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Abstract—The techniques of MIMO (Multiple Input and Multiple 
Output) OFDM (Orthogonal Frequency Division Multiplexing) 
systems have been adopted by IEEE 802.11n wireless 
communication standard (Wi-Fi). Multiuser Detection by blind 
signal separation (BSS) techniques in MIMO OFDM systems 
recently attracts researchers’ interests by their various 
advantages. The performance of a MIMO OFDM system mainly 
depends on reliability and effectiveness of the system, and the 
measurement of reliability is bit error ratio (BER). On the 
premise of effectiveness, a new blind multiuser detection 
approach based on FastICA (fast fixed-point algorithm for 
independent component analysis) is proposed for a SDMA-aided 
(Spatial Division Multiple Access) MIMO OFDM system with 
additive white Gaussian noise (AWGN) for the target of better 
reliability. Compared with the usually-used spatial-multiplexing-
based MIMO OFDM system, the proposed method offers better 
BER performance. Simulation results confirm the better 
reliability of the proposed approach.  

Keywords- Blind Multiuser Detection; SDMA; MIMO OFDM; 
FastICA 

I. INTRODUCTION 
The techniques used in MIMO (Multiple Input and Multiple 

Output) OFDM (Orthogonal Frequency Division Multiplexing) 
systems have been adopted by IEEE 802.11n wireless 
communication standard (Wi-Fi) [1], [2]. For any receiver of 
MIMO OFDM systems, some priori parameters such as 
characteristics of users and noise, timing information of users 
and noise, relative amplitude and training sequences are needed 
[3]. Blind multiuser detection is a novel approach without 
retransmitting them in MIMO OFDM systems.  

Blind signal separation algorithms adopted in MIMO 
OFDM systems usually contain two classifications, which are 
second order statistics (SOS) and higher order statistics (HOS). 
With regard to SOS methods, a subspace approach with short 
averaging periods has been proposed [4]. Although it achieves 
a good estimation accuracy, the scheme requires additional 
information of channel orders for optimizing the ambiguity 
matrix, and the computation complexity is not lower when the 
number of subcarriers is larger than 64 [5]. In contrast with 
SOS, the use of HOS blind signal separation algorithms, which 
are also called independent component analysis (ICA) [6], 
decreases the influence caused by the Gaussian noise of 
transmission channels in MIMO OFDM systems.  

The most familiar approach employing HOS in MIMO 
OFDM systems is Constant Modulus Algorithm [7]. Although 
this method provides a good solution to inter-symbol-
interference (ISI) and inter-user-interference (IUI), it requires 
more receivers than transmitters. Another approach [8] makes 
use of tensor based space-time multiplexing and offers some 
transmission flexibility, but the problem associated with this 
method is that the transmitters are too complex to be 
implemented in practical applications. Well-established HOS 
methods in MIMO OFDM systems include JADE (Joint 
Approximate Diagonalization of Eigen-matrices) [5], FastICA 
[9] and Nature Gradient [10]. The JADE-LSTE (Layered 
Space-time Equalization) approach in [5] applies JADE to all 
subcarriers and uses a LSTE approach for solving the 
permutation and scaling indeterminacy problems. However, the 
limitation of this approach is its complex structure. In [9], 
FastICA in a MIMO OFDM system is proposed by fractional 
sampling in the frequency domain, and the permutation and 
scaling indeterminacy are solved by a PLL (phase locked loop). 
The fractional sampling is able to increase the number of 
received signals and to get better diversity at the receiver. 
However, this method increases the computation complexity. 
The Nature Gradient approach [10] is applied to each current 
subcarrier and the previous subcarrier has to be used 
sequentially to resolve the permutation and scaling 
indeterminacy. However, this sequential approach brings some 
error propagation. In general, they select similar linear schemes, 
and because of the higher computation and complexity of 
nonlinear blind signal separation algorithms, nonlinear schemes 
have not been included. 

To realize a MIMO OFDM system, several technologies, 
which include beamforming, space-time coding [8], SDMA [1], 
spatial multiplexing [5], [7], [9] and network, have been used. 
Compared with other approaches, SDMA schemes are able to 
maximize the number of users in wireless communication 
systems, and the interference can be drastically reduced by 
users’ channel impulse responses [1].  Furthermore, SDMA 
schemes can let multiple users in the same time or frequency or 
code domain to simultaneously share the same bandwidth at 
different locations by spatial signature, thus the capacity of the 
system is increased.  

FastICA algorithm is capable of separating linearly mixed 
complex valued source signals with good computational 
efficiency [11]. The use of FastICA algorithm can also supply 

1 http://sites.google.com/site/ijcsis/ 
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enough separating accuracy for mixed complex valued source 
signals and has most of the advantages of other HOS blind 
signal separation algorithms. According to the attraction of 
FastICA algorithm, it is employed to the SDMA-aided MIMO 
OFDM system.  

With enough effectiveness of a MIMO OFDM system, a 
smaller BER means a better reliability of the system. The 
objective of this paper is to apply FastICA [6], [11], to SDMA-
aided MIMO OFDM systems with additive white Gaussian 
noise (AWGN) for detecting multiuser signals with better BER 
performance. The simulation results show that the proposed 
approach offers less BER and than the spatial-multiplexing-
based MIMO OFDM systems. 

This paper is organized as follows. The system model is 
defined in Section II. Section III describes the proposed 
FastICA receiver. The simulation of proposed method is 
presented in Section IV, followed by some conclusions in 
Section V. 

II. SYSTEM MODEL  

A. SDMA-aided MIMO Channel 
Compared with a single input single output (SISO) system 

which is equipped with 1 transmitting antenna and 1 receiver 
antenna, Figure 1 shows a generic uplink SDMA-aided MIMO 
system model, where each of l simultaneous users is equipped 
with a single transmitting antennas, while the base station’s 
receiver exploits p-element antenna array. The scenario can 
improve spectral efficiency of the system, diversity gain and 
capacity of the system. Figure 2 [1] illustrates the schematic of 
an uplink SDMA-aided MIMO OFDM system. In the kth 
subcarrier of the nth OFDM symbol received by the p-element 
antenna array, the set of complex signal vector x[n, k] is 
constituted by the superposition of the independent signals 
from l mobile users and corrupted by AWGN. So the received 
complex signal can be expressed as [1] 

x = Hs + n = x + n                                 (1) 

Here the indices [n, k] have been omitted for the sake of 
notational convenience and the vectors x, s, and n are given by 

x = [x1, x2, ···, xp]T                                    (2) 

s = [s1, s2, ···, sl]T                                (3) 

n = [n1, n2, ···, np]T                               (4) 

where T denotes transpose. The frequency domain channel 
transfer matrix H with p*l dimension is given by [1] 

H = [H1, H2, …, Hl]T                              (5) 

where Hi (i = 1, 2, ···, l) is the set of channel transfer function 
vectors of the l users to each element of the p-element receiver, 
which is express as [1] 

Hi = [Hi1, Hi2, …, Hip]T, i = 1, 2, ···, l.                        (6) 

There assumptions made in this model are both the 
complex source signal si and AWGN signal np that have zero 
mean and a variance of 2

lδ , and the frequency channel transfer 
functions Hij (i = 1, 2, ···, l and j =1, 2, ···, p) are independent 
and stationary. The complex Gaussian distributed processes of 
the frequency channel transfer functions are set to zero-mean 
and unit variance [1].  
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Figure 1. Generic uplink SDMA-aided MIMO system model 
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Figure 2. The schematic of uplink SDMA-aided MIMO OFDM system 

 

B. DFT-based OFDM systems 
OFDM, which is a special multicarrier modulation in the 

standard parallel data transmission systems, divides the 
frequency domain into orthogonal overlapping subcarriers. The 
frequency spectrums of the subcarriers can guarantee that the 
subcarrier signals do not interfere with each other. OFDM 
system alters a frequency selective broadband channel into flat 
fading narrowband channels so that the system maintains a 
high spectral efficiency. 

Figure 3 shows a DFT-based OFDM transmission system 
and DFT technique can reduce the implementation complexity 
of OFDM. A sequence of discrete-time BPSK (Binary Phase

2 http://sites.google.com/site/ijcsis/ 
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Figure 4.  The SDMA-aided MIMO OFDM System Model 

 

Shift Keying) modulated symbols goes through a serial/parallel 
converter, and then each block of symbols, S = [S(0), S(1), S(2), ···, 
S(N-1)]T, is modulated by IDFT. The new vector, s = [s(0), s(1), 
s(3) ···, s(N-1)]T is demultiplexed into a serial form to generate a 
single OFDM symbol. The cyclic prefix (CP) can avoid ISI, 
and it is inserted for each OFDM symbol at the transmitter and 
then is taken away at the receiver. Through the DFT 
demodulation at the receiver, the received frequency symbol 
can be shown in the following equation. 

X(k) = H(k)S(k)                                           (7) 

here the factor H(k) is a complex valued scale at kth frequency.  
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Figure 3. Block Diagram of DFT-based OFDM systems 

 
 

Although OFDM scheme increases the implementation 
complex as shown in Figure 3 compared with a traditional 

serial modem, the signal in low speed subchannels is less 
sensitive to Inter Symbol Interference (ISI). It is worth noting 
that the subchannel modulation scheme is not limited to BPSK, 
and Quadrature Phase Shift Keying (QBSK), 16 Quatrature 
Amplitude Modulation (16QAM), 64 QAM and related 
modulation schemes have also been selected in recent years.  

C. The SDMA-aided MIMO-OFDM System Model 
The combination of SDMA, MIMO and OFDM may 

enhance the quality of wireless communication and increase 
the throughput of the system.  The SDMA-aided MIMO 
OFDM is illustrated in Figure 4 [1]. The number of antennas 
decides the complexity of estimation at the receivers and a 
large number of antennas mean a complex multiuser detection. 
The linear SDMA-aided mixing model at kth frequency can be 
described by (8) or in a compact expression shown in (9). 

  
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

+
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

=
⎥
⎥
⎥

⎦

⎤

⎢
⎢
⎢

⎣

⎡

)(

)(
1

)(

)(
1

)()(
1

)(
1

)(
11

)(

)(
1

k
p

k

k
l

k

k
lp

k
p

k
l

k

k
p

k

n

n

S

S

HH

HH

X

X
MM

L

MOM

L

M        (8) 

X(k)= H(k)S(k) + n(k)                                     (9) 

 

III. THE PROPOSED FASTICA RECEIVER  
In [5], it is noticeable that the ICA model for MIMO 

OFDM systems is an instantaneous linear mixture of each 
subcarrier. It is a basic requirement that allows the application 
of ICA to blind multiuser detection in MIMO OFDM systems. 
In contrast with SOS, HOS blind signal separations have better 
BER performance, thus the existing HOS algorithm will be 
employed in the proposed system. Among existing HOS 
algorithms, Complex FastICA algorithm [6], [11] is adopted 
for the proposed SDMA-aided MIMO OFDM system because 
of its fast convergence, less computation complexity, and high-
quality BER performance. 
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Figure 5. FastICA receiver structure 

 
 

After the DFT modules of the OFDM receivers, FastICA 
algorithm [5] is applied. It is worth to notice that the received 
signals need to be whitened before using FastICA to estimate 
the source signals. According to [11], the minimized or 
maximized contrast function is 

JG(w) = E{G(|wHx|2)}                                         (10) 

 
where G is a smooth even function, E denotes the 
expectation,  w is an n-dimensional complex weight vector, 
(·)H means the Hermitian transpose, and E{|wHx|2}=1.  

According to different performance aims, there are 
mainly three choices of G functions. For the better BER 
performance target and according to different properties of 
different G functions [11], we choose: 

G(y) )log( 1 ya +≈ ,   1.01 ≈a                            (11) 

where y is a complex random variable. The one-unite update 
matrix w [11] is 

w+=E{x(wHx)*g(|wHx|2)}-E{g(|wHx|2)+|wHx|2g'(|wHx|2)}w       (12) 

     wnew =
|||| +

+

w
w                                         (13) 

where (·)+ denotes the pseudo-inverse, (·)* means complex 
conjugation, g(·) is the derivative of G(·) , g' (·) is the 
derivative of g(·), and ||·|| means the Euclidean norm. The 
wnew shows the update procedure. The one-unit algorithm 
can be extended to the whole separation matrix W(k) =(w1

(k), 
w2

(k), ···, wp
(k)) at the frequency k, and the estimation of the 

source signals can be found by s = WHx at different 
frequencies.  

Due to the permutation and scaling ambiguity of BSS 
methods, the reorder step has to be applied after employing 
FastICA algorithm. To realize this step, the pre-coding 
about correlation between data in different subcarriers and 
data in reference subcarriers is required at the transmitter, 
and every subcarrier can be the reference subcarrier. The 
pre-coding step is similar to that given in [5] 

)]()([
||1

1)s(
2

nNkadnNkd
a

nNk rii +++
+

=+     (14)       

where k is the index of subcarriers, N is the total number of 
subcarriers, n is the index of OFDM symbols, the index di(·) 
is the unit variance source stream i, the constant a stands for 
an imaginary valued scalar, and kr is the reference subcarrier. 

The reordering module at the receiver calculates 
correlation between data in each subcarrier and data in the 
reference subcarrier. In [5], it shows that different 
correlations mean data in different streams and an 
estimation of s(n, k) can be obtained by the remaining 
subcarriers through the following equation 

 s(n, k) = T
p nNksnNksk )](),...,()[( 1

1 ++
∧∧

−D            (15) 

where D(k) is the non-singular diagonal phase shifting 
matrix. 

The last step is to decode the original source signals. The 
decoded source stream i is given by [5] and has the form 

)()(||1)( 2 nNksaksanNkd riii +−+=+
∧∧∧

             (16) 

IV. SIMULATIONS 
Regarding the purpose of the research and taking into 

account both 802.11n [2] 802.11a standard [12], the 
proposed system, which includes 4 transmitting antennas and 
a base station with 4-element antenna array, is operated in 
the 5GHz band, and the system bandwidth is set to 20MHz. 
Here the set value of transmitting antennas or antenna array 
is 4 instead of a large number, because increasing antenna 
elements can make antenna systems grow in size. 
Furthermore, the number of antenna elements increasing 
means approach a limit capacity, and it is still an open 
question about the maximum capacity of a limited-size 
antenna [13]. The total number of subcarriers is 64 and the 
length of cyclic prefix is 16. The bit rate of data with BPSK 
modulation is 16Mbit/s and OFDM symbol duration is 3.2 µs. 
The simulation results are average values of collected 
simulation data. 
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The BER vs. SNR performance of the proposed SDMA-
aided MIMO OFDM system and conventional spatial-
multiplexing-based MIMO OFDM system is shown in 
Figure 6. There is about 21% relative BER improvement in 
average when SNR range is from 5 dB to 30 dB according to 
Table I’s data. Thus, it demonstrates that the proposed 
system has less BER at different SNR value and is mainly 
more robust than the spatial-multiplexing-based MIMO 
OFDM system. 

TABLE I.  RELATIVE BER IMPROVEMENT 

SNR(dB) 5 10 15 20 25 30 
Relative  
BER 
Improvement 

23.1% 11.6% 20.5% 23.5% 18.8% 28.4%

 

V. CONCLUSIONS 
In this paper, SDMA technique is applied to the MIMO 

OFDM system based on the analysis and discussion of 
different approaches and SDMA is speculated to be one of 
the most capable ways in improving performance of MIMO 
OFDM systems. A significant measurement of reliability for 
MIMO OFDM system, bit error rate, is considered. For 
better bit error rate performance, FastICA algorithms are 
demonstrated and one of them is selected to such a target. 

A possible simulation structure is designed for proposed 
system. And the BER performance of the proposed scenario 
is analyzed and compared with spatial-multiplexing-based 
MIMO OFDM system. The simulation results show that the 
proposed method has better BER performance than spatial-
multiplexing-based MIMO OFDM system. Furthermore, the 
simulation results also illustrate that the complex FastICA 
algorithm indicates its validity for SDMA-aid MIMO OFDM 
systems.  
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Figure 6. BER performance of the proposed system and spatial-

multiplexing-based method 
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Abstract— The mobility issue in grid environments has 

established new challenges to the research communities 

particularly in the areas of scheduling, adaptation, security and 

mobility. Especially, the resource allocation becomes more 

challenging when mobility is considered in grid environment. 

Hence it is necessary to consider the mobility of users along with 

the resource availability while scheduling the resources for the 

execution of jobs. In this paper, we propose to design a 

Hierarchical Resource Allocation Architecture (HRAA) which 

includes resource monitoring and scheduling operations for 

mobile grid. In this architecture, the Mobile Grid is divided into 

clusters. Each cluster has one cluster head (CH). A master server 

(MS) controls each local clusters and has frequent updates of all 

the CH information. Each CH has a monitoring agent (MA) 

which will periodically predict the mobility of the cluster nodes 

and monitor the resource availability and update their values. 

When the MS forwards the job request of a user to the ideal CH, 

the CH schedules the jobs based on the predicted time for 

resource availability and sufficiency of the resources. By 

simulation results, we show that our proposed architecture 

achieves good success ratio and throughput with reduced delay 

and energy consumption.  

Keywords-Resource Allocation, monitoring agent (MA), 

Hierarchical Resource Allocation Architecture (HRAA), cluster 

head, master server (MS) 

I. INTRODUCTION 

A. Mobile Grid 

The Grid is a distributed, high performing computing and 
data handling infrastructure. It provides common interfaces for 
all the resources by using standard, open, general-purpose 
protocols and interfaces by incorporating the geographically 
and organizationally dispersed, heterogeneous resources. But 
it is the basis and the enabling technology for the persistent 
and utility computing [1]. Multiple administrative domains, 
autonomy, heterogeneity, scalability and 
dynamicity/adaptability are the important features of the Grid.     

The mobility issues are handled by enabling both fixed and 
mobile users, in the mobile grid environment. By using the 
underlying technologies transparently and efficiently, the 
access for both fixed and mobile grid resources are provided. 
Mobile Grid is derived from Grid with the additional support 
of mobile users and resources in a seamless, transparent, 

secure and efficient way. Moreover, it has the capability to 
organize the underlying ad hoc networks. It forms arbitrary 
and unpredictable topologies by providing a self-configuring 
grid system of mobile resources which are connected by the 
wireless links [1].    

The mobile grid uses the advanced capabilities of wireless 
networks and lightweight thin devices. Though grid computing 
integrates geographically dispersed resources and users to 
create a dynamic virtual organization, most of the resources 
are static in nature. The user and the resource participating in 
problem solution are the two basic units of the processing 
environment. [2]. 

For many large scale applications which are dynamic in 
nature and require transparency for users, Mobile Grid is 
considered as the best solution. Grid will increase the job 
throughput and performance of the corresponding applications 
by applying efficient mechanisms for resource management. 
Moreover, it will enable the advanced forms of cooperative 
work by allowing the seamless integration of resources, data, 
services and ontologies [1]. Some of the applications of the 
mobile grids are scientific, public services and commercial 
businesses. Mobile grids integrate the mobile devices like 
laptops, PDAs (Personal Digital Assistants) [2]. 

B.  Resource Allocation (or) Management in Mobile Grid 

Resource allocation is a basic issue to achieve high 
performance on a grid workflow [3]. Resource allocation can 
be classified into resource selection (discovery) and resource 
binding (acquiring).  The resource selection is separated from 
resource binding based on the common architecture of 
conventional resource brokering systems. These systems 
mainly concentrate on the resource selection for providing 
complex resource specification languages and resource 
selection algorithms. On providing a resource specification by 
using available resource information, a resource selection 
algorithm first discovers a matching set of resources and 
negotiates with an individual local resource manager. Then the 
application attempts to acquire the resources [4]. 

C. Resource Allocation challenges in Mobile Grid 

When mobility is considered, the resource selection 
becomes more challenging. Therefore, it is necessary to 
consider the mobility of users with the resources in resource 
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selection. The mobility issue in grid environments has 
established new challenges to the research communities 
particularly in the areas of scheduling, adaptation, security and 
mobility. Mostly, the behavior of the user and/or mobile 
device is highly unpredictable which produces disconnection 
problems 

In grid environments, new challenges are introduced to the 
research communities especially in the fields of mobility, 
scheduling, adaptation and security due to issues like mobility, 
power consumption and size of devices. The secondary 
problems are the small screen size and difficult input 
mechanisms. Peer-to-peer computing provides many useful 
technologies and ideas, for developing scalable and reliable 
mobile grids. In mobile environment, the most challenging 
problem is the disconnection problem [2].  

The problems of resource allocation are:  

1) Identification of an appropriate service and resources. 

2) Based on certain criteria, allocating the resources, 
such as pricing or priority. 

3) Dynamically allocating and updating the state of the 
resources [5]. 

A centralized allocation manager is not possible because 
the portions of the Grid may apply different allocation 
strategies due to decentralized Grid policies. The lack of 
accurate resource status information at the global scale is the 
additional challenge to the Grid resource allocation. At their 
removal, the knowledge of real time environment has been 
limited by the allocation strategies which are utilized by the 
users and brokers. Therefore the possible allocation 
mechanisms should not depend on the availability of current 
global knowledge [6]. 

In this paper, we develop a resource monitoring and 
scheduling scheme for mobile grid. In this scheme, the user 
submits the job request for a job to be executed to a server. 
The job request contains job description, number of resources 
required, expected job completion time and the quoted price 
allotted for it.  

II. RELATED WORK 

Xiaozhi Wang et al [7], have proposed a layered structure 
of Grid QoS. Based on the analysis of the content of grid 
resource allocation management (GRAM) based on QoS, their 
work puts forward the architecture of GRAM based on QoS. 
Through mapping, converting and negotiating the QoS 
parameters, it can implant the user's requirement about QoS in 
the process of resource allocation management, and connect 
Grid QoS with GRAM very well. All these provide a 
reasonable consulting model for QoS and resource allocation 
management in grid. Their work raised the performance of 
GRA from different aspects. In their process of searching, 
system may negotiate with the user, then get final result: not 
being able to supply, being able to supply or reducing QoS 
demands to supply.  

Konstantinos Katsaros et al [8] have discussed a campus-
wide hierarchical Mobile Grid system architecture in which 
mobile nodes (MNs), willing to offer their computational 

resources, move between WLANs. This willingness of the 
mobile node is based on reciprocity criteria. They have also 
considered the divisible load applications (DLA) which 
divides the load of computation into parts and made to carry 
out independently. Moreover, they have described an 
architecture for the realization of a Mobile Grid and 
investigate key design decisions and optimizations. 

Lei Zhang et al [9] used the Particle Swarm Optimization 
(PSO), the latest evolutionary optimization technique to solve 
the task scheduling problem in grid (computational grids) 
environment. Here each particle is represented as a possible 
solution, and the position vector is transformed from the 
continuous variable to the discrete variable. They have also 
aimed to generate an optimal schedule to get the minimum 
completion time while completing the tasks.  

Abdullah M. Elewi et al [10] have addressed the problem 
of energy efficient real time task scheduling where the tasks 
are dependent due to exclusive access shared resources. 
Moreover, they have proposed about the enhancements over 
the existing dual speed switching algorithm (DSA) where their 
proposed algorithm achieves more energy saving and has the 
capability to function with both SRP and DPCP protocols. 

Homam Reda El-Taj et al [11] have given a survey about 
mobile computing, the mobile grid computing, mobile agents 
and how to apply mobile agents on mobile grid computing and 
what has been done to solve the issues in these areas of study.  

Ming Wu et al [12] have proposed a prototype of Grid 
Harvest Service (GHS) which provide dynamic and self-
adaptive task scheduling. Their study is made upon task 
scheduling of a parallel or distributed application with a 
divisible workload in a heterogeneous environment. It also 
shows the possibility of integrating the three parts of task 
scheduling, that is the task allocator, scheduler and predictor 
into existing toolkits for better service.  

Hesham A. Ali et al [13] have introduced a "self ranking 
algorithm", which will be used to build a mobile computing 
scheduling mechanism to schedule the tasks on the mobile 
devices, which will maximize the profit of the mobile devices 
which are integrated within the grid using their computational 
power as an addition to the system overall power.  

Gurleen Kaur et al [14] have addressed the promising and 
bright side of the grid computing technology. They have 
explored the grid capabilities further by organizing the grid 
computing concept from two broad perspectives such as 
User’s Perspective and Administrator’s Perspective. 

III. HIERARCHICAL RESOURCE ALLOCATION ARCHITECTURE 

A. System Design  

In our system design, a set of machines and a cluster head 
(CH) are included in each local cluster. A master server (MS) 
controls and groups many local clusters. The MS collects 
information about the resources in its local clusters. Then it 
stores the information in its own database.   

The proposed scheme divides a given task that is submitted 
by a user into subtasks. Then it finds spare processors and 
other critical resources on the network, distributes the 
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subtasks, monitors the progress of the subtasks, and restarts 
the subtasks that fail.  

It consists of the following steps:  

1) The MS divides a given task into a sequence of 
subtasks and allocates the subtasks to the local cluster 
heads (CH).  

2) The CH finds the available processing power and 
average mobility on the local machines and then 
distributes the subtasks over these machines.  

3) The CHs gather the completed subtasks from the local 
machines and then send the data back to the MS.  

4) The MS aggregates the completed subtasks and then 
stores the results in its own database, and  

5) MS also sends back the results to the application of 
the respective users. 

B. Mobility Metric 

User Range is a given fact about the initiator coverage, in 
which user can communicate with mobile devices. Average 
Mobility, a derived parameter, represents the average mobility 
of a resource and/or user (based on user and resource 
mobility). Average mobility is calculated based on two recent 
communications between user/initiator and resource with 
respect to the user/initiator.  

Average Mobility is calculated as 

       21 ffMobility  Average −=               (1) 

Where, 1f  and 2f  are the first history and second history 

respectively. The history is simply the distance between user 
and resource and it can be calculated by finding difference 
between the two recent interactions.  

Ptime  shows the predicted time for resource availability 

within the user’s range and is calculated by the following 
equation 

Ptime   = (User Range – Distance) / Average Mobility        (2) 

The “Distance” is the net difference between the new 
locations of user and resource. 

C. Resource Availability Metric 

The monitoring agents (MA) estimates the workload of its 

grid nodes ),,2,1,( kini L= present in the cluster CL1 using 

the following formula:  
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                             (3) 

Where iCWL  is the current workload of in ,  iWL  is the 

work load of in   

iPower  is the power of the node in and jJobsize is the 

size of the jJob . 

D.  Scheduling Strategy 

After estimating the Ptime and WL  values, the MA sends 

these values to its cluster head 1CH . The 1CH then schedules 

the jobs if their grid node satisfies the following condition 

     ThWLPtimeIf >)/(                             (4) 

where Th  is a threshold value (which can be fixed based 

on the job request). 

From 4, we can observe that if the Ptime is less and if the 

work load is more then the gird nodes are unable to execute 
the job request. Therefore, the jobs are executed by the nodes 
only when Ptime  is high and the work load is low. If the CH 

is unable to allocate the resources in its cluster, it resubmits 
the job request information to the MS. 

E.  Functions of HRAA  

 
Figure 1. Functions of HRAA 

The sequence of operations in HRAA is shown in Figure. 1. In 
this figure, the arrows represent the communication messages 
and the nodes represent the agents/servers. The sequence is as 
follows. 

1) The MAs of each node in the local cluster send the 
resource status information to the CHs. 

2) The CHs send this information to the MS. 

3) The MS then create a database which contains 
information about the status and the price of each 
resource. 

4) A user submits its job details and the resource 
requirements to the MS. 

5) The MS sends the job request information to the local 
CH. 

6) The local CH allocates the resources in their control 
depending on the predicted time, the average 
processing power and average load of its local 
machines  
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7) If any CH unable to allocate the resources in its 
cluster, it resubmits the job request information to the 
MS. 

8) The MS forwards the job request information to other 
CH. The process is continued until the job is 
successfully assigned 

9) The CHs gather the completed subtasks from the local 
machines and then send the data back to the MS.  

10) The MS aggregates the completed subtasks and then 
stores the results in it’s own database.  

11) MS also sends back the results to the application of 
the respective users. 

IV. SIMULATION RESULTS 

A. Simulation Model and Parameters 

 
Figure 2. Simulation Setup 

In this section, we examine the performance of our 
Hierarchical Resource Allocation Architecture (HRAA) with 
an extensive simulation study based upon the ns-2 network 
simulator [15]. The simulation topology is given in Figure 2. 
We compare our results with Agent-based Resource Allocation 

Model (ARAM) [5].Various simulation parameters are given in 
table 1. 

TABLE I.  SIMULATION SETTINGS 

Mobile Nodes   9 

Users 3 

Clusters 3 

Area Size  1000 X 1000 

Mac  802.11 

Radio Range 250m 

Routing Protocol DSDV 

Simulation Time  50 sec 

Traffic Source CBR 

Packet Size 512 

Rate 250kb,500kb,….1000kb 

No. Of tasks 2,4,6,8 and 10 

Speed 5m/s  

Transmit Power 0.660 w 

Receiving Power 0.395 w 

Idle Power 0.335 w 

Initial Energy 10.1 J 

B.  Performance Metrics  

In our experiments, we measure the following metrics. 

Average Execution Delay: It measures the average delay 
occurred while executing a given task. 

Average Success Ratio: It is the ratio of the number of 
tasks executed successfully and the total number of tasks 
submitted. 

Average Energy:  It is the average energy consumption of 
all nodes in executing the tasks. 

Throughput: It is the number of tasks finished 
successfully. 

C. Results 

A. Based on Rate 
In this experiment, we vary the execution rate as 250Kb, 

500Kb, 750Kb and 1000Kb. 
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Figure 3. Rate Vs Delay 
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Figure 4.Rate Vs Success Ratio 
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Figure 5.Rate Vs Energy 
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Figure 6.Rate Vs Throughput 

From Figure 3, it is clear that when the execution rate is 
increased then the delay also increases. We can see that the 
average execution delay of the proposed HRAA algorithm is 
less when compared to the ARAM algorithm when the rate is 
increased. 

Figure 4 shows that when the execution rate is increased 
then the success ratio gets decreased. From the figure we can 
see that the HRAA achieves good success ratio, compared to 
ARAM. 

Figure 5 shows that when the execution rate is increased 
then the energy consumption gets increased slightly. From the 
results, we can see that HRAA consumes less energy than the 
ARAM.  

Figure 6 shows that when the execution rate is increased 
then the throughput is also increased. As we can see from the 
figure, the throughput is more in the case of HRAA when 
compared to ARAM. 

B. Based on Number of Tasks  
In this experiment, we vary the number of tasks to be 

executed as 2, 4….10. 
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Figure 7. Number of Tasks Vs Delay 
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Figure 8. Number of Tasks Vs Success Ratio 
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Figure 9. Number of Tasks Vs Energy 
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Figure 10.  Number of Tasks Vs Throughput 

From Figure 7, it is clear that when the number of tasks is 
increased then the delay also gets increased. We can see that 
the average execution delay of the proposed HRAA algorithm 
is less when compared to the ARAM algorithm when the 
number of tasks is increased. 

Figure 8 shows that when the number of tasks is increased 
then the success ratio gets decreased. From the figure we can 
see that the HRAA achieves good success ratio, compared to 
ARAM. 

Figure 9 shows that when the number of tasks is increased 
then the energy consumption gets increased slightly. From the 
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results, we can see that HRAA consumes less energy than the 
ARAM.  

Figure 10 shows that when the number of tasks is 
increased then the throughput is also increased. As we can see 
from the figure, the throughput is more in the case of HRAA 
when compared to ARAM. 

V. CONCLUSION 

In this paper, we have designed a Hierarchical Resource 
Allocation Architecture (HRAA) which includes monitoring 
and scheduling operations for mobile grid. In this architecture, 
a set of machines and a cluster head (CH) are included in each 
local cluster. A master server (MS) controls and groups many 
local clusters. The MS collects the information about the 
resources in its local clusters and stores it in its own database. 
Each CH has a monitoring agent (MA) which will periodically 
predict the mobility of the cluster nodes and monitor the 
resource availability and update their values. The MS forwards 
the job request of a user to the ideal CH. If the CH finds the 
available processing power, workload and predicted time for 
resource availability on the local machines, then it distributes 
the subtasks over these machines. Otherwise the job request is 
resubmitted to the MS which again forwards the job request to 
another CH. The process is continued until the job is 
successfully assigned. The completed job is returned back to 
the MS through the corresponding CH. The MS then returns it 
to the requested user. By simulation results, we have shown 
that our proposed protocol achieves good success ratio and 
throughput with the reduced delay and energy consumption.  
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Abstract 
Since ad hoc networks rely on the cooperation of all the 

participating nodes for routing and forwarding, the fast 

detection of malicious nodes is a critical issue. Therefore, the 

dissemination of observed behavior information of 

neighboring nodes is efficiently used for detecting misbehaving 

nodes. However, this may make ad hoc networks vulnerable to 

false accusation.  

In this paper, to detect quickly and manage the false 

accusations of malicious nodes in the hierarchical ad hoc 

network such as military tactical ad hoc network, we propose a 

new efficient way using a Node Weight Management Server 

(NWMS). The NWMS which is the upper layer node maintains 

a weight value for every node in their area and detects and 

isolates malicious nodes using the weight value of nodes. In 

addition, our system provides a rescuing method for 

incorrectly imposed weight values. By means of simulation we 

have evaluated the efficiency of our approach for detecting 

and managing misbehaving nodes. The simulation results 

indicate that proposed mechanism is significantly efficient for 

handling misbehaving nodes. 

