protocols of application and can 
also recognize the traffic type such as DNS, http and DNS 
[6]. IDS is alarming when there is a specific packet founded 
to match the parameters (the port number, the transport 
protocols (TCP/UDP), the IP address, the application 
protocols and the content) that are predefined by the IDS 
rules.   

Two main methodologies namely anomaly detection and 
signature (misuse) detection are used in IDSs. Signature 
detection approach is effective for detecting those types of 
attacks without many false alarms. In the anomaly detection 
approach, the used heuristic function extends the power of 
the IDS dramatically since the admin will usually adjust it 
according to the very details of the network activities and 
nature. In other words, heuristic-based IDSs can cover all 
internal and external aspects of the network but signature-
based IDS can cover only external aspects (attacks with 
signature). Heuristic based IDSs are limited only for attacks 
to exhibit abnormal behavioral patterns.  

The main problems of using standard signature-based or 
anomaly-based IDSs is that their detection methods depend 
on detection instructions at the host processor level. Also, 
when an abnormal activity is detected using any of those 
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approaches, the anomalous packets will not be prevented 
from causing some bad effects such as trying to slow down 
or stop the system and the central processing unit. These 
problems cause the need to use Network Interface Cards 
(NICs) in the network intrusion detection applications [9, 
10]. NICs are used to transfer data between different 
components of the system and the network. NIC first 
examines the transmitted packet headers and simply takes the 
decision of not forwarding any founded suspicious packets. 
Hybrid IDS is combined of two or more of IDSs 
architectures to overcome the drawback and weaknesses of 
using each one of these IDSs alone.  

In this paper, a new intrusion detection system, we call it 
HSIDS, is proposed and implemented. HSIDS packet 
capturing depends upon reading bytes from the NIC by 
identifying the NIC system name in order to initialize 
handling for communicating with it. HSIDS combines both 
of heuristic detection and signature based detection 
approaches to overcome the drawback of using both alone.  

This paper is organized as follows. In Section II, an idea 
about what is IDS, its types, methods, what it can do, and 
what it cannot do and discussing some related work are 
introduced. Our proposed system, HSIDS, is introduced in 
Section III. A discussion for how the package is captured 
using HSIDS is explained in Section IV. Section V covers 
HSIDS configurations and using. The conclusions and some 
future work are discussed in Section VI.  

II. BACKGROUND AND RELATED WORK 

IDS system collects information from the networks and 
tries to detect attacks. It basically captures the flowing 
network stream of data and starts attempting to know if it 
threatens the network. IDSs types vary due to their methods 
of operations. Some common types of IDSs are: 

1. Network IDS, NIDS: IDS that detects intrusions in 
a network  

2. Distributed IDS, DIDS: IDS distributed on more 
than one host and may have a centralized log, 
analysis processing unit or an intrusion reporting 
unit (i.e. monitor). 

3. Host IDS, HIDS: IDS that detects intrusions on a 
host (single workstation). 

The place in a network to place IDS is greatly 
depending upon many factors as: 

1. The purpose of the IDS: If the IDS is supposed to 
protect a whole network, then it should be seeing 
the whole network traffic. If it’s supposed to protect 
a node, then all that should be done is placing the 
IDS on that node. The main idea is just to see all the 
traffic needed. Adjusting the NIC filter is very 
important which it will be discussed later in 
"Capture a packet?” section. 

2. Token of the Network: IDS is supposed to see all 
the traffic which it is supposed to check for 
intrusion signs. Assume that there is a ring token 

network then where should IDS is deployed? 
Deploying IDS in a ring token network is very 
expensive as the IDS will have to be able to see the 
traffic passing between every two nodes. So, 
usually the network structure is changed to permit 
efficient integration of IDS into the network. 

3. The place of firewall: Assume that there is a 
network sees the internet through a firewall that acts 
as a bottleneck to the network connection. An ideal 
place to deploy the IDS is where the data stream is 
supposed to be filtered. In other meaning, IDS 
should be placed according to the diagram given in 
Fig. 1.  

 

Figure 1.  Positions of IDS and Firewall 

4. Mistakes usually occurred when deploying IDS: 
The following are some mistakes usually occurred 
when deploying IDS systems [12]: 

 Deploying the network IDS without sufficient 
infrastructure planning. 

 When the IDS is deployed appropriately, but 
nobody is looking at the alerts it generates 

 Network IDS is deployed, "sees" all the traffic 
and there is a moderately intelligent somebody 
reviewing the alert stream. 

 All the previous pitfalls are avoided and the 
NIDS is humming along nicely. However, the 
staff monitoring the IDS starts to get flooded 
with alerts. 

 Not accepting the inherent limitations of 
network IDS technology. While anomaly-based 
IDS systems might potentially detect an 
unknown attack, most signatures based IDS 
will miss a new exploit if there is no rule 
written for it. 

IDS alerts have a ratio of falseness and needs 
adjustments. The alert reporting method is significant, 
whether it will send a mail, pop up a message, and start a 
sound declaring an attack or even send an SMS to the 
network administrator. Many IDSs can only analyze the 
attacks but others try to stop the attack at the time of the 
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intrusion. Network traffic data, system status files, 
system level test data, are the main types of data 
used by IDSs [13].  

Two main different methodologies in designing 
intrusion detection systems are signature-based and 
Heuristic-based. Heuristic-based (synonymous with 
anomaly-based) IDSs approach deal with the 
uncovering the behaviors of abnormal patterns 
given a model of user’s normal behavior. So, any 
event causes violating the model is a suspicious. 
This usually implies the use of extensive attack free 
training sets in order to characterize normal 
behavior. The alerting phase comes when a pre 
defined level of deviation occurs. If some protocols 
start taking over the bandwidth, the bandwidth 
availability is running low, so many login failure on 
a specific machine. When a huge deviation occurs 
from the usually snap shot of the network, alert is 
issued. Anomaly detection is very powerful for 
detecting DoS attacks, network scanning and 
sniffing, but it could be easily fooled. A simple 
attack needing no more than launching an exploit 
won't be an enough deviation from the original state 
of the network. However, it has the drawback of 
producing high false alarms if a reasonable 
suspicion level is not maintained. Statistical 
approaches such as PHAD [14] IDS, Finite mixture 
model [15], clustering and data mining [16], 
artificial neural networks [17], Expert Systems such 
as MIDAS, IDES and NIDES, genetic algorithms 
such as the IDS given in Crossbie [4],  machine 
learning and immune systems techniques are the 
main categorizations of anomaly detection systems. 

Signature detection which is called also misuse 
or detection by appearance systems rely on the use 
of specific known patterns of unauthorized behavior 
and/or contents (parts of the attack signature). This 
technique is fast and very accurate when it comes to 
detect a specific attack because it checks the 
protocol layers for known signatures. Encoding can 
fool signature based attacks but this usually applies 
only to web applications attack like cross site 
scripting and SQL injections. However, it has the 
drawback of possibility failure in detecting novel 
attacks whose signatures are unknown or in the case 
of environment changes. Snort [18] is an IDS 
running over IP-networks and depending on the 
signature-based intrusion detection system approach 
[19, 20]. 

Because a home-network-node cannot send a 
packet to itself from out of the network and a 
connection cannot be initiated from the port Zero, 
heuristic intrusion detection methods mainly depend 
upon the admen’s past experience and intelligence. 
This type extends the power of the IDS dramatically 
since the admin will usually adjust it according to 
details of the network activities and its nature. One 
of the disadvantages is that bad rules will raise lots 
of false alerts which may lead to ignore alerts while 

an alert be a positive one. So access care should be 
taken when coding heuristic rules. 

NIC is used to move data through the different 
system components and the network. It first 
examines the transmitted packet headers and simply 
takes the decision of not forwarding any founded 
suspicious packets. IDSs based on NICs can result 
in better performance of the overall network 
security system because NICs can provide IDS by 
[9, 11]: 

 Better coverage: a one-to-one mapping 
between NICs and hosts. 

 Scalability: natural distribution of 
computation.  

 Less aggregation: detect more specific 
intrusions. 

 Detecting intrusion internal to a LAN 

 Potentially detecting more complex exploits 
by cooperating NICs. 

 Improving performance by independency 
from host adds to reliability. 

The overall architecture for NIC-based security 
is shown in Fig. 2 [9]. 

A P(srcIP | destIP) framework of is an example 
of anomaly IDS implemented based on the firewall 
and host NICs [21, 9]. A distributed version of 
P(srcIP | destIP) known as P(src IP | destIP,destPort) 
is implemented on the host NIC [9]. Embedding the 
firewall-like security at the NIC level is given in [8].  

 

Figure 2.  The architecture for NIC-based security 

Weinsberg et al. [11] implemented a SCIRON 
(Secure-Communication IntegRated over NIC) 
firewall based on a NIC. Schuff et al. [22] presented 
and implemented a NIC-based IDS based on the 
processing of the available resources in future 
multi-core RISC processors combined with 
specialized content inspection hardware. Using 
Myrinet cluster to design and implement NIC-based 
QoS is presented in [23]. In 2001 [24], Markham et 
al. and Payne proposes and implemented a 
distributed firewall on a NIC. Sekar et al. designed 
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and implemented a hybrid IDS of anomaly detection 
approach with human-designed state machine [25]. 

Tombini et al. [26] combined signature and 
anomaly detection techniques to design and 
implement a hybrid IDS. Aydın et al. proposed a 
hybrid IDS combined of anomaly-based IDSs and 
network traffic anomaly detection (NETAD) based 
on the misuse-based IDS Snort [19]. 

III. THE PROPOSED HYBRID INTRUSION 

DETECTION  

The proposed IDS system, HSIDS, is modified 
using a Pacanal package, a winpcap C# mimic. The 
will known winpcap library [4] had been translated 
into C#.  In this package, an ethereal-like 
application depending on winpcap technology 
implemented using C# is implemented with 
supporting APIs. Pacanal was just a packet capturer 
and needed an enormous amount of effort to 
develop. For Pacanal package, there is no need to 
send any packet although its designer implemented 
the Winsock service initialization and an API 
function is used to write byte arrays into the NIC 
directly which could be used to craft packets. 

Pacanal package’s power is extended but 
meanwhile all unneeded functions and protocol 
parsing classes are removed. Pacanal's configuration 
panel has many options regarding being a packet 
capturer configuration panel. But HSIDS's 
configuration panel is hanged with about 85%. 
HSIDS is capable of working on almost all 
windows computers including the following 
versions (WIN2000, WINXP, WINVISTA, 
WINNT, WIN95, WIN98, and WINME). 

In our proposed system, HSIDS, the packet 
capturing depends upon reading bytes from the 
NIC. This method is depending on the identifying 
the NIC system in order to initialize a handle for 
communicating with it. In order to capture a packet, 
the current NIC is identified and its parameters are 
specified. HSIDS's structured is layered which 
allows to detect bugs fast and easily. Also a great 
ease in upgrading HSIDS is achieved. Moreover, 
HSIDS's protocols parsing classes could be 
increased and integrated into the project very easily. 
The following algorithm shows how HSIDS is 
working. 

1. Reading packet from NIC. 

2. Parsing packet initially using the frame parser 

and Ethernet protocol parser. 

3. Ethernet protocol parser parses the standard 

fields for a typical Ethernet header and also 

identifies the upper protocol whether it is TCP, 

UDP, ARP, etc. 

4. According to the detected protocol, the 

appropriate packet parsing class parsing 

function is called and the rest of the packet is 

passed to that class function. 

5. IDS for each protocol is present in the shape of 

classes named as follows udpIDS.cs, tcpIDS.cs 

… etc. 

6. In each protocol parsing class, a module from 

the relevant IDS class is called to detect 

possible intrusion signs. 

 

Any protocol parsing class could be easily added 
and integrated in the appropriate protocol layer (e.g. 
after transport a protocol for example). 

As mentioned early, HSIDS depends upon the 
capturing infrastructure of Pacanal which depends 
mainly in itself for capturing packets and raising the 
obtained byte to the upper layers of HSIDS for 
parsing and intrusion detection. Although, winpcap 
libraries when setup it extends HSIDS's reliability 
by assuring existence of the npf.sys driver as an 
example. Some HSIDS bugs are avoided when 
installing WinPcap. 

Signature-detection IDSs used to detect known 
attacks but anomaly detection IDSs can detect new 
attacks methods of heuristic.  HSIDS is 
implemented using both of signature-based and 
anomaly-based (by using a heuristic function to 
extend the power of the IDS) intrusion detection 
approaches. Capturing a packet is a little 
complicated process and many steps should be 
made before starting to capture a packet. Similar to 
winpcap, Pacanal's descent which is HSIDS uses the 
easiest way of packet capturing. It simply reads 
packets from the NIC. So, it’s counted as a protocol 
to read packets from the NIC.  

Another method of capturing is to embed the 
capturing module in the protocols stack, so that the 
packet should pass by the capturing module and this 
capturing should pass it to the upper protocol layer 
depending on where the capturing module is added 
in the protocol stack. This method can choose to 
pass or not to pass the packet received from the 
lower protocol layer. Also, this method show how 
most of the firewalls can be worked and also how 
some IDSs, that increases their features by such an 
option, discard specific type of packets. 

A.  Identifying the Platform 

In order to capture a packet, the current NIC in 
use is identified first followed by specifying its 
parameters. A packet32h object is created and when 
created it: 

1. Get the operating system info. 

2. Get the list of up and working network 
adapters. 

3. Initialize the winsock.dll. 

To identify the current windows version, certain 
API functions are called and variables are passed by 
reference in order to send the variable and receive it 
again with its values. The API function is:  
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[DllImport("kernel32.dll")]  

public extern static int GetVersionEx(ref 

OSVERSIONINFOmOSInfo ); 

mOSInfo.dwMajorVersion & 

mOSInfo.dwMinorVersion 

 

The mOSInfo is a struct that has many variables 
in it.GetVersionEx API function previously know 
that it will receive a variable with that structure. 

B.  Opening the NIC 

This API function opens the NIC using its 
previously obtained system name as a file for read 
and write access modes, and creates it depending on 
that it already exists. Also, it can write packets bytes 
in the NIC and eventually injecting crafted packets 
into the network.  For example, the WinXP which is 
our OS lies under the Win2000 category so to find 
the list of current network interface cards, the list of 
keys is checked in the following registry path:  

SYSTEM\\CurrentControlSet\\Control\\Class\\{4
D36E972-E325-11CE-BFC1-08002bE10318} 

After receiving the NIC's system known name, a 
check is required on the device system name to 
make sure it obeys the following format: 
"\Device\NPF_{TheDeviceSystemName}". The 
following step is to call the following function: 

[DllImport("kernel32.dll")] 

public extern static int CreateFile ( 

char [] lpFileName,  

/* pointer to name of the file Device system    name*/ 

int dwDesiredAccess  

/* access (read-write) mode Read and Write */ 

int dwShareMode, /* share mode 0 */  

int lpSecurityAttributes, 

/* pointer to security attributes 0       */  

int dwCreationDistribution, 

/* how to create 3 "Open existing“ */ 

int dwFlagsAndAttributes,  

/* file attributes 0 */  

int hTemplateFile); * handle to file with attributes to 

copy 0          

This function returns an integer which is the 
NIC's handle that will be used to deal with the NIC's 
I/O stream in the memory. Another API function of 
the kernel32.dll is: 

[DllImport("kernel32.dll")] public extern static int 

DeviceIoControl( 

int hDevice, uint dwIoControlCode,  

uint [] lpInBuffer, int nInBufferSize,  

int lpOutBuffer, int nOutBufferSize,  

ref int lpBytesReturned, int lpOverlapped 

 ) 

 

This helps to set attributes to the device with the 
specified handle or issuing commands to the device. 
This function has eight different overloads to serve 
that issue. 

C.  Reading a Single Packet 

The following function issues a command to the 
NIC to make one read operation. 

 

[DllImport("kernel32.dll")] 

public extern static int WaitForSingleObject 

( int hHandle, uint dwMilliseconds ); 

 

This function actually reads the object (byte[] 
packet) obtained from the NIC. 