 
Keywords; Ad hoc, false accusation, NWMS 

 

 

Ⅰ. Introduction 

Since ad hoc networks have no fixed infrastructure and 

can be deployed fast, they can be applied to various fields 

such as military tactical operations, emergency situation, 

rescue mission and establishment of temporal conference. 

Many technical research related with this field have been 

proposed. Early research effort assuming a friendly 

relationship and cooperation between nodes mainly focused 

on developing more efficient routing protocol. In recent 

years, security has become a primary concern to provide 

security services, such as confidentiality, integrity, 

authentication, and availability, to ad hoc nodes or users [1, 

2, 3, 4, 5]. 

Although security has long been an active research issue 

in ad hoc network, many new challenges and opportunities 

have been posed by the unique characteristics of the ad hoc 

network such as open peer-to-peer network architecture, 

resource limitations, shared wireless medium, and highly 

dynamic network topology. Moreover, since the existing ad 

hoc routing and MAC protocols assume a trust relationship 

and cooperation between mobile nodes, misbehaving nodes 

may cause the performance degradation of the network as 

well as the energy consumption of normal nodes. In the 

worst case, the network can be partitioned. Therefore, 

enhancing the security is critical issue in ad hoc network.  

The two most commonly used approaches to enhance the 

security in ad hoc networks are prevention, the detection 

and reaction mechanisms. Prevention mechanisms [6, 7, 8, 

9, 10, 11] pursue the object that only friendly and mutually 

trusted nodes are included into the routing path by using the 

cryptography algorithm, key management mechanism, and 

one-way hashing chains. Although ad hoc networks are 

initially constructed by trusted nodes using the prevention 

mechanisms, some node could be compromised by 

adversaries that may use counterfeit information to 

breakdown the network and conserve their own resources. 

Prevention mechanisms, by themselves cannot ensure 

complete cooperation among nodes in the network. Most of 

vulnerabilities and the attacks in the ad hoc have been the 

result of bypassing prevention mechanisms. 

Therefore, detection and reaction mechanisms [12, 13] 

are essential in ad hoc networks. Most existing studies 

associated with this research are based upon the detection 

technique of particular selfish nodes which do not provide 

packet forwarding to conserve their resources. But there is 

little or no research to resolve the problem of bogus 

information produced by malicious nodes which 

intentionally identify a normal node as a malicious node. 

Therefore, we focus our intention on the false accusation 

problem of malicious nodes in the detection and reaction 

mechanisms. 

In this paper, we consider tactical ad hoc networks [14, 

15] as a hierarchical architecture and then set the upper 

layer node as a Node Weight Management Server (NWMS). 

Main tasks of the NWMS are the weight maintenance of 

suspected nodes which are detected and reported by 

neighboring nodes, and the decision to the isolation of 

suspected node or nodes.  
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The major contributions of our paper are summarized as 

follows: 

a) Our proposed mechanism first takes care of the problem 

concerning the false accusation of malicious nodes in the 

tactical ad hoc network. 

b) Our proposed mechanism can keep track of misbehaving 

nodes by using Misbehaving Node List (MNL) maintained 

by the NWMS. 

c) Our proposed mechanism also has the function of 

relieving the misidentification of normal nodes that may be 

caused by a temporary network error. Although normal 

nodes were pointed out as misbehaving nodes, those nodes 

can be relieved as reducing the weight value in a Suspect 

Node List (SNL) maintained by each node.  

The rest of the paper is organized as follows. Related 

work is discussed in Section Ⅱ. We present assumptions 

and some background knowledge in Section Ⅲ. We present 

our proposed mechanism which can handle the false 

accusation of malicious nodes efficiently by using the 

NWMS in Section Ⅳ. Section Ⅴ shows the performance 

evaluation in simulation results. Finally, we conclude the 

paper in Section Ⅵ. 

 

 

Ⅱ. Related Work 

Ad hoc network works properly only if the participating 

nodes cooperate in routing and forwarding. However, due to 

the resource-limitation of each node, it may be 

advantageous for individual node not to cooperate. This 

causes a serious problem in the wireless network because 

each node needs to cooperate between each other. Some 

node takes selfish actions such as only receiving other 

node‟s service but not utilizing their resources to prolong 

their longevity or to achieve malicious aims, such as 

performance degradation and network partition, malicious 

nodes may make false accusations which intentionally point 

out a normal node as a malicious node.  

In this section we give a brief introduction about two 

mechanisms to enhance the security proposed for the ad hoc 

network; prevention, detection and reaction mechanisms. 

And then, we discuss the limitations of these mechanisms.  

Prevention mechanisms; Stajano and Anderson [6] 

authenticate users by „imprinting‟ in analogy to ducklings 

acknowledging the first moving subject they see as their 

mother. Imprinting is realized by accepting a symmetric 

encrypting key from the first device that sends such a key. 

However, a drawback of this paper is that it does not 

address routing or forwarding problems that may occur. The 

Secure Routing Protocol by Papadimitratos and Hass [7] 

guarantees correct route discovery, so that fabricated, 

compromised, or replayed route replies are rejected or never 

reach the route requester. However, this protocol has 

basically a handicap that assumes a security association 

between end-points of a path. Ariadne, a secure on-demand 

routing protocol by Hu, Perring, and Johnson [8], prevents 

attackers from tampering with uncompromised routes 

consisting of friendly nodes. It is based on Dynamic Source 

Routing [9] and relies on symmetric cryptography only. It 

uses a key management protocol called TESLA that relies 

on synchronized clocks, which is, arguably, an unrealistic 

requirement for ad hoc networks. Sanzgiri, Dahill, Levine, 

Belding-Royer proposed ARAN[10], a routing protocol for 

ad hoc networks that uses authentication and requires the 

use of a trusted certificate server. However, this mechanism 

is vulnerable to reply attacks using error messages unless 

the nodes have time synchronization. Secure DSR by Kargl, 

Geiss [11], is recently secure routing algorithms that 

counter various attacks such as forging, modifying, or 

dropping of routing message. However, this mechanism 

only protects the control plane, but do not secure the 

forwarding of data messages. 

As aforementioned, these prevention mechanisms for ad 

hoc networks have only focused on providing secure 

routing functionality. In addition, these mechanisms based 

on correlation between participated nodes, some 

compromised node may cause critical problems such as 

network partition or breakdown. Therefore, detection and 

reaction mechanisms are essential in ad hoc networks. 

Detection and reaction mechanisms; Marti, Giuli, Lai and 

Baker [12] propose watchdog and pathrater mechanism to 

mitigate routing misbehavior. This mechanism is employed 

by each node individually to observe the message sent by 

neighboring nodes. Watchdog mechanism relies on 

overhearing the communication of neighboring nodes. If 

watchdog identifies misbehaving nodes, pathrater helps 

routing protocols avoid these nodes. However, this 

mechanism has limitations. First, the detected misbehaving 

node is not punished. In other words, the nodes rely on their 

own watchdog exclusively and do not exchange the 

observed behavior information of neighboring nodes with 

others. Second, pathrater’s function, search the bypass 

route avoid the misbehaving nodes, which allows these 

rogue nodes to conserve energy. Third, whenever the 

misbehaving nodes want to send their message, they can 

join the network thus making it attractive to deny 

cooperation. Buchegger, Boudec [13] propose a protocol, 

called CONFIDANT, for making misbehavior unattractive. 

CONFIDANT consists of the several components; 

Neighborhood Watch for observations, Trust Manager to 

deal with incoming and outgoing alarm messages, 

Reputation System to record reputations about first-hand 

and trusted second-hand information and Path Manager for 

path re-ranking and deletion of paths containing malicious 

nodes. It aims at detecting and isolating misbehaving nodes, 

thus making it unattractive to deny cooperation. However, 

this mechanism also has limitations. First, although it 

enables the isolation of malicious nodes, it is vulnerable to 

false accusation, if trusted nodes lie. Second, in case the 

specific node does not exceed the predefined threshold, 
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which are used to distinguish deliberate malicious behavior, 

and move out of the range, which are shared by nodes of 

friend list, it needs much time to detect the moving 

malicious nodes. Third, alarm messages concerning 

detected malicious nodes are only sent to a friend list, 

which are previously registered, thus other node on this list 

cannot be recognized. 

In summary, there are several security issues in detection 

and reaction mechanisms; first, the problem of how to 

accurately and quickly detect false accusations. Second, the 

problem of how to keep track of moving malicious nodes, 

which their weight values is not exceed to the predefined 

threshold. Finally, normal nodes should not be isolated due 

to the ambiguous collisions. So incorrectly imposed weight 

value for well-behaved nodes must be relieved. In this paper 

we present a solution of above problem.  

 

 

Ⅲ. Assumptions and Background 

A. Assumptions 
Misbehaving nodes are a severe threat to the correct 

routing functionality in the ad hoc network. Before 

presenting our proposed scheme, we discuss the 

assumptions we made while designing the solution. For our 

scheme, we assume the following characteristics. 

1) Selfish and malicious node: Misbehaving nodes are 

categorized by two types of nodes. A selfish node 

wants to preserve own resources while using the 

services of others. Otherwise, a malicious node that 

is not primarily concerned with power saving but 

that is interested in attacking the network in order to 

breakdown or partition into the network.  

2) Promiscuous mode operation: We assume wireless 

interfaces that support promiscuous mode operation. 

This means that if node A is within range of node B, 

it can overhear communications to and from B even 

if those communications do not directly involve A. 

3) No colluding nodes: Since this mechanism aim at the 

special circumstance, we assume there is no 

colluding between neighboring nodes in a path from 

source to destination.   

4) As using region key sharing between upper layer and 

lower layer, it is protected overlay regions. And as 

using pair-wise key between neighboring nodes, it 

can authenticate each other. 

 

B. Background  
- Multipath establishment procedure(based on AODV) 

To quickly send the information at the destination node 

without delay time, we propose the establishment of 

multiple paths less than four while detecting the routing 

path. If routing protocols can discover multiple paths, it can 

easily switch to an alternative path when the primary path 

appears to have failed.  

Proposed multipath establishment procedure basically 

follows those of AODV[16]. However, to establish 

multipath, the destination node not unicasts a route reply 

(RREP) packet but sends the RREP to each neighbor 

forward a route request (RREQ) packet. Using the 

multipath is more useful than a single path because of not 

needing to rebroadcast RREQs for another path discovery 

when the primary path appears to have failed. And also 

traffic overheads for multipath establishment are less than 

those of broadcasting RREQs for path discovery because 

multipath establishment only temporally requires the 

memory capacity of several nodes. 

Multiple path establishment procedure is done in 

following steps. 

1) The source node initiates the path discovery by 

broadcasting the RREQ to its neighbors when the 

source node needs to communicate with another node 

for which it has no routing information in its table. 

The RREQ contains the following fields : 

<source_addr, source_sequence_#, broadcast_id, 

dest_addr, dest_sequence_#, hop_count>. 

2) Each neighbor rebroadcasts the RREQ to its own 

neighbors after increasing the hop_count until reach 

the destination node. If an intermediate node has 

already established the path information for the 

desired destination in a route table, it drops the RREQ 

and unicasts the RREP back to its neighbor from 

which it received the RREQ.  

3) Eventually, the RREQs will arrive at the destination 

node through various paths. As the RREQs travel 

from the source to the destination, it automatically sets 

up the reverse paths from all nodes back to the source. 

The destination node unicasts the RREP back to each 

neighbor which forwards the RREQs until the third 

arrival order. As the RREPs travel to the source, the 

primary and alternate paths are constructed. 

 

 

Ⅳ. Detection and Management of False  

Accusations 

As aforementioned, there have been several mechanisms 

to detect misbehaving nodes. However, these studies show 

that the network is still vulnerable if misbehaving nodes 

make a maliciously false accusation about normal nodes. 

This is a serious problem owing to the possibility of 

isolating normal nodes from the network. To solve this 

problem, we propose a new efficient mechanism for 

detecting and managing false accusations of malicious 

nodes.  

 

A. Threat Model  
There has been no research on efficient mechanisms to 

detect false accusations. Let us consider the scenario 

presented in Figure 1. Even though node C correctly 
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forwards packets to destination node D, to isolate node C 

from the network, malicious node B send alarm(B,C) 

message to source node S. Alarm(B,C) denotes that node B 

confirms that node C is a malicious node. When destination 

node D receive packets from source node S, destination 

node D unicasts an ACK message to source node S. 

However, malicious node B discards the ACK message to 

conceal his behavior. If source node S does not receive the 

ACK message during the constant period, he resends data 

and alarm(B,C) message through alternative path (S-I-J-K-

D). Finally, the normal node C could be isolated by the 

false accusation of malicious node B.  

 

 
Fig. 1. Example of the false accusation  

 

B. Detection mechanism of the false accusation 
As mentioned in 4.1 Section, to detect false accusation 

nodes we propose a new efficient detection mechanism. 

Each node maintains a Suspect Node List (SNL) to manage 

malicious nodes and an Isolate Node List (INL) to isolate 

identified malicious nodes. As you can see in figure 2, let us 

consider that node B maliciously sends alarm(B,C) message 

to source node S to isolate the normal node C. If source 

node S receives alarm(B,C) message without receiving  

ACK message from destination node, he resends the data 

and alarm(B,C) message through alternative path(S-I-J-K-

D). Once receiving duplicate the same data from the source 

node, destination node D can identify that alarm(B,C) 

message received from node B is the false accusation. 

Therefore, destination node D unicasts the RREP(B) 

message meaning malicious node B to source node S. 

 

 
Fig. 2. Detection mechanism of the false accusation 

 

Intermediate nodes (K, J, I) enroll node B in their SNL. If 

source node S receives the RREP(B) message, he can know 

that node B is malicious. And then source node S notifies 

the NWMS of that information. 

However, even though source node S and destination 

node D notify the NWMS of malicious node B, it is not 

immediately valid. The NWMS determines whether the 

notice is true by comparing the information received from 

both source node and destination node during the constant 

period. Figure 3 represents working principle of the NWMS. 

The NWMS maintains Misbehaving Node List (MNL) to 

keep track of every misbehaving node in their area. Once 

the information of the malicious node is received from the 

source and destination node, and if both messages are same, 

the NWMS verifies whether the notified node is included in 

the MNL. If on the MNL, the malicious node‟ weight is 

increased by one. If not on the MNL, it will be enrolled on 

the MNL and assigned an initial value of weight of one. If 

the weight of node enrolled in the MNL exceeds the 

threshold, the NWMS broadcasts the fact that the node 

confirmed as malicious should be isolated to every node in 

their area. Every node received the information enrolls the 

malicious node in their INL, the malicious node is isolated 

from the network. 

 

C. Detection mechanism of the selfish node 
Our mechanism can also effectively detect selfish nodes. 

Figure 4 represents the detection mechanism of a selfish 

node. If destination node D confirms the data received from 

source node S whether duplicated, he can easily determine 

whether alarm (A,B) is malicious. 

 

 
Fig. 3. Working principle of the NWMS 
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Fig. 4. Detection mechanism of the selfish node 

 

D. Rescue mechanism of incorrectly imposed weight 

value 
If a normal node was incorrectly imposed weight due to 

ambiguous network collision, rescue method is needed. To 

rescue normal nodes, each node maintains a SNL and 

monitors suspected neighboring nodes. In other words, if 

each node detects the normal behavior of neighboring nodes 

in their SNL, they reduce weight of that node. The SNL is 

not used to set routing path but only used to manage 

suspected nodes. Figure 5 illustrates the rescue procedure of 

incorrectly imposed weight value on a normal node in the 

NWMS. If node A detects normal behavior of node B in its‟ 

SNL, it reduces one with weight value of node B and then 

reports it to the NWMS. The NWMS checks whether 

weight value is zero in the MNL, if node B has weight 

value of zero then the NWMS deletes node B from the 

MNL and broadcasts a message to erase suspected node B 

from the SNL to every node in their region, otherwise the 

weight is reduce by 0.1. All nodes receiving the message 

immediately erase node B from their SNL.  

 

 
Fig. 5. Rescue procedure of the incorrectly imposed weight value 

in the NWMS 

 

E. Node inner procedure steps from outer event  
Figure 6 illustrates procedure steps when intermediate 

nodes receive a RREP message including a suspect node 

coming from a destination node. Once a node receives this 

message, he checks whether the suspected node was 

included in the SNL. If it isn‟t then enroll in the SNL and 

set count with 5, otherwise increase count by 

5(maximum=10).  

Figure 7 illustrates inner procedure steps of each node to 

alleviate the count when detecting normal behavior of 

neighboring nodes in their SNL. Once the nodes detect 

normal behavior of neighbor node in their SNL, they notify 

the NWMS of the information and reduce the count by one. 

If the count reaches zero then erase that node from the SNL.  

 

 
Fig. 6. Procedure steps when intermediate nodes receive a RREP 

message 

 

    
Fig. 7. Procedure steps when each node detects normal behavior of 

the node in their SNL 

 

 

Ⅴ. Simulation and Results 

In order to evaluate the quality of our mechanism, we 

perform a simulation by comparing with AODV. 

 

A. Simulation environment and scenario 
In this simulation, to reduce the communication overhead, 

the unicast mode is used for every report management 

packets between nodes; the broadcast mode is only used for 

the NWMS alarms misbehaving nodes to every node. The 

list of simulation parameters for our study is shown in Table 
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1. For our simulation, we use Network Simulator 2 (NS-2) 

version 2.1b9a. We set the weight increasing rate of the 

NWMS to „1‟, threshold to „5‟, the count increasing rate of 

the SNL in each node to „5‟, decreasing rate to „5‟ and 

maximum value to „5‟. These are the optimal settings found 

as a result of running many simulations. 

 
Table1. Simulation parameters 

Parameter Level 

Area 1000m X 1000m 

Simulation time 1000sec 

Packet generation interval 100ms 

Packet size 64 byte 

Number of nodes 250 

Speed 0 ~ 5m/s 

Threshold 5 

Radio Range 250m 

 

B. Results  
- Packet throughput as changing the number of 

misbehaving nodes 

Figure 8 shows packet throughput of AODV versus our 

mechanism as varying the number of misbehaving nodes 

such as 25, 50. Since we set packet generation interval to 

100ms, the number of generated packet per 100 second is 

1000. We set the pause time to each 100 second and 

evaluate the packet throughput for each mechanism. The 

figure demonstrates that our mechanism can process 

packets over 90% after passing 200 seconds for each case, 

but AODV only process packets about 40~60%. The main 

reason is because our mechanism can efficiently detect and 

isolate the detected misbehaving nodes from the network in 

a timely manner.  

 

 
Fig. 8. Packet throughput as varying the number of misbehaving 

nodes 

 

- The number of packet loss as increasing the number of 

nodes 

  Figure 9 shows the number of packet loss as increasing 

the number of nodes in case of the containment ratio of 

misbehaving nodes such as 10, 30%. Simulation time is 30 

minutes. Figure demonstrates that packet loss of proposed 

mechanism is less than that of AODV. This is mainly 

because AODV do not handle those nodes when 

containment ratio of misbehaving nodes rises according to 

increasing the number of node. However proposed 

mechanism can detect and isolate misbehaving nodes in a 

timely manner. Therefore, the number of packet loss is kept 

on reasonable level.  

 

 
Fig. 91. The number of packet loss as increasing the number of 

nodes 

 

 

- The number of packet loss as increasing the 

containment ratio of misbehaving nodes 

  Figure 10 shows the number of packet loss of AODV 

versus our mechanism as increasing the containment ratio 

of misbehaving nodes. Simulation time is 1000 seconds. 

Since AODV have not the method to handle the 

misbehaving node, packet loss ratio reaches 98% in case the 

containment ratio of misbehaving nodes exceeds 30%. 

However, in our mechanism, the number of packet loss 

reasonably increases because the proposed mechanism can 

quickly detect and isolate misbehaving nodes in the network. 

This results show that our mechanism handles misbehaving 

nodes efficiently. However, since the number of normal 

node is sparse as increasing misbehaving nodes in the 

network, the performance of our mechanism significantly 

depreciates when containment ratio exceed over 80%. 
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Fig. 20. The number of packet loss as increasing the 

containment ratio of misbehaving nodes 

 

-  Routing overhead  

The proposed mechanism needs to more communication 

packets than the existing studies because of generating 

control packets to detect and isolate misbehaving nodes 

between the NWMS and nodes. Additional generated 

packets are as follow: each node reports misbehaving nodes 

to the NWMS defined as U and the NWMS broadcasts the 

determined misbehaving node to the every node defined as 

B.  

In case of the number of packet generation per second t, 

the average number of node on routing path p, packet size 

NPsize, total number of nodes N, the number of misbehaving 

nodes M, packet size to alarm and report CPsize, simulation 

time T, the average number of node between the NWMS 

and node n,  

U = n ⅹCPsize ⅹthreshold ⅹM   

 

B = M ⅹ CPsize ⅹ N   

 

Therefore, total routing overhead (O) is denoted by  

  
   

 ⅹ  ⅹ ⅹ      
 

 

In this simulation, extra routing overhead rises about 0.97%. 

However, using our mechanism increases the throughput of 

the network by about twice (see Figure 8). Therefore, this 

routing overhead is negligible compared to the effect of the 

packet throughput.  

 

 

Ⅵ. Conclusion 

Ad hoc networks have vulnerabilities according to 

relying on the cooperation of all the participating nodes. 

Therefore, existing secure mechanism for ad hoc network 

do not efficiently detect the false accusations of malicious 

nodes. 

In generally, the tactical ad hoc network does not 

correspond with the original ad hoc network as following 

potential features: a) initial nodes can be entirely trusted, b) 

some of nodes can be the upper level node which have 

enough resource and computing power. Therefore, in this 

paper, we employed upper level node as the NWMS to 

efficiently detect and isolate misbehaving nodes and also 

applied the alleviation mechanism for the weight value 

which was falsely imposed to prolong lifetime of nodes. In 

particular, we have proposed an efficient mechanism to 

resolve the false accusation problem caused by malicious 

nodes intentionally pointing out a normal node as a 

malicious node. 

As confirmed from the simulation results, our mechanism 

has proved to be reliable. Using this mechanism we can 

significantly improve the management performance for 

misbehaving nodes.  
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Abstract—In this paper, we present a method for designing a 
passive optical based single-hop wavelength division multiplexing 
multicast architecture that can achieve a scalable structure and 
form the basis of a wavelength efficient single-hop WDM 
network. The proposed architecture minimizes the number of 
wavelengths required for efficient multicast service and also 
minimizes tunability requirement of the transceivers. The 
network size scalability is achieved by adding transmitters and 
receivers to the designated groups. We show that the proposed 
system can accommodate large tuning delays and keeps with 
suitable throughput when the number of wavelength is equal to 
the number of nodes. We also show that the design can lead to a 
scalable structure while minimizing the number of wavelengths 
and tunability of the transceivers required for an efficient 
multicast service resulting in an improved system throughput 
and delay performance.  

Keywords-multicasting, wavelength-division multiplexing, 
single-hop passive optical network 

I.  INTRODUCTION 
In recent years, the Internet traffic has increased 

tremendously, because multimedia traffic such as video 
streaming service, high resolution images, digital video and 
audio conferencing, and business data distribution becomes 
prevalent in the Internet. Some multimedia applications 
require strict quality-of-service (QoS) or multicasting.  

Current state-of-the-art dense WDM systems are using 
narrow 50-GHz (0.4 nm) channel spacing. In such systems, 
functions traditionally performed by electronics, such as 
switching, signal amplification, etc, are performed in the 
optical domain, therefore achieve signal transparency. Thus, 
the capability for multicast transmission has become a very 
important requirement for access networks [1, 2]. 

WDM technology has the potential to satisfy the ever-
increasing bandwidth needs of network users on a sustained 
basis. Today, optical backbones with a transmission speed of 
40 gigabits per second are deployed. This technology is 
reliable and will meet bandwidth needs for the next few years. 
However, considering that traffic is growing by 40 percent a 
year on average, even 40G networks will have to be expanded 

to 100G. WDM optical networks can efficiently support 
multicasting since splitting light is inherently easier than 
copying data into an electronic buffer. Applications of 
multicasting include multimedia conferencing, distance 
education, video distribution, distributed games and many 
others [3, 4]. For cost reasons each node in single–hop WDM 
networks deploys a rather small number of transceivers which 
is typically smaller than the number of wavelengths available 
for data transmission/reception. To increase the network 
efficiency all wavelengths should be used at any given time. 

In single hop communication, the network must be able to 
establish any possible connection in one hop, without 
intermediate relaying or routing. This in effect implies that the 
network will have to change the connections it supports at 
different times. Multi-hop networks have the ability to 
circumvent the network capacity limitations. Each node is 
connected to only a few other nodes, as such only few 
wavelengths are required per node. This greatly reduces the 
wavelength bottleneck. 

II. KEY DESIGN REQUIREMENTS 
When designing a WDM network architecture and 

protocol, the following key requirements and properties have 
to be satisfied [5 - 8]: 

 Provide point–to–multipoint connections in order to 
support multicast applications such as 
videoconferences and distributed games in an 
economical and bandwidth–efficient manner. 

 Add or remove network nodes in an easy and 
nondisruptive way without significantly degrading the 
network performance. 

 Traffic should not have to traverse a large number of 
intermediate nodes to ensure smaller resource 
requirements and smaller propagation delays. 

 Provide some level of assurance that the service 
requirements for different types of traffic, e.g., for 
delay–sensitive, real–time, and interactive applications, 
are satisfied.  
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 Allocate network resources to all nodes which need to 
send data. In networks with fair channel access control 
each node ready to send data should have an equal 
opportunity to transmit. 

 To cope with the resulting increased local traffic, metro 
networks have to be easily upgradeable. Advanced 
technologies, e.g., tunable transceivers with a wider 
tuning range and a smaller tuning time, have to be 
incorporated without network service disruption and 
reconfiguration. 

III. SYSTEM DESCRIPTION 
The system under study is based on a broadcast-and-select 

WDM architecture consisting of N network nodes connected 
via optical fibers to a passive star coupler (PSC) as shown in 
Figure 1. There are W wavelength channels, where W  N. The 
bandwidth of a fiber is divided into W +1 channels, where W ≤ 
N. One of the channels, 0, is used as a control channel which 
is shared by all nodes. The rest of the channels, 1,…,W, are 
used as data channels.  
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Figure 1. A broadcast-and-select star-based WDM optical system. 

Each node in the network is connected to the PSC by a 
transmitting and receiving fiber, and each message is 
addressed (multicast) to a number of receivers (destination set 
size), randomly chosen from the N network nodes and each 
receiver tunes to one of the wavelengths that has a message 
addressed to it. Also, each node has one fixed transmitter and 
one fixed receiver in order to access the control channel. 
Moreover, in order to access data channels, each node has one 
tunable transmitter and one tunable receiver, so that full 
connectivity can be achieved by tuning transmitters to the 
different wavelengths.  

Tuning times are not negligible with respect to the slot 
time. A centralized network controller allocates slots in a 
WDM frame according to (long-term) bandwidth requests 
issued by users. When W ≤  N, two or more nodes share one 
data channel. Each node is equipped with a buffer in which 
arriving data packets are stored. Deploying tunable 
transmitters and receivers at each node allows for load 
balancing since traffic between a given pair of nodes can be 
sent on any wavelength. In particular for nonuniform traffic, 
load balancing increases the channel utilization and improves 
the throughput–delay performance of the network. 

All stations can communicate with one another. In 
addition, a pair of fixed transceivers and control receiver both 
are tuned to the control channel is dedicated for pre-
transmission co-ordination. However, communication between 
two nodes is possible only when the transmitter of the source 
node and receiver of the destination node are tuned to the 
same channel during the period of information transfer.  

IV. SYSTEM ASSUMPTION 
The behavior of the system is characterized by the 

following assumptions: 

 There are N network nodes and W wavelength 
channels in the system.  

 Each node has a single–packet buffer, i.e., each node 
can store at most one data packet at any given time.  

 After transmitting a data packet in a given frame the 
buffer becomes empty at the end of that frame. 

 Each message is multicast to a set of l receivers where 
l  W   N. 

 Whenever the receivers of a multicast group are ready 
to receive a data packet the source node's transmitter is 
ready to transmit.  

 A packet that arrives at the start of a slot can be 
transmitted during that slot to any one of the other (N 
 1) nodes with equal probability.  

 A node sends out its control packet in a frame with 
probability p, not only for retransmissions but also for 
first–time transmissions. 

 Random selection of a destination node among the (N 
 1) nodes is renewed for each attempt of transmitting 
a control packet. 

V. SYSTEM MODEL 

A. Node Structure 
The proposed architecture aims to define a minimum group 

of network nodes for a local structure, assign a unique 
wavelength to a transmitter, and identify, for each transmitter, 
the minimum set of additional wavelengths needed to achieve 
communication with every other node in the local cluster and 
hence all the nodes in the network.  

Figure 2 shows the node structure of the system. Each 
receiver is able to tune to all the wavelengths assigned to the 
transmitters having direct links to it. Each processor can 
transmit data on a fixed number of wavelengths, but can 
receive data on a range of wavelengths by dynamically tuning 
to the wavelength of a transmitting station.  All the processors 
are synchronized at the optical coupler. The use of the same 
structure for both the transmitter and receiver is strategic [6 - 
9]. This will greatly simplify the coupling of the local 
structure. Each node can switch channels (wavelengths) during 
execution by dynamically changing the injection current to the 
laser.  
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Figure 2. A network node structure. 

Additionally, transmission and reception can be performed 
on different channels. The single star topology consists of n 
inputs, to which one transmitter is connected, and n outputs, to 
which one receiver is connected.  

B. Connection Establishment and Partitioning 
There are basically two ways to achieve connections 

between nodes in an optical network, path multiplexing and 
link multiplexing. In the first the same wavelength has to be 
assigned all to the links between source and destination, while 
in the second, different wavelengths can be assigned on 
different links. To achieve single-hop connectivity, a 
wavelength allocation mechanism needed to determine a path 
for a new request. Each transmitter group can have direct links 
to exactly two receiver groups. For any transmitter group, the 
two receiver groups that do not have a direct link to it consist 
of those that contain receivers with the same index notation as 
one of the transmitters in the transmitter group. For any 
transmitter/receiver group, there are two receiver/transmitter 
groups that can have direct links to it and two others that do 
not have direct links to it [9]. The transmitter/receiver groups 
not having direct links to the same receiver/transmitter groups 
are mutually exclusive. Finally, half of the number of 
transmitters/receivers can be directly connected to half of the 
number of receivers/transmitters simultaneously. Figure 3 
shows the connection establishment procedures among the 
network nodes in order to achieve single-hop communication. 
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Figure 3. Connection establishment procedures among the nodes. 

Partitioning is desirable to design a hierarchical structure 
using a cluster-based approach. This becomes quite obvious 
since it is intended that the network should be scalable, flexible 
and implemented with wavelength division multiplexing 
techniques. Each local unit should be autonomous, so that 
wavelength reuse can be achieved.  

C. Scalable Approach 
If there are more than m access nodes, where m is the 

desired number of access nodes representing the regular local 
structure, a partition can then be accomplished by defining a 
minimum set of access nodes as the local structure and 
applying the partition mechanism that is explained above to 
achieve the partition set. The transmitter in a group needs to be 
placed according to the partitioning mechanism and same also 
for the receiver. Scalability here has two aspects. First, the 
transmitter and receiver of the new access node must be 
physically connected to the optical medium and second, the 
added access node must be incorporated into the MAC 
mechanism that controls the single hop connections [8-10].  

To incorporate the added access nodes in the MAC 
mechanism, it requires only modifications for the control 
channel. This means that the number of added nodes must 
increase the number of control slots. To correctly reach each 
added node, all transmitters must be informed about its 
receiver configuration and its address. 

D. Wavelength Allocation 
We assign wavelengths such that the tunability for the 

transmitters is minimum and optimal while the receivers must 
be able to tune to the maximum number of wavelengths used 
in the entire network. Higher number of tuning disrupts the 
network due to the retuning time. Our goal is to minimize the 
number of tuning so that the reconfiguration does not suspend 
the operation of the network.  

Since computer networks traffic changes rapidly, there is a 
need for a good mechanism to change the current situation of 
the network in terms of wavelength allocation (i.e., the current 
wavelength assignment into a new wavelength assignment). 
However, the number of channels is a limiting factor in a 
WDM network, and is typically less than the number of nodes 
in the network. Therefore, more than one receiver is assigned 
to one channel. This problem is called wavelength assignment 
problem.  

Wavelength blocking is a major problem with path 
multiplexing. One obvious disadvantage with the link 
multiplexing is the use of wavelength converters at 
intermediate nodes to eliminate blocking. This however, 
increases the cost and complexity of the system. 

In single-hop communication, all the nodes can reach any 
other node directly. This means that the transmitted data are 
not passed through any intermediate routing stages and remain 
in optical form all the way from the source node to the 
destination node. In such mode of communication, a lightpath 
is established before a communication starts and the data 
transmission is carried out in a pure circuit-switched manner.  
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With dynamic traffic demands, new lightpaths need to be 
added to the logical topology each time an arriving connection 
request cannot be accommodated. The WDM techniques 
enable extraction of a larger amount of usable bandwidth. 
Routing and wavelength assignment algorithms fine-tune the 
overall process by achieving orders of magnitude of 
performance improvement. The goal is to present an efficient 
dynamic distributed routing and wavelength allocation method 
that minimizes path latency, wavelength blocking and the 
number of wavelengths applied [12-13].  

E. Multicast Scheduling 
The multicast scheduling problem can be described as 

follow: given N stations, W available wavelengths for data 
transmission, L slots global cycle and a W  L slots allocation 
matrix D, each station is equipped with a pair of tunable 
transceiver and each needs  time slots for tuning from i to j, 
i  j.  

For a setup request, find a new feasible slot allocation 
matrix Dnew with a new global cycle length Lnew such that setup 
request is arranged into Dnew and all the QoS requirements of 
accepted multicast in D are not affected.  

The proposed system follows a broadcast-and-select 
methodology. It is assumed that each processor has a fixed-
tuned transmitter and a fixed-tuned receiver for transmitting 
and receiving on the control channel. In addition, each 
processor has a tunable wavelength transmitter and a tunable 
wavelength receiver for transmitting and receiving on the data 
channel. Each processor can transmit data on a fixed number 
of wavelengths, but can receive data on a range of 
wavelengths by dynamically tuning to the wavelength of a 
transmitting station.  The broadcast function is achieved using 
a free-space optical coupler, while the select function is 
achieved by using the wavelength tunable photodetector with 
filters. All the processors are synchronized at the optical 
coupler. The transmitted signals from each transmitter are 
routed to a free-space optical star coupler via optical 
waveguides. The signals are also routed back to the receivers 
via optical waveguides.  

When the traffic demand changes in a network, the current 
wavelength assignment becomes unbalanced and requires to 
be changed. A new wavelength assignment is calculated 
depending on the new traffic demand and a different 
wavelength assignment will be produced, which requires a 
number of tunings. However, if the current wavelength 
allocation is taken into account when calculating the new one, 
the required number of tunings can be reduced with an 
acceptable wavelength assignment [4, 11].  

The traffic in the network is represented by a traffic matrix 
T = {tij} where tij is the rate of traffic from node i to node j 
where i, j = 1,…, N. From the traffic matrix the total 
bandwidth requirement bj of receiver j can be computed, 
which equals the sum of the elements of the jth column of T: 





N

i
ijj tb

1

                     (1) 

Now assume that R and R' represent a current wavelength 
assignment and a new wavelength assignment respectively. 
Based on bj for the N receivers where j = 1,…, N, the received 
traffic for each node can be calculated. The wavelength 
assignments R and R' refers to the association between the 
nodes and the wavelengths, then 

R = {Rc , w = 1,…, W}      (2) 

where Rc is the set of receivers that are assigned to wavelength 
w, w = 1,…, W in the current wavelength assignment, i.e., 

Rw = {j |  (j) =  w} w = 1,…, W      (3) 

where  (j) is the channel to which the receiver j is assigned. 
For example, if  (3) = 2 , it means that node 3 receiver is 
assigned to channel 2. And 

R' = {R'w, w = 1,…, W}       (4) 

where R'w is the set of receivers that are assigned to w in the 
new wavelength assignment, i.e., 

R'w = {j |  (j) = ' w}                                   (5) 

Now, assume number of tunings is D(R, R'), i.e., the 
number of receivers that need to be retune to take the network 
from its current wavelength assignment R to the new 
wavelength assignment R' and can be given by 

D(R, R') = N - 



W

w
ww RR

1

'        (6) 

Figure 4 shows the current wavelength assiginment for a 
network with 6 network nodes and 3 wavelength channels, 
then  R  = {R 1, R 2, R 3} where R1 = {4, 5}, R2 = {1} and  R3 = 
{2, 3, 6}. 
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Figure 4. Current wavelength allocation for a network with 3 wavelengths 

and 6 nodes. 
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When the traffic demand of the network changes, the 
wavelength assignment is updated as shown in Figure 5.  

R' = { R'1,  R'2,  R'3} where R'1= {4, 5}, R'2= {3} and,  

R'3 ={1, 2, 6}. Then R1 =  R'1  

R2  R'2 , R3   R'3 

Since D(R, R') = N - 



W

w
ww RR

1
' , therefore,  

D(R, R') = 6 – 4 = 2.   

 

As a result, two nodes in the network need to tune their 
receivers. 
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Figure 5. Updated wavelength allocation for a network with 3 wavelengths 

and 6 nodes. 

 

VI. RESULTS AND DISCUSSION 
Figures 6 and Figure 7 show a trade-off between the 

required number of tunings and the number of wavelengths 
with and without partitioning for different network population. 
The tuning here is carried out to equalize as much as possible 
the busy channel and the free channel. The difference in 
number of tunings comes from the difference in the 
probability of exchanging two network nodes between two 
different loaded channels in which this probability decreases 
when the number of channels increases.  

This is because when the number of channels increases, the 
number of receivers assigned to channels decreases. This in 
turns means that the maximum number of tunings is inversely 
proportional to the frequency of tuning, so that, the most 
important factor that affects number of tuning is how 
frequently it is applied.  

Moreover, the number of channels affects the number of 
tunings, but in small scale. When the number of channels 
increases, the total number of tunings decreases because fewer 
receivers are assigned for the busy channels. Hence, there is a 
small chance that the nodes are exchanged between two 
different loaded channels. 

 
Figure 6. Number of tunings vs. number of wavelengths for a network with 

50, 80, and 130 nodes and without partitioning. 

 

 
Figure 7. Number of tunings vs. number of wavelengths for a network with 

100, 150, and 200 nodes with 4 partitions. 

Figure 8 and Figure 9 show the effect of partitioning on the 
network performance in terms of the required number of 
wavelengths and number of tunings. It can be observed that 
the number of tunings decreases when the number of partitions 
increases. However, the performance is not affected by 
partitioning the network where the network performs almost 
the same for all cases and for most of the time the performance 
improves when number of partitions increases. 

 

 
Figure 8. Number of tunings vs. number of partitions for a network with 100, 

150, and 200 nodes and 50 wavelengths. 
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Figure 9. Number of wavelengths vs. number of partitions for a network 

with 200 nodes and 1, 2, 4, 6 partitions. 

Figure 10 shows the average packet delay versus 
throughput characteristics of multicast, transmitter, and 
receiver for a PSC based single-hop WDM network with 200 
network nodes and retransmission probability equals to 0.5. 
The network receivers are divided into two groups allowing 
wavelength reuse, which is possible during the reservation 
phase, i.e., the first slots of every frame when the control 
packets are transmitted.  

As can be seen the transmitter throughput is affected by the 
many destination conflicting multicast transmissions. 
However, with two partitions multicast copies destined to the 
coupler will likely experience receiver conflicts since on 
average each copy is destined to more receivers for two 
partitions than for more partitions.   

 

 
Figure 10. Delay vs. throughput (multicast, transmitter, and receiver) with 200 
network nodes and, 2 partitions, and retransmission probability equals to 0.5. 

VII. CONCLUDING REMARKS AND FUTURE WORK 
The proposed method of designing a PSC based single-hop 

WDM multicast architecture can achieve a scalable structure 
that can form the basis of a wavelength efficient single-hop 
WDM network. The proposed architecture minimizes the 

number of wavelengths required for efficient multicast service 
and also minimizes tunability requirement of the transceivers. 
The network size scalability is achieved by adding transmitters 
and receivers to the designated groups. Wavelength scalability 
is achieved through wavelength spatial re-use.  

The problem of updating the wavelength assignment in 
single-hop WDM networks is considered where the traffic 
demand changes frequently and changing the channel 
assignment becomes necessary. Minimizing the number of 
tunings required can be achieved by exchanging one of the 
receivers, which is assigned to the channel with high load, 
with the appropriate receiver in the channel with minimum 
load. Tuning is carried out to equalize as much as possible the 
most loaded channel and the least loaded channel. In this 
environment, the problem is finding an allocation of 
wavelengths to receivers such that the number of 
transmissions of a multicast message is minimized. Since the 
number of wavelengths is limited by technology, the problem 
then becomes in finding the best partitioning scheme for the 
receivers in the network. The proposed system can 
accommodate large tuning delays and keeps with suitable 
throughput when the number of wavelength is equal to the 
number of nodes. When the number of wavelengths is 
comparable to the number of users the tuning time influence 
on the packet delay increases.  

In the context of wavelength allocation, a study on 
increasing the number of exchanges by taking into account the 
channel which comes right after the most loaded channel can 
be considered for future work. Typically, this will include the 
optimization of the communication, analysis of the 
communication patterns, and connection scheduling and 
communication phase analysis. Also a study the impact of 
large tuning delays on reconfiguration process and on the 
network performance is required.  
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Abstract— In this paper an enhancement technique for Dynamic 

Source Routing (DSR) protocol using on demand passive 

clustering is proposed. DSR is a popular reactive protocol in 

Mobile Adhoc Networks (MANETs) which uses flooding for 

route discovery and route maintenance. Flooding can be easily 

restricted using clustering. Clustering restricts the set of 

forwarding nodes during flooding which in turn reduces the 

energy, cost and traffic overhead during routing in dynamic 

traffic and dynamic topology environment of MANET. Active 

clustering mechanisms require periodic refresh of neighborhood 

information and tend to introduce a large amount of 

communication maintenance overhead. This can be overcome 

using passive clustering which executes only when the user has 

data to transmit.  Passive clustering dynamically partitions the 

network into clusters interconnected by gateways. Existing 

Passive Clustering techniques exploit the data packets for cluster 

formation and thus reduce the periodic exchange of explicit 

control packets.   We have proposed an enhanced passive 

clustering technique which makes use of the control packets used 

for route discovery in DSR to establish a cluster.  We have used 

the Lowest ID technique and first declaration wins technique to 

form clusters. We have analyzed the performance of this 

technique to reduce flooding by using single cluster head called 

primary cluster head. Then an analysis has been carried out with 

two cluster heads called primary and secondary cluster heads.     

Simulation results on DSR have shown that this enhanced passive 

clustering technique can reduce redundant flooding, with 

negligible overhead; - thus making DSR more efficient. 

 
Keywords- MANETs; DSR; Flooding; Clustering; Passive 

clustering; Primary cluster head;  Secondary cluster head; 

I.  INTRODUCTION  

Mobile Adhoc Networks (MANETs) have recently been the 
subject of active research because of their unique advantages.   
MANETs are self-creating, self-organizing and self-
administrating networks and do not require deployment of any 
kind of infrastructure. They offer special benefits and 
versatility for wide range of applications in military (e.g., 
battlefields, sensor networks etc.), commercial (e.g., distributed 
mobile computing, disaster discovery systems, etc.), and 
educational environments (e.g., conferences, conventions, etc.), 
where fixed infrastructure cannot be easily acquired.  With the 
absence of pre-established infrastructure (e.g., no router, no 
access point, etc.), two nodes communicate with one another in 

a peer-to-peer fashion. Two nodes communicate directly if they 
are within transmission range of each other. Otherwise, nodes 
must communicate via a multihop route.  To find such a multi-
hop route, MANETs commonly employ on demand routing 
algorithms that use flooding or broadcast messages.  Many ad 
hoc routing protocols [12] [13] [26] [27], multicast schemes 
[25], or service discovery programs depend on massive 
flooding.  In flooding, a node transmits a message to all of its 
neighbors.  The neighbors in turn relay to their neighbors and 
so on until the message has been propagated to the entire 
network.  In this paper, we will refer to such flooding as blind 
flooding.   As one can easily see, the performance of blind 
flooding is closely related to the average number of neighbors 
(neighbor degree) in the CSMA/CA network.   As the neighbor 
degree gets higher, blind flooding suffers from the increase of 
(1) redundant and superfluous packets, (2) probability of 
collision, and (3) congestion of wireless medium [1].  
Performance of blind flooding is severely impaired especially 
in large and dense networks [2].  When topology or 
neighborhood information is available, only subsets of 
neighbors are required to participate in flooding to guarantee 
the complete flooding. We call such flooding as efficient 
flooding.  The characteristics of MANETs (e.g., node mobility, 
the limited bandwidth and resource), however, make the 
periodic collection of topology information difficult and costly 
(in terms of overhead).  For this reason many on-demand adhoc 
routing schemes and service discovery protocols simply use 
blind flooding [12] [25].  In contrast with on-demand routing 
methods, the proactive adhoc routing schemes by virtue of 
periodic route table exchange, can gather topological 
information without much extra overhead.  Thus, the leading 
MANET proactive adhoc routing schemes use route 
aggregation methods to forward routing packets through only a 
subset of the neighbors [26] [27].   

In this paper, we focus on on-demand routing protocols and 
propose a mechanism for efficient flooding based on passive 
clustering.  Existing passive clustering scheme [10] requires 
neither the deployment of GPS like systems nor explicit 
periodic control messages to identify the subset of forwarding 
neighbors.  This scheme makes the following contributions 
compared with previous efficient flooding schemes (such as 
multipoint relay, neighbor coverage, etc):   (1) it does not need 
any periodic messages.  Instead, it exploits existing data 
packets by attaching few more extra fields; (2) it is very 
resource-efficient regardless of the degree of neighbor nodes or 
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the size of network.  To our knowledge, passive clustering is 
the only scheme that provides scalability and practicality for 
choosing the minimal number of forwarding nodes in the 
presence of dynamic topology changes; (3) it does not 
introduce any startup latency; (4) it saves energy if there is no 
traffic; (5) it easily adapts to topology and available resource 
changes. 

  In this paper we propose an enhanced passive clustering 
scheme which uses route request packets (RREQ) instead of 
data packets for maintaining cluster. This technique reduces the 
flooding efficiently and also reduces the overhead in each and 
every data packet transmitted.  We have simulated and tested 
this algorithm using DSR routing protocol. 

The remainder of the article is organised as follows: In 
section 2 we discuss the various methods available for 
achieving efficient flooding. Section 3 gives an explanation 
about the algorithms we are proposing for achieving efficient 
flooding .Section 4 discusses the simulation parameters and 
results .The main conclusions for this paper are summarized in 
section 5. 

II. RELATED WORK 

Several papers [1] [6] [7] [8] have addressed the limitations 
of blind flooding and have proposed solutions to provide 
efficient flooding. However, because of the problem of finding 
a subset of dominant forwarding nodes in MANETs, all the 
work about efficient flooding has been directed to the 
development of efficient heuristics that select a sub-optimal 
dominant set with low forwarding overhead.   

In [1] [6], the authors propose several heuristics to reduce 
rebroadcasts.  More specifically, upon receiving a flood packet, 
a node decides whether to relay it or not based on one of the 
following heuristics:  (1) rebroadcast with given probability;  
(2) rebroadcast if the number of received duplicate packets is 
less than a threshold; (3) distance-based scheme where the 
relative distance between hosts determines the rebroadcast 
decision; (4) location-based scheme where the decision is based 
on pre-acquired neighbor location information; (5) cluster-
based scheme where only precomputed cluster heads and 
gateways rebroadcast.  Our approach, passive clustering, differs 
from the above schemes in that it provides a more systematic 
method based on locally collected information (e.g., neighbor 
information, cluster states, etc.).  Each node participates in 
flooding based on its role or state in the dynamically 
constructed cluster architecture instead of depending on local 
heuristics or on pre-computed clusters. 

Another approach to efficient flooding is to exploit 
topological information [6] [7] [8] [24] [19]. In the absence of 
preexisting infrastructure, all the above schemes use a periodic 
hello message exchange method to collect topological 
information.  Our approach does not require periodic control 
messages.  Rather, it exploits on-going Route REQuest 
(RREQ) packets to exchange cluster-related information.  The 
authors of [8] suggest two schemes called self-pruning and 
dominant pruning.   Self pruning is similar to the neighbor-
coverage scheme in [6].   With self-pruning scheme, each 
forwarding node piggybacks the list of its neighbors on 
outgoing packet.  A node rebroadcasts (becomes a forwarding 

node) only when it has neighbors that are not covered by its 
forwarding nodes.  While the self-pruning heuristic utilizes 
information of directly connected neighbors only, the 
dominant-pruning heuristic extends the propagation of 
neighbor information two-hop away. The dominant pruning 
scheme is actually similar to Multipoint Relay scheme (MPR) 
[7].  In Multipoint Relay scheme, a node periodically 
exchanges the list of adjacent nodes with its neighbors so that 
each node can collect the information of two-hop away 
neighbors.  Each node, based on the gathered information, 
selects the minimal subset of forwarding neighbors, which 
cover all nodes within two-hops.  Each sender piggybacks its 
chosen forwarding nodes (i.e. multipoint relay nodes) on the 
outgoing broadcast packet. 

 

Figure 1.   The collision rate of broadcast 

Along the same lines, several other schemes have proposed 
the selection of a dominant set based on topology [18] [21] [22] 
[23].  All of these schemes, however, again depend on periodic 
hello messages to collect topological information. 

The extra hello messages, however, consume resources and 
drop the network throughput in MANETs [14].  The extra 
traffic brings about congestion and collision as geographic 
density increases [1]. Fig 1[26] depicts the collision probability 
of hello messages in a single hop and a two hop network as the 
number of neighbor’s increases.  This result clearly shows that 
the neighbor degree causes the broadcast collision probability 
to increase (note, the collision probability is more than 0.1 with 
more than 15 neighbors).  Moreover, the hidden terminal and 
exposed terminal problems aggravate collisions in the two hop 
network. Note that Fig 1 assumes no data traffic - only hello 
messages.  

With user-data packets, the collision probability of hello 
messages will dramatically increase.  Thus, it will be hard to 
collect complete neighbor topology information using hello 
messages.  As a consequence, the aforementioned schemes 
(e.g., neighbor coverage, MPR, etc.) are not scalable to offered 
load and number of neighbors. 

Lastly, we consider clustering. Clustering can be described 
as grouping of nodes. A representative of each group (cluster) 
is dynamically elected to the role of cluster head based on some 
criterion (e.g., lowest ID).  Nodes within one hop of a cluster 
head become associated to its cluster.  A node belonging to two 
or more clusters at the same time is called a gateway. Other 
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members are called ordinary nodes.  Various distributed 

 

Figure 2.  . An example of efficient flooding with clustering. Only cluster 

heads and gateways rebroadcast 

 computation techniques can be used to dynamically create 
clusters.  In the active clustering lowest ID technique [15] each 
node attempts to become cluster head by broadcasting its ID to 
neighbors. It will give up only if it hears from a lower ID 
neighbor. Based on the above definition, any two nodes in a 
cluster are at most 2 hops away [9].  With this clustering 
scheme, the dominant forwarding nodes are the cluster heads 
and the gateways, as shown in Figure 2. 

Clustering in ad hoc networks has been extensively studied 
for hierarchical routing schemes [9] [5] [3], the master election 
algorithms [4], power control [3], reliable broadcast [20], load 
aware schemes [17], efficient broadcast [16] and efficient 
flooding [10]. Some clustering schemes are based on the 
complete knowledge of neighbors.  However, the complete 
knowledge of neighbor information in adhoc networks is hard 
to collect and introduces substantial control overhead caused by 
periodic exchange of hello messages.  Passive clustering [10] is 
an “on demand” protocol.  It constructs and maintains the 
cluster architecture only when there are on-going data packets 
that piggyback “cluster related information”.  Each node 
collects neighbor information through promiscuous packet 
receptions.  Passive clustering, therefore, eliminates setup 
latency and major control overhead of clustering protocols. 

Passive clustering has two innovative mechanisms for the 
cluster formation: First Declaration Wins rule and Gateway 
Selection Heuristic.  With the First Declaration Wins rule, a 
node that first claims to be a cluster head “rules” the rest of 
nodes in its clustered area (radio coverage).  There is no 
waiting period (to make sure all the neighbors have been 
checked) unlike for all the weight-driven clustering 
mechanisms [3] [5]. Also, the Gateway Selection Heuristic 
provides a procedure to elect the minimal number of gateways 
(including distributed gateways) required to maintain the 
connectivity in a distributed manner. 

Passive clustering maintains clusters using implicit timeout. 
A node assumes that the nodes it had previously heard from as 
dead or out of its locality if they have not sent any data within 
timeout duration.  With a reasonable offered load, a node can 
easily keep track of dynamic topology changes by virtue of this 
timeout. 

 Lastly, the existing passive clustering scheme uses 
flooding initially till the cluster is formed and each data packet 
carries cluster formation overhead fields even though the 
cluster has not changed.  These limitations motivated our 

investigation of a new cluster formation protocol called 
enhanced passive clustering.  While retaining the advantages of 
passive clustering, our scheme eliminates much of the control 
overhead. 

III. ENHANCED PASSIVE CLUSTERING 

A. Overveiw of Enhanced passive clustering 

The proposed protocol called enhanced passive clustering is 
very much similar to passive clustering algorithm except that it 
uses RREQ packets for formation of clusters and their 
maintenance.  RREQ packets are generated only when the 
topology of the network changes and hence is more suitable for 
cluster formation and maintenance in a rapidly changing 
network. RREQ packet is transmitted by the node having data 
to transmit but has no path to forward it.  If data packets are 
used for cluster formation and maintenance then every data 
packet carries the overhead of cluster related information thus 
increasing the overhead transmitted in the network.  Our 
scheme helps in reducing flooding and redundant overhead 
transmission effectively. 

B. Construction and maintainance 

A node can be in different states during the clustering 
process, namely: INITIAL, CLUSTER HEAD (CH), 
ORDINARY NODE, GATEWAY (GW), CH READY, GW 
READY and DISTRIBUTED GW.  

When a node joins the network, it sets its cluster state to 
INITIAL.  Moreover, the state of a floating node (a node does 
not belong to a cluster yet) also is set to INITIAL.  Because 
enhanced passive clustering exploits RREQ packets, the 
implementation of this clustering resides between layer 3 and 4. 
An additional field in the header (the cluster information field) 
is carried by RREQ packet.  This field contains the following 
entries: 

 Node ID: The IP address of the sender node. Not to be 
confused with the source address of the IP packet. 

 State of node: The cluster state of the sender node.  

 Two cluster heads addresses: If a sender node is a 
gateway, then there is another field with the two IP 
addresses of the cluster heads (CHs) which are 
reachable from the gateway. 

Below, we provide a summary description of the enhanced 
passive clustering algorithm.  

1) The packet handling: 
Upon sending a RREQ packet, each node piggybacks 

cluster related information in the cluster info field.  Upon a 
promiscuous packet reception, each node extracts cluster-
related information of neighbors and updates neighbor 
information table. 

2)  A cluster head declaration: 
A node in INITIAL state changes its state to CH READY 

(a candidate cluster head) when a RREQ packet arrives from 
another node that is not a cluster head.  With the next outgoing 
RREQ packet, a CH READY node can declare itself as a 
CLUSTER HEAD. 
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3) Becoming a member (Gateway or Ordinary node): 
A node becomes a member of a cluster once it has heard or 

overheard a message from any cluster head.  A member node 
will serve as a gateway or an ordinary node depending on the 
information collected from neighbors.  Specifically, a member 
node settles as an ORDINARY NODE only after it has learned 
(i.e., has heard from) enough neighbor gateways.  In enhanced 
passive clustering, the existence of a gateway can be found 
only through overhearing a packet from that gateway.  Thus, 
we define another internal state, GW READY, for a candidate 
gateway node that has not yet discovered enough neighbor 
gateways.  Recall that we develop a gateway selection 
mechanism to reduce the total gateways in the network.  A 
candidate gateway finalizes its role as a GATEWAY upon 
sending a packet (announcing its gateway’s role).  Note that a 
candidate gateway node can be downgraded to ordinary node at 
any time after detection of enough gateways. 

C. Gateway Selection Heuristic 

A gateway is a bridge node that connects two adjacent 
clusters.  Thus, a node that belongs to two or more clusters at 
the same time is eligible to be a gateway.  One can easily see 
that only one gateway is needed for the each pair of adjacent 
clusters.  Following this observation, we have used a gateway 
selection mechanism that eventually allows only one gateway 
for each pair of neighboring cluster heads.  However, it is 
possible that there is no potential gateway between two 
communicating clusters.  For instance, suppose that two cluster 
heads are mutually reachable not by a two-hop but a three-hop 
route.  Then the clustering scheme should select the two 
intermediate nodes as distributed gateways (DISTR GW).  

The gateway selection mechanism can be summarized as 
follows: 

1)  Gateway 
A node that belongs to two or more clusters at the same 

time is a candidate gateway.  Upon sending a RREQ packet, a 
potential gateway selects two cluster heads among the known 
cluster heads.  This node will serve as an intermediate node 
between those chosen cluster heads. It cannot be the 
intermediate gateways for any two other cluster heads that have 
already been announced by another neighbor gateway node.  If 
the node finds a unique pair of cluster heads, then it finalizes its 
role as a gateway and announces the pair of cluster heads to 
neighbors. 

If a gateway has received a packet from another gateway 
which has announced the same pair of CHs, then this node 
compares the node ID of itself with that of the sender.  If this 
node has the lower ID, it keeps its role as the gateway.    
Otherwise, it selects another pair of CHs (that it has heard 
from) or changes its state to ordinary node. 

2)  Distributed gateway 

Enhanced Passive clustering uses distributed gateway to 
provide connectivity among cluster heads which are 3 hops 
away. Moreover, distributed gateways are common at the 
boundary of the cluster structure.  A node that belongs to only 
one cluster can be an ordinary node only if at least two 
(distributed) gateways are known to this node.  Otherwise, it 
keeps the candidate gateway state.  A candidate gateway node 

becomes a distributed gateway if it has not heard from any 
other neighboring distributed gateway belonging to the same 
cluster. If an ordinary node has received a packet from a 
distributed gateway and no other gateway is a neighbor node of 
that node, then this node changes to a distributed gateway. 

Enhanced passive clustering was first implemented using 
one cluster head per cluster in DSR. In this paper this 
implementation is referred to as Enhanced Dynamic Source 
Routing protocol1 (EDSR1). Enhanced passive clustering was 
then implemented using two cluster heads per cluster. In this 
paper this implementation is referred to as Enhanced Dynamic 
Source Routing protocol2 (EDSR2). Two cluster heads are 
named as primary and secondary cluster heads. Primary cluster 
heads are active as long as they are in the cluster. Once the 
primary cluster head moves out of the cluster, instead of 
performing reclustering and flooding the network, this 
technique makes the secondary cluster head active and 
promotes it as primary cluster head so that flooding in the 
network can be avoided. It is now the responsibility of primary 
cluster head to select secondary cluster head. We have used 
lowest id technique to select secondary cluster head. 

IV. SIMULATION RESULTS 

The simulations were performed using Glomosim [11]. The 
mobility scenarios were randomly generated using random 
waypoint model.  We used distributed coordination function 
(DCF) of IEEE 802.11 for wireless LANs as the MAC layer 
protocol. 

 In our simulation, 100 nodes move in a 1000x1000 meter 
rectangular region for 600 seconds simulation time.  Initial 
locations of the nodes are obtained using a uniform 
distribution. We assume that each node moves independently 
with the same average speed.  With the random waypoint 
mobility model, a node randomly selects a destination from the 
physical terrain and moves in the direction of the destination 
with a uniform speed chosen between the minimal and 
maximal speed.  After it reaches its destination, the node stays 
there for a pause time and then moves again.  In our simulation, 
the minimal speed was 0m/s and maximal speed was 16m/s and 
pause time was varied from 0 to 10seconds.  The simulated 
traffic was constant bit rate (CBR). 

We have analyzed the variation in the number of control 
packets by varying the density of the network at different pause 
time (i.e. mobility) of 0s, 5s and 10s.  

The simulation results shown below compares the 
performance of standard DSR, DSR with passive clustering 
(PDSR) and DSR with enhanced passive clustering EDSR1 and 
EDSR2. 

The graphs in Fig 3, 4 and 5 show that in EDSR1, the 
number of control packets used in routing reduces as the 
number of nodes increases at a fixed mobility, compared to 
DSR and PDSR.  This is because we have used RREQ packets 
for clustering which limits flooding within the cluster.  The 
number of control packets drastically reduces in the middle 
region of the graph as more number of RREQ packets is 
generated when the number of nodes increases and hence 
clusters are maintained efficiently. But there is slight increase 
in the control packets with increased mobility.  This is because 
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of reclustering which causes more control packets to be flooded 
in the network. But the graphs for EDSR2 shows reduced 
number of control packets irrespective of the density and 
mobility of the network. As expected EDSR2 shows reduced 
number of control packets compared to EDSR1 even when the 
mobility of the node is high as reclustering is avoided. Thus we 
can say that using two cluster heads in passive clustering we 
can reduce flooding in DSR to a great extent 

We have also analyzed the variation in the number of route 
request packets by varying the density of the network at 
different pause time (i.e. mobility) of 0s, 5s and 10s.  

 

 

Figure 3.   Number of nodes v/s control packets 

 
 

 

Figure 4.   Number of nodes v/s control packets 

 
 

 

Figure 5.   Number of nodes v/s control packets 

 

The graphs in Fig 6, 7, and 8 show that the number of route 
requests required in the enhanced passive clustering technique 
is lesser than standard DSR and PDSR.  This is mainly because 
this technique chooses the sub-optimal dominant forwarding 
nodes. In normal DSR we can see from the graph that there is a 
slight increase in the number of RREQ packets as mobility 
increases, this is because new routes have to be found as the 
position of the nodes change.  Whereas in EDSR1 the graph 
shows that the number of RREQ packets is less for different 
mobilities as the routes need to be found only between cluster 
heads and flooding is limited to that of cluster. But in EDSR2 
the number of route request packets reduces further as the 
secondary cluster head replaces the primary cluster head and 
route requests are not required to find the route between 
secondary cluster head as the routes will already be known 
during the previous transmissions.  

 

 

Figure 6.   Number of nodes v/s Route request packets 
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Figure 7.   Number of nodes v/s Route request packets 

 

 
Figure 8.  Number of nodes v/s Route request packets 

 

As shown in the above graphs, increase in mobility of the 
nodes increases flooding in the network. This is due to 
reclustering. We have tried to overcome this drawback using 
two cluster heads.  

V. CONCLUSION 

For carrying out this work we have investigated the 
problem of “efficient flooding” based on topological 
information.  To collect neighbor topology, the network incurs 
a heavy control overhead penalty - it is very costly to collect 
accurate topology information with node mobility and 
dynamically changing resources. The aforementioned 
topology-based schemes, in consequence, are limiting in 
scalability and performance due to the burden of message and 
processing overhead.  Flooding scheme based on passive 
clustering removes such limitations. Passive clustering finds its 
home in the domain of on-demand protocols. As such protocols 
come alive only when the user has data and tries to find a path 
to send his data, and moreover they almost universally require 
some form of flooding; they are the ideal candidates for passive 

clustering.  Clearly, no proactive flood enhancement scheme 
would make sense in this environment, as it would introduce 
undesirable, periodic background traffic. 

Existing passive clustering scheme uses data packets for 
cluster formation and hence introduces lot of overhead in data 
transmission.  So the key issue here was to evaluate the 
improvement introduced by enhanced passive clustering versus 
the original protocol version.  We have applied enhanced 
passive clustering to the most popular reactive routing protocol 
DSR. Enhanced passive clustering consistently reduces the 
flooding overhead and improves the performance and 
scalability as shown by the results.  This technique can also be 
applied to AODV, ODMRP etc. 
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Abstract—The importance of Mobile Ad hoc Networks 

(MANETs) has been increasing everyday. Attractive features of 

MANETs are no need for infrastructure and decentralized 

nature. Many applications that use MANETs include multimedia 

data that require Quality of Service (QoS) support for effective 

communication. Also QoS routing feature is important for a 

mobile network to interconnect wired network having QoS 

support. We approach the problem of providing     Quality of 

Service for mobile ad hoc networks (MANETs) by the technique 

of bandwidth based path finding. The Ad hoc On demand 

Distance Vector routing protocol provides efficient route 

establishment between nodes with minimal control overhead and 

minimal route acquisition latency. The normal route finding 

method of AODV is improved as Quality of Service Enhanced Ad 

hoc On demand Distance Vector (QEAODV) routing. In our 

work QEAODV establishes a path between the source and the 

destination meeting the application stipulated throughput 

requirement. Contention which is the inherent problem in 

MANET is considered effectively in QEAODV. QEAODV is 

implemented so that additional overhead requirement will be 

very less. In this paper, we present a scalable and efficient 

QEAODV to support QoS in ad hoc networks. Simulation results 

show significant performance advantages of our protocol when 

compared with normal AODV. 

 

Keywords—Mobile Ad hoc Networks (MANETs), quality of 

service routing, bandwidth estimation, contention, admission 

control, simulations. 

 

I.    INTRODUCTION 

Ad hoc networks are communication networks formed by a 

number of nodes which are small radio devices with limited 

computational capacity and memory. The most desirable 

advantage of ad hoc networks are their easy deployment. 

Ideally it should be possible to deploy the nodes in the area of 

operation and have them self-organize to route traffic as 

required. Such an easy deployment would be most 

advantageous in a variety of applications ranging from 

military operations and disaster relief to commercial 

applications.  

MANETs (Mobile Ad hoc Networks) [12] inherently 

possess many challenges for its easy deployment, the nodes 

should not depend on an external energy supply, so they are 

normally battery powered, and battery life is often a limiting 

factor. The radio transmission channel is limited in bandwidth. 

Channel bandwidth is shared among neighboring nodes. 

Nodes in the MANETs can move freely. Nodes mobility 

makes determining and maintaining the network topology the 

most challenging issue. Networking mechanisms such as 

routing protocols for MANETs require high efficiency 

because of limited resources in a mobile node such as network 

bandwidth, memory capacity and battery power. Routing 

protocols in ad hoc networks must manage frequent topology 

changes caused by node mobility. The nature of dynamic 

changing topology in ad hoc networks introduces difficulties 

in end-to-end route finding. A new technique designed for ad 

hoc networks is ‘On-demand’, or reactive routing. In this 

technique nodes are not maintaining the full topological view, 

but nodes construct routing tables having only routes to nodes 

that a source needs to communicate with, that are established 

on demand with the help of source flooding. 