[DllImport("kernel32.dll")] 

private static extern bool ReadFile ( 

int hFile,                          // handle to file 

byte [ ] lpBuffer,   // data buffer..output 

int nNumberOfBytesToRead, //number of bytes to 

read 

ref int lpNumberOfBytesRead,  // number of bytes 

read 

ref OVERLAPPED lpOverlapped  // overlapped 

buffer 

); 

D. Mess Cleaning 

First, mess should be cleaned and free all system 
resources that were reserved by HSIDS using the 
following function to end the NIC commands 
session.  For example: 

[DllImport("kernel32.dll")] 

public extern static int CloseHandle 

( int hObject ); //The NIC’s handle 

 

IV. HSIDS CONFIGURATION AND USER 

INTERFACE 

Logs are saved in .mdb access db format in the 
".\Logs" directory. A log file is named after the time 
and the time and date the HSIDS started capturing 
packets. An example of log file is shown in Fig. 3. 
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sip dip Sport dport Sign Msg References type 

Any any Any 135 7416e877cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

admin 

Any any Any 135 ec29e877cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

admin 

Any any any 135 b524e877cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

admin 

Any any any 135 7a36e877cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

admin 

Any any any 135 9b2af977cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

Admin 

Any any any 135 e3afe977cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

Admin 

Any any any 135 ba26e677cce0fd7fcce0fd7f DCOM Exploit (MS03-026) www.microsoft.com/security/s

ecurity_bulletins/ms03-026.asp 

admin 

Figure 3.  An example of log file 

A. User Interface 

Fig. 4 shows a screen shot of the main user 
interface of HSIDS. The main parts that are 
appeared in this figure are the main menu and five 
main windows as follows. The menu items are 
divided into two options (Capture which is indicated 
by the number “1” and Options which is indicated 
by the number “2”). “Capture” option is used either 
to start the capturing process through using the 
option “Start”, which is indicated by the number 
“3”, or to stop capturing through using “stop” 
option which indicated by the number “4”. The 
menu item “Options” which is indicated by the 
number “2” and is used either to change HSIDS 
configuration in addition to getting some help 
through “Configure HSIDS” option, which is 
indicated by the number “5”, or to exit the system 
through “Exit” option which is indicated by the 
number “6”.  

The following are the five main windows that 
are appeared in Fig. 4. 

 “Tree View” indicated by the number “7”: 
It shows a tree structure for a shown packet 
holding a threat. 

 A rich text box control indicated by the 
number “8”: It shows the HEX dump for a 
shown packet holding a threat 

 A rich text box control indicated by the 
number “9”: It shows information about the 
threat, how to deal with, and what is usually 
provided. 

 A rich text box control indicated by the 
number “10”: It shows statistics about 
protocols, amount of bytes and time 
elapsed. 

 A list box control indicated by the number 
“11”: It shows a list containing a brief 
description about the protocol, threat, 
packet ID and time of arrival 

 A label control indicated by the number 
“12”: It shows HSIDS's slogan. 

 

Figure 4.  A screen shot of HSIDS system. 
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B. Signature DB 

HSIDS has a signature database (DB) for many 
know attacks. Signatures are stored in many 
databases with relation to the protocol itself for 
example TCP has a DB for all its types of attacks 
(tables) and each table has its own rules sets 
containing a signature for the attack. When an attack 
is launched, the attacking packets will have some 
fingerprint or a signature that declares its threat. 

An example of HSIDS's signature rules is given in 
Fig. 5.  In this figure, the column “sign” represents 
hex strings.  IF found as a TCP payload coming from 
any IP going to any IP from any port to port 135 then 
this is the well known. This method is very accurate 
when it comes to detecting a specific attack because it 
checks the protocol layers for known signatures 

C. Heuristic-Based Intrusion Detection 

Heuristic intrusion detection depends mainly on 
how a strange behavior would be. An IP IDS heuristic 
module is given as: 

private void heuristic() 

 { 

Int32 int1=0;  

if((astn.LocalIP()==astn.SIP()) 

||(astn.SIP()==astn.DIP())) 

//Unlogical source and destination IPs  { 

         / /Logging a possible unsecure header  

        cmd_.CommandText= 

       "insert into unsecure  (pid,protocol,sign) VALUES 

('"+pid+"','IP','Un logical source and target IPs')"; 

        int1 = cmd_.ExecuteNonQuery(); 

       //Reporting strange activity.  

       lstbox.Items.Add("[IP][Heuristic Scan][Un logical 

source and destination IPs]] 

#"+Convert.ToString(Convert.ToInt32(pid)-
2)+"at"+DateTime.Now.TimeOfDay.ToString()); 

     conn_.Close();astn.CloseConnection();        

   } } 

D. HSIDS Configuration Panel 

HSIDS is capable of copying any packet that 
passes by the NIC of the host having HSIDS running 
on it. HSIDS obtains the packet in a byte [] format 
and can efficiently parse the array. As mentioned 
before, HSIDS opens a NIC with read and write 
access modes which means that HSIDS can craft. 
Pacanal's configuration panel had many options 
regarding being a packet capturer configuration panel. 
HSIDS is capable of working on almost all windows 
computers including the following versions 
(WIN2000, WINXP, WINVISTA, WINNT, WIN95, 
WIN98, and WINME). A screen shot is given in Fig. 
6 to show the main HSIDS's configuration panel 
where: 

 The NIC device name is indicated by the 
number 1 in the interface. 

 An option to limit the number of data 
captured of each packet is indicated in the 
interface by the number 2. 

 An option to limit the number of packets 
captured for intrusion detection is indicated 
in the interface by the number 3. An option to 
limit the number of kilobytes captured for 
intrusion detection is indicated in the 
interface by the number 4. 

 An option to limit the time elapsed during 
intrusion detection is indicated in the 
interface by the number 5. 

 An option to specify the buffer size of the 
NIC is indicated in the interface by the 
number 6. 

 An option to specify the buffer size of the 
intrusion detection is indicated in the 
interface by the number 7. 

 An option to specify how much data should 
the HSIDS copy from the NIC’s buffer for 
intrusion detection (the minimum amount of 
data needed to copy in each read process 
from the NIC’s buffer) is indicated in the 
represented by number 8. 

 

Figure 5.  HSIDS signature 
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Figure 6.  A screen shot HSIDS configuration panel 

 A button to save and apply the options is represented in 
the interface by the number 9. 

 A button to cancel the configuration screen and return 
back to the main interface is represented in the 
interface by the number 10.  

E. Maintaining Order when Discovering an Attack 

If a spoof attack is launched a primary step to deal with the 
attack to launch fake packets that acts as a spoofer, it returned 
everything that been used even spoof the attackers IP and 
cutting it of the network. Although bypassing a spoofed attack 
is very easily even manually, it is the least thing we can do as a 
favor to the attacker.  

F. HSIDS's Mutilation 

In HSIDS, it is also implemented how to switch to the stack 
based capturing method to provide more options mainly 
preventing some packets from passing through, mutating 
HSIDS, and turning it into a hybrid IDS/IPS solution. 

V. PRELIMINARY EXPERIMENTS 

IDS validating is important to measure its performance. For 
preliminary experimental study, two victim machines running 
on Windows XP operating systems are used for the 
experimentation. The traffic generators of other hosts machines 
and different users who are using different applications and 
internet are simulated.  

A set of validating data is gathered from the two victim 
machines and from the network. First, we trained anomaly 
detection systems to one of the following attacks 
categorizations: (Probing “PRB”, User to Root “U2R”, Denial 
of Service “DOS”, Remote to Local “R2L”) as shown in Table 
I. The following step is to provide the test data containing 92 
unlabeled instances of attacks without predefining 22 of these 
attacks in the training data stage. 

TABLE I.  THE PERCENTAGES OF THE DIFFERENT CATEGORIZATION OF 

ATTACKS OF THE TRAIN AND TEST DATA 

Attack Categorization Train Ratio Test Ratio 

Normal 42.0% 22.36% 

PRB 17.0% 3.43% 

U2R 7.0% 1.19 % 

DOS 30.0% 64.21% 

R2L 4.0% 8.82% 

To apply the validating measures on the experimental 
results, Table II lists the parameters required for these 
measures. 

TABLE II.  THE USED PARAMETERS IN THE SYSTEM VALIDATING 

PROCESS 

Parameter Parameter 

symbol 

Definition 

True Positive 
Rate 

TP Attack occurs and in the same 
time   alarm raised 

True Negative 

Rate 

TN No attack occur and in the 

same time no alarm 

False Positive 
Rate 

FP No attack occur and no alarm 
raised in the same time 

False Negative 

Rate 

FN Attack occurs and no alarm 

raised in the same time 

 

Table III shows the final results using the following 
measurements to validate the performance of HSIDS [27]: 

 Precision measure: It represents the occurring of an 
attack and in the same time this attack is correctly 
detected. It is computed as:  

Precision = TP / (TP+FP). 

 Recall measure: It represents the occurring of an attack 
and in the same time detecting attacks from the really 
attacks. It is computed as:  

Recall = TP / (TP + FN) 
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 Detection Rate: It represents the ratio between the total 
attack number and the total detecting number of 
attacks. 

 The false alarm measure: It represents the occurring of 
attack and in the same time the system could not 
correctly detect it or the attack happens. It is computed 
as:  

The false alarm = (FP + FN) / (TP + FP + FN + TN) 

TABLE III.  THE FINAL RESULTS OF THE SYSTEM VALIDATING 

Categorization Detection 

Rate 

False 

Alarm 

Precision Recall 

Normal 95.19% 4.81% 88.24 98.21 

PRB 96.78 3.22% 83.43 88.81 

U2R 84.65% 16.35% 78.94 74.3 

DOS 97.62% 2.38% 98.12 98.54 

R2L 61.02% 38.98% 83.22 10.41 

 
 From the results, it is shown that the HSIDS is 

suitable for detecting errors that are predefined and not 
predefined in the database. Also, it can achieve a very good 
overall accuracy in detecting attacks. 

VI. CONCLUSION AND FUTURE WORK 

It's very obvious that IDSs are gaining more importance by 
the day due to the used applied technologies applied through it 
regarding to the respond to attacks, and the capability of 
identifying the origin of these attacks. High data flow rate is a 
ruthless enemy and may greatly affect the performance of IDS, 
especially large packets.  

In this paper, a new hybrid IDS called HSIDS in which its 
capturing capability depends upon reading bytes from the NIC 
is proposed and implemented. Its capturing method depends on 
embedding the capturing module in the protocols stack so that 
the packet can be passed by the capturing module to the upper 
protocol layer depending on where the capturing module is 
added in the protocol stack. In other meaning, HSIDS 
combines heuristic and signature based detection approaches. 
HSIDS's structured is layered which improves its capabilities in 
detecting bugs fast and easily. It is easy to upgrade HSIDS's 
protocols parsing classes and integrate it into most of other 
projects in very easily matter because it does not depend on any 
external applications. 

HSIDS is tested itself by giving infrastructure to craft fake 
packets then launching fake packets towards HSIDS where 
HSIDS succeeds in detecting the attack embedded in the 
packet. HSIDS is tested through an experimental study where 
the results show that it is suitable for detecting errors that are 
predefined and not predefined in the database with achievement 
a very good overall accuracy in detecting attacks. 

As a future work, we plane to investigate the performance 
of IDS in details using a suitable database of attacks and 

compare its performance efficiency with other IDSs under 
different conditions. 
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Abstract: 

In Grid Environment the number of resources 

and tasks to be scheduled is usually variable and 

dynamic in nature. This characteristic emphasizes the 

scheduling approach as a complex optimization 

problem. Scheduling is a key issue which must be solved 

in grid computing study and a better scheduling scheme 

can greatly improve the efficiency.The objective of this 

paper is to explore the Probabilistic Tabu Search to 

promote compute intensive grid applications to 

maximize the Job Completion Ratio and minimize 

lateness in job completion based on the comprehensive 

understanding of the challenges and the state of the art 

of current research. Experimental results demonstrate 

the effectiveness and robustness of the proposed 

algorithm. Further the comparative evaluation with 

other scheduling algorithms such as First Come First 

Serve (FCFS), Last Come First Serve (LCFS), Earliest 

Deadline First (EDF) and Tabu Search are plotted.  

 

Key words: grid computing, workflow, Tabu Search, 

scheduling problem, Probabilistic Tabu Search 
 

INTRODUCTION 

Grid Computing a pioneer technique in 

harnessing the geographically dislocated computer 

power has changed the perception on the utility and 

availability of the computer power, which has carved 

a new technology that openly ventures and 

amalgamates an infinite number of computing 

devices into any grid environment, augmenting to the 

computing capability and providing resolutions to the 

various tasks within the operational grid environment 

basically by enabling, sharing, selection and 

aggregation of geographically distributed 

autonomous resources dynamically at runtime, 

depending on their availability, capability, 

performance and cost, thereby shifting the focus to 

collaborative environments, federating services and 

exchanging transactions in a mutual manner to share 

resources and thereby achieve common goals to 

enhance productivity and speed up progress in much 

the same way that the Internet did in yesterdays 

economy, paving the way for numerous research 

efforts in grid scheduling mechanisms 

Grid Computing is our greatest hope for 

delivering computing as utility to homes and offices. 

Many large scale applications such as scientific, 

engineering and business problems (Hai et al., 2005; 

Cannataro et al., 2002) are solved effectively using 

the logical amalgamation of geographically dispersed 

Grid resources (Bernan et al., 2002). Grid computing, 

analogous to the pervasive electrical power grid, 

enables resource sharing and cooperative work 

among distributed computational sites.                              

In grid environment, applications are often described 

as workflows. A workflow is composed of atomic 

tasks that are processed in specific order to fulfill a 

complicated goal. Generally, grid workflows require 

huge intensive computing and process larger data, 

compared with traditional workflows. Therefore, the 

performance of grid workflows becomes a critical 

issue of the workflow management systems. One of 

the most challenging problems is to map each    task 

to a corresponding service instance to achieve the 

customers’ quality of service (QoS) requirements as 

well as to accomplish high performance of the 

workflow. This problem is found to be NP-complete. 

During the course of grid scheduling there are many 

challenges that require the simultaneous optimization 

of several incommensurable and competing 

objectives. 

• Unpredictable challenges in Grid resources 

• Inevitability to multiple resource types for 

completing a job 

• Necessitate for a parallel or concurrent 

execution of tasks in any workflows. 

 

 Under the OSGA, the workflow scheduler 

has to balance several QoS requirements, including 

makespan and cost. Consequently, many traditional 

workflow scheduling algorithms, such as 

Opportunistic Load Balancing, Minimum Completion 

Time, Min-min, Max-min and Duplex, are not 
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suitable since they only tackle the makespan 

requirement. 

In recent years, a number of researches have 

been focused on scheduling problem involving more                                                                                                                                                            

than one QoS requirements. The traditional System 

namely advanced reservations for scheduling the 

workflows undergoes problems such as overloading 

and power failure. The overloading and the scheduler 

failure problem are overridden by a two level 

scheduling scheme where the first level is used for 

frequent small jobs and second level for large jobs. 

The market oriented approach algorithm succeeded in 

distributed scheduling of workflows, but could not 

appease completion of more workflows within the 

deadline. The success ratio of the workflows allotted 

for mapping the Grid sites is 30% (Chien et al., 2005) 

when 30 workflows are scheduled at a time.  

Workflows submitted to the Computational 

Grids by resource consumers have a proper budget 

proposal, client authentication and the requirements 

for its execution as shown in Fig 1. The willingness 

to complete any job is given by resource providers. 

Hence the Grid schedulers search for solutions in the 

state space aiming at achieving high performance, 

both in terms of solution quality and execution speed. 

Fig. 1: Job submission blueprint 

 

Literatures have proposed a grid workflow 

scheduling algorithm in which cost is optimized with 

the expectation to minimize the makespan. 

Literatures have also presented a scheduling 

approach for the economics-driven grids to optimize 

the cost under the deadline constraint. In fact, a 

mixed-integer non-linear programming algorithm 

was introduced to optimize the cost with the 

consideration of other QoS requirements. As the 

scale of workflow applications becomes larger and 

larger, conventional deterministic approaches may 

fail to give a satisfying solution. Moreover in Grid 

scheduling problem, for most practical applications, 

any scheduler delivering good quality planning of 

jobs would suffice rather than searching for 

optimality. In fact, in highly dynamic Grid 

environment, there is no possibility to even define 

optimality of planning as it is defined in 

combinatorial optimization. This is due to the fact 

that Grid schedulers run as long as the Grid system 

exists and thus the performance is measured not only 

for particular applications but also in the long run. It 

is well known that meta-heuristics are able to 

compute in short time high quality feasible solutions. 