A lot of work has been made on routing in ad hoc networks: 

the destination - sequenced distance vector (DSDV) protocol 

[5], the wireless routing protocol [6], the temporally-ordered 

routing algorithms [7], the dynamic source routing protocols 

[8], the associativity based routing protocol [9], and the zone 

routing protocol (ZRP) [10], etc. These protocols tend to 

establish a path with least number of hops and achieving a 

high degree of availability of nodes involved in the active path 

where the network topology changes quickly. Also, all the 

previous routing solutions only deal with the best-effort data 

traffic. 

Though, the vast array of technological solutions for ad hoc 

networks, their practical implementation and use in the real 

world has been limited so far. Because entertainment and 

other multimedia based applications are naturally what drive 

the mass users of a technology. In order to support above 

services best-effort routing solutions are not sufficient. 

Normally multimedia applications often have stringent delay 

and reliability sensitive service requirements. Any networks 

supporting multimedia applications must cater above 

requirements. Hence focus has been shifted from best-effort 

services to the provision of better defined QoS in ad hoc 

networks. Shared nature of the medium in MANETs needs 

additional care at the time of Quality of Service support. QoS 

supportive routing protocols [2], [3] find important role in 
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QoS mechanisms. Since their role is to find which nodes in 

the network will meet application requirements in the wireless, 

mobile ad hoc network environment. 

II.    RELATED WORKS 

In MANETs Quality of Service based routing is a relatively 

new problem. In this section we present an overview of the 

existing solutions. Chen and Nahrstedt [4] proposed a ticket 

based QoS routing algorithm for ad hoc networks. This ticket 

based probing scheme achieves a balance between the single-

path routing algorithms and the flooding algorithms. It does 

multipath routing without flooding. The required QoS is 

ensured during the time when an established path remains 

unbroken. The QoS support however is disrupted during the 

rerouting time. They consider only the type of networks 

whose topologies are relatively stable because their routing, 

rerouting architectures do not support ad hoc networks with 

violently changing topologies. Lin and Liu [11] proposed a 

new bandwidth routing scheme which contains bandwidth 

calculation and reservation for mobile ad hoc networks. They 

suggested a TDMA-based approach. This approach requires 

effective synchronization between all nodes in the networks. 

Applying highly synchronized solutions in ad hoc networks 

becomes expensive and synchronization may fail when the 

nodes are mobile. The free slot allocation algorithm based on 

TDMA scheme is vulnerable to node mobility in the networks 

since slot allocations must be reconfigured whenever there are 

changes in available bandwidth or changes to routes in the 

network. Also they have not considered the routing optimality 

(i.e. shortest path). Hanzo et. al [14] proposed Quality of 

Service routing in ad hoc networks. They suggested 

throughput constrained Quality of Service routing utilising the 

Dynamic Source Routing (DSR) protocol. DSR is based on 

source routing in which each data packet carries complete 

path information. This requires more overhead compared to 

AODV. 

Normally QoS can be achieved by coordinating the 

transmission schedule of packets between nodes. Actually 

existing above discussed approaches are mostly based on local 

decisions. All are focusing on the packet level and only deal 

with required resource allocation at individual node point of 

view. In order to support Quality of Service, guarantees for 

end to end flows, path finding approaches need to be 

combined with suitable admission control strategy. At the 

time of making admission control decisions,   a node 

considers its local resources simultaneously it must account 

the resource of this contention neighbors because nodes flow 

may consume their resources through contention. This paper 

fulfils this objective by modifying AODV to perform 

admission control logic at every node and also to consider 

both node's local resources and resources at contention-

neighbors while making admission control decisions. 

Admission control is based on the knowledge of available 

bandwidth information. We only consider bandwidth as the 

admission criteria. This is because bandwidth guarantee is one 

of the most critical requirement for real time applications. The 

performance of Quality of Service Enhanced AODV is 

compared with its counter part AODV using NS-2 simulator.  

 

The rest of the paper is organized as follows. Next section 

presents basics of QEAODV protocol. Section IV explains the 

complete functioning of Quality of Service Enhanced AODV. 

Section V deals with QEAODV route  discovery  process. The 

protocol simulation and results are discussed in section VI.  

 

III.    PROTOCOL DESCRIPTION 

 

Basic AODV [13] is based on flooding the network with 

Route Request (RREQ) messages. The source node broadcasts 

a RREQ message with a time-to-live value equal to 1. i.e. a 

broadcast is limited one hop neighborhood. Each RREQ is 

uniquely identified through a sequence number, so that the 

first copy of a RREQ received by a node is processed, while 

duplicated messages are discarded. When a node receives the 

first copy of a given RREQ it records the address of the node 

that sent the message. When the first RREQ reaches the 

desired destination, a route reply (RREP) message is 

generated and sent back to the source node through the 

recorded reverse path, ensuring a path from the source to the 

destination. Normally this approach minimizes the number of 

hops of the chosen path. The basic functionality of the 

QEAODV is much similar to the AODV protocol. QEAODV 

differs from AODV in the way the route discovery process is 

modified to provide quality of service support by performing 

bandwidth constrained admission control at each node in the 

network. Similar to AODV, the QEAODV also uses the Route 

Request, Route Reply and Route Error packets for the route 

discovery and maintenance process, except the Route Request 

and Reply packet formats are modified to carry additional 

information through the network 

 

IV.     FUNCTIONING OF QEAODV 

The main problem of the MANET comes from the shared 

nature of the wireless medium in single-channel networks. 

Essentially, nodes that cannot communicate with each other 

directly may still contend directly with each other for the same 

resources. This extended contention area, known as 

‘neighborhood contention’ affects resource allocation at 

individual nodes in two-ways. First allocation decisions at an 

individual node require bandwidth information of nodes 

outside of its communication range and along the entire route. 

Second, contention for resource may involve multiple nodes 

along a route. QEAODV performs admission control based on 

knowledge of these characteristics of MANET. We focus on 

ad hoc networks based on single-channel MAC layers like 

IEEE 802.11 because these single channel protocols are 

widely available and typically support ad hoc communication. 

Moreover, these protocols are simple to implement and robust 

and do not rely on stringent time synchronization that is hard 

to implement in ad hoc network. The physical characteristics 

of wireless channels introduce the two challenges. First 
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challenge is available bandwidth estimation at a node, second 

challenge is estimation of flow bandwidth requirement in a 

shared medium. 

 

A. Node’s Available Bandwidth: 

 
In shared wireless medium, when a node starts to transmit a 

flow, it consumes bandwidth from its contention neighbors. 

Because each node has a different view of the network, the 

node cannot decide on its own whether its contention 

neighbors have sufficient unused bandwidth for the new flow. 

Also, obtaining contention neighbor information is not easy 

since a node may consume the bandwidth of contention 

neighbor but not able to directly communicate with that 

neighbors if that neighbors are located outside transmission 

range and inside carrier-sensing range. 

 

B. Flow Bandwidth Consumption: 

 
Multiple nodes on a route may contend for bandwidth at a 

single location and not know about each other. A node on the 

route of flow cannot tell how much bandwidth the flow will 

consume at its contention neighbors. The limited bandwidth of 

wireless ad hoc networks requires the limitation of any 

message overhead from information collection. In addition, 

due to mobility, information gathered about the network only 

has limited lifetime. Hence, it is effective to collect 

information as close as possible to the time and location that it 

is needed. 

 

C. QEAODV Admission Control: 

 

The objective of admission control is to determine whether 

the available resources can meet the requirements of a new 

flow while maintaining bandwidth levels for existing flows. 

Each node views a different channel state, the available 

bandwidth in the network is not a local concept. To tackle this 

condition, two terms are introduced: local bandwidth available 

(BWlocal), contention-neighborhood bandwidth available 

(BWc-neigh). Local bandwidth available is the amount of 

unconsumed bandwidth as observed by a given node. 

Contention neighborhood available bandwidth is the 

maximum amount of bandwidth that a node can use for 

transmission without affecting the reserved bandwidth of any 

existing flows in its carrier-sensing range. Since a node may 

consume the bandwidth of nodes that are with in its contention 

range, the contention neighborhood bandwidth available for a 

given node is equal to the smallest local available bandwidth 

of all its contention neighbors. Hence in order to admit a flow, 

a node must have required local bandwidth and contention 

neighborhood bandwidth. 

 

1. Calculation of Local Bandwidth Available (BWlocal) 
 

It is the unconsumed bandwidth at a given node. Each node 

in the MANET can determine its BWlocal by passively 

listening network activities. In our approach, we use the 

fraction of channel idle time based on the past history as an 

indication of local available bandwidth at a node. This 

approach is justifiable since it does not consider that some of 

the channel time cannot be used due to the idle time caused by 

the exponential backoff algorithm in IEEE 802.11 and the 

collisions in the network. Using the fraction of idle channel 

time can be a simple approximation for local available 

bandwidth. A node can perceive the channel as either idle or 

busy. The channel is idle if the node is not in any of the 

following three states. First, the node is transmitting or 

receiving a packet. Second, the node receives a RTS or CTS 

message from another node, which receives channel for a 

period of time specified in the message. Third, the node senses 

a busy carrier with signal strength larger than a certain 

threshold, called the carrier-sensing threshold, but the node 

cannot interpret the contents of the message. By monitoring 

the amount of channel idle time, Tidle, during every period of 

time, Tp, the local bandwidth available BWlocal , for a node can 

be computed using a weighted average [1] as follows 

 

BWlocal = ω BWlocal + (1-ω)(Tidle /Tp) BWchannel           (1) 

 

Where BWchannel is the capacity of the channel and weight ω 

ε [0,1]. 

 

 

   2. Calculation of Contention Neighborhood Bandwidth 

Available (BWc-neigh) 

 

Each node perceives the network in a different state. Hence 

a node's local bandwidth available cannot provide information 

about its contention neighbors. Since it does not know the 

amount of BWlocal at other nodes. Two approaches are 

normally used to obtain bandwidth information at contention 

neighboring nodes. They are active approaches and passive 

approaches. In active approaches, neighbors voluntarily 

exchange bandwidth information between each other. Such 

exchanges normally incur high message overhead. In passive 
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approaches, a node passively monitors the channel to calculate 

its contention neighbors' local bandwidth available. During 

the normal IEEE 802.11 operations, a node listens the medium 

using a threshold value known as contention-carrier sensing 

threshold, which is set to a value much lower than the carrier-

sensing threshold refers the range that covers the carrier-

sensing ranges of all of the sensing node's contention 

neighbors as shown in the Fig.1. When the signal strength of 

the carrier sensed by a node is smaller than the contention 

carrier sensing threshold there is no communication in its 

contention neighborhood and contention neighbors of the 

node experience idle channels. The amount of time that the 

channel is in this idle state, denoted as Tidle
contention

, for every 

period of time, Tp, contention neighborhood available 

bandwidth, BWc_neigh is calculated using the following formula. 

 

BWc-neigh≈ ω BWc-neigh + (1-ω)(Tidle
contention

/Tp)BWchannel         (2) 

 

 

 

  3.Calculation of Application's Flow Bandwidth 

Consumption (BWa_flow)  
 

QEAODV needs to quantify the bandwidth that a new flow 

requires so that it can be decided whether the bandwidth 

available will satisfy the requirements of the flow. Foremost, 

the application’s data rate has to be converted into the 

corresponding channel bandwidth requirement. This 

conversion includes the protocol overhead incurred in the 

MAC layer and the network layer. As per IEEE 802.11, for 

every application data packet, the MAC layer performs 

handshaking. During this RTS, CTS and ACK control packets 

are involved. Hence each data packet's transmission time is 

calculated as follows. 

 

Tdata =Trts+Tcts +Tack+Tdifs+3Tsifs+(P+Q)/BWchannel             (3) 

 

Where Tdata - transmission time of each data packet 

   Trts - time for transmitting RTS  

   Tcts - time for transmitting CTS 

           Tack    - time for transmitting ACK 

  Tdifs - DCF inter frame space defined in the  

                           IEEE 802.11 protocol standard 

  Tsifs - short inter frame space defined in the  

                           IEEE 802.11 protocol standard  

     P  - size of the data packet 

   Q  - IP and MAC packet header length 

    BWchannel  - Channel capacity 

 

If at every second, the application generates ‘R’ packets 

with average packet size 'P', the corresponding channel 

bandwidth requirement is computed as follows. 

 

    BWflow = R x Tdata x BWchannel            (4) 

 

   

 

 
 

 

Next important factor to be considered is multiple nodes on 

the route of a new flow may contend for bandwidth at a single 

location. Every such node needs bandwidth equal to BWflow. 

The number of such kind of nodes is known as contention 

count (Cct). Hence the bandwidth consumption of the flow [1]  

at this location is expressed as: 

 

 BWa_flow =  Cct  x  BWflow                                        (5) 

 

  In Fig.2, flow 1 passes through the path F->B->A->C. Flow 

2 passes through the path D->H->B->G. Both the flows are 

within node X's contention range. Assume flow 1 requires 1 

Mbps at each node, flow 2 requires 0.5 Mbps at each node. At 

node X, both flows will take off 6 Mbps because nodes 

involved in both the flows are within the carrier sensing range 

of node X. A node can learn its contention neighbors by 

passively listening the routes and information carried in 

control and data messages. This method does not impose any 

extra message overhead in the network. A node on the route 

can get its contention count (Cct) value if the complete path 

information is available to it. Complete path information is 

made available in the route reply (RREP) packet of QEAODV. 

Hence BWa_flow  is computed (5) by a node on receiving RREP 

packet. Final admission control at a node is based on this 

value   

 

 

V.   QEAODV ROUTE  DISCOVERY PROCESS 
 

Like AODV [2], QEAODV is a reactive unicasting routing 

protocol for mobile ad hoc networks. It needs to maintain the 

routing information about the active paths. In QEAODV, 

routing information in maintained in routing table at every 

node. Each node constructs a next-hop routing table, which 

contains the destination to which it currently has a route. An 

entry in the table automatically expires, if it has not been used 

for a specified amount of time. 
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During the route discovery process, the source broadcasts 

route request (RREQ) packets. Each RREQ packet contains 

the addresses of the source and the destination, the broadcast 

ID, the last seen sequence number of the destination as well as 

the source node's sequence number. Broadcast ID is used as 

an identifier. Sequence numbers are utilized to ensure loop-

free and up-to-date routes. Application's channel bandwidth 

requirement (BWflow) is computed by the source and included 

in the RREQ packet. In QEAODV, each node computes 

BWlocal and BWc-neigh as per (1) and (2) respectively. Every 

intermediate node, on receiving RREQ performs preliminary 

admission control as given in Fig.3. If the bandwidth 

requirement of the flow BWflow is lower than node's local 

available bandwidth BWlocal and contention neighborhood 

available bandwidth BWc-neigh, preliminary admission control 

succeeds, otherwise it fails. In case of failure, the RREQ is 

discarded. On success of the preliminary admission control 

the node sets up a reverse route entry in its routing table,  adds 

its identifier in the RREQ packet and  rebroadcasts the route 

request. Recording the sequence of hops in RREQ packet 

enables to determine the lower bound of the contention count 

of the complete route and also it can be used to eliminate 

circular routes. 

When the intended destination receives, a route request, it 

receives the full route and sends a route reply (RREP) back to 

the source along the same route. If different routes arrive at 

the destination, the destination chooses the shortest path route 

and the  remaining  routes are  cached  at  the   destination  for  

 

 
 

 Fig. 4. Final Admission Control 
 

certain time period in order to make use of them if final 

admission control fails for the first selected route. On 

receiving the RREP packet, a node performs final admission 

control as shown in Fig.4.  Using the details available in the 

RREP packet each node on the reverse path computes actual 

bandwidth consumption of the flow (BWa_flow). If the actual 

bandwidth requirement of the flow (BWa_flow) is lower than 

node’s local available bandwidth  (BWlocal) and contention 

neighbourhood available bandwidth (BWc-neigh), final  

admission control succeeds otherwise it fails.       On success 

of admission control, a soft reservation of bandwidth is made 

in the routing table and RREP is forwarded to its immediate 

predecessor. On  failure  of  final  admission  control,  an 

 

 
            

              Fig. 5. Throughput of QEAODV. 
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  Fig. 6. Throughput for different simulation times. 

 

 
 

 
  Fig. 7. Control message overhead for pause time = 10sec 

 

 

  

admission failure message is sent to the destination via the 

same reverse route. It enables cancellation of bandwidth 

reservation by the successor nodes. On receiving the 

admission failure message, the destination selects another 

fresh cached route and sends a RREP. On successfully 

receiving RREP, a source has enough end-to-end bandwidth 

reserved entire route and communication can start at each 

node on the path, bandwidth reservation is refreshed by the 

arrival of data packets. The bandwidth reservation at the node 

automatically expires, if no data packet arrives due to link 

breakages. 

 

VI.    SIMULATION AND RESULTS 

 

The proposed QEAODV routing protocol is implemented 

using the NS-2 network simulator [15] by modifying the code 

of AODV protocol. AODV protocol already exists in the 

network layer. A modification is done in the MAC layer to 

capture the signal strength. In QEAODV  the packet  structure  

 

  
 

Fig. 8. Control message overhead for pause time = 20sec 

 

 
of RREQ is modified to carry additional information. The 

routing table structure is also changed to hold the extra details. 

 

 Simulations are run for different scenarios. Different 

scenarios are created using 10, 20, 30, 40 and 50 nodes. 

Protocol evaluations are based on the simulation of wireless 

nodes forming an ad hoc network, moving about over a 

rectangle. Rectangle size is 1000m x 1000m, simulation time 

is 200seconds. At medium access control (MAC) layer the 

802.11 protocol was used. Radio transmission range of a node 

is set to 250m and the carrier sensing range is set 550m. Node 

movement is set as per “random way point” model. Each flow 

generated 10 packets per second. Each packet size is 512 

bytes. Speed of nodes is 5m/s and the bandwidth of the 

channel is 2 Mbps.A number of simultaneous CBR flows are 

made. Scenarios are run for different node pause time values. 

The performance of the QEAODV is compared with normal 

AODV in terms of throughput, overhead and network 

performance ratio. Throughput of QEAODV gets increased 

significantly as shown in Fig. 5. In Fig. 6 throughput of  

QEAODV is high till the average simulation time of 130 

seconds, beyond that throughput gets decreased. This is due to 

the effect of nodes mobility. From Fig. 7 and Fig. 8, it is 

inferred that control message overhead as per QEAODV 

execution is comparatively lower than normal AODV 

execution. Also as the nodes’ pause time value increases, 

control message overhead decreases drastically.  

 

VII.    CONCLUSION 

 

In this paper, we proposed a QoS enhanced AODV 

(QEAODV) routing algorithm for ad hoc networks. The 

existing AODV performs routing with low control overhead 

and effective packet transmission. But do not have QoS 

support. We modified the normal AODV to perform path 

finding that meets the application stipulated bandwidth 

requirement. Our path finding approach is modified in such a 

way  that it  deals  with  common medium  sharing problem of  
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the  ad   hoc  networks  effectively.  The  modified  QEAODV  

performs path finding with less overhead by adopting passive 

approach of listening to the medium. Simulations show that 

QEAODV performs better than AODV in terms of throughput 

and control message overhead. It improves packet delivery 

ratio greatly without affecting the overall end-to-end 

throughput of existing flows. 

 

REFERENCES 

 

[1] Y. Yang and R. Kravets, “Contention-aware admission 

control for ad hoc networks,” IEEE Trans. Mobile Comput., 

vol. 4, pp. 363-377, Aug 2005. 

[2]  Z. Fan, “QoS routing using lower layer information in 

ad hoc networks,” in Proc. Personal, Indoor and Mobile Radio 

Communications Conf., pp. 135-139, Sep. 2004. 

[3] L. Hanzo and R. Tafazolli, “ A Survey of QoS Routing 

Solutions for Mobile Ad Hoc Networks,”  IEEE 

Communications Surveys, vol. 9, No. 2, 2nd Quarter, 2007. 

[4] S. Chen and K. Nahrstedt, ”Distributed quality-of-

service routing in ad hoc networks,” IEEE J.Select. Areas 

Commun., vol. 17, pp. 1488-1505, Aug. 1999. 

[5] C. Perkins and P. Bhagwat, “Highly dynamic 

destination-sequenced distance vector routing (DSDV) for 

mobile computers,” in Proc. ACM SIGCOMM'94, pp. 234-

244. 

[6] S. Murthy and J. J. Garcia-Luna-Aceves, ”An efficient 

routing protocol for wireless networks,” ACM Mobile 

Networks Applicat. J., Special Issue on Routing in Mobile 

Communication Networks,1996. 

[7] V. D. Park and M. S. Corson, “A Highly adaptive 

distributed routing algorithm for mobile wireless networks,” 

in Proc. IEEE INFOCOM'97, pp. 1405-1413. 

[8] D. Johnson and D. Maltz, “Dynamic source routing in 

ad hoc wirelesss networks,” Mobile Computing. E. Imielinski 

and H. Korth, Eds. Norwell, MA. Kluwer, 1996. 

[9] C. K. Toh, “Associativity-based routing for ad hoc 

mobile networks,” Wireless Personal Commun., vol. 4, pp. 

103-139,1997. 

[10] Z. J. Haas and M. R. Pearlman, “The performance of 

query control schemes for the zone routing protocol,” in Proc. 

IEEE Symp. Computers and Communication, 1998. 

[11] C.R.Lin and J.S.Liu, ”QoS routing in ad hoc wireless 

networks,” IEEE J. Select. Areas Commun., vol. 17, pp.1426-

1438, Aug. 1999. 

[12] C.E.Perkins, ed., Ad Hoc Networking, ch. 3. Addison 

Wesley, 2001. 

[13] C. E. Perkins and E. M. Royer and S. R. Das, ”Ad Hoc 

on Demand Distance Vector (AODV) Routing,” Internet Draft, 

draft-ietf-manet-aodv-08.txt, 2001. 

[14] L. Hanzo (II) and R. Tafazolli, “Quality of Service 

routing and admission control for mobile ad hoc networks 

with a contention-based MAC layer,” in Proc. 3rd IEEE Conf. 

Mobile Ad hoc and Sensor Systems, (Vancouver), pp. 501-

504, Oct. 2006. 

 [15] S. McCanne, S. Floyd, S. Fall, K. Varadhan: The 

Network Simulator NS2 (1995). The VINT Project, available 

at http://www.isi.edu/nsnam/ns. 

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



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 5, 2010  

 

PC 2 Phone Event Announcer 
 

BEHRANG PARHIZKAR 
Faculty of Information & Communication 
Technology, LIMKOKWING University  

Cyberjaya, Selangor, Malaysia 
hani.pk@limkokwing.edu.my 

 

ABDULBASIT MOHAMMAD 
ABDULRAHMAN ALAZIZI 

Faculty of Information & Communication 
Technology, LIMKOKWING University  

Cyberjaya, Selangor, Malaysia 
Basit5050@yahoo.com  

 
 
 
 
 

 
 

MOHAMMAD NABIL SADEGH ALI  
Faculty of Information & Communication 
Technology, LIMKOKWING University  

Cyberjaya, Selangor, Malaysia 
Nabil1420@yahoo.com  

 
ANAND RAMACHANDRAN 

Faculty of Information & Communication 
Technology, LIMKOKWING University  

Cyberjaya, Selangor, Malaysia 
anand@limkokwing.edu.my 

 
SUJATA NAVARATNAM 

Faculty of Information & Communication 
Technology, LIMKOKWING University  

Cyberjaya, Selangor, Malaysia 
sujata@leadership.edu.my 

Abstract-Nowadays, mobile phones are indispensable 
devices; it has become a trend now that college and 
university students are owners of such devices and this 
particular factor plays a very important role behind the 
coming up with the proposed system. “PC 2 Phone 
Event Announcer”, is the name of the new proposed 
system suggested to solve the existing communication 
problem between the College staff and students. As the 
name suggests, it can be deduced that the system will 
involve computers and phones, more specifically mobile 
phones. 

Keywords-component; Mobile; SMS; Phone;  

 

I. INTRODUCTION 
Mobile phones play an essential role in the mobile 
communication of the modern world. They make a 
person easily accessible. ‘PC 2 Phone Event 
Announcer’ makes it possible to access a group of 
persons in just a few clicks. The system will permit 
lecturers, records office staff and the librarian to 
contact students by sending SMS through their 
computers. The records office and the library will 
have a special feature called Autorun. This feature 
will do the job of the specified staff members by 
automatically scanning through the database for any 
late payments or overdue books and send SMS or 
emails to the concerned students. 

In this paper we are going to conduct a study of 
the current system on the basic definition and 

concepts about Pc 2 Phone event announcer systems. 
Furthermore, we have done a small investigation 
about this topic. In the present scenario each and 
every person uses mobile phones. They have become 
a trend, students from every college and university are 
the owners of mobile phones and this particular factor 
plays a very vital role behind this project. Mobile 
phones play an important role in the mobile 
communication of the modern world. They make a 
person to contact with others very quickly. 

II. RELATED WORK  
In this ever increasing world of communication 

technology, the use of computers and cell-phones is 
getting wider and wider day by day. From the time the 
cell-phones were introduced to the market, the PCs 
and hand-phones have been increasingly sharing the 
similar applications and features. Nowadays, although 
being dependant from each other, they’re being 
interconnected and inter-dependant in several ways. 
The following literature review tries to brief on 
several different studies that have been done on this 
interconnectivity of PCs and cell phones in different 
respects and also on different ways that cell-phone 
services have facilitated people’s lives.  

A research is conducted to find out how SMS 
technology can be used for as means of quick 
communication in particular the bulk SMS services 
used in organizations. We will go through many 
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articles on SMS technology utilization by various 
organizations as means of communication. 

EMERGENCY TEXT COMMUNICATIONS: 
Being an absolutely useful communicational tool, 

text communications can specially be used in cases 
and places where there’s no possibility of using voice 
calls. Wonsang Song, Jong Yul Kim, and Henning 
Schulzrinne, Piotr Boni and Michael Armstrong 
focused on the advantages of using text 
communications like IM and SMS in Emergency 
services. They focused on such features like being fast 
in service, text-based which can be accompanied with 
multimedia and Automatic Geographic Location in 
their article. Among the advantages of this service 
they pointed at its easy usability especially for the 
deaf and in places in which there’s no chance of 
having a voice call. Also they mentioned that using 
this service, the current network can be maintained 
and it does away with the need to broaden the network 
bandwidth and so is cost-efficient [1]. 

AUTOMATED SECURED APPLIANCES: 
Women University Rawalpindi of Pakistan has 

studied on a remote SMS-based system of controlling 
home appliances while the user is away from home in 
2009. Using this system, users can have a global 
access to their home appliances and this feature 
enables them to automate their homes and secure them 
against intrusion with a relatively low cost. This is 
done through SMS using GSM technology. Since this 
system is wireless it’s so adaptable and cost-efficient. 
Some technologies used here are GSM, RF (Radio 
Frequency), GPRS Modem, and Cell-phone via serial 
port RS 232 [2]. 

Also Fdhil T. Aula (2005) studied the same issue and 
discussed the techniques of using SMS for controlling 
home appliances through PC Parallel Port Interfacing 
[3]. 

SMS INTEGRATION IN ENTERPRISES: 
In his article, Daniel Mavrakis, have reviewed 

different ways that PCs and cell-phones can be 
integrated into firms’ routine chores using SMS. The 
featured mentioned by him are Alarm massages, 
Remote Control, Machine-To-Machine Interface, and 
Location Retrieval [4]. 

E-HEALTH ENHANCEMENT USING MOBILE 
COMMUNICATION: 

Healthcare industry’s increasing use of Mobile 
technology has been sparkling healthcare initiatives 
round the world. V. Dinusha and K.D Arunatileka 
focused on those aspects of mobile communication 
used in e-health like, sending scheduled SMS, 

replying and auto forwarding and RS232Serial Data 
cable. The technologies used here are Bluetooth, 
GSM, GPRS, EMR (Electronic Medical Record), 
infrared port, Serial cable connection, and RS232 
serial data cable. Speaking about the advantages of 
using mobile communication in e-health, they believe 
that it enables, excels and aids accurate predictions, 
exact analysis, updates on diseases via SMS, timelier, 
a more comprehensive public health information and 
improved system of diagnosis disease tracking [5]. 

SMS-BASED PERSONAL ELECTROCARDIOGRAM 
MONITORING SYSTEM: 

Ashraf A. Tahat studies the advantages of using 
SMS at the time when there’s an emergency with 
Electrocardiogram Monitoring System. Features and 
technologies used in this article are Bluetooth 
Transceiver, The Microcontroller, Body Temperature 
Sensor, GPRS, EDGE, 3G, and WIMAX. In case of 
an emergency, when there’s no immediate access to a 
cardiologist, ECG electrodes can be attached to the 
patient’s body and the necessary information will be 
sent to the cardiologist’s hand-phone, PDA or PC and 
a fast diagnosis and decision can be made by him/her 
[6]. 

SMS SERVICE FOR SCHOOLS/CONFERENCES: 
James Kadirire explains in his article the ways that 

teacher-student relationship can be facilitated through 
the use of SMS, sent from PC to a phone and visa a 
versa. Featured used in this article are Internet, Email, 
Auto alerts, and Wierless and the technologies are 
JavaServlets, SMS Gateway, Unix Platform, and 
GSM Modem. The advantages of using such systems 
explained by Dr. Kadirire the facilitation of 
Presentations and Conference, the ability to maintain 
Instant Services, and elimination of cable usage due to 
the use of wireless systems [7]. 

SMS-BASED E-GOVERNMENT MODEL: 
E-Governance has been getting a growing concern 

for the governments round the world especially in the 
developed and developing countries. It can be of great 
help to governments because of its potential for 
boosting up the official processes and doing away 
with much of bureaucracies. Toney Dwi and Robert 
proposed in their article some current technologies for 
the implementation of SMS-based systems in the 
application e-governance model. Some features used 
in their SMS-Based E-Government Model are Event-
Based and Scheduled-Based SMS and the used 
technologies are SMS Cell Broadcast (CBS), SMSC 
and HTTP Protocols, ISP or ADSL, and Short 
Message Driver. Some of the advantages of this 
model mentioned by Susanto and Goodwin are the 
receipt of alerts at scheduled times (for scheduled 

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



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 5, 2010 

SMS), user’s ability to request services by SMS, and 
the probability of having a Personal Profile [8]. This 
model maintains that local authorities can enhance 
their SMS-based governance through five levels: 
Notification, Presentation, Communication, 
Transaction, and Integration. Each level is a kind of e-
government service that can be offered using SMS 
services. 

MOBILE PHONES IN EDUCATION: 
Michael Yerushalmy & Oshrat Benzaken has 
reviewed the ways that Mobile phone services can 
facilitate the education. Technologies used here are 
GPRS Modem, 3G, WiFi, J2ME, Medlets, and IMode.  
These technologies are used to send Instant Messages 
to mobile phone, and using those technologies this 
sending of IMs can be done with a PC using a GPRS 
Modem. The main advantage of using this technology 
is coming to the users’ present location and their 
availability [9]. Classmates can easily get in touch 
with their peers and teachers, do a group discussion, 
ask for personalized information and teachers can 
check the progress of their students with no need of 
physical presence. 

Saranphong Pramsane & Ridwan Sanjaya also 
believes that a PC to phone communication through 
SMS can be used in educational systems. The use of 
this system would result in closer relationships 
between teachers and students. They use technologies 
like WAP, GPRS and GSM Modem, HTTP, SMPP. 
The advantages of using such PC to phone messaging 
technologies are remote access, reliability in packet 
transfers, and the fact that HTTPs are acceptable in all 
browsers. Also they’ve considered the fact that not 
only texts but also multimedia files can be transferred 
from PCs to hand-phones using such technologies. 
This issue is of high importance and value in 
educational systems. [10] Tutors can send students 
whatever materials they need and this way of 
transmittance of the data is so cost-effective and 
efficient which any student can afford it. 

Yet other researchers studied other different 
applications of PC-to-phone interconnections and 
mobile phone services. O. Awodele, E. R. 
Adagunodo, A.T. Akinwale, S. Idowu and M. Agbaje 
(2009) explained the use of cell-phone for delivering 
the exam results through SMS [11]. 

Didier Chincholle, Michael Bjorn, Christian 
Norlin & Morgan Lindqvist (2006) researched about 
the development of a user-centered IMS-based system 
through a user-oriented approach [12]. Rajive 
Chakravorty spoke about the limitations of using 
GSM and GPRS technologies in PC-to-phone 
communications and the advantages of using a TCP 

(Transmission Control Protocol) over GPRS [13]. In a 
similar study, Laurie Butgereit explained the 
usefulness of GPRS technology in Instant Messaging 
and how IMs can be sent using GPRS. [14]  Neseem 
Alrawi worked on the use of use of Mobile SMS 
through GPRS and Java technologies in computer 
event communications [15].   Kjell suggested the use 
of Bluetooth and J2ME in sending and receipt of SMS 
and IM from PC to phone [16].  Also Klinkman 
studied the use of GSM Control SMS Gateway in 
sending message to hand-phones from PCs. [17] 
Finally, In an interesting study, Mahesh Gogineni & 
Aishwarya Lackshmi discussed the techniques and 
advantages of SMS in mobile phone that are capable 
being applied to urban microfinance [18]. 

III. PROPOSED SYSTEM 
   The proposed system will work easily; the lecturers 
will have a system that will enable them to send SMS 
to their students from the web. They will have a Login 
ID and a password allowing them to access to the 
system. A student database consisting of student 
information such as their phone numbers, ID and 
name will be provided in order to facilitate the job of 
the lecturer to choose the students. After lecturer 
successfully login he can send Pc 2 Phone Event 
Announcer information to students by SMS. They will 
also have access to their respective timetables that will 
help for student retrieval as well (Fig. 1).  

Figure 1: Proposed System Algorithm 
 

 There will be another sub-system in the library 
and in the records office. This system will have two 
options. The system in the records office will give the 
staff two options. One is to let the staff sort out which 
students have not paid their tuition fees yet and send 
reminders manually. The other one is the Autorun 
function. This function is about the system performing 
that task. The system will go through the student 
database and identify the students who have not 
settled their tuition fees yet. The system will then 
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prompt the user for approval before sending out pre-
formatted notification emails or SMS to the sorted 
students (Fig. 2). 

 
Figure 2: Proposed System Sub algorithm 

A similar system will run in the library but the 
difference is that it will scan the database for overdue 
books and fines (Fig. 3).  

 
Figure 3: Proposed System Schema 

CONCLUSION  
Going through many articles on SMS technology 

as a means of communication to send bulk SMS, has 
helped in gaining knowledge about SMS technology 
usage in various organizations. We have gained 
knowledge about how SMS technology can be used as 
a means of communication between students, lecturers 
and management. Apart from SMS service being just 
as a means of communication how best the 
information available with individuals and 
organizations can be communicated to students in 
universities is conducted with a view to pass valuable 
information that benefits the students. 

After analyzing the system and collecting the 
feedback from the lecturers, students on the existing 
system, we have come to this conclusion that PC 2 
Phone Event Announcer is the best solution to 
overcome the existing communication problems in the 
Universities.  

FUTURE WORK 
Although the application of mobile phone 

technologies is not something new in the academic 
environments, but the provision of college (Lecturers, 
Records office and Library Staff) related services is 
still considered new. 

More research should be done in this area where 
the concentration is put on the amount of information 
that needs to be filtered and delivered in this new 
environment. The challenge in research is the type of 
information services that the industries should deliver 
and find solutions to the versatile limitations existing 
in mobile phone technology in order to ensure 
satisfactory services to the users. 

Firms need to work out the best ways to serve the 
users by the use this new mode of communication. 
They need to have constant collaboration with the 
researchers in the ICT fields, and also with the 
telecommunication providers to run a good study that 
looks into the appropriateness of industry functions 
that are to be delivered in the smaller interface 
environment. 

The consequences of such study should be used in 
the actual execution of the services. In addition, the 
research conducted should also investigate the more 
advanced reference and information retrieval services 
and online public access with the help of the wireless 
technology. 
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Abstract- This paper stimulates and describes the data integration 
component of INDUS that is, Intelligent Data Understanding System, 
environment for data-driven information extraction and integration 
from heterogeneous, distributed, autonomous information sources.  
INDUS employs ontologies and inter-ontology mappings, to enable a 
user or an application to view a collection of physically distributed 
autonomous, semantically heterogeneous data sources regardless of 
location, internal structure and query interfaces as though they were a 
collection of tables structured according to an ontology supplied by 
the user. This allows INDUS to answer user queries against 
distributed, semantically heterogeneous data sources without the need 
for a centralized data warehouse or a common global ontology. The 
design of INDUS is motivated by the requirements of applications 
such as scientific discovery, in which it is desirable for users to be 
able to access, flexibly interpret, and analyze data from diverse 
sources from different perspectives in different contexts. INDUS 
implements a federated, query-centric approach to data integration 
using user-specified ontologies. More than 13 systems are studied 
and it is realized that INDUS is the most preferred system for 
Information Extraction, Integration, and Knowledge Acquisition from 
Heterogeneous, Distributed and Autonomous Information Sources. 
PROSITE, MEROPS, SWISSPROT, and MEME are examples of 
data sources used by Computational Biologists. 
 
Keywords- INDUS (Intelligent Data Understanding System), Query-
centric approach, PROSITE, MEROPS, SWISSPROT, MEME, 
MIPS2GO, EC2GO. 
 

I. INTRODUCTION 
 
INDUS is a modular, extensible, platform which does not 
dependent environment for information integration and data-
driven knowledge acquisition from heterogeneous, distributed, 
autonomous information sources. INDUS when compared 
with machine learning algorithms for ontology-guided 
knowledge acquisition that can accelerate the pace of 
discovery in emerging data-rich domains such as biological 
sciences, atmospheric sciences, economics, defense, social 
sciences, by means of enabling scientists and  decision makers 
rapidly and flexibly explore and analyze vast amounts of data 
from disparate sources. IBM provides a family of data  
 
 
 

 
 
 
management products that enable a systematic approach to 
solve the information integration challenges that businesses 
face today. Data Integration systems [2] attempt to provide 
users with seamless and flexible access to information from 
multiple autonomous, distributed and heterogeneous data 
sources through a unified query interface. Ideally, a data 
integration system should allow users to specify what 
information is needed without having to provide detailed 
instructions on how or from where to obtain the information. 
Data integration system must provide mechanisms for the 
following, such as communications and interaction with each 
data source as needed, specification of a query, expressed in 
terms of a user specified vocabulary, across multiple 
heterogeneous and autonomous data sources, specification of 
mappings between user ontology and the data-source specific 
ontologies, transformation of a query into a plan for extracting 
the needed information by interacting with the relevant data 
sources, and integration and presentation of the results in 
terms of a vocabulary known to the user. Basically there are 
two broad classes of approaches to data integration: Data 
Warehousing and Database Federation [4]. 
 

 
 

Figure1 Data Integration Layer 
 
INDUS allows users to, 
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• View the set of data sources as if they were located 

locally and they were using a homogeneous interface.  
• Interact with data sources (i.e., posting queries) through a 

provided interface that takes advantage of the 
functionality offered by each of data source using the 
query capabilities offered by the data sources to answer 
queries. 

• Define their own language for defining queries and 
receiving answers. 

• Define new concepts based on other concepts by applying 
a set of well-defined compositional operations. 

• Use different definitions for the same concept, facilitating 
the exploration of new paradigms that explain the world. 

For information integration and extraction from 
heterogeneous, distributed multi-relational information 
sources, this has implications in terms of how new basic 
concepts are incorporated into the system. Consider a system 
in which the query language is restricted to set union 
operations applied over EDI predicates without built-in 
predicates. Assuming a Query-centric case, Figure 2 shows a 
family of queries based on a set of basic concepts qij. Let I 
(Q) and I’(Q) be the set of instances satisfying Q respectively 
before and after adding c to the system. Assume that  I(c) ≠ 
I ( ). Then,  such that c is added to G ( ), I ( ) ≠ I’( ). 
In other words, only those queries where c is explicitly added 
may return a different answer. 
 

 
 

Figure 2 Query-Centric Approach Examples. 
 

Data sources are autonomous, distributed, and heterogeneous 
in structure and content; the complexity associated with 
accessing the data answering queries must be hidden from the 
users; the users need to be able to view disparate data sources 
from their own point of view. INDUS consists of three 
principal layers. In the lower part, the set of data sources 
accessible by INDUS are shown. In the physical layer, a set of 
instantiators enable INDUS to communicate with the data 
sources. The ontological layer offers a repository where 
ontologies are stored. Using these repository syntactical and 
semantic heterogeneities may be solved. Also, another 
relational database system is used to implement the user 
workspace private area where users materialize their queries. 
The user interface layer enables users to interact with the 
system. 

 
Figure3 INDUS Schematic Diagram 

 
INDUS is based on five modules. The graphical user interface 
enables users to interact with INDUS. This module is 
developed under Oracle Developer 6i. The common global 
ontology area, implemented through a relational database 
system, stores all information about ontologies, concepts and 
queries. Any information stored in this repository is shared for 
all users. The private workspace user area is also implemented 
through a relational database system. Each INDUS user has a 
private area where queries are materialized.  
 

 
 

Figure 4 INDUS Module Diagram 
 

 
 

Figure5 INDUS 
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The rest of the paper is organized as follows: Section II briefly 
introduces the related work done by various authors and 
section III conclude and enhance the future work of INDUS. 
 

II. RELATED WORK 
Sudarshan Chawathe et al., stated the main motive of the 
Tsimmis Project, this is mainly to develop tools that facilitate 
the rapid integration of heterogeneous information sources that 
may include both structured and unstructured data. This paper 
gives an overview of the project, describing components that 
extract properties from unstructured objects, which translate 
information into a common object model, that combine 
information from several sources, that allow browsing of 
information, and that manage constraints across heterogeneous 
sites. Tsimmis is a joint project between Stanford and the IBM 
Almaden Research Center. In summary, the Tsimmis project 
is exploring technology for integrating heterogeneous 
information sources. Current efforts are focusing on translator 
and mediator generators, which should significantly reduce the 
effort required to access new sources and integrate 
information in different ways. TSIMMIS architecture is based 
on the concept of wrappers and mediators. Each wrapper 
knows how to deal with a particular data source and it is able 
to receive a query in a common language - Object Exchange 
Model (OEM) and to transform it into a particular language 
understood by the data sources. Both INDUS and TSIMMIS 
use query-centric approach to data integration. However, 
unlike TSIMMIS, INDUS maintains a clear separation 
between ontologies used for data integration (which are 
supplied by users) and the procedures that use ontologies to 
perform data integration. This allows INDUS users to replace 
ontologies used for data integration ‘on the fly’. This makes 
INDUS attractive for data integration tasks that arise in 
exploratory data analysis wherein scientists might want to 
experiment with alternative ontologies. 
 
Pegasus [17], a heterogeneous multi-database management 
system that responds to the need for effective access and 
management of shared data across in a wide range of 
applications. Pegasus provides facilities for multi-database 
applications to access and manipulate multipole autonomous 
heterogeneous distributed object-oriented relational and other 
information systems through the uniform interface. It is a 
complete data management system that integrates various 
native and local databases. Pegasus takes advantage of object-
oriented data modeling and programming capabilities. It uses 
both type and function abstractions to deal with mapping and 
integration problems. Function implementation can be defined 
in an underlying database language or a programming 
language. Data abstraction and encapsulation facilities in the 
Pegasus object model provide an extensible framework for 
dealing with various kinds of heterogeneities in the traditional 
database systems and nontraditional data sources.  UniSQL/M 
[18], [19], SIMS [20], IRO-DB [3], and other projects, support 
mediator capabilities through a unified global schema [21], 
which integrates each remote database and resolves conflicts 

among these remote databases. Although these projects made 
substantial contributions in resolving conflicts among different 
schemas and data models, the global schema approach suffers 
from the fragile mediator problem; the unified global schema 
must be substantially modified as new sources are integrated. 
For example, UniSQL/M [18], [19] is a commercial multi-
database product; virtual classes are created in the unified 
schema to resolve and “homogenize” heterogeneous entities 
from relational and object-oriented schema. Instances of the 
local schema are imported to populate the virtual classes of the 
integrated schema, and this involves creating new instances. 
The first step in integration is defining the attributes of a 
virtual class, and the second step is a set of queries to populate 
this class. They provide a vertical join operator, similar to a 
tuple constructor, and a horizontal join, which is equivalent to 
performing a union of tuples. The major focus of their 
research conflicts due to generalization, for e.g., an entity in 
one schema can be included, i.e., become a subclass of an 
entity in the global schema, or a class and its subclasses may 
be included by an entity in the global schema. Attribute 
inclusion conflicts between two entities can be solved by 
creating a subclass relationship among the entities. Other 
problems that are studied are aggregation and composition 
conflicts. Alternately, the capability of a mediator to resolve 
conflicts is supported by the use of higher-order query 
languages or meta-models [22], [23], [24]. Mediators are also 
implemented through the use of mapping knowledge bases 
that capture the knowledge required to resolve conflicts 
among the local schema, and mapping or transformation 
algorithms that support query mediation and interoperation 
among relational and object databases.  
 
Jaime A Reinoso Castillo motivates and describes the data 
integration component of INDUS (Intelligent Data 
Understanding System) environment for data-driven 
information extraction and integration from heterogeneous, 
distributed, autonomous information sources. The design of 
INDUS is motivated by the requirements of applications such 
as scientific discovery, in which it is desirable for users to be 
able to access, flexibly interpret, and analyze data from 
diverse sources from different perspectives in different 
contexts. INDUS implements a federated, query-centric 
approach to data integration using user-specified ontologies. 
Development of high throughput data acquisition in a number 
of domains (e.g. biological sciences, space sciences, 
commerce) along with advances in digital storage, computing, 
and communication technologies have resulted in 
unprecedented opportunities in data-driven knowledge 
acquisition and decision making. The effective use of 
increasing amounts of data from disparate information sources 
presents several challenges in practice. This paper describes 
the data integration component of INDUS (Intelligent Data 
Understanding System) – a modular, extensible, platform 
independent environment for information integration and data-
driven knowledge acquisition from heterogeneous, distributed, 
autonomous information sources. INDUS when equipped with 
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machine learning algorithms for ontology-guided knowledge 
acquisition can accelerate the pace of discovery in emerging 
data-rich domains (e.g., biological sciences, atmospheric 
sciences, economics, defense, social sciences) by enabling 
scientists and decision makers to rapidly and flexibly explore 
and analyze vast amounts of data from disparate sources. 
 
Paton N.W, et al., described about the Transparent Access to 
Multiple Bioinformatics Information System (TAMBIS) is an 
ontology centered system for evaluating queries that offers 
access to multiple heterogeneous bioinformatics data sources. 
TAMBIS is based on three-layer wrapper/mediator 
architecture. Like INDUS, it uses a query-centric approach to 
data integration. It includes an ontological layer and a 
graphical user interface for querying. The ontology allows the 
creation of new concepts based on compositional operations of 
previously defined concepts using a restricted grammar based 
on the description logic language GRAIL. TAMBIS returns 
the answer for a query as an HTML file. Thus, the size of the 
main memory may limit the amount of data that may be 
returned in response to a query. In contrast, INDUS stores the 
answer for a query in a user private area implemented by a 
relational database system. Thus, queries that return large 
amounts of data are manipulated more efficiently in terms of 
hardware and software resources. INDUS also provides better 
support for defining multiple ontologies for use in different 
contexts by different users.  
 
Arnaud Sahuguet et al., put forth an introduction to WysiWyg 
Web Wrapper Factory (W4F) a toolkit for generating Web 
wrappers. It contains a language for identifying and navigating 
Web sites with retrieval rules and a declarative language for 
extracting data from Web pages with extraction rules. It also 
provides a mechanism for mapping extracted data to a target 
structure. As its name suggests, W4F provides a graphical user 
interface for generating retrieval, extraction, integration and 
mapping rules. While W4F and ANDES are similar in many 
respects, their main difference is that whereas W4F uses a 
proprietary language for data extraction and mapping rules, 
ANDES is based on XHTML  and XSLT  and can exploit 
templates, recursive path expressions, and regular expressions 
for more effective data extraction, mapping, integration and 
aggregation. Hyperlink synthesis, which allows data to be 
extracted from the “deep Web,” is also unique to ANDES. The 
goal of WIDL is to define a programmatic interface to Web 
sites. As such, it focuses more on the mechanics of how to 
issue a request to a Web site, retrieve the result, and bind the 
input and output variables to a host programming language, 
than the process of extracting data from the retrieved result 
page. WIDL allows data to be extracted using absolute path 
expressions, this falls short of building robust data extractors. 
Feature extraction and structure synthesis would be difficult to 
implement in WIDL and would be relegated to some higher-
level program. The Web Language (formerly WebL) from 
Compaq is a procedural language for writing Web wrappers  
and it provides a powerful data extraction language, which is 

similar to recursive path expressions combined with regular 
expressions and the language is not tuned to XML inputs and 
outputs and lacks the power of XSLT templates and XPath 
axes and operators.  
 
Naveen Ashish et al., had a look on three systems based on 
information extraction and integration, they are Ariadne, 
Garlic, and TSIMM systems, which are seems to be mediators 
that facilitate querying multiple heterogeneous sources. While 
Garlic and TSIMMIS support a wide range of sources, 
including Web sources, database systems, and file systems, 
Ariadne focuses on Web sources exclusively. In each system, 
a modeling process produces an integrated view of the data 
contained in the sources and a query planning process 
decomposes queries on the integrated view into a set of 
subqueries on the sources. In Garlic and TSIMMIS, wrappers 
are written in a procedural programming language and are 
compiled into executable code, whereas in Ariadne, an 
induction-based wrapper generation mechanism is used. It 
uses regular expressions and includes mapping tables to 
resolve vocabulary differences between Web sources, but 
lacks path expressions. The path expressions are important in 
extracting data from a HTML tree because hierarchical 
navigation between nested HTML elements is frequently 
needed. In ANDES, a combination of XPath axes and 
operators with regular expressions provides for more robust 
data extraction rules than what is possible with regular 
expressions alone. 
 
An early study on biological data integration was done by 
Marcotte et al., gave a combined algorithm for protein 
function prediction based on microarray and phylogeny data, 
by classifying the genes of the two different datasets 
separately, and then combining the genes’ pair-wise 
information into a single data set. The approach does not scale 
immediately. The method extends to a general combinatorial 
data integration framework based on pair-wise relationships 
between elements and any number of experiments. In machine 
learning, Pavlidis et al. use a Support Vector Machine 
algorithm to integrate similar data sets in order to predict gene 
functional classification. The methods use a lot of hand tuning 
with any particular type of data both prior and during the 
integration for best results. Troyanskaya et al. use a Bayesian 
framework to integrate different types of genomic data in 
yeast. The author’s probabilistic approach is parallel to the 
combinatorial approaches. A lot of work has been done on 
specific versions of the consensus clustering problem, based 
on the choice of a distance measure between the clustering’s 
and the optimization criterion. Strehl et al., use a clustering 
distance function derived from information theoretic concepts 
of shared information. Recently, Monti et al. used consensus 
clustering as a method for better clustering and class 
discovery. Other authors have also used the quota rule in the 
past. Finally, Cristofo and Simovici have used Genetic 
Algorithms as a heuristic to find median partitions. The author 
shows that the approach does better than several others among 
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which a simple element move algorithm, which coincidently 
the algorithm has also been shown to be better than recently. It 
would be interesting in the near future to compare the machine 
learning methods with the combinatorial approach.  
 
Witold Abramowicz et al., gave the  importance of Deep Web 
(DW) has grown substantially in recent years not only because 
its size, but also because Deep Web sources arguably contain 
the most valuable data, as compared to the so-called Surface 
Web. An overlap analysis between pairs of search engines 
conducted in 2001 has estimated that there exist ca. 200,000 
Deep Web sites, providing access to 7,500TB of data. Further 
studies (2004) have estimated the number of Deep Web sites 
to reach slightly more than 300,000, providing access to ca. 
450,000 databases through 1,260,000 query interfaces. A lot 
of research in previous years has been devoted to information 
extraction from the Web (IEW). Data integration (DI) 
problems including schema mapping, query capabilities 
description and data translation and cleaning were studied in 
extend in previous years. Today, these research areas 
converge, leading to development of systems for Deep Web 
data extraction and integration (DWI). Deep Web poses new 
challenges to data extraction as compared with Surface Web. 
New problems arise also for data integration unknown in 
traditional databases. This paper identifies 13 systems most 
prominently referred in the subject literature, they are 
AURORA, DIASPORA, Protoplasm, MIKS, TSIMMIS, 
MOMIS, GARLIC, SIMS, Information Manifold, Infomaster, 
DWDI, PICSEL, and Denodo to base the architecture on the 
approaches reported to date. 
 
Chantal Reynaud et al., proposed with integration of XML 
heterogeneous information sources into a data warehouse with 
data defined in terms of a global abstract schema or ontology. 
The authors present an approach supporting the acquisition of 
data from a set of external sources available for an application 
of interest including data extraction, data transformation and 
data integration or reconciliation. The integration middleware 
that the authors propose extracts data from external XML 
sources which are relevant according to RDFS+ ontology, 
transforms returned XML data into RDF facts conformed to 
the ontology and reconciles RDF data in order to resolve 
possible redundancies. RDFS+ can be viewed as a fragment of 
the relational model which is restricted to unary and binary 
relations enriched with typing constraints, inclusion and 
exclusion between relations and functional dependencies. Data 
extraction and transformation are completely automatic tasks 
usually performed by wrappers. It is a two-step process. First, 
an abstract description of the content of the external source is 
built. Second, data is extracted and presented in the form of 
the data warehouse. This paper has presented an information 
integration approach able to extract, transform and integrate 
data in a data warehouse guided by ontology. This approach 
can be applied to XML sources that are valid documents and 
that have to be integrated in a RDF data warehouse with data 
described in terms of RDFS ontology. Mappings between the 

external sources and the ontology are represented in a 
declarative way. Extraction operates on any XML document 
given mappings represented in XPath in terms of the ontology. 
Data transformation consists in converting data in terms of the 
ontology and in the same format.17 Data Extraction, 
Transformation and Integration Guided by Ontology. Both 
tasks are performed through XML queries associated to views 
of the sources automatically built beforehand. Through data 
integration, the author addressed the reference reconciliation 
problem and presented a combination of a logical and 
numerical approach. Both approaches exploit schema and data 
knowledge given in a declarative way by a set of constraints 
and are then generic. The relations between references are 
exploited either by L2R for propagating non-reconciliation 
decisions through logical rules or by N2R for propagating 
similarity scores thanks to the resolution of the equation 
system. The two methods are unsupervised because no labeled 
data set is used. Furthermore, the combined approach is able 
to capitalize its experience by saving inferred synonymies. 
The results that are obtained by the logical method are sure. 
This distinguishes L2R from other existing works. The 
numerical method complements the results of the logical one. 
It exploits the schema and data knowledge and expresses the 
similarity computation in a non linear equation system. The 
experiments show promising results for recall, and most 
importantly its significant increasing when constraints are 
added. 
 
Cui Tao had a new thought of information extraction and 
integration from heterogeneous biological data sources. This 
paper deals about the huge and growing amounts of biological 
data that reside in different online repositories. Most of these 
Web-based sources only focus on some specific areas or only 
allow limited types of user queries. To obtain needed 
information, biologists usually have to traverse different Web 
sources and combine their data manually. In this research, 
author proposes a system that can help users to overcome 
these difficulties. Given a user's query within the area of 
molecular biology, the system can automatically discover 
appropriate repositories, retrieve useful information from these 
repositories and integrate the retrieved information together.  
 
Aditya Telang et al., projected about information integration 
across heterogeneous sources. In this survey paper, it 
identifies the set of challenges that need to be addressed for 
this form of heterogeneous information integration, and 
compare the current state-of-the-art as to how they fare. This 
paper proposes a framework with functional components - 
termed InfoMosaic, which aims to address some of these 
important challenges, and briefly elaborate on the data and 
control low involved in answering a complex query/search. 
As more and more data becomes available on the web, it is 
even more important to be able to search for complex queries 
instead of humans performing the task of information 
integration using basic search capabilities. Indeed, the use of 
Web needs to move towards more specialized content-based 
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retrieval mechanisms (such as information integration) that do 
more than simply return documents. Extensive work is needed 
on the higher-levels of the system, including managing 
semantic heterogeneity in a more scalable fashion, the use of 
domain knowledge in various parts of the system, 
transforming these systems from query-only tools to more 
active data sharing scenarios, and easy management of data 
integration systems. Extensibility of the system and the 
framework is extremely important as the coverage of the 
system should increase as we add more domain knowledge 
and source semantics. The objective of InfoMosaic is to allow 
users to specify what information is to be retrieved without 
having to provide detailed instructions on how or from where 
to obtain this information. This approach draws upon 
techniques from database systems, artificial intelligence, 
information retrieval, and the use of extended ontologies.  
 
C.A. Knoblock et al., revised about, wrappers are typically 
employed by most frameworks for the extraction of 
heterogeneous data. However, as the number of data sources 
on the web and the diversity in their representation format 
continues to grow at a rapid rate, manual construction of 
wrappers proves to be an expensive task. There is a rapid need 
for developing automation tools that can design, develop and 
maintain wrappers effectively. Even though a number of 
integration systems have focused on automated wrapper 
generation such as Ariadne's Stalker, MetaQuerier, TSIMMIS, 
InfoMaster, and Tukwila, since the domains embedded within 
these systems are known and predefined; the task of 
generating automated wrappers using mining and learning 
techniques is simplified by a large extent. There also exist 
several independent tools based on solid formal foundations 
that focus on low-level data extraction from autonomous 
sources such as Lixto, Stalker, etc… In the case of spatial data 
integration, ontologies and semantic web-services are defined 
for integrating spatial objects, in addition to wrappers and 
mediators. Heracles combines online and geo-spatial data in a 
single integrated framework for assisting travel arrangement 
and integrating world events in a common interface. A Storage 
Resource Broker was proposed in the LTER spatial data 
workbench to organize data and services for handling 
distributed datasets. Information Manifold claimed that the 
problem of wrapping semi-structured sources would be 
irrelevant as XML will eliminate the need for wrapper 
construction tools. This is an optimistic yet unrealistic 
assumption since there are some problems in querying semi-
structured data that will not disappear, for several reasons: 1) 
some data applications may not want to actively share their 
data with anyone who can access their web-page, 2) legacy 
web applications will continue to exist for many years to 
come, and 3) within individual domains, XML will greatly 
simplify the access to sources; however, across diverse 
domains, it is highly unlikely that an agreement on the 
granularity for modeling the information will be established. 
 

Paul Buitelaar et al., deliberately shows the idea of ontology-
based information extraction with SOBA. This paper describes 
SOBA, a sub-component of the SmartWeb multi-modal dialog 
system. SOBA is a component for ontology based information 
extraction from soccer web pages for automatic population of 
a knowledge base that can be used for domain specific 
question answering. SOBA realizes a tight connection 
between the ontology, knowledge base and the information 
extraction component. The originality of SOBA is in the fact 
that it extracts information from heterogeneous sources such 
as tabular structures, text and image captions in a semantically 
integrated way. In particular, it stores extracted information in 
a knowledge base, and in turn uses the knowledge base to 
interpret and link newly extracted information with respect to 
already existing entities. SmartWeb is a multi-modal dialog 
system that derives answers from unstructured resources such 
as the Web, from automatically acquired knowledge bases and 
from semantic web services. The extracted information is 
defined with respect to an underlying ontology (SWIntO): 
SmartWeb Integrated Ontology to enable a smooth integration 
of derived facts into the general Smart-Web system. 
Ontologically described information is a basic requirement for 
more complex processing tasks such as reasoning and 
discourse analysis. More in particular, there are three main 
reasons for formalizing extracted information with respect to 
ontology. This paper described SOBA, an information 
extraction system which relies on ontology to formalize and 
semantically integrate extracted information from 
heterogeneous resources in a knowledge base.  
 
Hicham snoussi et al, established the heterogeneous web data 
extraction using ontology. Multi-agent systems can be fully 
developed only when they have access to a large number of 
information sources. These latter are becoming more and more 
available on the Internet in form of web pages. This paper 
does not deal with the problem of information retrieval, but 
rather the extraction of data from HTML web pages in order to 
make them usable by autonomous agents. This problem is not 
trivial because of the heterogeneity of web pages. Users and 
agents can query the extracted data using a standard querying 
interface. The ultimate goal of this tool is to provide useful 
information to autonomous agents. This approach does not 
rely on identification of boundaries of character strings within 
HTML documents, as is the case in TSIMMIS. In this paper, 
the author dealt with the problem of data extraction from web 
pages and their integration in applications. In particularly the 
goal of this paper is to find a way to extract reliable data, and 
to convert them in a standard form. The extraction of data 
consisted in two steps: converting an HTML page into XML 
and using XQL to query XML documents to extract the 
desired data. The extraction process is controlled by a 
specification file, which describes what elements of a web 
page to extract, and how they have to be extracted. As the user 
has a tight control on the extraction process, the extracted data 
are of high quality, thus can be exploited by other programs or 
software agents. 
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The integration of data is based on the use of an ontology, 
which provides a common model for information sources. All 
the data extracted fit the conditions of the ontology, which 
makes the data integration easier. The use of ontology has 
greatly simplified the task of extraction and integration. The 
most critical point remained is the definition of an ontology. 
However, we cannot imagine an open system that exchanges 
data without using a norm of the domain. Even if one cannot 
construct a complete ontology, a standard will always be 
necessary to play a similar role. The advantage of such a 
specification is that, once constructed, it can be reused for 
similar applications. Moreover, the same specification can be 
exploited by software agents to get data. The most useful case 
of such an extraction process is on web pages that present 
dynamic contents, but with fixed structures. Examples are web 
pages that provide stock market exchange prices, money 
exchange rates, and so on. If an information site is 
restructured, the extraction process is no longer valid.  
 

III. CONCLUSION AND FUTURE ENHANCEMENT 
 

In this paper, we have described and surveyed the design and 
implementation of the systems which integrate the 
heterogeneous information sources. The data integration 
component of INDUS (Intelligent Data Understanding 
System) environment for flexible information extraction and 
information integration and knowledge acquisition from 
heterogeneous, distributed, autonomous information sources is 
more suitable system. INDUS implements a federated, query-
centric approach to data integration. Hence, the information 
extraction operations to be executed are dynamically 
determined on the basis of the user-supplied ontology and the 
query supplied by the user or an application program. The 
approach has been applied successfully to scenarios where the 
ontologies associated with some attributes are given by tree 
structured hierarchies. It is desirable to extend the work to the 
more general case where the hierarchies are directed acyclic 
graphs, as this case is more often encountered in practice. As 
Protege is the most popular tool for creating knowledge bases, 
in the future INDUS will allow users to import ontologies that 
are edited using Protege. It is of interest to extend INDUS to 
scenarios where each data sources can be conceptually viewed 
as a set of inter-related possibly hierarchical tables. This 
requires a framework for asserting semantic correspondences 
between tables and relations across multiple ontologies. In this 
context, recent work on description logics for representing and 
reasoning with ontologies, distributed description logics as 
well as ontology languages, e.g., web ontology language 
(OWL) are of interest. These developments, together with the 
work on INDUS, set the stage for making progress on the 
problem of integration of a collection of semantically 
heterogeneous data sources where each data source can be 
conceptually viewed as a set of inter-related tables in its full 
generality. 
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Abstract 

Fingerprint based identification is one 
of the core methodologies for person 
identification. A finger print is the 
representation of the epidermis of a finger. In 
this paper  we  presents a  novel approach to 
enhancing fingerprint images using a 
SMQT(Successive Mean Quantization 
Transform ) for automatic enhancement of 
fingerprint gray scale images. There are so 
many approaches are there for image 
enhancement. Here we introduced the 
Fingerprint enhancement capabilities and 
properties of the transform are analyzed. The 
transform is capable to perform both a 
nonlinear and a shape preserving stretch of 
the fingerprint histogram. 

 
Introduction 
 

Fingerprint image quality is of much 
importance to achieve high performance in 
Automatic Fingerprint Identification System 
(AFIS). Several researches have proposed 
some enhancement techniques to this end. 

 
Noise is an important factor that 

influences fingerprint   quality which is 
mainly produced in the processes of 
fingerprint acquirement and transmission. 

 
There is necessity for us to reduce 

noises in the fingerprint images to acquire 
useful data. The Successive Mean 
Quantization transform (SMQT) are 
satisfactory in stripped noise reduction. Noise 
reduction is necessary to do finger print 
image processing and fingerprint image 
interpretation so as to acquire useful 
information that we want. SMQT can be 
interpreted as a progressive focus on details 
in an image. These characteristics make the 
transform interesting for automatic 
enhancement of fingerprint image. 
 

In this paper the SMQT (Successive 
Mean Quantization Transform) is applied for 
automatic fingerprint enhancement. The 
transform is presented using set theory. An 
adjustment parameter is introduced to further 
control the enhancement. The nonlinear 
properties of the transform are investigated 
by means of the histogram change. The 
image enhancement      results are compared 
to histogram equalization. 
 
Fingerprint Identification: 
 

A finger print system works in two 
modes they are Enrollment mode and 
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Authentication mode as shown in the fig.1. In 
the Enrollment mode fingerprint system is 
used to identify and collect the related 
information about the person and his/her 
fingerprint image. Authentication mode in 
which the fingerprint system is used to 
identify the person who is declared to be 
him/her as show 
 
Enrollment Mode 

 

 

 
  
Authentication Mode 

 

 

 

 

   Matching Score 

   Fig 1.Enrollment and Authentication of a  
              Fingerprint system 
 

At the time of capturing the fingerprint 
images from the scanner some times it 
acquire noisy fingerprints .The performance 
of fingerprint identification system  is 
depending on the quality of the fingerprint 
images due to the skin conditions like dry or 
wet ,burns, cuts  and capturing sensor noises 
like manual labors a significant percentage of 
fingerprint images is of poor quality. 

The goal of fingerprint enhancement 
algorithms is to improve the clarity of the 
fingerprint image (ridge structures) in the 
recoverable regions and unrecoverable 
regions as too noisy for further processing as 
shown in the fig 3(A). We proposed 
fingerprint image enhancement using 
Successive Mean Quantization Transform 
(SMQT). 
 