Therefore, meta-heuristic algorithms have been 

receiving growing interests due to their powerful 

global search capability. 

  From the above exposition we are motivated 

and in this paper we apply the probabilistic Tabu 

search algorithm for the generalized Grid Scheduling 

problem. The basic idea behind the algorithm is to 

use preprocessing operations to arrive at a probability 

value for each vertex which roughly corresponds to 

its probability of being included in an optimal 

solution, and to use such probability values to shrink 

the size of the neighborhood of solutions to 

manageable proportions. We report results from 

computational experiments that demonstrate the 

superiority of this method over the generic Tabu 

search method. 

 

PROBLEM DESCRIPTION 

 

The Super Schedule (SSGA) Grid 

Architecture described with eight nodes Grid 

environment example is shown in the Fig 2. This 

architecture can be utilized for any practical 

applications for the normal grid environments. The 

setup is experimented in TIFAC Core in Network 

Engineering under DST project.  

The goal of the SSGA is to find the 

allocation sequence of workflows on each Grid site. 

Four major entities are involved in this architecture. 

• The grid users submit their request for job 

completion to the local grid managers. 

• All the tasks should be received by the grid 

managers and the decision for the 

scheduling is made on deploying the request 

to the Intra Grid schedulers. 

Grid Client’s Job Submission 

Client Name 

Password 

CPU Power 

Memory 

Dead Line 

Quality of  Service 

Jeny 

****** 

30T flods 

19MB 

12/09/07 

Best Effort Service 

Submit 
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• The Intra-Grid schedulers have the updated 

information of the grid resources that are 

idle during time t. This information is 

frequently updated. The smaller jobs can be 

scheduled within their deadlines by the 

Intra-Grid schedulers in their respective 

Administrative Domains. Here scheduling is 

often dynamic. 

• For data intensive applications where the 

jobs are larger it requires the necessity of the 

resources worldwide. At that moment, there 

is a necessity of Inter-Grid schedulers which 

is static often. 

 
Fig 2: Super Schedule Grid Architecture 

 

The workflow allocation strategy in a Grid 

environment differs from the traditional ones. The 

goal of the Inter-Grid Scheduler is to receive the 

request from different Intra-Grid Schedulers and 

make an optimistic scheduling such that it 

accommodates many workflows completing within 

its deadline. The following DAG workflows and the 

penalty cost for each workflow are considered for 

experimental purpose. 

 

 

 

Fig 3: DAG workflow model 

 

The duration for any workflow, penalty cost 

incurred and the required grid resources are shown in 

the Table 1.The tasks taken for experiment have their 

predecessors and successors, such as T1 follow T2 or 

T2, T3 and are parallel computations once the task 

T1 is executed. 

 
Table 1: Experimental work flows 

  

The Workflow model for W1, W2, W3 are 

shown in Fig. 3. The FCFS map tasks to the idle Grid 

sites based on first task arrival to serve first. The EDF 

algorithm executes the tasks whose absolute deadline 

is the earliest. Hence it estimates the execution 

deadline of the individual workflow for any 

standalone system and schedules such that the 

workflows that require greater completion time is 

served first. In EDF the task priorities are not fixed 

but change depending on the closeness of their 

absolute deadline. 

The settings of the experiment consist of 

workflows with following assumptions: 

� Each workflow received in the Inter-Grid 

Scheduler consists of a set of Tasks T1, T2, 

T3 and so on. 
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� The task in each workflow is a Directed 

Acyclic Graph (DAG) model. (Fig. 3.) 

� The output from a task can be transferred to 

other tasks as per the DAG graph model and 

all jobs are available at time zero. 

� At any time a task can be executed only on a 

Grid site which is reported to the Inter-Grid 

scheduler as idle via Intra-Grid scheduler. 

� There is no pre-emption of tasks or 

workflows. 

� The sequential order of workflow allotment 

changes. 

Here we present a scheduling approach for the 

wide area problem where in the resources and jobs 

are dispersed geographically. 

 

 

PROPOSED METHOD OF PTS 

 

In this study, PTS heuristic to solve scientific 

workflow scheduling problem in Grid is discussed. 

The roots of Tabu search go back to the 1970's; it was 

first presented in its present form by Glover [Glover, 

1986]; the basic ideas have also been sketched by 

Hansen [Hansen 1986]. Additional efforts of 

formalization are reported in [Glover, 1989], [de 

Werra & Hertz, 1989], [Glover, 1990]. Many 

computational experiments have shown that tabu 

search has now become an established optimization 

technique which can compete with almost all known 

techniques and which - by its flexibility - can beat 

many classical procedures.  

The generic TS is a metaheuristic strategy based 

on neighborhood search with overcoming local 

optimality. It works in a deterministic way trying to 

model human memory processes. Memory is 

implemented by the implicit recording of previously 

seen solutions, using simple but effective data 

structures. This approach focuses on the creation of a 

Tabu list of moves that have been performed recently 

and are forbidden to be performed for a certain 

number of iterations, thereby helping to avoid cycling 

and promoting search in a diversified space. At each 

iterations, TS moves to the best solution that is not 

forbidden and thus independent of local optima 

The generic TS introduce flexible memory 

structures articulating strategic restrictions and 

aspiration levels as a mean for exploiting search 

spaces. TS have the ability to generate solutions of 

notably high quality such as to escape from the local 

minima and to implement an explorative strategy. TS 

are an iterative procedure for searching a global 

optimum for discrete combinatorial problem. The 

philosophy of TS is to avoid entrainment in cycles by 

forbidding or penalizing moves, which take the 

solution in the next iteration, to points in the solution 

space previously visited. 

 In order to improve the efficiency of the 

exploration process, one needs to keep track not only 

of local information (like the current value of the 

objective function) but also of some information 

related to the exploration process. This systematic 

use of memory is an essential feature of Tabu search 

(TS). While most exploration methods keep in 

memory essentially the value f(i*) of the best solution 

i* visited so far, TS will also keep information on the 

itinerary through the last solutions visited. Such 

information will be used to guide the move from i to 

the next solution j to be chosen in N(i). The role of 

the memory will be to restrict the choice to some 

subset of N(i) by forbidding for instance moves to 

some neighbor solutions. More precisely, we will 

notice that the structure of the neighborhood N(i) of a 

solution i will in fact be variable from iteration to 

iteration.  
 The main problem with such a tabu search 

algorithm is the size of the the neighborhood, for 

each solution. Thus generic Tabu search is able to 

execute only a few iterations within reasonable 

execution times and therefore alleviating the 

complexity of matching a job to the appropriate 

resource in the shortest time possible. The 

Probabilistic Tabu search for Grid scheduling 

addresses this concern. 

 

SOLUTON CONSTRUCTION 

 

 The structure of Probabilistic Tabu search is 

as shown below. The basic idea is to look at only a 

subset of the neighborhood of each solution which 

has the maximum likelihood of containing the best 

tabu and non-tabu neighbors. The belief is that a 

large enough set of locally optimal solutions 

collectively contain predominantly those features that 

are present in globally optimal solutions and rarely 

contain features that are absent in globally optimal 

solutions. In this approach, a pre-defined number of 

starting solutions are chosen from widely separated 

regions in the sample space, and used in local search 

procedures to obtain a set of locally optimal 

solutions. These locally optimal solutions are then 

examined to provide an idea about the probability of 

each solution being included in an optimal solution. 

Using this idea, the neighborhood of each solution is 

searched in a probabilistic manner. 

  

 General Scheme of PTS: The structure of PTS 

algorithm is formalized as shown below. 

 

Step 0 (Generating Probabilities): Generate a set of 

s solutions S = {S1,S2, . . . , Ss} using an extension to 
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local search method to obtain a local optimum. For 

each solution Si compute the associated probability pi 

Go to Step 1. 

 

Step 1 (Initialization): Define all solution elements 

as non-tabu. Choose an initial solution S, set 

BestSolution ← S, and set Iteration ← 1. Go to 

Step1. 

 

Step 2 (Termination): If a pre-defined termination 

condition is satisfied, output BestSolution and exit. 

Else go to Step 3. 

 

Step 3 (Iteration): Consider each neighbor N of S 

with a probability of (1−pi)pj where vi = S \ N and vj 

= N \ S. If vi or vj is marked ‘tabu’ then N is a tabu 

neighbor, otherwise it is a ‘non-tabu’ neighbor. If the 

best tabu neighbor considered has a cost lower than 

the cost of BestSolution, go to Step 4, else replace S 

by the best non-tabu neighbor considered. Mark the 

solution elements participating in this move (i.e. the 

vertex that has left the solution, and the vertex that 

has entered the solution to form the neighbor) as tabu 

for the next TENURE moves. If this best non-tabu 

neighbor is better than BestSolution, replace 

BestSolution with this neighbor. Set Iteration ← 

Iteration + 1. Go to Step 2. 

 

Step 4 (Aspiration): Replace BestSolution and S 

with the tabu neighbor of S. Remove the tabu status 

for all solution elements. Set Iteration ← Iteration + 

1. Go to Step 2. 

 

 For every solution move in the TS 

procedure, the neighborhood solution will be 

evaluated for a Dual Objective Function of 

minimizing the total penalty cost on choosing the 

workflow sequence and maximizing the number of 

workflows completed within deadline (Job 

Completion Ratio). In our proposed method, the 

workflows are created based on DAG model and the 

deadline is fixed to be at 1.5 * Execution time. 

 

RESULTS AND DISCUSSION 

The methodology is such that an initial job 

sequence is selected at random among the set of job 

sequences and the dual objective function for the 

solution is defined as a best cost. The obtained 

solution is recorded as initial step for the 

Probabilistic Tabu Scheduling mechanism. Later, the 

set of neighborhood solution of S is generated and 

again the dual objective function (DOF) is calculated 

and replaced if necessary finding the best cost among 

the history record. 

 The comparative increase in the completion 

of workflows by PTS dual objective scheduling 

mechanism considering other algorithms such as 

FCFS, EDF and TS are shown in Fig 4 and Fig 5. 
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Fig 4: Job completion ratio 

 

 It can be analyzed that PTS outperforms TS 

in the number of workflow completions. In Table 2, 

the penalty cost incurred by the Inter-Grid scheduler 

on not completing the job is plotted. As per the 

methodology PTS succeeds the other scheduling 

mechanisms in consideration. 
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Fig 5: DOF for PTS, TS, EDF and FCFS 

 

Table 2: Penalty cost incurred for the workflow sequence 
 

No of 

workflows FCFS EDF TS PTS 

5 41.34 29 25 20.88 

10 43.75 35.78 29.94 27.63 

15 45.67 42.87 33.78 30.84 

20 56.45 45.78 40.82 37.62 

25 61.45 50.83 51.98 39.652 

30 74.55 58.34 59.674 45.67 

35 84.3 73.46 68.3 50.64 

40 97.55 79.83 74 62.1 

45 100.98 87.67 79.56 75.3 

50 108.3 97.25 85.65 82.5 

55 112.7 106 99.32 89.41 

60 119.5 112.3 106.9 100.26 
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CONCLUSION AND FUTURE WORK 

In this paper, we have applied probabilistic tabu 

search algorithm for the Generalized Grid Scheduling 

problem. In this approach, a pre-defined number of 

starting solutions are chosen from widely separated 

regions in the sample space, and used in local search 

procedures to obtain a set of locally optimal 

solutions. These locally optimal solutions are then 

examined to provide an idea about the probability of 

being included in an optimal solution. Using these 

ideas, the neighborhood of each solution is searched 

in a probabilistic manner. Our computational 

experience shows us that this probabilistic tabu 

search method outperforms generic tabu search most 

of the time.  

 In the near future we plan to combine 

Probabilistic Tabu search with simulated annealing 

along with sharing method to increase the efficiency. 

Similarly the ant colony properties can be included 

for scalability in the existing algorithm. The 

procedure can also suitably be modified and applied 

to any kind of Grid scheduling with different problem 

environment and optimize any number of objectives 

concurrently. 
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Abstract—Advanced resource reservation has a great role in 
maintaining QoS of requests. Resource allocation and 
management to reservation requests for optimal utilization 
and guarantee of quality of service is challenging effort. When 
a reservation request for a resource type fails although enough 
free capacity might be available, there is not any chance for 
resolving conflicts. Inflexibility of reservation request in 
support of replacement on time axis, results in rigid resource 
utilization and even poor QoS of the system. But with the help 
of new overclocking technologies for doing over-clocking on 
some current scheduled reservation chunks, new chances 
emerge to beat these restrictions [1]. Using strict overclocking 
schema with traditional processors in limited time in cluster of 
servers, simulation results show QoS of reservations could be 
improved. This is came through with improvement to utilizing 
of resources and increasing accepted reservations without any 
side effects on processing and reliability of computations. 
 

Keywords-scheduling; overclocking; thermal behaviour; 
advance reservation; cluster; QoS;  

I. INTRODUCTION  
In center of any collection system should be a scheduler 

to manage and allocate resources to the clients in appropriate 
time. Once of most essential resources in any system, either 
single or orchestrated system is processing unit. Accepting 
and scheduling requests in appropriate time on appropriate 
nodes is challenging effort of scheduler. In this paper we 
concentrate on overclocking computing resource to beat 
underutilized resources and improving QoS of reservations.  

Previously, many efforts have been done for scheduling 
in clusters or grid systems [2, 6, 7, 8, 9, 10, 11] and also 
scheduling with over-clocking capabilities in single node 
systems for real-time (periodic and aperiodic) jobs [1, 5], but 
no studies about the integration of these yet. 

In reliable overclocking, computing resource should be 
controlled so that does not pass the thermal threshold of 
equipment [1]. In this paper is introduced simple model of 
reliable overclocking processors, either overcome 
complexity of real thermal model of processors that impact 
any  algorithms in real time and either reduce complexity of 
computation of thermal radiated from processors that also 
reduce computation time of any stage of algorithm.   

Physical architectural model of computing nodes is a 
cluster of nodes that connected by a shared back bone [12]. 
Any workload is divided in two subdivisions. In the first 
division workload is deployed to node or nodes and in the 
second division workload(s) is started and continued up to 
its end. After transferring workload(s) to target(s), 
computation starts and terminates until end of its workload. 
Two constraints exist on this model: computation capacity of 
nodes and bandwidth capacity of infrastructure of network. 

 Using overclocking any reservations or allocation on 
computing nodes could be relocated, finish times. 
Computing resources overclocking needs awareness of 
troubles that might be introduced in reliability of results and 
on hardware chips. On the other hand, solving thermal 
equations of node material is costly in real time scheduler 
[1]. So, for improving the schedulers we need a simple and 
dependable model to utilize capabilities of resources. 

The layout of this letter will be as follows: section ІІ will 
describe system model, reservation model, overclocking 
concepts and strict overclocking schema. In section ІІІ we 
will propose an algorithm that combined overclocking and 
scheduling mechanisms into harmony. We will evaluate the 
performance of proposed algorithm with the simulation and 
results in section IV. Finally, in section V we present our 
conclusions of algorithms and proposed over-clocking 
schema. 

II. MODELS AND OVERCLOCKING CONCEPTS 

A. System Model 

In this paper we choose system models of [12]. At this 
moment, briefly describe this model.  

In this model we have one type of requests: reservation 
requests. according definition any reservation request R has 
five parameters: Rc, Rs, Re, n, Rio, where Rc is coming time 
of reservation request, Rs is start time of reservation, Re is 
end time of reservation, n is number of processing units that 
should be served for reservation and Rio is aspect of time is 
required to transferring reservation request to processing 
units. In this model requests should be guaranteed to 
serviced with n processing unit,  in interval Rs and Re. 
Reserves could not coming in system earlier  than Rc time 
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but could out of system earlier than Re time if all of works 
have been done on computing nodes.   

The system model in this paper is considered as a cluster 
of nodes that connected by a single and shared media 
backbone, similar to a LAN network. A cluster consist of 
one coordinator node and  n agent nodes A1, A2, ..,An. the 
coordinator node receives requests, reservations, and 
possibly plans to schedule request on agent nodes by its 
scheduler module. In a different way, each agent node also 
has two major parts: local scheduler and processor frequency 
controller. The coordinator's scheduler dispatches scheduling 
timetables and requests that should be ran on node, to agent 
schedulers. According received timetables local scheduler 
give control of processing unit to request, the reservation. 
Figure 1 shows structure of cluster of nodes with a master or 
coordinator for managing several agent nodes that all 
connected to single backbone. 

According to this model of computation, there are two 
resource, computing resource and network resource. Based 
on these two types of resources, there are conflicts on 
accessing and utilization them. First conflict appears when 
any two or more request want exclusively access the 
network media for communicating and deploying workload 
to destination node. Only one of them could access the 
network and transfer its data to destination node. Another 
resource is computing power of the nodes. When a request 
wants completely access to the node, intended for uses it for 
processing purposes in some time interval, other requests 
could not access it until end of processing time of current 
request on it. 

 

Figure 1.  Topology of cluster of nodes with a coordinator and many agent 
nodes. 

B. Thermal Model 

Relation between processor speed and thermal behavior 
of any chip can be approximated by the following 
equation[1]:  


CR

T(t)

C

(t)κs
=(t)T

α
'


    

Where T(t) is temperature at time t and s(t) is speed of 
processor at time t. the parameters R and C are the thermal 
resistance and capacitance of chips, respectively (with fan or 
any peripheral attached to chip, like heat sink). 

The parameter  and  relate power consumption of 
processor to its speed. The  parameter has a value of 
roughly 3.0 [1,3]. For safety of system, processor 
temperature should not reach to critical point of temperature, 
due to damaging effects on chip operation.  

According to thermal model in the (1), we can derive 
following (2) for calculating temperature at any point of 
time[1,3]: 

 τt
FFE )eT(T+T=T /

0
   (2) 

Where in general  FF sR=T  is steady state temperature at 
overclocking speed of sF and  EE sR=T  is temperature at 
between times with speed of sE after elapsed t unit of time, 
and T0 is the temperature at lowest level at the start time. 
Parameter  is equal to R·C and t is elapsed time of time that 
temperature was T0. 

By this equation, we can calculate the t value: 
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To avoiding complex and time consuming computations 
at run time on scheduler, we utilize simple and effective 
strict overclocking schema. Consequently, in this schema, 
we exploited three phases in support of CPU frequency 
scaling, under-clocked phase, normal clocked phase and 
overclocked phase. In under-clocking phase (i.e. idle mode) 
frequency of processor is reduced to minimum available 
value which results in reduced temperature to near the 
minimum possible value. In the over-clocking phase 
transiently frequency of processor is increased to maximum 
value until temperature reach to normal point. Finally in the 
normal-clocking phase frequency backs to nominal it to 
continue probably reminded workload of request. 
Considering the temperature is not above normal, reliability 
and continuity of computing operations are preserved. Also 
we cover two working modes in the schema, normal load 
mode and idle load mode. To reducing temperature more 
quickly in idle mode we never deploy any workload to the 
processor that keeps temperature and frequency in lowest 
limit, i.e. under-clocking phase. We exploit this situation due 
to expanding succeeding overclocking interval to the 
maximum possible value. Using the (3) we can calculate t 
and ratio of under-clocking to over-clocking periods. 

Local 
Scheduler 

Frequency 
controller

III. ALGORITHM 
In this section we introduce a scheduling algorithm that 

uses described strict overclocking schema in situations 
where conflicts are appeared between current reservation 
request and previous guaranteed and scheduled requests, 
reservations parts, is discovered. 

As previously described, for overclocking any time 
period of the processors, we elaborate the three step strict 
overclocking schema: in first step, node processor get under-
clocking frequency with idle workload, in the second, the 
node get overclocking frequency, and last, the node get 
normal clocking frequency. Only the timeslots of processor 
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could be overclocked if exists enough timeslot before it that 
hasn't been allocated to any request. // reserve nodes with overclocking 

15     for i=1 to R.n - #AvailabeNodes 
In following algorithms there are two overclocking 

approach: other-overclocking and self-overclocking. In 
other-overclocking approach, timeslot of processor belong to 
other previous requests, the reservations, is overclocked. But 
in self-overclocking approach, current request on nodes is 
overclocked. 

16       RE=EligiblesAlloci.R 
17        = min((RE.Re-RE.Rs-RE.Rio), maxOCTime)*OCRate; 
18       EligibleAllocsi.interval.start -= Tidle; 
19       EligibleAllocsi.interval.end -= ; 
20       updateAllocOnNode(EligibleAllocsi.node,EligibleAllocsi); 
21       allocateNode(EligibleAllocsi.node, R.Rs, R.Re, R); 
22     end for;  The doReserve algorithm (Fig. 2) firstly tries to schedule 

reservation R in cluster of nodes, without over-clocking. If 
it could not proceed, tries to apply overclocking techniques. 
The doReserveWithOverClock algorithm (Fig. 3) implements a 
strict overclocking schema that previously has been 
explained. First it finds eligible nodes; the nodes could be 
overclocked during period of some scheduled jobs or 
reservations. If it could schedule by available nodes with 
normal clocking and overclocking other possible nodes, 
either self-overclocking or other-overclocking, it proceeds, 
otherwise it fails. Value of  is amount of time that the end 
of request goes back because of overclocking. The Tidle  
parameter is the required time for period of under-clocking 
with idle workload.  

23     return true; 
24  else 
// find nodes that have self OverClocking condition for  
// Reservation R 
25    selfOCNodes  
26    for i=1 to n 
27      if (isFree(nodei, R.Rs- Tidle, R.Re-()) 
28        selfOCNodes +=nodei; 
29    end for 
30     if (#EligibleAllocs+ #selfOCNodes+#AvailabeNodes
R.n) 
31      reserveNodes(AvailabeNodes, R, # AvailabeNodes); 
// reserve nodes for R reservation with overclocking other  
// scheduled requests 
32      for i=1 to R.n - #AvailabeNodes 
33        RE=EligiblesAlloci.R 

boolean doReserve (R) 
1  if (isFreeIO(R.Rs, (R.Re- R.Rs)·R.Rio) == false) 

34         = min((RE.Re-RE.Rs-RE.Rio),maxOCTime)*OCRate; 
35        EligibleAllocsi.interval.start -= Tidle; 

2  return  false; 36        EligibleAllocsi.interval.end -= ; 
3  AvailabeNodes  findAvailabeNodes(R.Rs, R.Re); 37        updateAllocOnNode(EligibleAllocsi.node, 
4  if  (#AvailableNodes < R.n)                                                                           EligibleAllocsi);  
5 return doReserveWithOverClock(R); 38        allocateNode(EligibleAllocsi.node, R.Rs, R.Re, R); 
6  else reserveNodes(AvailabeNodes, R.Rs, R.Re, R.n); 39      end for;  
7  return true;                                                       // reserve nodes for R Reservation with Overclocking R itself 
 40       for  i=1 to  R.n- (#EligibleAllocs+ #AvailabeNodes) 

41          = min((R.Re-R.Rs-R.Rio), maxOCTime)*OCRate; 
42         allocStartTime = R.Rs - Tidle; Figure 2.  Top level of  reservation algorithm 43         allocEndTime= R.Re - ; 
44         allocateNode(nodei, allocStartTime, allocEndTime, R); 
45       end for; 
46       return true;            
47     end if;  boolean doReserveWithOverClock (R)  

// find and set Eligible Allocation scheduled slot of nodes for 48   end if; 
// overcloking   49  return  false;                                                   
1  EligibleAllocs  
2  for i = 1 to n 
3        Alloci=null; 
4 =min((R.Re-R.Rs-R.Rio), maxOCTime)*OCRate; 
5 if (Rid = cpuOverlap(nodei, R.Rs, R.Re)) != null and 
5.1  isFree(nodei, Rid.Rs-Tidle-Rid.Rio, Rid.Rs) and 
5.2 (Rid.Re - )  Rs and   
5.3 isFree(nodei, Rid.Re, R.Re) ) 
6 TimeIntervalnodei, R( Rid.Rs - Tidl, R.Re-); 
7        Alloci= (nodei, Rid, TimeIntervalnodei, R); 
8       end if;  
9        if (Alloci !=null) 
10           eligibleAllocs  eligibleAllocs + Alloci; 
11  end for 
12  AvailabeNodes  findAvailabeNodes(R.Rs, R.Re); 
13  if (#EligibleAllocs + #AvailabeNodes R.n)  
14     reserveNodes(AvailabeNodes, R, #AvailabeNodes); 

 
 

 

Figure 3.  Strict over-clocking schedular algorithm 

Overclocking schema could be applied on start time of 
computation until end time of it. That is to say, overclocking 
couldn't be applied on communication part of request 
because communication time of any request depended to 
network specification of cluster (i.e. bandwidth) and could 
not be altered or increased without changing physical 
characteristics of underlying network's  components.   

IV. PERFORMANCE EVALUATION 
For analysis of mentioned strict overclocking schema, 

we simulate a cluster of nodes with varying processing 
nodes and reservation requests. In all simulations, maximum 
number of requested nodes by any reservation request is 
number of nodes in cluster. The reservation requests deploy 

we simulate a cluster of nodes with varying processing 
nodes and reservation requests. In all simulations, maximum 
number of requested nodes by any reservation request is 
number of nodes in cluster. The reservation requests deploy 
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its workload to the nodes by using multicasting approach, 
aimed to maximize bandwidth utilization. 

For simulating previous algorithms, we use following 
parameters: Arrival time of reservation requests have 
Poisson distribution with average of 50 unit of time. Initially 
we consider length of requests be near to overclocking 
period, i.e. in interval of [40 .. 50], with uniform distribution 
that is named . This value of  is nearly double of 
overclocking time length. Secondly we studied multiples of 
the  in system utilization and acceptance ratio of system. 
For computing fractions of idle time to overclocking time, 
we used Dell Latitude D810 with Centrino processor and (3). 
Based in this provision, this ratio calculated as 3 to 2, 3 units 
of time for idle time and 2 units of time for overclocking 
time. As mentioned previously, number of requested nodes 
in each reservation is in [1 .. number of nodes] interval, i.e. 
with increasing number of nodes,  request of nodes for each 
reservation  will rise. Total simulation time, 11 hours was 
considered. Yield of overclocking than normal operation of 
processor is 0.5 (the OCRate in the algorithm 2). Also 
communication time ration or the Rio is 0.1 of total 
workload. Although advance reservation is used for 
guarantee of QoS of mixed typical job and reservation for 
reservation request, in this model we detach start of service 
and start of request for adapting with future advance 
reservation models, and simulation purposes (FIFO model).  

Results (Fig. 2) show that using strictly overclocking 
schema improves utilization of resources and acceptance 
ratio of reservation request in scalable form. 

Overall, because of multi node reservation request that is 
responded through dynamic and elasticity of overclocking, 
that impacts and results in more utilization in overclocked 
schema than normal clocking schema, despite of reducing 
and convergence of overclocked and normal schema 
together. 

Fig. 3 in comparison with Fig. 2 proves that increasing 
number of nodes have not any impact on improving 
utilization and acceptance ratio similar to normal clocking. 

In other way, with increasing average length of 
reservation workloads, overall overclocked utilization 
improvement with respect to normal clocking, will be 
increased. The reason is that, with increasing the workload, 
side effects of idle time slice that happened before any 
overclocking part of workload, is decreased. But with 
growing number of requests at the constant workload rate, 
this gain is starting to be decreased, because side effects of 
underutilized idle times before any overclocked time slices 
will be raised. 
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70 
Nodes=500, Workload=3 Nodes=500, Workload= 55

Figure 5.   Acceptance and utilization in 500 nodes  

In all cases, normal and over-clocked schema, increasing 
average length of reservations will cause drop of acceptance 
ratio of reservation requests. Coming out such results is 
obvious; because of increasing length of reservations, the 
probability of facing of them with each other will increase 
simultaneously.  

 
Figure 6.   Acceptance and utilization in 500 nodes with workload of 2 

and 3. 

With increasing the workload length of reservations 
absolutely, both normal and overclocked schemas quickly 
improve more than before until to reach saturation point. At 
this point, increasing number of requests, the overclocking 
has no other influences. Fig. 5 with Fig. 6 shows this matter.  
Based on default value of ,2and 3Fig. 7 graphs show 
that increasing average workload of requests, peak point of 
improvement is shifted to left, i.e. towards to less reservation 
request numbers. This means, with increasing workload, 
collision between end time of requests and required idle time 
intervals before overclocking time of processor, will happen 
sooner. 
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Figure 7.   Acceptance and utilization improvement in 500 nodes with 

workload of , 2 and 3 

V. CONCLUSIONS 
Study of results shows that by means of the proposed 

strict overclocking schema in controlled boundary, 
utilization absolutely increases than normal clocking. Also, 
acceptance rate of system with limited conditions increase. 
In addition, as temperature of processing nodes could not 
reach to critical point, reliability of computation is 
preserved. With preserving power of processor, economical 
and commercial aspect of power consumption remains. 

Expanding networks and resources, we can use this 
schema in larger grid networks than clusters. Since resources 
exclusively are provided to requests, this model and 
algorithms is very good for private grids that total resources 
available for commercial purposes. 
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Abstract- 
Complementary DNA (cDNA) microarrays are a powerful 
high throughput technology developed in the last decade 
allowing researchers to analyze the behavior and interaction 
of thousands of genes simultaneously. The large amount of 
information provided by microarray images requires 
automatic techniques for efficient processing of microarray 
images to arrive at accurate biological conclusion. Most of the 
methods discussed in the literature need different levels of 
human intervention, which inevitably reduces the efficiency 
and reproducibility of the entire automation process. In this 
paper a novel approach for automatic gridding of skewed and 
noisy microarray images is presented. The microrarray 
image is skew corrected, noise removed using adaptive 
thresholds computed on various segments, spatial topology of 
spots detected, gridding performed and finally grids are 
refined. Experiments conducted on selected microarray 
images (skewed and noisy) of Stanford and UNC databases 
are encouraging 
 
Keywords: Microarray, Gridding, Adaptive threshold, 
Spatial topology, Grid refinement, Skewed images, 
Noisy images. 
 
1. Introduction 
DNA microarray technology has a large impact in many 
application areas, such as diagnosis of human diseases and 
treatments (determination of risk factors, monitoring 
disease stage and treatment progress, etc.), agricultural 
development (plant biotechnology), and quantification of 
genetically modified organisms, drug discovery, and 
design. In cDNA microarrays, a set of genetic DNA probes 
(from several hundreds to some thousands) are spotted on 
a slide. Two populations of mRNA, tagged with 
fluorescent dyes, are then hybridized with the slide spots, 
and finally the slide is read with a scanner. The outlined 
process produces two images, one for each mRNA 
population, each of which varies in intensity according to 
the level of hybridization represented as the quantity of 
fluorescent dye contained in each spot. 
 
Microarray image processing consists of the following 
sequence of three main tasks 1. Gridding, separation of 

spots by assignment of image coordinates to the spots. 2. 
Segmentation, separation between the foreground and 
background pixels and 3. Intensity extraction, computation 
of the average foreground and background intensities for 
each spot of the array.  
 
Gridding is an important task that is to be performed as 
accurately as possible, since it affects the subsequent tasks 
of segmentation, intensity extraction and finally the 
conclusions derived out of the whole analysis. The 
available gridding software packages Scanlyze [1], Dappel 
[2], Image Gene[3], Genepix and SpotFinder[4] require 
human intervention in order to specify input parameters as 
well as to adjust properly the location of the grid lines. The 
template based approach is most prevalent in the existing 
packages which require specfication of parameters such as 
spot size, spot spacing and space location. Some software 
products already incorporate an automatic refinement 
search for grid location, given size and spacing of spots 
[2,3]. Irregular grids cannot be found with the template 
based approach unless the template is manually adjusted to 
fit predefined distortions [3]. Automating this part of the 
process is essential because it reduces error in grid that 
may arise due to inaccurate specification. 
 