 
 
 

FINGER PRINT IMAGE ENHANCEMENT 
 
SMQT (Successive Mean Quantization 

Transform) is a straight forward way to 
enhance fingerprint image that can use 
directly. The only parameter to adjust is the 
level  
 
 
 
 
Level1: 2L-1 
--------------------------------------------------- 
                                    u(2,1)                u(2,2) 
 
 
 
Level 2: 2L-2 
 
--------------------------------------------------- 
 
           u(3,1)        u(3,2)      u(3,3)         u(3,4) 
 
 
Level 3:2L-3 
-------------------------------------------------- 
 
 
 
                           …………………up to 8 
  
Fig 2.The SMQT as a binary tree of  MQUs               
          The Successive Mean Quantization 
Transform (SMQT) as a binary tree of Mean 
Quantization Units (MQUs) L as shown in 
the fig.2. Today digital imaging devices 
typically use the range 0 . . . 255, that is 8 bits 
is used. For automatic Fingerprint image 
enhancement  of 8 bits images L is chosen to 
8. Nevertheless, it could be  convenient to 
control the amount of enhancement applied. 
Given the original pixel set D(x) and the 
SMQT8 enhanced pixel setM(x), a simple 
mix of the two sets can  be found as 
T (z) = {z | V(z) = (1 − α)V(x) + αV(y) , 

x  D,y M} 

MQU 

MQU MQU MQU 

MQU MQU MQU 

MQU MQU 

Finger print 
Acquisition 

 

Feature 
Extraction 
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Finger Print  
Acquisition 
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Where α is the blending factor. For 
default enhancement is α = 1 chosen, for no 
enhancement is α = 0 chosen and values    in 
between controls the amount of blending. 
This type of control could for example be 
convenient for a human interpreting digital 
X-rays. However, α = 1 is the default setting. 
Consider the enhancement of fingerprint 
found in Fig. 3(B). Note the contrast 
enhancement achieved by the SMQT. 
Investigations of the properties for the 
enhancement can be performed by analyzing 
the histogram 
 
 
 
 
 
 
 
 
 
 
 
 
 
                    
                Fig. 3. (A) Original Fingerprint.  
 
 
 
 
 
 
 
 
 
 
 
 
       Fig.3 (B) SMQT8 Enhanced Fingerprint.  
 
 

In the original image histogram it is 
possible to see that this image does not take 
advantage of the full dynamic range. 

 
 
 
 
 
 
 
 
 
 
 

 
    Fig.4(A)Original image histogram 

 
 
 
 
 
 
 
 
 
 
 
Fig 4(B)SMQT8 enhanced image histogram. 
 
For example -: 
 

In the above fig.4(A) fingerprint image 
intensities between 0−25, 90−110 and 230− 
255 in the graph are poorly shown. In the   
fig4(B)SMQT(SuccessiveMean Quantization 
Transform) enhanced fingerprint image 
histogram retains the basic shape of the 
original but stretches it show the whole 
dynamic range. Hence, the SMQT adapts the 
shape of the histogram by performing a 
nonlinear stretch. The nonlinear properties of 
the SMQT will     yield a balanced stretch of 
the histogram. These desirable properties 
come from the nonlinear successive 
quantization based on the mean 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 5, August 2010 

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



 
The histogram equalization has some 

problems with over saturation and artifacts in 
several areas area in the images. Notice how 
the histogram equalized images have a 
tendency to get washed out or unnatural. 
These effects do not occur, or are very 
limited, in the SMQT enhanced images 
 
Conclusion 
 

In this paper we present an effective 
noise removal approach from the fingerprint 
images. Here we are using SMQT 
(Successive Mean Quantization Transform) 
is a straight forward way to enhance 
fingerprint image. Here SMQT is use directly 
on the fingerprint gray scale images. The 
biometric technology can be successfully 
applied when the Fingerprint images have 
good quality. 
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Abstract - This paper is concerned with the translation of text to 
Braille code vibration signal in an electronic hand glove using 
an algorithm based on mathematical logic. It is built on a 
translation system that combines a finite state machine with left 
and right context matching and a set of translation rules. This 
allows the translation of different languages and different 
grades of Braille contraction, and text-to-Braille conversion. All 
the implementations perform translation correctly on a range of 
different operating systems and machines, demonstrating that 
they are platform-independent.    English to Braille code signal 
vibration conversion responds to increased demands on the 
Braille code that is integrated education of blind children.  The 
changes inherent in English To Braille code signal conversion 
are mostly minor for literary Braille and most evident for 
mathematics and science notations making Braille easier to 
learn by all stakeholders and easier to read and write for blind 
people. English to Braille Conversion is optimised for use by 
students integrated into regular schools, ideal for students using 
English as their primary or secondary languag; and well-suited 
to the needs of blind students in developing countries   

Keywords:  Braille; cell; hand glove; viberation; characte; dot 

I. INTRODUCTION 
 Braille is a system of writing that uses patterns of raised dots 
to inscribe characters on paper. It therefore allows visually-
impaired people to read and write using touch instead of 
vision .It is a way for blind people to participate in a literate 
culture. First developed in the nineteenth century, Braille has 
become the pre-eminent tactile alphabet. Its characters are 
six-dot cells, two wide by three tall. Any of the dots may be 
raised, giving 26 or 64 possible   characters. Although Braille 
cells are used world-wide, the meaning of each of the 64 
cells depends on the language that they are being used to 
depict. Different languages have their own Braille codes, 
mapping the alphabets, numbers and punctuation symbols to 
Braille cells in accordance with the varying needs. Braille 
characters can also be used to represent whole words or 
groups of letters. This text can then be translated into Braille 

vibration signal in a hand glove. The glove   contains   six 
vibration positions which equals to six raised dots of a 
Braille cell. Braille translation is not a trivial task, however, 
because there is a  need to  perform the contractions 
correctly. 

II. BRAILLE CODE CONVERSION 

A. What is  Braille code  
As mentioned earlier Braille generally consists of cells of six 
raised dots arranged in a grid of two dots horizontally by three 
dots vertically. The dots are conventionally numbered 1, 2, 
and 3 from the top of the left column and 4, 5, and 6 from the 
top of the right column.The presence or absence of dots gives 
the coding for the symbol.  

 
Figure 1 . A Braille Cell 

 
English Braille is used to code the letters punctuation 
symbols, some double letter signs and word signs directly but 
capital letters and numbers are dealt with by using a prefix 
symbol 

 

Figure 2. Words and Abbreviations of Braille cell 
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Sample texts in Braille 

 

             Be           kind                 to            others 

Figure  3. Example for Braille to English 

 

 
Figure  4. Letters, Numerals and Special symbols of Braille  

 
 
B. Use of Braille with computer technology 

 
The recent development of personal computers has brought 
new benefits to Braille users that have access to them. 
Computerized Braille translation is one of these benefits, but 
it is not a straightforward process because of the complexities 
of Braille construction. 
 
• Difficulties of computer Braille translation:    

Construction makes Braille translation difficult. Without it, 
Braille translation would be a relatively text characters to 
Braille cells. Each language (English, French) would need its 
own unique mapping dictionary, but the operation would be 
trivial. Contraction greatly increases complexity, so computer 
translation is generally difficult. For example, in German, 
there are many words that are formed from the concatenation 
of other words, similar to the English.  

 

• Justification of computer Braille translation: 

Braille has come under attack in recent years, with studies 
showing decreasing usage due to changing patterns of 
education. Alternative technologies, like speech synthesis, 
now exist for many of its applications. It can be safely 
assumed that sighted people will use without complexity, but 
it is difficult for partially sighted or blind. There are 
fundamental reasons for continuing with Braille. 
• Reading and writing Braille code is a form of literacy: 

Literacy is a vital component of modern knowledge and 
society, and Braille code permits literacy for blind people. 
Using audio only technology denies literacy to Braille users. 
• Braille code is silent: 
 Alternative technologies to Braille may not be useful in all 
circumstances. A speech synthesizer and speech interpreter 
forbid complete privacy and intrude on the local 
environment. This would not be appropriate in, for example, 
an office environment. 
• Braille code is accurate in reading: 
Speech synthesis is an alternative method to Braille code 
conversion. it may introduce different meanings. Problems 
will arise from words not known to the synthesizer, miss-
spelt words, or with words pronounced differently according 
to context   Reading straight from the text removes a 
potential source of error. 
• Braille code allows interpretation of the text by the 
reader, not by another: 
Any reader who wishes to interpret a text themselves – an 
actor, or a reader for pleasure – may want to form their own 
interpretation of a text, not be forced into that of a wrong 
logic in computer program or particular actor. In accuracies 
in interpretation may be possible. 
• Braille code is cheaper than computer technology: 
 The mechanism to produce Braille vibration signal and 
produce Blind can understand the communication to the 
world very easily and it is new communication path for blind 
persons. 

III  BRAILLE CODE TRANSLATION MECHANISM 
With the profitable commercialization of several public 
translators the number of approaches available for study in 
the public realm has decreased. Approaches have inclined to 
be based around the use of dictionaries of specific 
translations and limited rule systems because of the trade-off 
between translation rule numbers and accuracy. The rules 
work with a ‘window’ of the input text that can potentially be 
translated, and examine the context to the right of the 
window to see a rule is correct to determine whether the 
window is in the middle or end of a word. A finite state 
machine determines whether the translation is performed. 
This may be still the basis for commercial products, but they 
have ceased to be published in the public domain.  
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A finite state machine, the translation engine, works with, but 
is independent of a single language rules table. The former 
contains the translation algorithms and functions, and the 
latter all of the translation information for translation of one 
language in one direction. The translation engine can use any 
language rules table, so any language can be translated to or 
from Braille code if the language rules table is constructed. 
The language rules table consists of a set of translation rules 
and a decision table. During translation the engine works 
along the input text, character by character. It attempts to 
match a window of input text starting with the current 
character with one of the translation rules in the language 
rules table. A successful match with a translation rule must 
match a segment of text, the context, to the left and right of 
the window and the state of the engine. The engine state is 
controlled by a finite state machine, using the contents of the 
decision table, and regulates which subset of the language 
translation rules can be used. This allows both contracted and 
non-contracted translation can be supported from the same 
language rules table. The translation rule then provides the 
translation for that window of input text, which is appended 
to the growing output text, and the engine moves along the 
input text to the next unmatched character. A description of 
the structure of the language rules table will clarify the 
translation mechanism. 
 
 A. The translation algorithm and process 
 
The details of the language rules table provided in the 
preceding sections should allow the algorithm of the 
translation engine to be understood.  It initializes and loads 
language translation table and translate input text into Braille 
code then it send signals to operate Braille hand glove. 
 
 Current character = first character of input 
While current character <> end of input  
Do 
Begin 
Start at first rule whose focus begins with current character 
Match = FALSE 
Do 
If  focus matches 
And  state is ok 
And  right context matches 
And  left context matches 
Begin 
Add output from matching rule to output buffer 
Set new state according to matching rule 
Match = TRUE 
Current character moved along input by length of focus 
End 
Else 
Go to next rule 
Until match 
End 
 

Before translation starts, the input text is normalized, 
ensuring that any character in the text is appropriate for that 
language. This may be upper and lower case, for instance. It 
can simplify translation and can also allow more flexibility if 
required. 
  
 The algorithm is high-level, but simple. The design does not 
make explicit what should output when no match is found for 
an input character. A space, or the input character, or another 
character, or nothing may be written, at the discretion of the 
implementer and produce the no vibration in Braille glove as 
output. The choice will reflect the final user requirements for 
an implementation of the system.  
 

IV SYSTEM DESIGN AND IMPLEMENTATION 

A. Braille Transalation implementation    
Braille Trans is coded in the Matlab 7.6. It is designed to be 
compiled and run on one of the Microsoft Windows 32-bit 
operating systems (Windows '95/'98/Me or Windows 
NT/XP). When compiled to an executable program, in native 
code, it resides on a machine as a Windows Dynamic Linked 
Library (DLL). This is a binary executable that supplies a 
public interface to the Windows operating system and can 
thus be utilized by other Windows applications with 
comparative case. 

B. Hardware System Description 
The block diagram of Braille  vibration hand glove system is 
as follows 
 

 
 

Figure 5. Block diagram for Vibration Hand Glove 
 

The vibration glove system will be comprised of the 
following key components 
1. 89C51 Micro controller 
2. Driver Relay  
3. Relay 
4. RS 232 C 
5. Vibrator motor with hand glove 

Micro 
Controller 
  89C51 

Driver 
Relay 6 

Relay 6 

Vibrator 6 

RS 232C 

 
 
 

PC 
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Figure 6.  Braille Vibration Glove 

 

• Micro controller and Working principle: 
Microcontroller is a general purpose device, which integrates 
a number of the components of a microprocessor system onto 
single chip. It has inbuilt CPU, memory and peripherals to 
make it as a mini computer. A microcontroller is integrated 
with   
1. CPU Core 
2. RAM and ROM 
3. Some parallel digital i/o ICs 
 
Microcontrollers will combine other devices such as: 
  A timer module to allow the microcontroller to perform 
tasks for certain time periods. A serial I/O port to allow data 
to flow between the controller and other devices such as a 
PIC or another microcontroller. An ADC allows analogue 
input data to convert into digital data.  
 
  Micro controller is a stand alone unit, which can perform 
functions on its own without any requirement for additional 
hardware like I/O ports and external memory. The heart of 
the microcontroller is the CPU core. In the past, this has 
traditionally been based on a 8-bit microprocessor unit. For 
example Motorola uses a basic 6800 microprocessor core in 
their 6805/6808 microcontroller devices. 
 
In the recent years, microcontrollers have been developed 
around specifically designed CPU cores, for example the 
microchip PIC range of microcontrollers.AT89C51 is the 40 
pins, 8 bit Microcontroller manufactured by Atmel group. It 
is the flash type reprogrammable memory. Advantage of this 
flash memory is we can erase the program within few 
minutes. It has 4KB on chip ROM and  128 bytes internal 
RAM and 32 I/O pin  as arranged as port 0 to port 3 each has 
8 bit bin .Port 0 contains 8 data line(D0-D7) as well as low 
order address line(AO-A7).  
 

 Port 1 contains higher order address line (A8-A15). Port 3 
contains  special purpose register such as serial input receiver  
register SBUF, interrupt INT0,INT1  and timers T0 , T1 many 
of the pins have multi functions which can be used as general 
purpose I/O pins (or) Special purpose function can be 
decided by the programmer itself.  
The AT89C51 is a low-power, high-performance CMOS 8-
bit microcomputer with 4KB of Flash Programmable and 
Erasable Read Only Memory (PEROM). The device is 
manufactured using Atmel  high density non-volatile 
memory technology and is compatible with the industry 
standard MCS-51™ instruction set and pin out.  
 
The on-chip Flash allows the program memory to be 
reprogrammed in-system or by a conventional nonvolatile 
memory programmer. Here the vibration motor timing and 
on/off procedure is programmed in hi-tech c language and it 
is loaded in micro controller. Based on the signals from 
Braille code value it is activated with the corresponding 
motors in Braille hand glove. 
 
• RS-232: 
In telecommunications, RS-232 is a standard for serial binary 
data interconnection between a DTE (Data Terminal 
Equipment) and a DCE (Data Circuit Terminating 
Equipment). It is commonly used in computer serial ports. 

In this circuit the MAX 232 IC used as level logic converter. 
The MAX232 is a dual driver/receiver that includes a 
capacitive voltage generator to supply EIA 232 voltage levels 
from a single 5V supply. Each receiver converts EIA-232 to 
5V TTL/CMOS levels. Each driver converts TLL/CMOS 
input levels into EIA-232 levels. In this circuit the 
microcontroller transmitter pin is connected in the MAX232 
T2IN pin which converts input 5V TTL/CMOS level to 
RS232 level. Then T2OUT pin is connected to receiver pin 
of 9 pin D type serial connector which is directly connected 
to PC. Here the Braille hand glove is connected to COM1 
port of PC and it retrieves the Braille signals through RS-
232. 
• Vibrator motor: 
The main component in Braille glove is vibration motor. it is 
configured in two basic varieties ie coin (or flat) and cylinder 
(or bar). Cylinder type motors are simple brush motors with a 
traditional axial design. The centric movement of the weight 
attached to the rotor provides vibration during operation. In 
Braille glove it is best suited in finger positions. The amount 
of vibration is directly proportional to the voltage applied to 
the motor. Cylinder motors are manufactured in high 
volumes and are fairly inexpensive. An electrical current 
applied to the coil in the direction of the arrow generates 
upward force on the left side of the coil and downward force 
on the right side, causing the coil to revolve clockwise. 

V.    CONCLUSION AND FURTHER WORK  
The development of computer text and Braille translation is 
necessary for visually impaired community. A number of 
private translation programs exist, but their private 
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ownership restricts open development. A translation 
algorithm has been developed and implemented in a Matlab 
7.6 translation program and high-tech C language was used 
in Braille hand glove. However, a number of limitations of 
this implementation were identified: the platform and 
character-set dependency of the Matlab implementation, its 
standalone function, and the difficulties of using Braille 
Trans as part of a larger application. The project therefore 
proposed the development of a number of new classes to 
improve wherever possible on Braille Trans. The 
development of these classes was a success, and the time 
available was appropriate to the work required. 
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Abstract—With the recent burgeoning of networked multimedia 

systems, techniques are needed to prevent illegal copying / 

forgery in distributed digital audio/ visual/text document. It may 

be also desirable to determine where and by how much the 

multimedia file has been changed from the original due to 

attacks. This is attributed to increasing instances of hacking 

during digital communication 

Digital watermarking has been proposed as a solution to the 

above problem to protect multimedia document. There are two 

important issues that watermarking algorithms need to address. 

Firstly, watermarking schemes are required to provide 

trustworthy evidence for protecting rightful ownership. Secondly, 

good watermarking schemes should satisfy the requirement of 

robustness and resist distortions due to common manipulations 

(such as truncation, compression etc.)  

In this paper, various techniques to secure Multimedia data are 

discussed.  

Keywords-Digital  watermarking;DCT;IDCT;DFT; DWT; Singular 

value decomposition; Security.   

I. INTRODUCTION  

The rapid evolution of the cyber world has greatly 
facilitated the manipulation and transmission of digital 
documents in text, images, audio, and video forms. Easy access 
and replication, however, have led to serious problems 
regarding copyright protection and/ or distortion prevention of 
multimedia documents. Conventionally watermarking is used 
for copyright protection of documents. Presently digital 
watermarking as an offshoot of computer technology has 
widened its field of application.  Drawing from many related 
fields, such as cryptography, communication theory, 
information theory, etc., digital watermarking is proving to be a 
powerful security measure in transmission of multimedia 
digital documents. Media owners use this technique to insert 
identifying information into their document for the purpose of 
copyright protection. Alternatively they may embed the desired 
signal into another multimedia document for more secured 
communication process.   

Three qualities are required in digital watermarking: 
transparency, robustness, and capacity. Transparency refers to 
the fact that a watermark embedded image signal closely 
resembles its original version. E.g. it is difficult to differentiate 
between an audio signal with watermark and its unmarked 
version. Robustness refers to ability to resist distortion. This is 
taken care by the invariant properties of the transform. 
Capacity refers to percentage of watermark signal which may 
be embedded in original signal without noticeable distortion in 
the quality. However these characteristics are often mutually 
contradictory, so compromises must be made while applying 
them.  

Most of the existing watermarking algorithms are 
applicable to images or video signals. However, the literature 
on intermixing of audio-visual signals to realize watermarking 
is comparatively limited. The widespread use of the Internet 
and the digital audio distribution in MP3 form has made the 
copyright protection of digital audio work also more and more 
necessary. Some research works have been published on audio 
to audio watermarking. These approaches work in the time 
domain [1], temporal domain [2], DCT domain [3], DWT 
domain [4], cepstrum domain [5, 6], or sub band domain [7, 8].   

In this paper we provide a survey of the latest techniques 
that are employed to watermark images, audio and video. The 
paper is organized in the following sections. In Section 2 we 
describe Image watermarking techniques. In Section 3 we 
identify the techniques for audio watermarking. In Section 4 we 
discuss the video watermarking techniques.  We conclude this 
paper in section 5 where we give some guidelines on 
developing robust watermarking algorithms. 

 

II. IMAGE WATERMARKING 

 
Basically there are two main types of watermarks that can 

be embedded within an image. 
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Pseudo-Random Gaussian Sequence 

 A Gaussian sequence watermark is a sequence of numbers 
comprising 1 and -1 and which has equal number of 1's and -l's 
is termed as a watermark. It is termed as a watermark with zero 
mean and one variation. Such watermarks are used for 
objective detection using a correlation measure.   

Binary Image or Grey Scale Image Watermarks 

Some watermarking algorithms embed meaningful data in 
form of a logo image instead of a pseudo-random Gaussian 
sequence. Such watermarks are termed as binary image 
watermarks or grey scale watermarks. Such watermarks are 
used for subjective detection. 

Based on the type of watermark embedded, an appropriate 
decoder has to be designed to detect the presence of watermark. 
If it's a pseudo random Gaussian sequence hypothesis, testing 
is done to detect the presence of watermark. Suppose W is the 
original watermark bit sequence and W' is the extracted 
watermark bit sequence, then we can calculate bit error rate 
(BER) to detect the presence of watermark. If the BER is zero 
it indicates the presence of watermark; however, if it is one, it 
indicates absence of watermark. BER is calculated as follows. 
Suppose D is the retrieved signal and N is the number of bits in 
watermark then: 

……(1) 

Images can be represented in spatial domain and transform 
domain. The transform domain image is represented in terms of 
its frequencies; however, in spatial domain it is represented by 
pixels. In simple terms transform domain means the image is 
segmented into multiple frequency bands. To transfer an image 
to its frequency representation we can use several reversible 
transform like Discrete Cosine Transform (DCT), Discrete 
Wavelet Transform (DWT), or Discrete Fourier Transform 
(DFT). Each of these transforms has its own characteristics and 
represents the image in different ways. Watermarks can be 
embedded within images by modifying these values, i.e. the 
pixel values or the transform domain coefficients. Simple 
watermarks could be embedded in the spatial domain of images 
by modifying the pixel values or the least significant bit (LSB) 
values; however, more robust watermarks could be embedded 
in the transform domain of images by modifying the transform 
domain coefficients. Following Figures shows the result of 
Spatial domain technique, i.e. LSB modification. 

 
Figure 1.  Embedding Watermark (LSB) 

 

  

                 

Figure 2.  Extracting Watermark (LSB) 

 

A.  DCT DOMAIN WATERMARKING 

DCT based watermarking techniques are more robust 
compared to simple spatial domain watermarking techniques. 
Such algorithms are robust against simple image processing 
operations like low pass filtering, brightness and contrast 
adjustment, blurring etc. However, they are difficult to 
implement and are computationally more expensive. At the 
same time they are weak against geometric attacks like 
rotation, scaling, cropping etc. DCT domain watermarking can 
be classified into Global DCT watermarking and Block based 
DCT watermarking. One of the first algorithms presented by 
Cox et al. (1997) used global DCT approach to embed a robust 
watermark in the perceptually significant portion of the Human 
Visual System (HVS). Embedding in the perceptually 
significant portion of the image has its own advantages because 
most compression schemes remove the perceptually 
insignificant portion of the image. In spatial domain it 
represents the LSB however in the frequency domain it 
represents the high frequency components. The main steps of 
any block based DCT algorithm are as follows: 

Steps in DCT Block Based Watermarking Algorithm 

1) Segment the image into non-overlapping blocks of 8x8 

2) Apply forward DCT to each of these blocks 

3) Apply some block selection criteria (e.g. HVS) 

4) Apply coefficient selection criteria (e.g. highest) 

5) Embed watermark by modifying the selected   
coefficients. 

6) Apply inverse DCT transform on each block 

Most algorithms are classified based on step 3 and 4 i.e. the 
main difference between most algorithms is that they differ 
either in the block selection criteria or coefficient selection 
criteria. Based on the perceptual modeling strategy 
incorporated by the watermarking algorithms they could be 
classified as algorithms with: 

1)  No Perceptual Modeling:  
Such algorithms do not incorporate any perceptual modeling 
strategy while embedding a watermark. 
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2)  Implicit Perceptual Modeling 
Such algorithms incorporate the transform domain 

properties for perceptual modeling. The coefficient selection 
criterion is as follows:  

i) Select those transform coefficients which have large 
perceptual capacity, because they allow stronger watermarks to 
be embedded and result in least perceptual distortion. DC 
component satisfy this criteria and hence can be used. 

ii) Select only those coefficients which are least changed by 
common image processing attacks like low-pass filtering, noise 
addition etc. Low frequency AC components (or high 
magnitude coefficients) as well as high magnitude DC 
components satisfy the above criteria and can be selected. 

iii) High frequency components are affected by common 
image processing operations hence they are not a good choice 
for watermarking.  

3) Explicit Perceptual Modeling 
Such algorithms incorporate the HVS properties for 

perceptual modeling. HVS models allow us to raise or lower 
the strength of the watermark because it takes into account the 
local image properties like contrast, brightness, variance etc. 

B.  DWT DOMAIN WATERMARKING 

In the last few years wavelet transform has been widely 
studied in signal processing in general and image compression 
in particular. In some applications wavelet based watermarking 
schemes outperforms DCT based approaches.  

Characteristics of DWT 

i) The wavelet transform decomposes the image into three 
spatial directions, i.e. horizontal, vertical and diagonal. Hence 
wavelets reflect the anisotropic properties of HVS more 
precisely. 

ii) Wavelet Transform is computationally efficient and can be 
implemented by using simple filter convolution.  

iii) Magnitude of DWT coefficients is larger in the lowest 
bands (LL) at each level of decomposition and is smaller for 
other bands (HH, LH, HL). 

iv) The larger the magnitude of the wavelet coefficient the 
more significant it is. 

v) Watermark detection at lower resolutions is computationally 
effective because at every successive resolution level there are 
few frequency bands involved. 

vi) High resolution subbands helps to easily locate edge and 
textures patterns in an image. 

Advantages of DWT over DCT 

i) Wavelet transform understands the HVS more closely than 
the DCT. 

ii) Wavelet coded image is a multi-resolution description of 
image. Hence an image can be shown at different levels of 
resolution and can be sequentially processed from low 
resolution to high resolution. 

iii) Visual artifacts introduced by wavelet coded images are 
less evident compared to DCT because wavelet transform 
doesn't decompose the image into blocks for processing. At 
high compression ratios blocking artifacts are noticeable in 
DCT; however, in wavelet coded images it is much clearer. 

iv) DFT and DCT are full frame transform, and hence any 
change in the transform coefficients affects the entire image 
except if DCT is implemented using a block based approach. 
However DWT has spatial frequency locality, which means if 
signal is embedded it will affect the image locally. Hence a 
wavelet transform provides both frequency and spatial 
description for an image. 

Disadvantages of DWT over DCT 

Computational complexity of DWT is more compared to 
DCT. As Feig (1990) pointed out it only takes 54 
multiplications to compute DCT for a block of 8x8, unlike 
wavelet calculation depends upon the length of the filter used, 
which is at least 1 multiplication per coefficient. 

DWT Watermarking 

DWT based watermarking schemes follow the same 
guidelines as DCT based schemes, i.e. the underlying concept 
is the same; however, the process to transform the image into 
its transform domain varies and hence the resulting coefficients 
are different. Wavelet transforms use wavelet filters to 
transform the image. There are many available filters, although 
the most commonly used filters for watermarking are Haar 
Wavelet Filter, Daubechies Orthogonal Filters and Daubechies 
Bi-Orthogonal Filters. Each of these filters decomposes the 
image into several frequencies. Single level decomposition 
gives four frequency representations of the images. These four 
representations are called the LL, LH, HL, HH subbands as 
shown in Fig.3. 

 

 

 

 

 

 

Figure 3.  Single level Decomposition using DWT 

DWT algorithms can be classified based on their decoder 
requirements as Blind Detection or Non-blind Detection. Blind 
detection doesn't require the original image for detecting the 
watermarks; however, non-blind detection requires the original 
image. 

C. DFT DOMAIN WATERMARKING 

DFT domain has been explored by researches because it offers 
robustness against geometric attacks like rotation, scaling, 
cropping, translation etc.  
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Characteristics of DFT 

i) DFT of a real image is generally complex valued, which 
results in the phase and magnitude representation of an image. 

ii) DFT shows translation invariance. Spatial shifts in the image 
affects the phase representation of the image but not the 
magnitude representation, or circular shifts in the spatial 
domain don't affect the magnitude of the Fourier transforms. 

iii) DFT is also resistant to cropping because effect of cropping 
leads to the blurring of spectrum. If the watermarks are 
embedded in the magnitude, which are normalized coordinates, 
there is no need of any synchronization  

iv) The strongest components of the DFT are the central 
components which contain the low frequencies. 

v) Scaling of image results in amplification of extracted signal 
and can be detected by correlation coefficient. Translation of 
image has no result on extracted signal. 

vi) Rotation of image results in cyclic shifts of extracted signal 
and can be detected by exhaustive search. 

vii) Scaling in the spatial domain causes inverse scaling in the 
frequency domain. Rotation in the spatial domain causes the 
same rotation in the frequency domain. 

Co-efficient Selection Criteria 

i) Modification to the low frequency coefficients can cause 
visible artifacts in the spatial domain. Hence, low frequency 
coefficients should be avoided 

ii) High frequency coefficients are not suitable because they are 
removed during JPEG compression. 

iii) The best location to embed the watermark is the mid 
frequency. 

Advantages of DFT over DWT and DCT 

DFT is rotation, scaling and translation (RST) invariant. Hence 
it can be used to recover from geometric distortions, whereas 
the spatial domain, DCT and the DWT are not RST invariant 
and hence it is difficult to overcome from geometric 
distortions. 

There are two different kinds of DFT based watermark 
embedding techniques. One in which watermark is directly 
embedded or template based embedding.  

D. FFT AND DHT DOMAIN WATERMARKING 

FFT  is robust against compression and RST attacks. It is a 
template based embedding algorithm. Apart from the template, 
an informative watermark is embedded to prove ownership. In 
case the image undergoes a geometric distortion the template is 
reversed back to its original location and then the watermark is 
extracted.  

The DHT based watermarking techniques rely on the Discrete 
Hadamard Transform. Initially the multi-resolution Hadamard 
transform is applied to the image to decompose it into various 
frequency bands like low-low, low-high and high-high. The 
lowest frequency band is then divided into 8x8 blocks and 2D 
complex Hadamard transform is applied. Watermark is 

embedded in this domain by altering the phase component of 
the most significant image component. The watermark is 
embedded in the phase component because phase modulation is 
more robust to noise than amplitude modulation.  

As stated above watermarking schemes can be applied in the 
time domain or frequency domain representation of signal. In 
all frequency domain watermarking schemes, there is a conflict 
between robustness and transparency. If the watermark is 
embedded in perceptually most significant components, the 
scheme would be robust to withstand attacks but the watermark 
may be difficult to hide. On the other hand, if the watermark is 
embedded in perceptually insignificant components, it would 
be easier to hide the watermark but the scheme may be less 
resilient to distortions due to attack.  

A few years ago, Singular Value Decomposition (SVD) 
transform was applied to digital watermarking.  It may be noted 
that the mathematical theory of SVD for square matrices was 
discovered independently by Beltrami in 1873 and Jordan in 
1874, and extended to rectangular matrices by Eckart and 
Young in the 1930s. Later Gene Golub demonstrated its 
feasibility and usefulness as a tool in a variety of applications.  
SVD has proved to be one of the most powerful tools of linear 
algebra. Following figures shows the results obtained by 
applying SVD for image watermarking. 

  

           

Figure 4.  Watermark embedding (SVD) 

 

 

           

 

Figure 5.  Watermark extraction (SVD) 
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Figure 6.   Extracting Watermark from Rotated Image 

 

 
 

Figure 7.  Extracting Watermark from Noised Watermarked Image 

 

 
           

        Figure 8. Extracting Watermark from Cropped Watermarked Image 

 

III.  AUDIO WATERMARKING 

 

Digital audio watermarking is a technique for embedding 

additional data along with audio signal. Audio watermarking is 

a difficult process because of the sensitivity of Human 

Auditory System (HAS). A number of audio watermarking 

techniques are exploit different ways in order to embed a 

robust watermark and to maintain the original audio signal 

fidelity. These techniques are classified according to the 

domain where the watermark is embedded to four categories 
 

A.  Frequency Domain Audio Watermarking 

Audio watermarking techniques, that works in frequency 
domain, take the advantage of audio masking characteristics of 
HAS to embed an inaudible watermark signal in digital audio. 
Transforming audio signal from time domain to frequency 
domain enables watermarking system to embed the watermark 
into perceptually significant components. This will provide the 
system with a high level of robustness, because of that any 
attempt to remove the watermark will result in introducing a 
serious distortion in original audio signal fidelity. The input 
signal is first transformed to frequency domain where the 
watermark is embedded, the resulting signal then goes through 
inverse frequency transform to get the watermarked signal as 
output as shown in Figure 9. 

 

 

 

       
      

 

   Input Signal       Watermark Signal    Watermarked Signal 
            

 Figure 9. Watermarking in frequency domain 

In spread spectrum communication, one transmits a 
narrowband signal over a much larger bandwidth such that the 
signal energy present in any single frequency is imperceptible. 
Similarly the watermark is spread over very many frequency 
components so that the energy of any component is very small 
and certainly undetectable. In this method the frequency 
domain of cover signal is viewed as a communication channel 
and the watermark is viewed as a signal that is transmitted 
through it. Attacks and unintentional signal distortions are thus 
treated as noise that the transmitted signal must be immune to. 
In order for the watermark to be robust, watermark must be 
placed in perceptually significant regions of the cover signal 
despite the risk of potential fidelity distortion. Conversely if the 
watermark is placed in perceptually insignificant regions, it is 
easily removed, either intentionally or unintentionally by, for 
example, signals compression techniques that implicitly 
recognize that perceptually weak components of a signal need 
not be represented.  

Another transform is cepstrum domain. Cepstrum domain has 
been widely adopted for phonetic analysis and recognition, 
which include a series of operations: (1) Fourier transform, (2) 
take logarithm, and (3) inverse Fourier transform. It is obvious 
that these three operations are linear and that the original signal 
in the time domain can be exactly recovered from its cepstrum 
domain representation. After a general attack, the statistical 
mean of the cepstrum coefficients for an audio signal 
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experience much less variance. Due to the attack-invariant 
feature, the watermark information can be preserved. 

 

 

 

 

 

 

Figure 10. Cepstrum Analysis 

 

We implemented the audio watermarking in cepstrum domain; 
watermark used is a binary logo image. The sampling rate, fs, 
was used for playback. The value typically supported by sound 
cards is 44100 Hz. Each frame had 1024 samples. Each song 
had duration of 300 seconds and was recorded in mono at a 
sampling rate of 16 bits. The audio editing and attacking tools 
adopted in this experiment were Audacity and CoolEdit Pro 2.0 
Even after embedding logo image into the audio signal, it has 
been observed that watermarked audio has very equally good 
perceptual quality. Using the above extraction algorithm, logo 
image was then successfully extracted from watermarked 
audio. This algorithm is also tested for various synchronous 
attacks like, echo, compress, cut. However results of 
comparisons with other robust techniques are awaited. 

 Following figures shows some of the experimental results. 

Original Audio: 

 

 

Watermark image 

Hi.bmp 

 

After Embedding watermark 

 

 

 

 

After Amplifying  

 

Extracted watermark 

 

Figure 10. Experimental Results-Cepstrum Domain 

B. Time Domain Audio Watermarking 

 

In time domain watermarking techniques, watermark is 
directly embedded into audio signal. No domain transform is 
required in this process. Watermark signal is shaped before 
embedding operation to ensure its inaudibility. The available 
time domain watermarking techniques insert the watermark 
into audio signal by simply adding the watermark to the signal. 
Embedding a watermark into time domain involves challenges 
related to fidelity and robustness. Shaping the watermark 
before embedding enables the system to maintain the original 
audio signal fidelity and renders the watermark inaudible. As 
for robustness, time domain watermarking systems use 
different techniques to improve the robustness of the 
watermark technique of digital signals is well known and 
developed over years. 

There are two methods for audio watermarking in time 
domain. In the first method the watermark signal is modulated 
using the original audio signal and filtered by lowpass filter to 
reduce the distortion that might be result from embedding the 
watermark. The original audio signal is divided into segments 
and then each segment is watermarked separately by 
embedding the same watermark.  Another watermarking 
system uses the HAS masking effects to shape the watermark 
signal. Shaping operation is performed in frequency domain, 
but the shaped watermark is embedded into audio signal in 
time domain. Watermark is a noise-like sequence generated by 
using two keys x1 and x2. The first key x1 is author dependent. 
The second key x2 is computed from audio signal that the 
author wants to watermark. It is computed from the signal 
using a one-way hash function. The two keys are mapped to 
pseudorandom number generator to generate a noise-like 
sequence, watermark. Original audio signal is required in 
detection process to compute the second key x2, and to extract 
the embedded watermark. 

C  Compressed Domain Audio Watermarking 

A number of techniques are proposed to embed a 
watermark signal into MPEG audio bit stream, rather than 
going through decoding/encoding process in order to apply 
watermarking scheme in uncompressed domain Such systems 
are suitable for “pay audio” scenario, where the provider stores 
audio contents in compressed format. During download of 
music, the customer identifies himself/herself with his/her 
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unique customer ID, which therefore is known to the provider 
during delivery. In order to embed the customer ID into the 
audio data using a watermarking technique, a scheme is needed 
that is capable of watermarking compressed audio on the fly 
during download. MPEG audio compression is a lossy 
algorithm and uses the special nature of the HAS. It removes 
the perceptually irrelevant parts of the audio and makes the 
audio signal distortion inaudible to the human ear. MPEG 
encoding process has the following steps:  

i. Input audio samples pass through a mapping filter bank to 
divide the audio data into subbands (subsamples) of frequency. 

ii. At the same time, the input audio samples pass through 
MPEG psychoacoustics model, which creates a masking 
threshold of audio signal. Masking threshold is used by 
quantization and coding step to determine how to allocate bits 
to minimize the quantization noise audibility.  

iii. Finally, the quantized subband samples are packed into 
frames (coded stream). 

The MPEG audio stream consists of frames. Frame is the 
smallest unit which can be decoded individually. Each frame 
contains audio data, header, CRC (Cyclic Redundancy Code), 
and ancillary data. In frame, each subband has three groups of 
samples with 12 samples per group. The encoder can use a 
different scale factor for each group. Scale factor is determined 
upon masking threshold and used in reconstruction of audio 
signal. The decoder multiplies the quantizer output to 
reconstruct the quantized subband sample. Figure 10 depicts 
the general format of MPEG frame. 

Header CRC Bit 

Allocation 

Scale 
Factor 

Encoded 

Sample 

Ancillary 

Data 

Figure. 10  Frame Format of MPEG Audio 

MPEG audio decoding process is simple a reverse of the 
encoding process. The decoding takes the encoded bit stream 
as an input, unpacks the frames, reconstructs the frequency 
samples (subbands samples) using scale factors, and then 
inverses the mapping to re-create the audio signal samples.  

However, watermarking systems have a number of differences. 
These differences can be considered in evaluating performance 
of watermarking systems and suitability of these systems for a 
specific application. These differences can be explained as 
follows: 

i. Some audio watermarking systems require the original audio 
signal, or any information derived from it, to be presented in 
detection process. This will leads to a large number of original 
works have to be stored and searched during detection. 
Systems that require the original audio signal are not suitable 
for some type of applications, in case that detection process has 
no access to the original work or it is not acceptable to disclose 
it. On the other hand, presenting the original signal yields in 
efficient watermark extraction consequently efficient detection. 
Audio watermarking systems that are based on patchwork 
algorithm use a statistical detection process (hypothesis testing) 
and don’t need the original audio for detection purpose. In spite 
of that a number of audio watermarking techniques require 

only the watermarked signal in detection watermark key is 
needed in both embedding and detection. 

ii. In order to maintain the watermark security, watermark 
would be embedded into selected regions of some domain 
transform of audio signal. These regions are selected randomly 
by generating a sequence of indexes. Sequence generation is 
paramerized by a key called watermarking key. This key is 
required in both embedding and detection. In some 
watermarking systems, watermarking key is used to generate 
the watermark itself. In this case, the watermark would be a 
random sequence of bits or digits generated by some sort of 
algorithms ensure non-invertiblitiy of watermark in order to 
maintain the security of watermarking key. Watermarking key 
could be provided by the copyright owner or a combination of 
information provided by him/her and information derived from 
original signal. In such case, original signal will be required in 
detection process for key generation purpose. In all scenarios, 
the key is used as a seed for random number generator. 
Sometimes, disclosing the watermarking key or having an 
access to it becomes impossible. Thus, using the same key in 
detection and embedding will not be acceptable. A solution to 
such problem could be found in using two keys, one for 
embedding and another for detection 

iii. During embedding process, original audio signal is divided 
into frames. Then after, each frame is watermarked separately. 
Some watermarking systems embed the same watermark into a 
number of frames to enhance watermark robustness. But, in 
other systems each frame is watermarked with different 
watermark. 

iv. Because of sensitivity of HAS, watermark signal must be 
shaped to rent it inaudible. Masking characteristics of audio 
signal can be used for this purpose. Psychoacoustics MPEG 
model is commonly used to calculate masking threshold that is 
used in weighting the watermark.  

A general work frame for digital audio watermarking systems 
can be concluded as follows: 

i. Watermarking system should be able to embed any set of 
data in to audio signal, and the detector should be able to 
retrieve the embedded data (i.e. not just report that watermark 
is presented or not) 

ii. Watermark embedded (detection) module should be 
independent of mode of operating. (e.g. the same watermark is 
embedded into multiple frames of audio signal or different 
watermark is embedded into each frame). 

iii. Watermarking key generation should be independent of 
watermark embedding and detection (e.g. embedding and 
detection will not be effected whether original signal is 
involved in key generation or not). 

The above points enable audio watermarking system to be 
suitable for variety of application and make it possible to put 
standards and evaluation benchmark 

IV. VIDEO WATERMARKING 

Most of the video watermarking schemes are based on the 
techniques of image watermarking and directly applied to raw 
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video or compressed video. However, current image 
watermarking schemes are not capable of adequately protecting 
video data. Video watermarking introduces some issues which 
is not present in image watermarking. Due to large amounts of 
data and inherent redundancy between frames, video signals 
are highly susceptible to pirate attacks, including frame 
averaging, frame dropping, frame swapping, statistical analysis, 
etc. Applying a fixed image watermark to each frame in the 
video leads to problems of maintaining statistical and 
perceptual invisibility. Furthermore, such an approach is 
necessarily video independent; as the watermark is fixed while 
the frame changes. Applying independent watermarks to each 
frame also presents a problem. Regions in each video frame 
with little or no motion remain the same frame after frame. 
Motionless regions may be statistically compared or averaged 
to remove independent watermarks. In addition, video 
watermarking schemes must not use the original video during 
watermark detection as the video usually is in very large size 
and it is inconvenient to store it twice. 

 

Figure 11. Classification map of existing digital video watermark techniques 

A. Spatial Domain Watermarks 

Spatial domain algorithms generally share the following 
characteristics: 

i) The watermark is applied in the pixel or coordinate domain. 

ii) No transforms are applied to the host signal during 
watermark embedding. 

iii) The watermark is derived from the message data via spread 
spectrum modulation. 

iv) Combination with the host signal is based on simple 
operations, in the pixel domain. 

v) The watermark can be detected by correlating the expected 
pattern with the received signal. 

The main strengths of pixel domain methods are that they are 
conceptually simple and have very low computational 
complexities. As a result they have proven to be most attractive 
for video watermarking applications where real-time 
performance is a primary concern. However, they also exhibit 
some major limitations: The need for absolute spatial 
synchronization leads to high susceptibility to de-
synchronization attacks; lack of consideration of the temporal 
axis results in vulnerability to video processing and multiple 

frame collusion; and watermark optimization is difficult using 
only spatial analysis techniques.  

The simplest method is to just flip the lowest-order bit of 
chosen pixels in a grey scale or colour image. This will work 
well only if the image is subjected to any human or noisy 
modification. A more robust watermark can be embedded in an 
image in the same way that a watermark is added to paper. 
Such techniques may superimpose a watermark symbol over an 
area of the picture and then add some fixed intensity value for 
the watermark to the varied pixel values of the image. The 
resulting watermark may be visible or invisible depending 
upon the value (large or small, respectively) of the watermark 
intensity. One disadvantage of spatial domain watermarks is 
that picture cropping, which is a common operation of image 
editors, can be used to eliminate the watermark. Spatial 
watermarking can also be applied using colour separation. 

In this way, the watermark appears in only one of the 
colour bands. This renders the watermark visibly subtle so that 
it is difficult to detect under regular viewing. However, the 
watermark appears immediately when the colours are separated 
for printing or xerography. This renders the document useless 
to the printer unless the watermark can be removed from the 
colour band. This approach is used commercially for journalists 
to inspect digital pictures from a photo-stockhouse before 
buying non-watermarked versions. 

B. Frequency Domain Watermarks 

Generally DCT, FFT and wavelet transform are used as the 
methods of data transformation as seen in section 2 and 3. The 
main strength offered by transform domain techniques is that 
they can take advantage of special properties of alternate 
domains to address the limitations of pixel-based methods or to 
support additional features. For instance, designing a 
watermarking scheme in the Discrete Cosine Transform (DCT) 
domain leads to better implementation compatibility with 
popular video coding algorithms such as Moving Pictures 
Experts group (MPEG)-2, and in the shift and rotation-
invariant Fourier domains facilitates the design of watermarks 
that inherit these attractive properties. Besides, analysis of the 
host signal in a frequency domain is a prerequisite for applying 
more advanced masking properties of the HVS to enhance 
watermark robustness and imperceptibility. Generally, the main 
drawback of transform domain methods is their higher 
computational requirement.  

C. Watermarks Based on MPEG Coding Structures 

Video watermarking techniques that use MPEG-1, -2 and -
4 coding structures as primitive components are primarily 
motivated by the goal of integrating watermarking and 
compression to reduce overall real-time video processing 
complexity. Compression in block-based schemes like MPEG-
2 is achieved by using forward and bi-directional motion 
prediction to remove temporal redundancy, and statistical 
methods to remove spatial redundancy. One of the major 
drawbacks of schemes based on MPEG coding structures is 
that they can be highly susceptible to re-compression with 
different parameters, as well as conversion to formats other 
than MPEG. 
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Comparison between Different Watermarking Schemes 

In general, watermarking schemes can be roughly divided 
into two categories: spatial domain watermark, and 
transformed domain watermark. Watermarking schemes in 
spatial domain are less robust than those in frequency domain. 
LSB, threshold-based correlation and m-sequence watermarks 
are perform worse than the other watermarking algorithms. 
Therefore, these watermarking algorithms are classified as 
fragile or semi-fragile watermarking. They can be applied for 
the purpose of proving the integrity of a document. The 
frequency domain watermarking schemes are relatively more 
robust than the spatial domain watermarking schemes, 
particularly in lossy compression, noise addition, pixel 
removal, rescaling, rotation and shearing. DCT-based 
watermarking scheme is the most robust to lossy compression. 
Moreover, DWT-based watermarking scheme is the most 
robust to noise addition. DFT-based watermarking scheme with 
template matching can resist a number of attacks, including 
pixel removal, rotation and shearing. The purpose of the 
template is to enable resynchronization of the watermark 
payload spreading sequence. It is a key dependent pattern of 
peaks, which is also embedded into DFT magnitude 
representation of the frame. The peaks are not embedded by 
addition, but rather by modifying the value of the target 
coefficient, such that it is at least two standard deviations above 
the mean. Radon transformation resists attacks by resealing and 
geometric distortion.  

V. CONCLUSION 

This paper is an attempt to summarize various 
watermarking techniques used to secure Multimedia. Some of 
these techniques are implemented and tested for images and 
audio watermarking. We are still working on video 
watermarking. 
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Abstract- e-Learning system emphasizes on the available 
content to all learners irrespective of their knowledge level 
and relevance. This paper concentrates on the result 
oriented investigation of the impact of learner’s primary 
medium of instruction (MI) at school in understanding the 
content given to them in English and proposes a design for 
developing an Adaptive e-Learning (AeL) system 
personalized to the learner. An appropriate statistical 
model has been developed to analyze the impact and the 
results implied that the MI (Regional language / English) at 
school has greater impact on the performance compared to 
the region (Rural / Urban) the students hailed from, when 
the same content is given to them in English using e-
Learning. Based upon the significant gap in the 
performance between the rural regional language medium 
students and urban English medium students, the decision 
procedure rules for providing personalized content to the 
learner were developed. The AeL system personalized to 
the leaner was successfully implemented with the help of an 
extensive survey to bridge the gap in performance between 
the regional language medium students and English 
medium students. 
 
Keywords-Components: e-Learning (eL), Adaptive e-
Learning (AeL), MI, Multiple Regression, Urban / Rural 
Capacity gap 
 

I. INTRODUCTION 
 

    Adaptivity is an important issue in e-Learning but very 
few learning systems incorporate adaptivity in today’s e-
education. E-Learning platforms such as Moodle and 
WebCT provide lot of simple features to administer and 
create courses. As such, they have become very 
successful in e-education. Adaptive e-Learning (AeL) 
system creates a personalized environment for the 
learner. Personalization helps to display required content 
in understandable and desirable form and prevents 
unwanted or unrelated content being displayed, thus 
saving cost and time. The focus of this research is 
primarily on countries offering school education both in 
English medium and in their regional languages. In 
countries like India, English is the MI primarily at urban 
places, and the regional languages are the same will be 
primarily at rural places. This study is also applicable to 

English-speaking countries with student immigrants from 
across the globe. 

 
   It is generally believed that the urban / rural exposure 
to the student has more impact than the primary MI at 
school, while understanding the content given to them in 
English. To test this study, two experiments were 
performed with a heterogeneous group of first year 
engineering students both from urban and rural 
backgrounds and with a combination of regional 
language (Tamil) and English as their primary MI at 
school, but with similar pre-requisite subject knowledge. 
  
Organization of the paper 
 
   Section 2 deals with an experiment offering an English 
language test using e-Learning to the students to evaluate 
their understanding of English. Section 3 deals with an 
experiment offering 50 minutes of technical content and 
subject test in English using eL to evaluate the impact of 
foreign language knowledge to understand a technical 
subject. A Statistical Regression Mode (SRM) is used to 
validate the above hypothesis. Subsequently, an AeL 
system using Moodle with decision procedure rules for 
providing personalized content to the learner was 
developed and successfully implemented to bridge the 
gap in performance between the regional language 
(Tamil) students and English medium students. 

 
II. IMPACT OF MI IN UNDERSTANDING 

ENGLISH 
   The hypothesis of this experiment is that the urban / 
rural exposure to the student has greater impact than the 
primary MI at school in understanding the content given 
to them in English. 
 
A. Participants 

 
    A heterogeneous group of 219 number of 
undergraduate first year engineering students both from 
urban and rural backgrounds (116 urban and 103 
students hailing from rural areas) and with a combination 
of regional language and English as their primary MI at 
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school (148 regional language and 71 English medium 
students), but with similar pre-requisite subject 
knowledge (all of them scored entry level cut-off marks 
between 170 to 190 marks out of 200 marks to get 
admitted into the engineering degree programme). Even 
students, who did their schooling in regional language,  
 
 

TABLE 1 

 
Table 1: English Test Performance 

 
had English as one of their subjects throughout their 
schooling. The other factors considered were the 
economical and educational background of their families 
and the student is a boy or a girl. 
 
B. Evaluation Procedure 

 
    The participants were observed in the computer 
laboratory and given two reading comprehensions in 
English through eL engine which shows uniform content 
to all the users. They were given a total of 50 minutes to 
go through the contents and answer 20 questions based 
on the contents. 
 

C. Results and decisions 
 
   Table 1 summarizes the task performance of the impact 
of MI in understanding English. The findings from this 
experiment indicates that the MI at school play a major 
role compared to the region the student hailed from, as 
the rural English medium students performed better 
compared to urban regional language students. A 
reasonable gap is noticed between rural regional 
language students and urban English medium students. 
The cut-off marks, economical and educational 
background of their families and the gender of the 
student have minimal impact. 

 
 

   Hence it can be understood that the hypothesis of urban 
/ rural exposure to the student having greater impact than 
the primary MI at school is reversed and the primary MI 
has greater impact on the performance in an English test, 
than the urban / rural exposure. 
 
 
 

III. IMPACT OF MI IN UNDERSTANDING 
TECHNICAL CONTENT 

 
   The hypothesis of this survey experiment is that the 
primary MI at school has greater impact than the urban / 
rural exposure to the student, while understanding the 
technical contents given to them in English.  
 
A. Participants 

 
   The same set of 219 participants who were tested in the 
previous experiment participated in this experiment as 
well. 
 
B. Evaluation Procedure 

 
   The participants were given technical content through 
e-Learning engine which shows uniform content to all 
the users. At the end of the learning session, they were 
asked to answer questions from the contents they had 
learnt. They were given a total of 50 minutes to go 
through the contents and answer 20 questions about the 
contents. 
 
C. Results Analysis and discussion 

 
   Table 2 summarizes the task performance of the impact 
of MI in understanding technical content in English. The 
findings from this experiment indicates that even in the 
case of technical content given in English using e-
Learning, the MI at school played a major role compared 
to the region the student hailed from, as the rural English 
medium students performed better compared to urban 
regional language students. 
 

TABLE 2 

 Table 2: Technical Test Performance 
 

A reasonably good amount of gap noticed between rural 
regional language students and urban English medium 
students is a major technical criticality observed. 
Whereas the cut-off marks, economical and educational 
background of their families and the gender of the 
student have minimal impact. 
  
   The hypothesis that the primary MI at school has 
greater impact than the urban / rural exposure to the 
student, while understanding the technical contents is 
validated. 

Medium 
of Study Residence 

No. of 
Students 

English 
Test Score 

- Avg 
% 

Range 
% 

Regional Rural 90 46.39% 
30% - 65% 

Regional Urban 58 51.29% 
30% - 65% 

English Rural 13 61.92% 
40% - 75% 

English Urban 58 70.52% 
50% - 90% 

Medium 
of Study Residence 

No. of 
Students 

Technical 
Content  

Test Score - 
Avg 
% 

    Range 
% 

Regional Rural 90 54.00% 
35% -65% 

Regional Urban 58 56.12% 
35% -70% 

English Rural 13 65.38% 
45% -80% 

English Urban 58 74.48% 
50% -100% 
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IV. STATISTICAL REGRESSION MODEL 
 

   From Table 1 and 2 it is observed that the performance 
gap between English Medium students and Regional 
Language students are high to the extent of 10% 
difference in both English Test and Technical Test. 
When Rural Regional Language students’ performance is 
considered, they are on par with Urban Regional 
Language students. This observation leads to the 
apparent decision that the performance of Rural / Urban 
English Medium students is far better than rest of the 
categories irrespective of the English Test or Technical 
Test. 
 
   In order to understand the gap, significant evidence is 
required. Hence, a Statistical Regression Model is 
developed to test the above hypothesis. In this study, 
performances of students in English and Technical tests 
were considered dependent variable. The cut-off mark 
scored by the student impacts the performance and is 
considered to be an independent variable. The impact of 
the economical and educational background of their 
families and the gender of the student are found to be 
negligible. So the model is developed as performance of 
a student is studied is a function of cut of mark. 
 

Performance of Student = f(Cut-off Marks). 
 
 The impact of MI of the student and their place of study 
(PoS) on the performance in the test is analyzed by 
introducing them as dummy variables. Hence the 
analytical equation becomes:  
 
           Y = a + b(X) + c(D1) + e(D2) 
           Y = Performance on English Test 
           X = Cut-off Marks 
           D1 = Dummy Variable (PoS) 
           D2 = Dummy Variable (MI) 
 
When the inputs are used, we get the values for a, b, c, e 
and also the coefficient of determination R2 and F value. 
The coefficient of determination (R2) explains the extent 
of explained variability of Y caused by X. The F denotes 
the significant effect of the ratio of variation due to the 
independent variables and the variation due to chance 
causes. 
 
A. Regression (English Test – Effect of Cut-off Marks, 

PoS and Medium of Instruction) 
 

   This model analyses the effect of Cut-off Marks and 
the combined effect of PoS and MI on the performance 
in the English Test.  
   The values obtained for a, b, c and e is incorporated in 
the equation to form the following equation. 
 
1. Equation:Y = 14.252 + (-0.028)X + 1.248 (D1) + 

3.528 (D2) 

   The ‘t’ value obtained for PoS, MI and for the Cut-off 
Marks and its level of significance are given below. 
 
              D1 (PoS) = (2.517)** 
 D2 (MI)  = (6.673)*** 
 X (Cut-off Marks)= (-0.732)NS 
 
*** - 1% Significance Level; ** - 5% Significance 
Level; * - 10% Significance Level;  
NS - No Significance 
   The regression equation is significant, since F = 
25.513***. The capability of Cut-off Marks, PoS and MI 
is explaining the performance to the extent of 56.3% 
since R2 = 0.563. 
   From the analysis it can be concluded that the effect of 
MI is significantly higher than that of PoS, even though 
the secondary plays a vital role. 
 
 
B. Regression (Technical Test – Effect of Cut-off 

Marks,        PoS and MI) 
 
   This model analyses the effect of Cut-off Marks and 
the combined effect of PoS and PI on the performance in 
the technical test.  
   The values obtained for a, b, c and e is incorporated in 
the equation to form the following equation. 
 
1. Equation:Y = 14.694 + (-0.046)X + 0.605 (D1) + 

1.685 (D2)    
 

The ‘t’ value obtained for PoS, PI and for the 
cut-off marks and its level of significance are given 
below. 
 
              D1 (PoS) = (1.817)* 
 D2 (MI)  = (4.745)*** 
 X (Cut-off Marks) = (-1.782)* 
 
*** - 1% Significance Level; ** - 5% Significance 
Level; * - 10% Significance Level;  
NS - No Significance 
 
   The equation is significant since F = 13.783*** and the 
capability of the independent variables to explain the 
variation in dependent variable is 46.1% since  
R2 = 0.461. 
   From the above equation it can be concluded that the 
MI is playing significant role in contributing to the 
performance than the PoS, and the PoS has minimal 
impact. 

 
V. PROPOSED ADAPTIVE E-LEARNING 

MODEL 
 
   Addressing the limitations of current e-learning 
platforms, we propose a model for adaptive e-learning. 
The fundamental concept of this model is that authors 
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create a bunch of individual learning objects, which are 
combined to form personalized courses according to each 
learner’s capability. According to this model, learners are 
characterized based on their primary MI at school and 
their knowledge level of English. 
   The proposed AeL is developed using Moodle 
Learning Management System. Voluntary input obtained 
from the learner and assessment results are used to 
personalize the content offered to the learner. 

 
 
 
 
 
 
 
 
 
 
 

    Fig: AeL Framework 
 

There are various modules with different functionality in 
the proposed adaptive e-Learning model (Figure 1). The 
following information is voluntarily obtained from the 
learner: Age, Educational qualification, Urban / Rural, 
MI at School, familiarity with English language, gender, 
etc. Prior to start of a course the learner’s proficiency of 
English is tested. On completion of the course, a post-test 
is given to assess the knowledge level gained. 
 
   Input is obtained for the learner through the 
“Personalized Input-Output Screen” and recorded in the 
“Database”. The Database acts as the central repository 
on the Web for the Adaptive e-Learning. Based on the 
information available in the Database about the learner, 
the “Learning Objects” to be presented is automatically 
determined by the “Decision Procedure Process” and 
presented to the Personalized Input-Output Screen. The 
lessons of a course are split into various learning objects 
and they can be customized to the regional language 
students as follows: 

• Prior to start of the actual content, present 
additional content for the regional language 
medium students to understand: (i) Phrases and 
Idioms, (ii) Grammar and  
(iii) Phonetics in English. 

• The learning objects will display the regional 
language translation of English words on mouse 
over to a particular word. 

• Present the learning objects comprising of 
glossary of English words and technical terms 
in the regional language. As and when the 
regional language students don’t understand a 
certain word, they can refer to the glossary and 
understand its meaning in regional language. 

• Present additional pages of course content for 
better understanding. 

 
   The Learning Objects can be presented in any 
permutation and combination as needed. For example, a 
course in Computer Networks with extensive content can 
be created. Depending on whether the learner’s primary 
MI is English / Regional Language, and is an 
Undergraduate / Post-graduate / Research Scholar the 
lessons will be personalized. 
 
The above indicated AeL platform has been developed 
using Moodle and implemented. 

 
VI. ADAPTIVE E-LEARNING AS A TOOL TO 

OVERCOME THE MI BARRIER 
 

   The hypothesis of this experiment is that AeL can be 
successfully used to bridge the gap between regional 
language students and English medium students, while 
understanding the technical contents given to them in 
English. The same set of participants who were tested in 
the previous experiment participated in this experiment 
as well. 

TABLE 3 
 

 
Table 3: Physics Test Performance – Adaptive e-Learning 

 
A. Participants 

 
   The same set of heterogeneous group of 219 
Undergraduate first year engineering students both from 
Urban and Rural backgrounds (116 Urban and 103 
students hailing from Rural areas) and with a 
combination of regional language and English as their 
primary MI at school (148 Regional Language and 71 
English medium students), but with similar pre-requisite 
subject knowledge. 
 
B. Evaluation Procedure 

 
   The participants were divided into 3 groups. The 
Group-1 comprises of 71 students from English medium, 
the rest of the 148 students from regional language 
medium were equally divided into Group-2 and Group-3 
irrespective of their Urban and Rural backgrounds. The 
Course was divided into 2 Learning Objects. The 
Learning Object-1 comprises of 15 pages of Physics 
subject content in English only. Learning Object-2 
comprises of the same Physics subject content in English 

Group Course 
No. of 

Students 

Test 
Score – 

Avg 
% 

Range 
% 

Group-1 
(English) 

Learning Object-1 
(English Only) 71 70.28% 45% -85% 

Group-2 
(Tamil) 

Learning Object-1 
(English Only) 74 40.81% 40% -75% 

Group-3 
(Tamil) 

Learning Object-2  
(Help in Regional 

Language) 74 60.74% 30% -55% 

Voluntary 
Input 

Learner 

Assessmen

Personalized 
I/O Screen 

Decision 
Procedure 

process 

Learning 
Object 2 

Learning 
Object 1 

Learning 
Object N 

Database 
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with the regional language translation of English words 
on mouse over to a particular word and a glossary of 
English words and Technical terms in the regional 
language.  
 The Group-1 and Group-2 participants were 
shown Learning Object-1 and Group-3 participants were 
shown Learning Object-2. All participants were given a 
total of 60 minutes to go through the contents and answer 
20 questions about the contents. 
 
C. Results and Discussion 

 
   Table 3 summarizes the task performance of the impact 
of adaptive e-Learning in improving the performance. 
The findings from this experiment indicates that the 
performance gap between the English medium students 
and Regional language students can be narrowed down 
by translating the English content in Regional language 
as and when needed. Thus adaptive e-Learning enhances 
the performance of the students. 
 
 

VII. STATISTICAL PAIRED T-TEST 
 

   From Table 3 it is observed that the performance gap 
between English Medium students and Regional 
Language students narrowed down by translating the 
English content in Regional language on mouse over to a 
particular word and by offering a glossary of English 
words and Technical terms in the regional language 
using adaptive e-Learning. 
   In order to understand the impact, significant evidence 
is required. Hence, a paired t-test is used to validate the 
impact of adaptive e-learning in improving the 
performance. 
 
A. Paired t-test (Regional medium students with 

English only content and Regional medium students 
with help in Regional language) 

 
   This model analyses the gap in performance among the 
Regional language students when the content is given to 
them only in English and when help in Regional 
language is provided. 

TABLE 4 

 
The above table shows the analysis of the performance of 
Regional language students before and after the new 

methodology is introduced.  From the analysis the mean 
score of Regional language students performance when 
contents are given in English with help in Regional 
language is 12.15 which is much higher than the average 
performance of 8.16 when the contents are given only in 
English. Further analysis done for finding statistical 
evidence for significant difference using paired t–test 
indicated the performance is significantly different 
because t  = -7.49 @ 73 df (degrees of freedom) and is 
significant at 0% significance level. 
 
B. Paired t-test (English medium students and Regional 

medium students with help in Regional language) 
 
   This model analyses the gap in performance among the 
English medium students with English only contents and 
Regional language students when the content is given to 
them in English with help in Regional language. 
 
 
 
 

TABLE 5 

 
The above table shows the analysis of the performance of 
students with respect to the help related to appropriate 
MI. The mean score of students from English medium is 
equal to 14.15 and the mean score of Regional language 
students performance when contents are given in English 
with help in Regional language is 12.15 and hence the 
difference is narrowed down to the extent of 4 points 
approximately in the mean value when help is provided 
in regional language. The further analysis done for 
finding statistical evidence for significant difference 
using t–test indicated the performance is significantly 
different because t = 3.65 @ 143 df (degrees of freedom) 
is significant at 0% significance level.  Even though 
when compared to the earlier level it has come down to a 
greater extent, the analysis indicate still there is a scope 
for improvement which can be addressed through other 
means. 
 
 
 
 

 
 

  English Medium 
(Contents in 

English Only) 

Regional Medium – 
New Methodology  
(Help in Regional 

Language) 
Mean 14.15493 12.14865 

Variance 14.36137 7.635135 

Observations 71 74 

df 143 

t Stat 3.65 

P(T<=t) two-tail 0.000363 

 Regional Medium – 
Old Methodology 

(Contents in English 
only) 

Regional Medium – 
New Methodology  
(Help in Regional 

Language) 
Mean 8.162162162 12.14864865 

Variance 13.89115143 7.635135135 

Observations 74 74 

df 73 

t Stat -7.488277111 

P(T<=t) one-tail 6.41 x 10-11 
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CONCLUSIONS AND FURTHER WORK 
 

   The findings from the first two experiments indicated 
that when content is offered in English, the MI at school 
is more significant compared to the region the student 
hailed from. The primary objective of this research is to 
bridge the gap between the two extreme sets of sample 
so that regional language students will perform as good 
as English medium students. This has been achieved by 
developing an adaptive e-Learning model (as detailed 
above) to personalize the content based on the profile of 
the student and other relevant factors. The finding from 
the third experiment indicated that the performance gap 
between the English medium students and Regional 
language students narrowed down significantly by 
translating the English content in Regional language on 
mouse over to a particular word and by offering a 
glossary of English words and Technical terms in the 
regional language.  

 
   Future research can be expanded to include for 
example, adaptive e-Learning content for students from 
non-English speaking countries to perform on par with 
students from English speaking countries, when the 
contents are offered to them in English. 
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Abstract— The paper presents an innovative content based image 

retrieval (CBIR) technique based on row mean of column 

transformed even and odd part of image. Here the performance 

of proposed CBIR technique is tested for different transforms 

like Walsh transform, Haar transform and Kekre transform. 

Instead of using all pixels of image as feature vector for image 

retrieval, row mean of transform applied on columns of odd and 

even part of image is used, resulting into better performance with 

much lower computations. The proposed CBIR techniques are 

tested on generic image database having 1000 images spread 

across 11. For each transform 55 queries (5 per category) were 

fired. Then the precision and recall for all queries are computed. 