The problem of automatic gridding is complicated because 
microarray images are usually highly contaminated with 
the noise and artifacts of the wet lab processes. Rotations, 
misalignment and local deformations of the ideal 
rectangular grid can often occur. There is a high need for 
automated methods for microarray gridding which are 
robust and flexible at the same time.   
 
Some efforts on automatic microarray gridding have been 
reported in literature. However most of them impose 
different kinds of restrictions and are based on stringent 
assumptions. For example, the approaches in Jain et al.[5] 
and Yan et al.[6] requires that the grid rows and columns 
are strictly parallel to the x and y image axes. Other 
approaches, such as described by Carstensen et al.[7] and 
Katzer [8], rely on the Bayesian paradigm to deal with 
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uncertainty and noise. Some well-known approaches to 
gridding microarray images are based on axis projections 
(Deng et al.[9]), or on morphological filtering (Yan et 
al.[10]). Both of them require user intervention in order to 
manually adjust the grid location. The Hill-Climbing 
approach for automatic gridding (Rueda et al.[11]) can 
perform gridding properly only if misalignments and 
rotations of the ideal grid are not present. Markov random 
field (MRF) (Antoniol et al.[12]) and graph-based grid 
approaches (Jung et al.[13]) have been used to perform 
gridding. A drawback of these approaches is that they 
require input parameters. A variety of different 
methodologies have been proposed with the intension to 
solve rotation and misalignment problems. Bajcsy [14] has 
suggested an exhaustive search of all the expected rotation 
angles, where as  Steinfath [15] has estimated the rotation 
angle. A drawback of these approaches is that, it 
introduces pixel distortions when the rotation angle is 
small. Brandle et al.[16] utilized the discrete Radon 
transformation to estimate the angle of rotation. As it is 
computationally expensive, the process is accelerated by 
constraining the range of rotation angles. Ho et al.[17] 
expressed the gridding process as an optimization problem 
based on the Jacobi iteration. However, this method is 
efficient only when the grids are smoothly distorted. 
Giuiliano et al.[18] recommended a gridding procedure 
based on stochastic search algorithms. Although it deals 
with rotations effectively, it requires manual intervention 
in order to define the radius of the spots. 
  
In spite of the potential importance of gridding approaches 
in microarray image analysis, the existing gridding 
methods pay little attention to pre-processing of noisy 
microarray images and focus mainly on spot localization 
and spot segmentation. The aim of the present study is to 
propose a method that can deal with rotations, 
misalignments, and local deformations of the ideal 
rectangular grid. It is also noise-resistant and it is efficient 
even under adverse conditions such as the appearance of 
various spot sizes or the absence of spots.  
 
  
Figure. 1 Shows a block diagram which describes the 
salient stages of the proposed approach for automatic 
gridding of microarray images. 
 
 
 
 
 
 
 
 
 
 
 

 
 
                                            I/P Raw Microarray       
                                             ImageI1 (with Skew & Noise)  
 
 
                                                         
 
 
 
 
 
 
 
                     
                       
 
 
 
 
 
 
 
 
 
 
 
 
 
            
 
 
 
 
 Figure  1. Stages of automatic gridding of noisy   
                          Microarray image 
 
 
The organization of rest of the paper is as follows: In 
section 2, preprocessing techniques such as skew detection 
and correction, filtering through respective thresholds are 
described. In section 3 automatic gridding process which 
consists of detection of rmin & rmax, detection of cmin & 
cmax and gridding method are described.  Section 4 
describes grid refinement algorithm. Section 5 highlights 
the results of extensive experimentation conducted on 
some benchmark images. Finally conclusion is discussed 
in section 6.   
 
2. Skew Detection and Correction 
 
This section describes the first stage of microarray image 
gridding, that is skew detection and correction. 
 
2.1. Skew Detection 
 

Perform skew detection & correction 
resulting in image I2 

Compute adaptive thresholds in segments of 
the image, I2 

Filter the segments using respective thresholds

Detect spatial arrangement of very bright spots 
resulting in image I3 

Refine the grid on the image I2  

Identify grid lines on I3 (fewer since the spots 
retained from previous step are less in number) 
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First step in this process is to convert the rgb image to gray 
scale image. Figure 2. shows the computation of the 
parameters topx, topy, leftx, lefty, xmid and ymid which 
are required to find the skew angle. Scan the gray scale 
image rowwise. The very first pixel in the image is 
assigned the coordinate address (topx, topy). Scan the gray 
scale image columnwise. The very first pixel in the image 
is assigned the coordinate address (leftx, lefty). xmid is the 
mid value of columns and ymid is the mid value of rows. 
. 
                 If  topx  <  xmid and lefty  > ymid  the 
                  skew is clock wise  (Figure.2) 
 
                 If  topx >  xmid and lefty  <  ymid  the 
                  skew is anticlock wise  (Figure.3) 
 
       

  
Figure  2. Parameters for clockwise skew detection 

 

  
 

Figure  3. Parameters for anticlockwise skew detection 
 
  
 
The clockwise skew angle can be found using the formula                         

Φ = atan  (topx – leftx ) / (lefty - topy) 
 

 
The anticlockwise skew angle can be found using the 
formula 

Φ      = atan  (lefty – topy ) / (topx - leftx) 
 

 
 
2.1.2 Skew Correction 
 
The  new coordinate address xx and yy are computed as 
given below. 
 
Skew correction for clockwise tilt: It is required to perform 
rotation about (leftx,lefty) by Φ in anticlockwise direction . 
 
xx = leftx + ( x-leftx) * cos (Φ ) – (y-lefty) * sin (Φ ) 
 
yy = lefty + (x-leftx) * sin (Φ ) + (y-lefty) * cos (Φ ) 
 
Skew correction for anticlockwise:  
 
xx = topx + (x-topx) * cos(Φ) + (y-topy) * sin(Φ) 
 
 yy = topy + (y-topy) * cos(Φ) + (topx-x) * sin(Φ) 
      
where 
x varies from 1 to number of columns  
y varies from 1 to number of rows  
 
The min xx and min yy are computed and translated this to 
(0,0).The new image Ll  with the coordinate address 
xx1=xx-minxx 
yy1=yy-minyy is the skew corrected image. 
 
Figures 4 and 5 (Image ID: 62919) shows the clockwise 
skewed image and skew corrected image. 
 

 
 
Figure  4.  Clockwise Skewed Image ID: 62919 
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Figure  5.  Skew Corrected Image ID: 62919 
 
TABLE 1: ESTIMATED ANGLE (Φ) AND EXECUTION TIME (ΤS) 
OF THE PROPOSED SKEW CORRECTION TECHNIQUE. 
 
Image ID Estimated angle 

in degrees (Φ) 
Execution time 
in seconds (τs) 

1c7b060rex2 2.0651 13.14 
       1c4bo64rex2             2.5323               12.12 

62919 4.8253 15.15 
40031 3.7653 13.54 

 
 
2.2 Adaptive Threshold and Filtering 
 
Filtering is performed in 2 steps which are described in the 
2 subsections below. Thresholds on spot size are first 
computed on segments of the image. Insignificant spots are 
filtered using these thresholds. 
 
The skew corrected binary image is divided into n 
segments. Number of segments can be increased 
depending on the level of noise. The subgrid is divided 
into 4 segments in the proposed approach as follows 
 
 
1st segment                                      2nd segment 
Rows=0 to r/2                               Rows= 0 to r/2 
Columns=0 to c/2                     Columns= c/2+1 to c      
 
3rd segment                                    4th segment 
Rows=r/2+1 to r                                Rows= r/2 +1to r 
Columns= 0 to c/2                        Columns= c/2+1 to c  
 
where r is the number of rows and c is number of columns 
of skew corrected image. 
 
For each segment, the numbers of connected components 
are computed. The thresholds on spot size in each segment 
are calculated using the equation below. 
   
 
 

 
       T (i) = (Number of pixels in i th segment) 
 
                       (Total number of connected   
                         Components) 
 
 
Where i ranges from 1 to 4. 
For example in the image (ID: 40031) Fig. 6 the number of 
bright pixels in the four segments are 2462, 1572, 1353, 
1065. Total number of connected components is 146. The 
thresholds are 2462/146=17, 1572/146= 11, 1353/146= 10, 
1065/146=9  
The results of the proposed filtering process in removing 
the insignificant spots using the threshold value and 
execution time (τf) are reported in Table 2. 
 
TABLE 2. ESTIMATED THRESHOLD VALUE (AT) 
AND EXECUTION TIME (ΤF) OF THE PROPOSED 
FILTERING PROCESS.  
 

Noisy Image ID Thresholds 
on a 
subarray 

#spots in 
the 
subarray 

Execution 
time(τf) in 
seconds 

 
 

40031 
(Stanford)  

T1=17 
T2=11 
T3=10 
T4=09 

 
146 

 
10 

 
44004 

(TBDB) 

T1=14 
T2=12 
T3=12 
T4=10 

 
777 

 
15 

 
17931 

(Stanford) 

T1=28 
T2=23 
T3=47 
T4=41 

 
721 

 
13 

 
39119 

(TBDB) 

T1=20 
T2=18 
T3=15 
T4=15 

 
562 

 
8 

 
 
Execution time for the filtering process is proportional to 
number of spots in a noisy microarray image. Adaptive 
thresholds obtained in the previous step are used to filter 
insignificant noisy spots in the segments. If the number of 
pixels in a component are less than threshold value (T(i)) in 
each segment, then remove the spot (insignificant spot) by 
setting intensity zero to all pixels in that component. The 
idea behind using adaptive threshold is, if in a subarray 
should few successive columns or rows have tiny spots 
filtering using global threshold will eliminate all these 
spots. This results in sparse grid lines. 
 
Shown in Figure. 6 is a noisy microarray image. Fig. 7 is 
the noise free filtered image. 
.  
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Figure  6.  Noisy Microarray Image ID : 40031 
 

 
 
Figure 7.  Filtered Microarray Image ID : 40031 
 
 
 
3. Automatic Gridding Process 
 
Automatic gridding is performed in 3 steps which are 
described in the 3 subsections below. 
 
3.1 Determination of position of grid lines 
 
 For each connected component in the filtered image, rmin, 
rmax, cmin, cmax are determined as shown in Fig 8. 
Sorted arrays of rmin values (similarly rmax,  cmin,  cmax  
values) are found. Array of successive differences of rmin 
array called diff_rmin also for rmax, cmin, cmax 
(diff_rmax, diff_rmin, diff_cmin, diff_cmax) is found. Key 
portions of rmin, rmax and diff_rmin, diff_rmax are shown 
below. All computations done on image ID  (62919). 

  
rmin: 
 

 
 
rmax: 

  

 
 

Figure  8.  Representation of rmin, rmax, cmin & cmax of a spot. 
 

 
 
The steps below describe determination of horizontal grid 
lines. 
 

1) The rmin array is sorted in ascending order 
 
sorted rmin: 
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  2)  The differences of successive rmin values   
          in the sorted rmin array are calculated.  
 
diffrmin: 
          

 
       3) Sudden change in the difference in rmin values  
           indicate the end of previous row of spots and   
           beginning of next row of spots. 
 

4) Observe the sudden change from 0 to 15, at position 
3 in diff_rmin array. The third element of rmin array is 
9. Hence examination of rmin diff_rmin suggests a 
grid line at row 9. Similarly it is understood that 
successive values of grid rmin.  
 
grid rmin: 
 

 
 
 
Similarly grid_rmax is determined. Shown below are 
sorted_rmax, diff_rmax, grid_rmax values. 
 
sorted rmax: 
 

 
 
 
 
 
 
 
 
 

diff_rmax: 
 

 
grid_ramx: 

 
 
Finally, positions of horizontal gridlines are 
determined by finding average of rows suggested by 
grid_rmin and grid_rmax contents. Thus horizontal 
gridlines are placed at rows 9, 25 (25+25/2), 41 
(38+43/2), 57 (55+60/2)…etc. 
 
 
In a similar manner vertical gridlines are positioned 
using sorted_cmin, diff_cmin, grid_cmin, sorted_cmax 
diff_cmax, grid_cmax. 

       
4. Grid Refinement Algorithm 

 
The algorithm described in section before, will 
determine all grid lines as long as a spot exists on each 
row and each column of the filtered image. However 
there may be images where no spots are present in 
several consecutive rows or columns. In these images, 
there will be irregular spacing between gridlines. In 
such cases the refinement algorithm suggested , can be 
used to draw additional / missing grid lines. Grid 
refinement process is called to check whether all the 
gridlines have been drawn. If the differences in the 
positions of successive rows (i, i+1) is greater than the 
average of previous spacing of rows(avgrowspace), 
then the algorithm will draw horizontal lines at every 
successive avgrowspace beginning from the 
previously drawn horizontal line, until i+1 or end of 
rows. Similar procedure is repeated while drawing 
vertical lines. 

 
        Figure 11 shows additional gridlines placed on 

gridded image of figure 9. 
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Figure 9. Filtered image with horizontal sparse grid lines. 
 
 

 
 

Figure 10. Filtered image with vertical sparse grid lines 

 
 

 
 

Figure  11 .Gridding of noisy microarray image before refinement process 
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4. Experimental Results 
 
In this section the performance of the proposed approach is 
evaluated on skewed and  noisy microarray images from 
SMD (Stanford Microarray Database) and UNC 
(University of North California  Microarray Database).The 
images are available for free download from 
https://genome.unc.edu. 
The algorithm was executed on Pentium 4 proceesor with 
2 GB RAM. The results are summarized in the table 3 
 

Table 3 shows comparison of proposed method with 
projection profile algorithm and standard deviation 
algorithm to perform gridding. The comparison was 
performed on 10 sets of microarray images and it is 
evident that proposed method performs better than other 
existing approaches. Expected number of rows and 
columns are inferred by the number of connected 
components across each row and column. 
 
. 
 

 
 
 
 

 
 
 
 

 
TABLE 3: COMPARISON OF PERFORMANCE OF PROPOSED APPROACH AND OTHER APPROACHES 

 
 
 

Method Image ID Expected 
Number of 
Rows 

Expected 
Number of 
Columns 

Number of 
Rows 
obtained 

Number of 
Columns 
obtained 

Total Error 
(%) 

Grid Using 
Standard 
Deviation 

62919  29 30 27 27 8.474576 
22593 17 15 21 15 12.5 
37993 29 29 27 29 3.448276 
34212 20 21 21 21 5.882353 
34217 18 23 18 23 0 
34143 22 23 22 21 4.444444 
34134 23 23 23 22 2.173913 
52694 28 29 23 28 10.52632 
57852 27 29 25 28 5.357143 
66357 28 29 26 29 3.508772 

Grid Using 
Projection 
Profile 

62919 29 30 27 29 5.084746 
22593 17 15 20 15 9.375 
37993 29 29 26 26 10.34483 
34212 20 21 20 21 11.76471 
34217 18 23 21 24 9.756098 
34143 22 23 24 23 4.444444 
34134 23 23 23 21 4.347826 
52694 28 29 26 29 3.508772 
57852 27 29 25 29 3.571429 
66357 28 29 27 29 1.754386 

Grid Using 
Proposed 
Approach 

62919(SMD) 29 30 29 30 0 
22593(SMD) 17 15 17 15 0 
37993(UNC) 29 29 29 29 0 
34212(UNC) 20 21 22 25 0 
34217(UNC) 18 23 18 23 0 
34143(UNC) 22 23 24 23 4.444444 
34134(UNC) 23 23 23 23 0 
52694(SMD) 28 29 28 29 0 
57852(SMD) 27 29 27 29 0 
66357(SMD) 28 29 28 29 0 
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Figure  12. Gridding of noisy microarray image after refinement process 

 
 
5. Conclusion 
In this paper, we have presented a new spatial topology 
technique to automatically grid skewed noisy microarray 
images. The results of our experiment on skewed 
microarray images on Stanford databases and UNC are 
encouraging. The skew correction algorithm depends on 
determination of coordinate addresses of just two positions 
of the image. The noise removal is done through adaptive 
thresholding which makes processes effective. Finally the 
gridding is performed based on spatial topology of spots. 
To summarize the three stages of the proposed method 
when executed in sequence is effective and 
computationally simple. 
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Abstract— after a computational job is designed and realized as a 
set of tasks, an optimal assignment of these tasks to the 
processing elements in a given architecture needs to be 
determined. In grid system with the existence of heterogeneous 
processing elements and data transferring time between them, 
determining an assignment of tasks to processing elements in 
order to optimize the performance and efficiency is so important. 
In this paper a heuristic algorithm named LDCP+ is presented, 
which has  optimized the Longest Dynamic Critical Path 
algorithm (LDCP) presented by Mohammad L. Daoud and 
Nawwaf Kharma in 2007. This algorithm is a list-based algorithm 
in the way it assigns each task a priority for its execution. Using 
task duplication, using idle processing element's time and also 
optimizing priority assignment method which is used in LDCP 
algorithm, are the basic specifications of LDCP+, since LDCP 
algorithm is executable with the assumption that computation 
cost of tasks are monotonic, our algorithm which is presented in 
this paper has made the scheduling algorithm free from this 
restriction and in the case of non-monotonic computation costs, 
LDCP+ has the minimum total finish time in the comparison of 
other scheduling algorithms such as HEFT and CPOP. 

Keywords- Grid; Static task scheduling; Longest Dynamic 
Critical Path. 

I. INTRODUCTION  

A Grid system is a group of connected computers that has 
the ability of executing parallel programs via a high speed 
interconnection. The efficiency of program parallelism in Grid 
systems depends on methods used in task scheduling on 
available processing elements. Inner connection of processing 
elements in Grid causes an overhead when two tasks assigned 
to different processing elements of distinct computers, transfer 
data. In fact, task scheduling in distributed heterogeneous 
systems are more complex in which each task can have 
different execution time on different processing elements, so 
scheduling algorithms for a Grid system should consider the 
execution time of each task on different processing elements 
and even one incorrect decision can restrict the system 
performance to the slowest processing element [2]. 

There are two kinds of scheduling algorithms: static scheduling 
algorithms and dynamic scheduling algorithms. In static 

scheduling algorithms all information needed for scheduling 
such as the structure of the parallel application, the execution 
time of individual tasks and the communication costs between 
tasks must be known, in contrast, these information are 
unknown in dynamic task scheduling algorithms. 

Among different types of scheduling algorithms, HEFT is a 
scheduling algorithm for heterogeneous distributed computing 
systems which is consists of two phases: first, cost computing 
for each task and task selection, second, processor selection. In 
the task selection phase the algorithm sets the computation 
costs of tasks to their mean values and this may limit the ability 
of scheduling algorithm to precisely compute the priorities of 
tasks. The CPOP algorithm is same as HEFT in the two phases 
but with different strategies in assigning priorities to tasks and 
processor selection. These two algorithms have been 
mentioned as optimal algorithms in the parameter of total finish 
time. 

In this paper we present a heuristic list-based algorithm 
called LDCP+ (optimized of Longest Dynamic Critical Path 
algorithm) for static task scheduling in Grid systems with 
limited number of processors and we compare our scheduling 
results with other algorithms such as CPOP, HEFT and LDCP 
for  performance evaluation.  

II. RELATED WORKS 

Static task scheduling for Grid systems, in general is known 
to be NP-Complete problem [4, 7, 9] and most of these 
algorithms are heuristic [1, 2, 3, 4, 7]. One of the most 
important classes of heuristic algorithms is list-based 
algorithms [6], in such algorithms each task is assigned with a 
priority and three steps of task selection, processor selection 
and status update are repeated until all tasks are scheduled. In 
the task selection phase the unscheduled task with the highest 
priority is selected. In the processor selection phase, the 
selected task is assigned to the processor that minimizes a 
predefined cost criterion that can be minimizing the schedule 
length. At last in status update phase, the status of the system is 
updated. Examples of list-based algorithms are: Heterogeneous 
Earliest Finish Time (HEFT) [9], Critical Path on a Processor 
(CPOC) [9], Critical Path on a Cluster (CPOC) [5], Dynamic 
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Level Scheduling (DLS) [8], Modified Critical Path (MCP) 
[10], Mapping Heuristic (MH) [3], Dynamic Critical Path 
(DCP), and Longest Dynamic Critical Path (LDCP) [2]. 

III. PROBLEM DEFINITION 

In static task scheduling in Grid system, the execution 
precedence between tasks is represented by a Directed Acyclic 
Graph (DAG), each DAG is shown by tupple (T, E) where T is 
a set of n tasks and E is a set of e edges. Each Tti ∈    
represents a task and each Ette jiji ∈= ),(,

represents the 
execution precedence between the two tasks which are 
connected with the edge jie , . 

If Ett ji ∈),(  then the execution of task it T∈ cannot be 
started before task finishes its execution. For the edge  ),( ji tt , 
the source task it  is parent of the sink task jt , while jt  is a 
child of it . A task with no parents is called an entry task and a 
task with no children is called an exit task. Associated with 
each edge ( , )i jt t is a value ,i jd that represents the amount of 
data to be transmitted from task to task jt , and in some cases it 
also represents the minimum time that a task needs to wait for 
starting after task it finishes its execution.  

A Grid system is represented by a set P of m processors, a 
set T of n tasks and n ×  m computation cost matrix ( mnW × ). 
Each element mkniWw ki ≤≤<≤∈ 1,1,,

 represents the 
execution time (computation cost) of task it on processor kP . 
We have the same assumption as LDCP that all processors are 
fully connected and communications between processors occur 
via independent communication units [2], so, we can have task 
execution and data transferring in parallel. Also the data 
transfer rate between any two processors on the network is 
assumed to be fixed and constant as same as LDCP. The 
communication cost between two processors is represented by 
n ×  n matrix ( nnD × ). ,i jd D∈ is zero if two tasks it  and jt of 
and are scheduled on the same processor and it is equal to 
communication cost (non zero) in the other case. A task can 
start its execution on a processor only when all data from its 
parent become available to that processor.  The goal of our 
algorithm is to assign tasks in processors in a way that 
minimizes the total finish time, or the schedule length. 

A. Definition 1 
Schedule Length: The maximum execution time of the 

processors or the finish time of the final task after task 
scheduling is called scheduled length. There is a DAG and a 
computation cost matrix with two processors as shown in      
Fig.1. The schedule length is computed in Fig.2. and it is equal 
to 23. 

 

 

 

 

     (a)                                                      (b) 

Figure 1.  An example of (a) DAG (b) computation matrix  

 
Figure 2.  Schedule length of the presented DAG in Fig. 1. on two processors 

 

 
 
 
 

 
 

(a)                                     (b) 

Figure 3.  Tasks computation time on each processor that will be acquired 
from cost matrix in Fig. 1. 

Assigning task priorities in Grid system the efficiency of 
list-based scheduling algorithms depends on the methods which 
assign priorities to tasks. 

In our suggested algorithm LDCP+, if selecting a task in 
one step of scheduling causes the minimum schedule length we 
assign a high priority to that task. There are some basic 
definitions which are used in LDCP algorithm and because 
LDCP+ is the result of optimization of LDCP, we decided to 
represent this basic knowledge too. 

B. Definition 2 
Critical Path: For a given DAG, the Critical Path (CP) is 

defined as the path from an entry task to an exit task for which 
the sum of the computation costs of tasks and the 
communication costs of edges is maximal. 

IV. LDCP: LONGEST DYNAMIC CRITICAL PATH 

A. Definition 3 
Longest Dynamic Critical Path: Given a DAG with n tasks 

and e edges and a Grid system with m processors, DCP during 
a particular scheduling step is a path of tasks and edges from an 
entry task to an exit task. 

LDCP is the largest DCP, considering that communication 
costs between tasks scheduled on the same processors are 
assumed zero, and the execution constraints are preserved.    
Fig.3. represents two dynamic critical paths. First path in 
Fig.3.a. is composed of tasks 0 2,t t  and 3t  which is scheduled 
on processor 0p and has the length of 29. The second DCP in 
Fig.3.b. is composed of tasks 0 2,t t and 3t which is scheduled 
on processor 

1p  and has the length of 23, so at the first step of 
scheduling, LDCP is composed of tasks 0 2,t t and 3t and with 
the schedule length of 29. 

0t  

1t  
1p  

2t  

3t
 

0   6 15 

0 4 15 

0p

20 23 

Idle 

0t 1t

3t

2t3
1 2 

5

 

1p0p  Task 

5 6 0t  
4 6 1t  
8 9 2t  
3 7 3t  

336 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 4, July 2010 

V. LDCP+: THE PROPOSED ALGORITHM 

In the algorithm of LDCP+, each scheduling iteration 
includes three phases below: 

1. Task selection 

2. Processor selection phase 

3. Status update phase 

These 3 phases will be accomplished for each task until last 
input task is selected for scheduling. 

A. Task Selection Phase 
LDCP+ selects a set of tasks that play main role in 

determining schedule length. 

In first step of this phase, DAG of each processor is 
required for scheduling. 

1) Definition 4  
Directed Graph: With the assumption of having a DAG 

including n tasks, e edges and a Grid system with m processors 
( mppp ,...,, 10 ), kDAGP  is the directed acyclic graph that 
corresponds to processor kp . The computation cost of each 
task in the processor kp , is represented by a number on the 
related node of the kDAGP . 

0DAGP is shown in Fig.3.a. and 
1DAGP is shown in 

Fig.3.b. These figures are related with the DAG and the Grid 
system which is represented in Fig.1. Trough the course of this 
paper, ti is used to refer to the i'th task in directed acyclic graph 
and the node in identifies task it in kDAGP . The number 
associated with this node represents the computation cost of 
task ti on processor pk. In each kDAGP , all nodes are assigned 
with a number named UpwardRank (URank). URanks are used 
to determine tasks priorities in kDAGP . 

2) Definition 5 
URank: UpwardRank of i'th node ( in ) in kDAGP is 

defined recursively as 

, ( )( ) max { ( , ) ( )}
l k ik i i k n succ n k i l lURank n w c n n URank n∈= + + (1) 

where ( )k isucc n is a set of immediate successors of node 

in , ( , )k i lc n n is the communication cost between nodes 

in and 
ln  in kDAGP , and ,i kw  is the computation cost of 

it on processor 
kp . 

3) Definition 6 
URankSet: Each element of URankSet is defined as 

∑
−

=

1

0

)}({
m

k
ik nURankMax                                                 (2)  

where ( )k iURank n is ( )iURank n in kDAGP . 

4) Definition 7 
KeyNode: KeyNode is the node that has the maximum 

URank in URankSet. Corresponded task to this node is used as 
selected task for scheduling algorithm. 

 

5) Definition 8 
KeyNodeSet: This set includes KeyNodes that are selected 

for scheduling and in the first scheduling iteration it can 
include several tasks, but in other iterations it has only one task 
for scheduling and in the first scheduling iteration it can 
include several tasks, but in other iterations it has only one 
task. 

6) Definition 9.  
Least Execution Time (LET): Least Execution Time is 

defined as 

})(min{ ,, jikik dwpeprocessTim ++                     (3) 

where )( kpeprocessTim  is the time that find scheduled 
task on processor kp finishes its execution, ,i kw is the 
computation time of task corresponded to i on processor k, and 

,i jd is the communication time between it  and jt . If both 

it and jt are scheduled on processor 
kp , then communication 

cost between them will be assumed zero. After computing 
URankSet, the destined task for scheduling algorithm is the 
task corresponding to existing KeyNode in URankSet. In the 
first iteration to obtain minimum execution time on available 
processing elements, if the number of entry tasks is equal or 
less than processors number, all entry tasks will be consider as 
KeyNode, in other case, as same as the number of processors, 
tasks with maximum URanks will be selected as KeyNodes and 
place in KeyNodeSet. In the next iterations, KeyNodeSet 
merely includes one KeyNode (a set with one member).  

B. Processor Selection Phase 
In this phase, selected task will be assigned to a processor 

in the way to gain the minimum schedule length in each 
iteration of scheduling. Therefore, in LDCP+, these stages will 
be passed: As mentioned above, in the first scheduling 
iteration, KeyNodeSet can have more than one KeyNode. For 
the purpose of optimizing LDCP algorithm, LDCP+ computes 
distinct permutation of tasks, which their corresponding 
KeyNodes are available in KeyNodeSet, on different 
processors and the permutation with the minimum average 
execution time on processors will be the first assignment of 
tasks to processors. This average execution time can be 
achieved from 

 

⎪
⎪
⎭

⎪⎪
⎬

⎫

⎪
⎪
⎩

⎪⎪
⎨

⎧∑
−

=

m

w
m

k
ki

1

0
,

min                                                                 (4) 

 

Where i is the number of tasks corresponding to their 
KeyNodes, ,i kw w∈ and m is the number of processors. In 
the next iterations, the only available KeyNode in KeyNodeSet 
is selected to be scheduled. 

1) Definition 10 
Idle Space: In a processor when there is a gap between the 

start time of a task and the end time of the previous task, that 
interval time is called idle space. 
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2) Definition 11  
Replacement Ability: One task can be placed in an idle 

space when parents of that task have been terminated before the 
start time of the task. If any of its parents have been scheduled 
on a different processor, the required time for transferring data 
between processors should be mentioned. 

If there is a processor with the idle space and selected task 
has the ability of locating in that space (replacement ability), 
that processor will be selected. At the end of this phase, 
LDCP+ algorithm uses duplication process to decrease the 
schedule length. With this definition, after selecting the 
processor if the selected task has a parent scheduled on a 
different processor and the selected processor has an idle space 
before the start time of the selected task, then duplication 
process in the idle space will be used (regarding to the 
replacement ability). 

3) Definition 12 
Duplication Process: Duplication process is repeating the 

execution of one task on other processors. 

C. Status Update Phase 
After selecting the task and assigning it to a processor, 

appropriate URank with the selected task will be deleted from 
URankSet. Finish process time of the selected processor will be 
updated after the task has been assigned to the processor. 
Selected task will be deleted from the list of unscheduled tasks. 
LDCP+ algorithm is proposed in Fig.4. 

VI. CASE STUDY 

In this section, execution results of CPOP, HEFT and 
LDCP+ algorithms are compared in the case of having non 
monotonic computation cost matrix. A Grid system compose of 
three single-processor computers (m=3), fifteen tasks (n=15), a 
non monotonic computation cost matrix and a DAG with 
communication costs assigned to graph edges are shown in 
Fig.5. which also presents scheduling results of the mentioned 
DAG, executed by HEFT, CPOP and LDCP+ algorithms. 
Execution results of LDCP and LDCP+ are compared 
according to monotonic computation cost matrix. A Grid 
system with the parameters m=2 and n=10, a monotonic 
computation cost matrix and a DAG with communication costs 
assigned to graph edges are shown in Fig.6. Fig.6 also shows 
scheduling results of the mentioned DAG presented in Fig6.b, 
executed by LDCP and LDCP+ scheduling algorithms. 

 

 

 
 

 
 

Figure 4.  LDCP+ algorithm 

 

 

 

 

 

 

 

     (a)                                                           (b)             

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

      (c)                                                            (d)  

Establish 
kDAGP for all processors in the system where  0 1k m≤ ≤ −      

Calculate URanks for all 
kDAGP     

Compute the URankSet 
While there are unscheduled tasks in task list do  
    Find the KeyNode(s) in the URankSet 
     Put the KeyNode(s) in KeyNodeSet 
     If (it’s the first step of scheduling) then  
             Choose the processors which have the minimum permutation;  
     Else 
         If (there is any processor with idle time and the task have the  
            replacement ability) then 
           Selected the processor;  
         Else  
             Compute the finish time of the selected task on every system; 
             Find and select the processor that minimizes the finish time of the
            Selected task; 
         End if 
                      Duplicate the parent(s) of the selected task if needed;  
     End if 
     Assign the selected task to the selected processor; 
     Update the selected processor time; 
     Update the URANK set; 
     Update unscheduled task list; 
End while 
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(e)                                                         (f)                

Figure 5.  Scheduling results for HEFT, CPOP, LDCP+ algorithms. (a) A 
graph with 10 tasks. (b) Graph cost matrix. (c) HEFT Scheduling algorithm 
with schedule length of 80. (d) CPOP algorithm with schedule length of 89. 

(e) LDCP+ algorithms with schedule length of 68. (f) Tasks execution 
sequence in LDCP+ algorithm. Duplicated tasks:  
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(e)                                                              (f)     

Figure 6.  Scheduling results for LDCP and LDCP+ algorithms. (a) A graph 
with 11 tasks. (b) Graph cost matrix (c) tasks execution sequence in LDCP 

algorithm (d) LDCP algorithm with schedule length of 64 (e) tasks execution 
sequence in LDCP+ algorithm. (f) LDCP+ algorithm with schedule length of 

61.5 

VII. CONCLUSION AND FUTURE WORK 

In Grid systems, task scheduling is an important problem in 
the domain of optimizing heterogeneous distributed systems. In 
this paper a new heuristic scheduling algorithm, named 
LDCP+, is proposed. This algorithm has optimized LDCP 
algorithm that better result are attained for schedule length by 
improving these three phases: task selection phase, processor 
selection phase and status update phase. LDCP+ can schedule 
tasks in Grid systems in both case of having monotonic and 
non monotonic cost matrix. Using duplication process for 
optimizing priority assigns to tasks and also using idle spaces 
of processors will result in having better schedule length rather 
than other scheduling algorithms. In real time environment, the 
assignment of resources such as processors in a specific time is 
so important. More works can be done to improve algorithms 
with less computation cost for such environments. 
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Abstract- We have introduced a novel idea of considering 

complex Walsh transform for sectorization of transformed 

components. In this process the first coefficient of zero-cal 

and the last coefficient highest-sal are not used. In this paper 

we have proposed two different approaches along with the 

extra components of zero-cal and highest-sal for feature 

vector generation namely sector density and sector mean.  

Two similarity measures such as sum of absolute difference 

and Euclidean distance are used and results are compared. 

The cross over point performance of overall average of 

precision and recall for both approaches on different sector 

sizes  are compared. The density distribution of real (cal) and 

imaginary (sal) values and sector mean of Walsh sectors in all 

three color planes are considered to design the feature vector. 

The algorithm proposed here is worked over database of 1055 

images spread over 12 different classes. Overall Average 

precision and recall is calculated for the performance 

evaluation and comparison of 4, 8, 12 & 16 Walsh sectors. The 

use of sum of absolute difference as similarity measure always 

gives lesser computational complexity and density distribution 

approach with sum of absolute difference as similarity 

measure of feature vector has the best retrieval performance.    

Keywords-CBIR, Walsh Transform, Euclidian Distance, 

Absolute Difference, Precision, Recall 

 

I.       INTRODUCTION 

With the huge growth of digital information the need of its 

management requires need of storage and utilization in efficient 

manner. This has lead to approach like content based image 

search and retrieval to be used. The earliest use of the term 

content-based image retrieval in the literature seems to have been 

by Kato [1], to describe his experiments into automatic retrieval 

of images from a database by color, texture and shape features. 

The term has since been widely used to describe the process of 

retrieving desired images from a large collection on the basis of 

features (such as colors, texture and shape) that can be 

automatically extracted from the images themselves. The typical 

CBIR system [1-6] performs two major tasks. The first one is 

feature extraction (FE), where a set of features, called image 

signature or feature vector, is generated to accurately represent 

the content of each image in the database. A feature vector is 

much smaller in size than the original image, typically of the 

order of hundreds of elements (rather than millions). The second 

task is similarity measurement (SM), where a distance between 

the query image and each image in the database using their 

signatures is computed so that the top closest images can be 

retrieved.[7-9]. There are various approaches which have been 

experimented to generate the efficient algorithm for CBIR like 

FFT sectors [4-6], Transforms [15][17], Vector quantization[12], 

bit truncation coding [13][14]. In this paper we have introduced a 

novel concept of complex Walsh transform and its sectorization 

for feature extraction (FE).Two different similarity measures 

namely sum of absolute difference and Euclidean distance are 

considered. The performances of these approaches are compared.  

II. WALSH TRANSFORM 
 

Walsh transform [17] matrix is defined as a set of N rows, 

denoted Wj, for j = 0, 1, .... , N - 1, which have the following 

properties: 

• Wj takes on the values +1 and -1. 

• Wj[0] = 1 for all j. 

• Wj x WT
k=0, for j ≠ k and Wj x WkT =N, for j=k. 

• Wj has exactly j zero crossings, for j = 0, 1, ., N-1. 

• Each row Wj is either even or odd with respect to  

             its midpoint. 

 

Walsh transform matrix is generated using a Hadamard matrix of 

order N. The Walsh transform matrix row is the row of the 

Hadamard matrix specified by the Walsh code index, which must 

be an integer in the range [0, ..., N - 1]. For the Walsh code index 

equal to an integer j, the respective Hadamard output code has 

exactly j zero crossings, for j = 0,  1, ... , N - 1.  
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Kekre’s Algorithm to generate Walsh Transform from Hadamard 

matrix [17] is illustrated for N=16.However the algorithm is 

general and can be used for any N = 2k where  k is an integer.  

 

Step 1: 

Arrange the ‘N’ numbers in a row and then split the row at ‘N/2’, 

the other part is written below the upper row but in reverse order 

as follows: 

0    1   2   3   4   5  6  7  8  9  10  11  12  13  14  15  

15 14 13 12 11 10  9  8 

Step 2: 

We get two rows, each of this row is again split in ‘N/4’ and other 

part is written in reverse order below the upper rows as shown 

below.    

0    1   2   3    

15 14 13 12  

7    6   5    4 

8    9  10  11 

This step is repeated until we get a single column which gives the 

ordering of the Hadamard rows according to sequency as given 

below: 

0 ,15, 7, 8, 3,12,4,11,1,14,6,9,2,13,5,10 

Step 3: 

According to this sequence the Hadamard rows are arranged to get 

Walsh  transform matrix. Now a product of Walsh matrix and the 

image matrix is calculated. This matrix contains Walsh transform 

of all the columns of the given image.  

Since Walsh matrix has the entries either  +1 or -1  there is no 

multiplication involved in computing this matrix. Since only 

additions are involved computational complexity is very low. 

III. FEATURE VECTOR GENERATION 
 

The proposed algorithm makes novel use of Walsh transform to 

design the sectors to generate the feature vectors for the purpose 

of search and retrieval of database images. The complex Walsh 

transform is conceived by multiplying all sal functions by j = √-1 

and combining them with real cal functions of the same sequency. 

Thus it is possible to calculate the angle by taking tan-1 of sal/cal. 

However the values of tan are periodic with the period of п 

radians hence it can resolve these values in only two sectors.   To 

get the angle in the range of 0-360 degrees we divide these points 

in four sectors as explained below. These four sectors are further 

divided into 8, 12 and 16 sectors. We have proposed two different 

approaches for feature vector generation namely density and  

mean value of all the vectors in each sector with sum of absolute 

difference and Euclidean distance [7-9] [11-14] as similarity 

measures. Performance of both these approaches are compared 

using both similarity measures. Each Walsh sector is represented 

by single percentage value of sal-cal distribution in particular 

sector w.r.t. all sectors for feature vector generation using formula 

shown in (1) and two extra components of zero-cal and highest-sal 

are added to the feature vector. 

 

           (Total number of sal in particular sector) 

-----------------------------------------------------   X 100       (1) 

                 (Total number of sal in all sectors) 

 

Thus for 4, 8, 12 & 16 Walsh sectors 4, 8, 12 and 16 feature 

components along with extra components of zero-cal and highest-

sal  for each color planes i.e. R, G and B are generated. Thus all 

feature vectors are of dimension 18, 30, 42 and 54 components. In 

the second approach mean of all sal and cal of each sector and 

with extra components of zero-cal and highest-sal  is calculated 

and equation (2) is used for feature component representing each 

sector for all three color planes i.e. R. G and B with single value 

thus forming the feature vector of dimension 18, 30, 42 and 54 for 

4, 8, 12 and 16 complex Walsh transform sectors.    

A.     Four Walsh Transform Sectors: 

To get the angle in the range of 0-360 degrees, the steps as given 

in Table 1 are followed to separate these points into four 

quadrants of the complex plane. The Walsh transform of the color 

image is calculated in all three R, G and B planes. The complex 

rows representing sal components of the image and the real rows 

representing cal components   are checked for positive and 

negative signs. The sal and cal Walsh values are assigned to each 

quadrant. as follows: 

 

TABLE I.       FOUR WALSH SECTOR FORMATION 

Sign of 

Sal 

Sign of 

Cal 

Quadrant Assigned 

+ + I (0 – 90 Degrees) 

+ - II ( 90 – 180 Degrees) 

- - III( 180- 270 Degrees) 

- + IV(270–360 Degrees) 

 

The equation (1) is used to generate individual components to 

generate the feature vector of dimension 12 considering three R, 

G and B Planes in the sal and cal density distribution approach. 

However, it is observed that the density variation in 4 quadrants 

is very small for all the images. Thus the feature vectors have 

poor discretionary power and hence higher number of sectors such 

as 8, 12 and 16 were tried. In the case of second approach of 

feature vector generation i.e. individual sector mean has better 

discretionary power in all sectors and equation (2) is used to 

generate the individual sector components. 

  __________________________________ 

√ (mean of sal vector)
2
 + (mean of cal vector)

2   
(2)

   

   
        

 Sum of absolute difference measure is used to check the 

closeness of the query image from the database image and 
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precision and recall are calculated to measure the overall 

performance of the algorithm. 

B.     Eight Walsh Transform Sectors: 
 

Each quadrants formed in the previous obtained  4 sectors are 

individually divided into 2 sectors each considering the angle of 

45 degree. In total we form 8 sectors for R,G and B planes 

separately as shown in the Table 2. The percentage density 

distribution of sal and cal in all 8 sectors are determined using 

equation (1) to generate the feature vector.  

 

TABLE  2.    EIGHT WALSH SECTOR FORMATION 

Quadrant of 4 

Walsh sectors 

Condition New sectors Formed 

I (0 – 90 0 ) Cal >=  Sal I (0-45 Degrees) 

 Sal > Cal II (45-90 Degrees) 

II ( 90 – 1800 ) |Sal | > |Cal| III(90-135 Degrees) 

 |Cal| >= |Sal| IV(135-180 Degrees) 

III ( 180- 270 0 ) |Cal| >= |Sal| V (180-225 Degrees ) 

 |Sal| > |Cal| VI (225-270 Degrees) 

IV ( 270 – 3600 ) |Sal| > |Cal| VII (270-315 Degrees) 

 |Cal| >= |Sal| VIII (315-360 Degrees ) 

C.    Twelve Walsh Transform Sectors: 
 

Each quadrants formed in the previous section of 4 sectors are 

individually divided into 3 sectors each considering the angle of 

30 degree. In total we form 12 sectors for R,G and B planes 

separately as shown in the Table 3. The percentage density 

distribution of sal and cal in all 12 sectors are determined using 

equation (1) to generate the feature vector 

TABLE 3. TWELVE WALSH SECTOR FORMATION 

4 Quadrants  Condition New sectors  

I (0 – 900) Cal >= √3 * Sal I (0-30 0) 

 1/√3 cal <=sal<= √3 cal II (30-60 0) 

 Otherwise III (60-90 0) 

II ( 90 – 1800) Cal >= √3 * Sal IV (90-120 0) 

 1/√3 |cal| <=|sal|<= √3 

|cal| 

V (120-150 0) 

 Otherwise VI (150-180 0) 

III ( 180- 2700 ) |Cal|>= √3 * |Sal| VII (180-210 0 ) 

 1/√3 cal <=|sal|<= √3 

|cal| 

VIII(210- 240 0) 

 Otherwise IX (240-270 0) 

IV ( 270 – 

3600) 

|Cal|>= √3 * |Sal| X (270-300 0) 

 1/√3 |cal| <=|sal|<= √3 

|cal| 

XI (300-330 0 ) 

 Otherwise XII (330-360 0) 

IV.       RESULTS AND DISCUSSION 

The sample Images of the database of 1055 images of 12 different 

classes such as Flower, Sunset, Barbie, Tribal, Puppy, Cartoon, 

Elephant, Dinosaur, Bus, Parrots, Scenery,Beach is shown in the 

Figure 1. 

 
  

 
   

  
 

 

 
  

    

 

Figure 1. Sample Image Database 

 

Figure 2. Query Image 
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The flower class image is taken as sample query image as shown 

in the Figure 2 for both approaches of sal cal density distribution 

and individual sector mean. The first 21 images retrieved in the 

case of sector mean in 12 Walsh sector used for feature vectors 

and sum of absolute difference as similarity measure is shown in 

the Figure 3. It is seen that only 4 images of irrelevant class are 

retrieved among first 21 images and rest are of query image class 

i.e. flower. Whereas in the case of sal cal density in 12 Walsh 

Sectors with sum of absolute difference as similarity measures 

there is only 1 image of irrelevant class and 20 images of the 

query class i.e. flower are retrieved as shown in the Figure4. 

  

  

 

 

 

 

 

Figure 3: First 21 Retrieved Images based on individual sector mean of 12 

Walsh Sectors with Absolute Difference as similarity measures for the query 

image shown in the Figure 2. 
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Figure 4: First 21 Retrieved Images based on sal cal density distribution  in 12 

Walsh Sectors with Absolute Difference as similarity measures for the query 

image shown in the Figure 2. 

Once the feature vector is generated for all images in the database 

a feature database is created. A query image of each class is 

produced to search the database. The image with exact match 

gives minimum absolute difference. To check the effectiveness of 

the work and its performance with respect to retrieval of the 

images we have calculated the precision and recall as given in 

Equations (3) & (4) below: 

                     Number of relevant images retrieved 

Precision=-----------------------------------------------                   (3) 

                      Total Number of images retrieved 

 

 

                   Number of relevant images retrieved 

 Recall=-------------------------------------------------                    (4) 

                 Total number of relevant images in database 

 

 

The Figure5 - Figure8 shows the Overall Average Precision and 

Recall performance of sal cal density in 4, 8, 12 and 16 Walsh 

Transform sectors with absolute Difference respectively. Figure9-

12 shows the overall average cross over performance of individual 

sector mean of 4, 8, 12 and 16 Walsh sectors. The comparison bar 

chart of cross over points of overall average of precision and recall 

for 4, 8, 12 and 16 sectors of density distribution approach w.r.t. 

two different similarity measures namely  Euclidean distance and 

Absolute difference is shown in the Figure13. It is observed that 

performance of 12 sectors is the best. The performance of 

absolute difference is quite close to Euclidean distance. The bar 

chart shown in the Figure14 compares the performance of 

individual sector mean of 4, 8, 12 and 16 Walsh sectors. It is 

observed that the sector 16 with this approach has the best 

outcome as 0.511 and 0.524 of cross over point with Euclidean 

distance and absolute difference similarity measures respectively.       

 

Figure 5: Overall Average Precision and Recall performance of sal cal density 

distribution  in 4 Walsh Transform sectors with Absolute Difference(AD) and 

Euclidian Distance (ED) as similarity measures. 

 

 

 

 

Figure 6: Overall Average Precision and Recall performance of sal cal density 

distribution  in 8 Walsh Transform sectors with Absolute Difference(AD) and 

Euclidian Distance (ED) as similarity measures. 
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Figure 7: Overall Average Precision and Recall performance of sal cal density 

distribution  in 12 Walsh Transform sectors with Absolute Difference(AD) 

and Euclidian Distance (ED) as similarity measures. 

 

 

 

 

 

Figure 8: Overall Average Precision and Recall performance of sal cal density 

distribution  in 16 Walsh Transform sectors with Absolute Difference(AD) 

and Euclidian Distance (ED) as similarity measures. 

 

 

Figure 9: Overall Average Precision and Recall performance of Individual 

sector mean in 4 Walsh Transform sectors with Absolute Difference(AD) and 

Euclidian Distance (ED) as similarity measures. 

 

 

 

 

Figure 10: Overall Average Precision and Recall performance of Individual 

sector mean  in 8 Walsh Transform sectors with Absolute Difference(AD) and 

Euclidian Distance (ED) as similarity measures. 
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Figure 11: Overall Average Precision and Recall performance of Individual 

sector mean  in 12 Walsh Transform sectors with Absolute Difference(AD) 

and Euclidian Distance (ED) as similarity measures. 

 

 

 

 

 

Figure 12: Overall Average Precision and Recall performance of Individual 

sector mean  in 16 Walsh Transform sectors with Absolute Difference(AD) 

and Euclidian Distance (ED) as similarity measures. 

 

Figure 13: Comparison of Overall Precision and Recall cross over points 

based on sal cal density distribution in Walsh 4, 8, 12 and 16 sectors with 

Absolute Difference (AD) and Euclidean Distance (ED) as similarity 

measure. 

 

Figure 14: Comparison of Overall Precision and Recall cross over points 

based on individual sector mean in Walsh 4, 8, 12 and 16 sectors with 

Absolute Difference (AD) and Euclidean Distance (ED) as similarity 

measure. 

.V.     CONCLUSION 

The Innovative idea of using complex Walsh transform 4, 8, 12 

and 16 sectors of the images to generate the feature vectors for 

content based image retrieval is proposed. We have proposed two 

different approaches for feature vector generation with sum of 

absolute difference as similarity measuring parameter. First one is 

sal-cal density distribution in complex transform and second is 

individual sector mean. In both approaches we have used zero and 

highest sequency of cal and sal as extra components to augment 

the feature vector. This approach gives improvisation in the result 

of density distribution approach. It has increased the discretionary 

power of sector 4 which was quite absent in the case of non 

utilization of extra components of sequency [9].The cross over 

point performance of overall average of precision and recall for 

both approaches on all applicable sectors are compared.  Using 

Walsh transform and sum of absolute difference as similarity 

measuring parameter reduces the computational complexity 

reducing the search time and calculation [8][9]. The density 

347 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



(IJCSIS) International Journal of Computer Science and Information Security,  

Vol. 08, No. 04, 2010 

 

 

distribution approach of feature vector augmentation with 12 

sectors gives the best result of overall precision and recall cross 

over point of 0.514 and 0.527 for Euclidean distance and sum of 

absolute difference respectively. In case of individual sector mean 

approach the sector 16 gives the best result as 0.511 and 0.524 as 

cross over point of precision and recall with same similarity 

measures. Thus the best performance is obtained with density and 

sum of absolute difference as similarity measure which is 

computationally most economical. 
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ABSTRACT

In this study, neural networks (NN) algorithm and multivariate discriminant (MDA) based model were developed to classify ten (10) 

varieties of cowpea which were widely planted in Kano. .  In order to demonstrate the validity of our model, we use the case study to 

build a neural network model using  Multilayer Feedforward Neural Network, and compare its classification performance against the  

Multivariate discriminant analysis. Two groups of data (Spray and Nospray) were used. Twenty kernels were used as training data set 

and test data  to classify cowpea seed varieties. The neural network classified the new cowpea seed varieties based on the information 

it is trained with. At the end both methods were compared for their strength and weakness. It is noted that  NN performed better than 

MDA, so that NN could be considered as a support tool in the process of selection of new cowpea varieties.

KEYWORDS: Cowpea, Multivariate Discriminant Analysis (MDA), Neural Network (NN), Perceptron. 
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1.0 Introduction

The history of neural networks begins with the earliest model of the biological neuron given by [5]. This model describes a neuron as 

a linear threshold computing unit with multiple inputs and a single output of either 0, if the nerve cell remains inactive, or 1, if the cell 

fires. A neuron fires if the sum of the inputs exceeds a specified threshold. In functional form, this gives f(x) = 1 for x greater than 

some threshold, and f(x) = 0 otherwise (this is commonly known as the indicator function). In theory, such a "system" of neurons 

presents a possible model for biological neural networks such as the human nervous system.

The [5] model was utilized in the development of the first artificial neural network by [12] in 1959. This network was based on a unit 

called the perceptron, which produces an output scaled as 1 or -1 depending upon the weighted, linear combination of inputs. 

Variations on the perceptron-based artificial neural network were further explored during the 1960s by [12] and by [15], among 

others. 

In 1969 [6] demonstrated that the perceptron was incapable of representing simple functions which were linearly inseparable. This 

includes the case of the "exclusive or" (XOR). Because of this fundamental flaw (and Rosenblatt's untimely death) the study of neural 

networks fell into something of a decline during the 1970s. However, this limitation was overcome in the early 1980s. According to 

[11] : The post-perceptron era began with the realization that adding (hidden) layers to the network could yield significant 

computational versatility. This yielded a considerable revival of interest in ANNs (especially multilayered feedforward structures), 

which continues to this day.

Presently, much research on neural networks is taking place within two areas: (a) the aforementioned multilayered feed-forward 

networks, also known as multilayer perceptrons, and (b) symmetric recurrent networks, also known as attractor neural networks or 

Hopfield nets. The former model is used for classification problems, while the latter is used for developing associative memory 

systems. The investigation into neural network structures and performance has taken on a substantially pragmatic feel in recent years. 

There is greater interest in using neural networks as problem-solving algorithms than in developing them as accurate representations 

of the human nervous system. ANNs have been implemented to solve a variety of problems involving pattern classification and 

pattern recognition. 

2.0  Neural Networks and Standard Statistical Techniques

Similarities between ANNs and statistical methods definitely exist. Indeed, neural networks have been categorized as a form of 

nonlinear regression. It has also been observed that multiple linear regression, a standard statistical tool, can be expressed in terms of a 

simple ANN node. For example, given the linear equation y = b0 + b1x1 + ... + bnxn, the xi can be taken as the inputs to a node, the bi

taken as the corresponding weights, and b0 taken as the activation function. There are at least two key differences between ANNs and 

statistical methods. Often remarked upon as a major drawback of ANNs is the fact that their internal functional structure remains 

unknown once they have been trained. In effect, a neural network remains a "black box" that may produce useful results, but cannot be 

precisely understood. Statistical procedures do not exhibit this sort of opaque design. The construction of a neural network is also 

something of an ad-hoc process whereas there are commonly formalized guidelines for fitting the best model in statistics. The 

performance of ANNs has been extensively compared to that of various statistical methods within the areas of prediction and 
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classification. In particular, a fair amount of literature has been generated on the use of ANNs in time series forecasting. In an 

examination of two time series without noise, [4] concluded that basic neural networks substantially outperform conventional 

statistical methods. [7] found that a neural network and the Box-Jenkins forecasting system performed about the same for the analysis 

of 75 different time series. Interestingly, the memory of a time series has been demonstrated to influence relative performance of 

ANNs and the Box-Jenkins Model. The Box-Jenkins model slightly outperforms ANNs for time series with long memory, while the 

reverse tends to be true for time series with short memory. Stern has also concluded that for time series analysis "NNs work best in 

problems with little or no stochastic component". Neural network and statistical approaches to pattern classification have been 

compared by a number of researchers. For the most part, reviews seem to be mixed. For instance, [3] concluded that neural networks 

show little promise as real-world classifiers, while a case study examined by Yoon points to the superiority of ANNs over classical 

discriminant analysis. 

In a comprehensive study of classification techniques, [6] rated the performance of a large selection of neural network, statistical, and 

machine learning algorithms on a variety of data sets. In the analysis of their results, they presented the top five algorithms for twenty-

two different data sets based on error rates. Though not conclusive, the study by Mitchie would seem to suggest that neural networks 

aren't necessarily replacements for, or even preferable alternatives to standard statistical classification techniques.

2.1   Multivariate Discriminant Analysis

The term multivariate discriminant analysis refers to several different types of analyses. Classificatory discriminant analysis is used to 

classify observations into two or more known groups on the basis of one or more quantitative variables. Classification can be done by 

either a parametric method or a nonparametric method. A parametric method is appropriate only for approximating normal within-

class distributions. The method generates either a linear discriminant function  or a quadratic discriminant function. When the 

distribution within each group is not assumed to have any specific  distribution different from the multivariate normal distribution, 

nonparametric methods can be used to derive classification criteria. These methods include the kernel method and nearest-neighbor 

methods. The kernel method uses uniform, normal, bi-weight, or tri-weight kernels in estimating the group-specific density at each 

observation. The within-group covariance matrices or the pooled covariance matrix can be used to scale the data. The performance of 

a discriminant function can be evaluated by estimating error rates (probabilities of misclassification). Error count estimates and 

posterior probability error rate estimates can be evaluated. In multivariate statistical applications, the data collected are largely from 

distributions different from the normal distribution. Various forms of nonnormality can arise, such as qualitative variables or variables 

with underlying continuous but nonnormal distributions. If the multivariate normality assumption is violated, the use of parametric 

discriminant analysis might not be appropriate. When a parametric classification criterion (linear or quadratic discriminant function) is 

derived from a nonnormal population, the resulting error rate estimates might be biased.

2.1.1    Discriminant Function

A simple linear discriminant function transforms an original set of measurements on a sample into a single discriminant score. The 

score or transform variable represents the sample’s position along line defined by the linear discriminant function. We can therefore 

think of the discriminant function as away of collapsing a multivariate problem down into a problem which involves only one 
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variable. One method that can be used to find discriminant function is regression; the dependent variable consists of the differences 

between the multivariate means of the group.

In matrix notation, we must solve an equation of the form

[Sp
2]*[λ] = [D]………………………………… (1)

Where Sp
2 is the m*m matrix of pooled variance and covariances of the m- variable, λ is the coefficient of the D-equation.

 [λ] = [Sp
2]-1*[D]………………………………… (2)

To compute the discriminant function, we must determine the various entries in the matrix equation. The mean differences 

are found simply by

Dj=Ậj-Bj= /na- /nb      …………………… (3)

In expanded form

    D1                     Ậ1           B1       

    D2                    Ậ2 B2

      -         =        -        -         -

     -                     -                   -

      -                    -                   -

   Dm                     Am                 Bm   

We must construct the matrix of sum of square and cross product of all variables.

Sum of product of Matrix 

A = – ……. (4)

Sum of product of Matrix 

B =  ( …… (5)

Then the matrix of pooled variance can be found as

 Sp
2    =  SPA    + SPB        / (na + nb - 2)………….. (6)

It could be observed that this equation for pooled variance is exactly the same as that used in the T2 test of the equality of multivariate 

means. Although the amounts of mathematical manipulation that must be performed to calculate the coefficients of a discriminant 

function appear large.

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 4, July 2010 

353 http://sites.google.com/site/ijcsis/ 
ISSN 1947-5500 



.

The set of coefficients that can be found are entries in the discriminant function equation of the form:

                     

     R0 = λ1ψ1+ λ2ψ2+ λ3ψ3 +…….+  λmψ…………………. (7)

The discriminant index, R0, is the point along the discriminant function line which is exactly halfway between the center of group A 

and the center of group B. Then we substitute the multivariate mean of group A into the equation to obtain RA (that is, we set ψj = Aj) 

and the mean of group B. 

2.2    Multilayer Feedforward Neural Network

Feedforward neural networks (FF networks) are the most popular and most widely used models in many practical applications. Feed-

forward ANNs allow signals to travel one way only; from input to output. There is no feedback (loops) i.e. the output of any layer 

does not affect that same layer. Feed-forward ANNs tend to be straight forward networks that associate inputs with outputs. They are 

extensively used in pattern recognition. This type of organisation is also referred to as bottom-up or top-down. They are known by 

many different names, such as "multi-layer perceptrons. The manner in which the neurons of a neural network are structured is 

intimately linked with the learning algorithm used to train the network. We may therefore speak of learning algorithm used in the 

design of neural networks as being structured. The classification of learning algorithms can be considered based on two fundamental 

different classes (Single layer feed-forward, Multi-layer feed-forward) of neural network architecture.     

The diagram bellow describes the structure of the multilayer feed-forward neural network.

   

                Input Layer            Hidden Layer         Output Layer

Fig1

a. The activity of the input units represents the raw information that is fed into the network.

b. The activity of each hidden unit is determined by the activities of the input units and the weights on the connections between 

the input and the hidden units.

c. The behavior of the output units depends on the activity of the hidden units and the weights between the hidden and output 

units. This simple type of network is interesting because the hidden units are free to construct their own representations of the 

input. The weights between the input and hidden units determine when each hidden unit is active, and so by modifying these 

weights, a hidden unit can choose what it represents. 
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3.0         Implementation 

A package was developed and implemented using java and S-plus as the computing environment and run a on Pentium IV 1.80GHz of 

processor, 512MB of RAM and 40GB of local disk. These packages can work on any windows based operating system but for best 

performance, window XP professional is recommended. 

The implementation could be started by lunching into the interface. It is followed by the menu editor which gives user access to the 

whole application of neural network. The two classes (No Spray, Spray) of the data were first tested for the similarity/dissimilarity and 

correlation test was performed to generate the training weights from the given data using S-Plus, and the results were shown below:

Table: Results of the analysis.

Variable RankSumSquare(RSS) Weight Std.Error Intercept

Good Seed 84900.2 0.52 0.000000+00 spray.gs

Bad Seed 84900.2 0.45 0.000000+00 spray.bs

Germinating Seed 1824.32 0.40 0.000000+00 spray.sw

Seed Weight 7339.87 0.25 0.000000+00 spray.sg

Days to flowering 12295.91 -0.31 0.000000+00 spray.df

Days to maturity 1828.34 0.27 0.000000+00 spray.dm

Plant stand/hectare 20272.38 0.24 0.000000+00 spray.sh

 Degree of freedom: 30 totals; 28 residual

 Residual standard error (on weighted scale): 55.06496

The model for the correlation and the neural network are as follow:

Y = Cowpea yield

Y = 

Yij =  + Error

Where Wij = (X”X)-1X”Y

The figure shows the application as it appears when it initially starts up. Initially, the network activation weights are all zero. The 

network has learned no patterns at this point.
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Fig2:  neural network before training 

To train the network to recognize the pattern 1000000, enter 1000000 under the “Input pattern to run or train”. Click the “Train” 

button. Notice the weight matrix adjust to absorb the new knowledge.

Fig3: neural network  after the first training

Now the network will be tested. Enter the pattern 1000000 into the “Input pattern to run or train” (it should still be there from your 

training). The output will be “1000000”. This is an auto associative network, therefore it echoes the input if it recognizes it. 

Now try something that does not match the training pattern exactly. Enter the pattern “01000000” and click “Run”. The output will 

now be “0111000”. The neural network did not recognize “01000000”, but the closest thing it knew was “0111000”. Now test the side 

effect mentioned previously. Enter “0111111”, which is the binary inverse of what the network was trained with (“0111111”). The 

networks always get trained for the binary inverse too. So if you enter “00000001”, the network will recognize it. 

 Then , the  final test. Enter “0000000”, which is totally off base and not close to anything the neural network knows. The neural 

network responds with “0111000”, it did try to correct, it has idea what you mean. You can play with the network more. It can be 
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taught more than one pattern. As you train new patterns it builds upon the matrix already in memory. Pressing “Clear” clears out the 

memory.

4.0 Discussion of Result

Table 2:

Ten (10) varieties of Cowpea were used for classification and the results are shown bellow:

Variety MDA Neural Network Test

IT845-224-4       A              A       A

IT86D-716       R              A       A

IT90K-277-2       A              A       A

Tvu-13743       A              A       A

Tvu-1890       A              A       A

Tvu-14476       A              A       A

IT86D-715       A              A       A

IT86D-719       A              A       A

Tvu13731       A              A       A

TvNu72       A              A       A

                      A = Accept 

                      R = Reject

For the NN, the results may be considered very promising. In ten (10) varieties that were tested, all the varieties  were accepted in the 

test, one (IT86D-716) is rejected by the multivariate discriminant but accepted by the neural network.

5.0      Conclusion

To explore new ways to help the process of selection of new cowpea varieties, neural networks (NN) algorithm and multivariate 

discriminant (MDA) based model were developed to classify ten (10) varieties of cowpea which were widely planted in Kano and, the 

methods (NN and MDA) used showed that Neural Networks could be considered as a promising technique to develop support tools 

for the process of selection of new cowpea varieties. For the NN, the results may be considered very promising. In ten (10) varieties 

that were tested, all the varieties  were accepted in the test, one (IT86D-716) is rejected by the multivariate discriminant but accepted 

by the neural network.
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