While considering the relevance of result images for calculation 

of precision and recall the results of odd image part and even 

image part both are ORED. The average precision and average 

recall values of all queries gives the performance comparison of 

proposed CBIR methods as compared to considering full image 

data as feature vector or considering the simple row mean as 

feature vector. The results have shown the performance 

improvement (higher precision and recall values) with proposed 

methods compared to all pixel data of image at reduced 

computations resulting in faster retrieval. The comparison of 

transforms for CBIR performance gives Walsh transform  

surpassing the other two considered here.  

Keywords-content based image retrival (CBIR), row mean, 

Walsh transform, Haar transform, Kekre transform. 

I.  INTRODUCTION 

The large numbers of images are being generated from a 
variety of sources (digital camera, video, scanner, the internet 
etc.) which have posed technical challenges to computer 
systems to store/transmit and index/manage image data 
effectively to make such large collections easily accessible. 
Image compression deals with the challenge of storage and 
transmission, where significant advancements have been made 
[1,4]. The challenge to image indexing is studied in the context 
of image database [2,6,7,10,11], which has become one of the 
most promising and important research area for researchers 
from a wide range of disciplines like computer vision, image 
processing and database areas. The thirst of better and faster 
image retrieval techniques is increasing day by day. Some of 
important applications for CBIR technology could be identified 
as art galleries [12,14], museums, archaeology [3], architecture 
design [8,13], geographic information systems [6], trademark 
databases [21,22], weather forecast [5,21], medical imaging 

[5,18], criminal investigations [23], image search on the 
Internet  [9,19,20]. 

A. Content Based Image Retrieval  

In literature the term content based image retrieval (CBIR) 
has been used for the first time by Kato et.al. [4], to describe 
his experiments into automatic retrieval of images from a 
database by colour and shape feature. The typical CBIR system 
performs two major tasks [16,17]. The first being feature 
extraction (FE), where a set of features, called feature vector, is 
generated to accurately represent the content of each image in 
the database. The second task is similarity measurement (SM), 
where distance between the query image and each image in the 
database using their feature vectors is used to retrieve the top 
“closest” images [16,17].  For feature extraction in CBIR there 
are mainly two approaches [5] feature extraction in spatial 
domain and feature extraction in transform domain. The feature 
extraction in spatial domain includes CBIR techniques based 
on histograms [5], BTC [1,2,16], VQ [21]. The transform 
domain methods are widely used in image compression, as they 
give high energy compaction in transformed image [17,24]. So 
it is obvious to use images in transformed domain for feature 
extraction in CBIR [23]. But taking transform of image is time 
consuming, this complexity is reduced to a great extent by the 
proposed technique. Reducing the size of feature vector using 
pure image pixel data in spatial domain only and till getting the 
improvement in performance of image retrieval is the theme of 
the work presented. Many current CBIR systems use Euclidean 
distance [1-3,8-14] on the extracted feature set as a similarity 
measure. The Direct Euclidian Distance between image P and 
query image Q can be given as equation 1, where Vpi and Vqi 
are the feature vectors of image P and Query image Q 
respectively with size „n‟. 





n

i

VqiVpiED
1

2)(

 

(1) 

II. IMAGE TRANSFORMS 

The various transforms [5,24] used for proposed CBIR 
techniques are discussed below: 
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A. Walsh Transform 

The Walsh transform matrix [5,18] 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 xWkT=0, for j k and Wj xWkT =N, for j=k. 

• Wj has exactly j zero crossings, for j = 0, 1, ...., N-1.      

• Each row Wj is either even or odd w.r.t. to its midpoint.  

 

B. Haar Transform 

This sequence was proposed in 1909 by AlfrédHaar. Haar 

used these functions to give an example of a countable 

orthonormal system for the space of square-integrable 

functions on the real line [24]. The study of wavelets, and 

even the term "wavelet", did not come until much later. The 

Haar wavelet is also the simplest possible wavelet. The 

technical disadvantage of the Haar wavelet is that it is not 

continuous, and therefore not differentiable. This property can, 

however, be an advantage for the analysis of signals with 

sudden transitions, such as monitoring of tool failure in 

machines.  

 

C. Kekre‟s Transform 

Kekre‟s transform matrix is the generic version of Kekre‟s 
LUV color space matrix [1,18]. Kekre‟s transform matrix can 
be of any size NxN, which need not have to be in powers of 2 
(as is the case with most of other transforms). All upper 

diagonal and diagonal values of Kekre‟s transform matrix are 
one, while the lower diagonal part except the values just below 
diagonal is zero.  

Generalized NxNKekre‟s transform matrix can be given as: 



































1)1(..000

11..000
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11..111
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NN

N

N

KNxN


 

(2) 

The formula for generating the term Kxy of Kekre‟s 
transform matrix is: 

 

(3) 

  

III. PROPOSED TECHNIQUE 

The CBIR technique given in [24] has been extended here. 
In [24] the feature vector considered for CBIR is row mean of 
column transformed image. Here first the odd part and even 
part of image are obtained using it‟s mirror image. Then 
transform is applied on each column of obtained images to 
calculate feature vector, image retrieval is done using both 
feature vectors (F1 & F2). The obtained results are combined 
using OR operator to obtain the final results. Figure 1 shows 
the feature extraction in proposed CBIR technique with row 
mean [25] of transformed image columns. 

 

 
 

Figure 1 Feature Extraction in Proposed CBIR Technique using row means of column transformed even and odd part of image 
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R R N R N R Sorted Image Index for Even Part (P1) 

 

R R N N R R Sorted Image Index for Odd Part (P2) 

 

R R N R R R Result Image Index after using OR operator 
 

Figure 2 How OR operator is used in proposed CBIR technique 

 

 

The feature extraction steps for proposed image retrieval 
method can be given as follows. 

1. Calculate the mirror image across Y-axis of the query 
image.  

2. Using the image and its mirror image to calculate the 
Even Image (P1) and Odd image (P2). When you add 
both P1 and P2 you get the original image back. 

3. Apply transform T on the column of P1 and P2 
images of size NxN (INxN) to get column transformed 
images of the same size (cINxN) 

cINxN (column transformed) = [TNxN] [INxN]           (4) 

4. Calculate row mean of column transformed image to 
get feature vector of size N (instead of N

2
). We get 

two feature vectors for Even and Odd part (F1 & F2). 

5. Then Euclidean Distance is applied and the results are 
sorted in ascending order for both feature vectors. The 
obtained results are combined using OR operator as 
seen in figure 2, to calculate precision and recall for 
the proposed technique. 

The proposed technique is applied for three different 
transforms to see where the best performance is obtained. The 
results are compared with applying transform on full image and 
row mean on image (without column transform).  

The figure 2 shows how OR operator is used in proposed 
CBIR techniques. Here the „R‟ is relevant image retrieved and 
„N‟ is non-relevant image retrieved. These relevancies are then 
considered to compute precision and recall values for all 
queries. 

 

IV. IMPLEMENTATION 

A. The Platform 

The implementation of the proposed CBIR techniques is 

done in MATLAB 7.0 using a computer with Intel Core 2 Duo 

Processor T8100 (2.1GHz) and 2 GB RAM. 

 

B. Database 

The CBIR techniques are tested on the image database [15] 

of 1000 variable size images spread across 11 categories of 

human being, animals, natural scenery and manmade things. 

Figure 3 shows sample image of generic database.  

 
Figure 3 Sample Images from Generic Image Database 

[Image database contains total 1000 images with 11 categories] 

 

C. Precision/Recall 

To assess the retrieval effectiveness, we have used the 

precision and recall as statistical comparison parameters [1,2] 

for the proposed CBIR techniques. The standard definitions 

for these two measures are given by following equations. 

 

retrievedimagesofnumberTotal

retrievedimagesrelevantofNumber
ecision

____

____
Pr   

 

(4) 

databaseinimagesreleventofnumberTotal

retrievedimagesrelevantofNumber
call

______

____
Re 

 
(5) 

V. RESULTS AND DISCUSSIONS 

For testing the performance of each proposed CBIR 
technique, per technique 55 queries (5 from each category) are 
fired on the database of 1000 variable size generic images 
spread across 11 categories. The query and database image 
matching is done using Euclidian distance. The average 
precision and average recall are computed and are plotted 
against number of retrieved images. The crossover point of 
precision and recall gives important performance measure for 
image retrieval techniques. Higher the crossover point is better 
will be the performance of CBIR method. 
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Figure 4 Crossover Point of Precision and Recall v/s Number of Retrieved 

Images using Walsh Transform 
 

In Figure 4 the crossover points of CBIR using Walsh 
transform applied to the full image as feature vector (referred 
as „Full‟), simple row mean as feature vector (referred as 
„RM‟) and the proposed CBIR technique with Walsh transform 
(referred as „TRANSFORM-RM‟ here „WALSH-RM‟) are 
shown. It can be noted from figure that proposed CBIR 
technique with Walsh transform gives best performance than 
the other discussed methods. 

 
 

Figure 5 Crossover Point of Precision and Recall v/s Number of Retrieved 

Images using Haar Transform 

 

The comparison of crossover points of CBIR with Haar 
transform of full image as feature vector (Full), row mean of 
image as feature vector (RM) and the proposed CBIR 
technique with Haar transform (HAAR-RM) are compared in 
figure 5. Also here the proposed CBIR method with Haar 
transform outperforms other image retrieval techniques. 

Figure 6 gives the crossover points of CBIR using Kekre 
transform applied to the full image as feature vector (referred 
as „Full‟), simple row mean as feature vector (referred as 
„RM‟) and the proposed CBIR technique with Kekre transform 
( „KEKRE-RM‟) are shown. It can be noted from figure that 
proposed CBIR technique with Kekre transform gives best 
performance than the other discussed methods. 

 

 
 

Figure 6 Crossover Point of Precision and Recall v/s Number of Retrieved 

Images using Kekre Transform 
 

         To compare the performance of the considered image 
transforms with each other for proposed CBIR techniques, the 
crossover points of proposed CBIR methods with individual 
transforms are shown together in figure 6. Here the best 
performance (highest precision-recall crossover point value) is 
given by Walsh transform. The performance ranking of 
transforms could be given as Walsh, Haar and then Kekre 
transform. From figure 7 also it can noted that proposed CBIR 
technique with all transforms is performing better than CBIR 
using full transformed image as feature vector or CBIR using 
row mean of image as feature vector. 

 

 
 

Figure 7 Crossover Point of average Precision and Recall v/s proposed 

technique for all transforms with Full Image 

 

VI. CONCLUSION 

The new CBIR method using row means of column 
transformed odd and even parts of the image with OR operator 
is proposed. The technique is tested using 55 queries fired on 
generic image database of 1000 images spread across 11 
categories. The average precision and average recall values of 
these queries have proved the proposed CBIR technique better 
than taking complete transformed image as feature vector and 
also bettr than simple row mean of image as feature vector. The 
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proposed techniques are implemented using three mage 
transforms like Walsh transform, Haar transform and Kekre 
transform. The performance ranking of transforms for proposed 
CBIR method can be given as Walsh followed by Haar and 
then Kekre. 
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I. Introduction 

 
Over the last few years, image processing has 

been playing an increasingly important role in many 
scientific areas. This is due, among other reasons, to the 
ever-improving performance of computers that are now 
capable of quickly processing the characteristically large 
amounts of data produced by images. This processing is 
mostly oriented toward extracting either qualitative or 
quantitative information from object images. In particular, 
[1][2]precise dimensional characterization of objects 
through contact-less measurement techniques is a very 
important task in several environments such as industrial 
quality and process control and medical diagnosis.[4] A 
typical application field of medical image processing is in 
the diagnosis of atherosclerosis.[5]The atherosclerosis 
process is strongly linked to carotid thickening and 
plaques, whose presence can be clearly detected in 
artery longitudinal  section images provided by ultrasound 
techniques.[6]The analysisof    the    carotid          ultrasound  
 
 

 
represents, in fact, the most powerful instrument today 
available for predictingcoronary disorders in people over 
fifty .Images are taken by ultrasound equipment working at 
frequencies ranging from 1 to 20 MHz, and are obtained via 
a probe that has to be positioned on the patient’s neck. 
[3]There are two phases to the measurement process: i) 
carotid image capturingand ii) thickness measurement. 

Ultrasound plays an important role in diagnosis and 
illness and injury. The noninvasive imaging of different 
parts of the body has other applications in medical 
diagnosis, such as in tissue characterization and 
measurement of tissue motion.The measurement of tissue 
motion[9] is a broad category. It can include the analysis of 
the motion of physically active organs such as the heart and 
discrete structures such as cardiac valves and arterial walls. 
It can refer to the analysis of motion induced in passive 
tissues, such as liver or lung, due to active organs such as 
the heart or by external sources such as low frequency 
vibration or compression. The response of the tissue is a 
function its elasticity, which is directly related to the 
healthiness of the tissue. [12]The measurement of blood 
flow velocity is an important parameter in diagnosing 
vascular diseases such as venous thrombosis. Regardless of 
the particular medical application of ultrasound, all 
applications require the transmission and capture of radio-
frequency (RF) ultrasonic signals. The signals must be 
processed in some way to extract the desired information. In 
the case of assessing tissue motion, Doppler ultrasound has 
been very popular, particularly in the measurement of blood 
flow. Practically all commercial ultrasound blood flow 
measurement systems utilize the frequency-domain Doppler 
technique. Doppler techniques have been around for a long 
time, and have been extensively covered in the literature. In 
addition to Doppler, however, time-domain methods of 
measuring tissue motion also exits, which have not been 
comprehensively reviewed.[17]Time-domain methods have 
potential advantages over Doppler techniques in many 
applications, and the use of time-domain based methods is 
becoming more and more widespread. 

Due to[6] the huge amount of information 
intravascular((((IVUS) images are increasing their role in the 
diagnosis and treatment of several diseases. Manual  
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segmentation is    slow and lacks of objectivity.[10] 
Consequently, automatic segmentation and tracking of the 
vessel inner wall in IVUS images has been approached in 
several recent works.[8] The poor quality of the images 
suggests the use of techniques such as probabilities     or fuzzy 
logic    guiding an active contour to adjust the inner wall. 
    

II. Materials and MethodsII. Materials and MethodsII. Materials and MethodsII. Materials and Methods    
Problem DefinitionProblem DefinitionProblem DefinitionProblem Definition    
    

The noise created during ultrasound scanning 
leads to difficulty in defining the boundary of the vessel. 
The image is further deteriorated by the occurrence of lipid 
rich plaque a poorly angled transducer during image 
acquisition. Difficult in highlighting plaque region. 
 
BOUNDARY DETECTIONBOUNDARY DETECTIONBOUNDARY DETECTIONBOUNDARY DETECTION    
Ultrasonic Artery Images 

 
Figure 1Figure 1Figure 1Figure 1(a) Carotid artery image. (b) Definition of echo zones and (a) Carotid artery image. (b) Definition of echo zones and (a) Carotid artery image. (b) Definition of echo zones and (a) Carotid artery image. (b) Definition of echo zones and 

interfaces.interfaces.interfaces.interfaces.    
 
 
Figure. 1(a) shows a representative image of a carotid artery. 
The femoral artery has a similar appearance. The echoes in 
the region of interest can be schematically grouped into 
seven echo zones Z1–Z7 [Figure. 1(b)]. Previous studies 
[12], [13] have shown that the leading edge (upper side) of 
Z3, Z5, and Z7, denoted as I3, I5, and I7, can be mapped to 
the near-wall intima–lumen interface, the far-wall lumen–
intima interface, and the far-wall media–adventitia interface, 
respectively. Consequently, the distancebetween I3 and I5 
represents the LD and the distance between I5 and I7 is the 
far-wall IMT.With this understanding, the determination of 
ultrasonic measurement of the artery becomes equivalent to 
accurately detecting the echo boundaries I3, I5, and I7. 

[14]The femoral artery has a similar appearance. 
The echoes in the region of interest can be schematically 
grouped into seven echo zones Z1–Z7 .[15][16] Previous 
studies have shown that the leading edge (upper side) of Z3, 
Z5, and Z7, denoted as I3, I5, and I7, can be mapped to the 
near-wall intima–lumen interface, the far-wall lumen–intima 
interface, and the far-wall media–adventitia interface, 
respectively. Consequently, the distance between I3 and I5 
represents the LD and the distance between I5 and I7 is the 
far-wall IMT. With this understanding,[14 the determination 
of ultrasonic measurement of the artery becomes equivalent 
to accurately detecting the echo boundaries. 
    
       
      III. IEEM  programming procedure      III. IEEM  programming procedure      III. IEEM  programming procedure      III. IEEM  programming procedure    
Image Enhancement:Image Enhancement:Image Enhancement:Image Enhancement:    
    
Histogram equalization provides more visually 
pleasing results across a wider range of  images.  

Image brightness[11] may be improved by modifying 
the histogram of the image. 
 
Image Denoising:Image Denoising:Image Denoising:Image Denoising:    
 
An  image is often corrupted by noise in its acquisition or 
transmission.  Noise is any undesired information that 
contaminates an image.  Noise appears in images from a 
variety of sources.  The goal of denoising is to remove the 
noise while retaining as much as possible the important 
signal features.  Denoising can be done through filtering. 
Filters reduces noise. Gaussian highpass filter helps to 
reduces a  noise.  
 
% H = guassian_filter(co,ro,fo);% H = guassian_filter(co,ro,fo);% H = guassian_filter(co,ro,fo);% H = guassian_filter(co,ro,fo);    
H = 1 H = 1 H = 1 H = 1 –––– H; H; H; H;    
Out = Zeros(co,ro);Out = Zeros(co,ro);Out = Zeros(co,ro);Out = Zeros(co,ro);    
Outf = imf. * H;Outf = imf. * H;Outf = imf. * H;Outf = imf. * H;    
Out = abs ( ifft2(outf));Out = abs ( ifft2(outf));Out = abs ( ifft2(outf));Out = abs ( ifft2(outf));    
Imshow(im), title (‘Original image’), figure,Imshow(im), title (‘Original image’), figure,Imshow(im), title (‘Original image’), figure,Imshow(im), title (‘Original image’), figure,    
 Imshow((out)), title (‘Filtered Image’) figure,  Imshow((out)), title (‘Filtered Image’) figure,  Imshow((out)), title (‘Filtered Image’) figure,  Imshow((out)), title (‘Filtered Image’) figure,     
 Imshow (H), tit Imshow (H), tit Imshow (H), tit Imshow (H), title(‘2D view of B’), figure, surf(H),le(‘2D view of B’), figure, surf(H),le(‘2D view of B’), figure, surf(H),le(‘2D view of B’), figure, surf(H),    
 Title (‘3D view of H’) Title (‘3D view of H’) Title (‘3D view of H’) Title (‘3D view of H’)    
    
Edge Detection:Edge Detection:Edge Detection:Edge Detection:    
    
The IEEM defines edges as Zero-crossings of second 
derivatives in the direction of the greatest first derivate. This 
works in multistage process (i) image is smoothed by 
Gaussian convolution  (ii) 2D first derivate operator is 
applied to the smoothed image to highlight region of the 
image with high spatial derivatives.  The effectiveness of 
this algorithm is determined by three parameters (i) width of 
the Gaussian kernel (ii)  upper threshold (iii) lower threshold 
used by tracker. 
 
Morphological operations for Boundary detection:Morphological operations for Boundary detection:Morphological operations for Boundary detection:Morphological operations for Boundary detection:    
 
Morphological operations are very effective in the detection 
of boundaries in a binary image X.  The following boundary 
detectors are widely used: 
      
    Y = X – ( X � B ) 
    Y = ( X   B )   = X  or 
    Y =  (X   B)  - ( X  �  B ) 
where Y is the boundary image, operator �  denotes erosion 
operator  denotes dilation  ‘ – ‘ denotes set theoretical 
subtraction. 
 
%Boundary detector 
Close all; 
Clear all; 
Clc; 
a=imread(‘carotid.jpg’); 
b=[010;111;010]; 
a1=imdilate(a,b); 
a2=imerode(a,b); 
a3=a-a2; 
a4=a1-a; 
a5=a1-a2; 
imshow(a) 
figure,imshow(a1),title(‘Dilated Image’) 
figure, imshow(a2),title(‘Eroded Image’) 
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Segmentation of the intimaSegmentation of the intimaSegmentation of the intimaSegmentation of the intima----media region:media region:media region:media region:    
    
We introduce a new method for the segmentation of 
the imtima-media region in ultrasound images, which 
combines splines(for the adventitia detection), 
dynamic programming(dp), smooth intensity 
thresholding surfaces and a successful geometric 
active contour model and known for its accuracy, 
flexibility and robustness.  Several image features are 
used in the segmentation.  Human interaction is 
minimal.  It is able to segment both near-end and far-
end carotid walls; it supports to detect plaques of 
different sizes, shapes and classes. 
 

 IV. Results and discussion IV. Results and discussion IV. Results and discussion IV. Results and discussion    
 

TABLE  1 
READING VARIABILITY(%) WHEN 

MEASUREMENTS WERE PERFORMED BY 
THREE READERS  BEFORE APPLYING IEEM 

PROCEDURE. 
READER1 
(accuracy) 

READER2 
(accuracy) 

READER3 
(accuracy) 

AVERAGE 
(accuracy %) 

82% 80% 84% 82% 

    
    

    
            
        Original imageOriginal imageOriginal imageOriginal image    

    

gray

    
    

indexed

    

G-canny

morphed

                                                                                                                                                                                                
        
 
 
 

TABLE  2 
READING VARIABILITY(%) WHEN 

MEASUREMENTS WERE PERFORMED BY 
THREE READERS  AFTER APPLYING IEEM 

PROCEDURE. 
 
READER1 
(accuracy) 

READER2 
(accuracy) 

READER3 
(accuracy) 

AVERAGE 
(accuracy %) 

94% 94.5% 96% 94.5% 
 
    

   V. Conclusion   V. Conclusion   V. Conclusion   V. Conclusion    

In conclusion, We have proposed a method based 
on IEEM programming procedure to automatically measure 
ultrasonic artery images. The human knowledge of the 
artery image is incorporated in the system, which makes the 
system capable in processing images of different quality. 
Human factors in the determination of the boundaries are 
reduced. Evaluation of the system shows reduced inter 
observer variability as well as overall analysis time. The 
automated artery boundary detection system can replace the 
old manual system in a clinical application environment. 
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Abstract—Smart homes are becoming more popular, as every 
day a new home appliance can be digitally controlled. Smart 
Digital Homes are using a server to make interaction with all 
the possible devices in one place, on a computer or webpage. In 
this paper we designed and implemented a mobile application 
using Windows Mobile platform that can connect to the 
controlling server of a Smart Home and grants the access to 
the Smart Home devices and robots everywhere possible. UML 
diagrams are presented to illustrate the application design 
process. Robots are also considered as devices that are able to 
interact to other object and devices. Scenarios are defined as a 
set of sequential actions to help manage different tasks all in 
one place. The mobile application can connect to the server 
using GPRS mobile internet and Short Message System (SMS). 
Interactive home map is also designed for easier status-
checking and interacting with the devices using the mobile 
phones.  

Keywords- smart homes; mobile applications; remote home 
controls; automated digital homes; robot assisted at home; 
general packet radio service (GPRS); short message system 
(SMS); robot assisted at home; scenario based smart home. 

I.  INTRODUCTION 
Smart homes are becoming more popular, every day a 

new home appliance can be controlled digitally. New 
wireless technologies also help the integration of remote 
controls into regular mobile devices so that users can control 
all the different appliances using a single device. As the 
number of devices in the home increase, it will become 
harder for manufacturers to adopt a universal standard for 
application controls. 

Ease of access and use, is the main purpose of many 
remote controllers we now use for our devices. Their number 
is getting bigger and bigger each day, as a new device 
becomes remotely controllable. Speakers, air conditioners, 
lights, curtains, garage door, TVs and players are already 
being remote controlled. Now that every single part of our 
homes can be controlled remotely, we must think of a single 
remote control for all of the possible actions we want to take 
in the house. 

Smart Home is not a new term for science society but is 
still far more away from people’s vision and audition. This is 
because although recent various works has been done in 
designing the general overview of the possible remote access 
approaches for controlling devices [1], or in cases simulating 
the Smart Home itself [2], and designing the main server [3], 
the design and implementation of an off-the-shelf smart 
home remote control application has been limited to simply 
the computer applications and just in cases mobile [4] and 
web application development [5]. Nowadays people spent a 
noticeable amount of time in transportation, without having 
access to their PCs or having hard time accessing their 
laptops; instead, they are constantly using their cell-
phones/PDAs. Because of this, we designed and 
implemented a mobile application that can be connected to a 
server where other access routes such as web application and 
local windows application are also available in there.  

An important question regarding the problem is whether 
developing the web application can take the place of mobile 
phone applications, due to availability of web sites through 
GPRS and WiMax wireless internet? The answer to this 
question is that even though we can access our home control 
system through mobile wireless internet and use of current 
mobile browsers, which are now no less powerful than PC 
browsers, they cannot access GSM messaging systems such 
as SMS, MMS and so on. On the other hand, simultaneous 
accessing to mobile internet services (e.g., GPRS) for 
loading a complete webpage, is still expensive, so there will 
not be any need for designing the home control schedules 
and rules [5] online; instead, a temporary connection will do 
the information updating while using the mobile application 
offline. 

In this paper, we present design of a mobile application 
for accessing and controlling the smart home control 
systems. We also show an implementation overview using 
Windows Mobile platforms and C# language as well as the 
general outline of the system. The term scenario is defined in 
this paper and the way of specifying robot-assisted tasks is 
also described. 
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II. SYSTEM ARCHITECTURE 

A. Preface 
The Smart Home system usually consists of several 

devices scattered around the house that are linked together 
using a wired or wireless network. A computer system acts 
as the server in a node which controls all the information 
exchange through the network. The server system must have 
a device manager -middleware- [3] that assists the main 
application by connecting all the different device controllers 
through a single interface or the least interfaces possible. 

B. Devices 
The various types of devices in this house can be divided 

into three categories:  

1. Actuator devices, e.g., alarms, lights and doors 

2. Sensor devices, e.g., heat, movement and healthcare 

3. Actuator/Sensor devices, e.g., robots, air 
conditioners 

All the devices (whether sensor or actuator) can express 
their status using their controllers, such as whether they are 
on or off or the job they are currently involving (e.g. closing 
the door). 

A device driver might also be needed for more complex 
devices; because each device might be anything from a lamp 
to a home robot. 

C. Robots 
Robots can be regarded as an actuator/sensor device, yet 

with wider range of abilities. Robots can be used in future 
homes more efficiently than the devices.  This can be done 
by using robots for many actions that different devices can 
do independently.  Robots (like Joy steward robot [6]) have 
many different capabilities that can be used in a smart home 
control system. We can use robots in many places where 
devices cannot be controlled independently, like moving and 
cleaning other device. Using the robots can eventually lower 
the number of controllable devices to as low as the number 
of robots in a home. 

Another advantage of using robots instead of controllable 
devices is that there will not be any need for connecting 
different devices in predefined positions in the home; instead 
robots can move to any place in the home, controlling and 
monitoring all the possible devices a home can contain.  This 
will help integrating the home with a smart robot far faster 
and easier than installing the controller for different devices. 
On many devices, installing controllers may also be difficult 
or even impossible. 

Because current commercial robots, like cleaning bots, 
are able to do a limited set of actions a combination of 
controllable devices and robots is recommended.  So for 
controlling devices using robots, we must make a three level 
scheduling schema in which, first the robot, then the device 
and then the corresponding device action must be selected. 

D. Subsystems 
The server application has the capability of adding newly 

installed devices and providing the appropriate controlling 
methods. The controlling signal and status controlling 
schema for all these devices is available through a general 
interface. We refer any of these devices, as objects. So the 
application must be object-independent while the device 
manager is closely in contact with all these objects through 
their device drivers and appropriate connections (e.g., cable 
or wireless Ethernet) as King et al. designed Atlas platform 
as a middleware in this field [7]. Using the object-
independent programming interface, we can extend the 
controlling methods to any further possible ways such in the 
web application, mobile application and telephone line 
controller; easily without the need of changing the 
application codes. The subsystems in this smart home 
controlling environment is illustrated is Fig. 1. 

The database of the system is playing an important role. 
The connection of the web application and mobile 
application to the home control system will be through the 
information in the database.  

There are several parts of the system that must be 
designed and linked together. From the subsystems showed 
in Fig. 1, we are going to design and implement the mobile 
application, because, as mentioned in the Introduction 
section, the other systems had been designed before. 

Before designing the application itself, we must design 
the server connection schema of the system, in which the 
connections of the different parts are modeled. 

 
Figure 1. The subsystems overview of a robot-assisted Smart Home 

controlling system using a mobile application. 

E. Server 
The server is actually the computer system in the smart 

home that contains the windows application and device 
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manager. The server retrieves the sensor information on 
regular intervals and updates the database. This interval is 
different for vital and non-vital devices. For example, elderly 
and disabled person’s health monitoring sensors [8, 9] data 
must be updated at least every second. The burglary 
detection system can be updated every few seconds but the 
temperature and light sensors might be checked within 
minutes. These categories help energy-saving schemas to be 
applicable.  

This database also contains information about the 
devices, scenarios, rules, user access and other policies. 
Other remote control applications, such as web and mobile 
application, retrieve sensor and device information from this 
database and update the scenarios and rules accordingly so 
each time server updates the database sensor information, it 
also checks the changes applied to rules and scenarios and 
perform the actions necessary. 

The web application can connect directly to the database, 
but because of functional restriction, mobile devices cannot 
connect directly to the server database and update the 
information like regular data connections. So here we face 
two important issues. The first issue is where to keep the 
database, so remote application can have continuous access 
to it? The answer to this question is completely related to the 
web application and security. Web applications can be either 
hosted in the Smart Home server or a host and domain 
reseller server. Due to security measures, we decided to 
make the web server and the database all in same place in the 
home server. This requires a static IP for the house, which is 
not a problem as security comes first. So the location of the 
web application is in the Smart Home server and the 
database is shared between the web and windows 
application. The second issue is the connection of the mobile 
application to database for retrieving and updating the 
information. As mentioned before, current mobile 
applications may not have the required memory and libraries 
required to establishing a direct connection to the server, so 
the only way we can exchange information is through http 
web servers using GPRS (small data packets can be sent 
through SMS to the GSM modem attached to server). One 
possible way to do this task is using web requests. Web 
requests are parameters send to web site using the “?” 
operator after the webpage name (e.g., 
www.test.test/login.aspx?user=admin&&pass=123456). 
After processing the web page requests, it can be identified 
that a request has been set using the mobile application 
(using the appropriate web requests), and the page response 
will be changed according to the request. 

The web response page is regularly the html content of 
the website, but using ASP.Net application, before the page 
can be loaded, according to the web requests we can send 
limited lines of information instead of the whole html page. 
So we can use this feature to exchange information between 
the mobile application and a simple aspx page we already 
developed in our web server. 

Now we described the overall server behavior. From here 
on, we focus on the mobile application design and 
implementation. 

III. SCENARIO-BASED MOBILE APPLICATION DESIGN 

A. Scenarios 
Scenarios are also very impressive in this design.  

Scenarios are list of actions that consists of other different 
scheduled tasks or scenarios. A scheduled task is simply a 
scenario with only a single task. 

These scenarios make it easy for people saving the list of 
actions for further use, in addition to design multiple actions 
to be done in a single scenario. Later the scenarios can be 
enabled/disabled in the scenarios list or be used in another 
scenario too. Cheng, Wang and Chen proposed a reasoning 
system for smart homes that is also scenario based [10]. 

Here with robots able to do different actions to other 
devices, it may be necessary also to select the robot in first 
place and the device and then the action the robot must do 
with the device. Since different robots can do different things 
on different devices, when the desired robot is selected, the 
appropriate devices and actions are available for the robot.  
For example a robot can move things around the house, the 
other one can clean different things, one may cook and 
another one will check the different rooms of the house for 
intruders and phenomena (e.g., catching fire and breaking of 
water pipes). 

An example of a scenario of the scheduled tasks is as 
below: 

Scenario name: Watering Plants 

A. Sprinkler 1: on @ 5:00 AM 

B. Sprinkler 2: on @ 5:30 AM 

C. Sprinkler 1: off @ 7:00 AM 

D. Sprinkler 2: off @ 9:00 AM 

An important fact we must consider is that although 
many actions on devices are single state tasks, another tasks 
might need some parameters. For example when we want to 
set the temperature of an air conditioner system, we might 
also need to pass the desired temperature to the device. This 
is more important and complex when using special robots. 
For example when a robot is capable of moving or cleaning 
the objects, we must use a term for the action that both 
indicate the action and the subject of the action. We show 
parameters of an action in parentheses. 

Only one time a user sets the actions in the scenario and 
then he or she can use it several times after defining it.  
Another advantage of using scenarios is that we can use 
other scenarios in the scenario we are currently defining.  
Example of scenarios involving robots and other scenarios is 
as below: 

Scenario name: Clean Home 

A. Cleaning robot: Clean (Bathtub) @ Now 

B. [Gather Dishes] @ 10:00 AM 

C. Home robotàWashing machine: on @ 10:05 AM 

D. Cleaning robot: Clean (Saloon) @ 10:05 AM 
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The above Clean Home scenario consists of three 
scheduled tasks and one scenario called Gather Dishes. 
Scheduled time of the scenarios will be overridden when a 
new time is set (like task B in above scenario). Scenarios 
used in another scenario are placed in brackets ([ ]). Washing 
machine and Cleaning robot are considered as devices here. 
The words followed by them after “:” are the actions they 
must take. When a robot is used to do an action of a device, 
the first item of the scenario action will be the name of the 
robot doing the action followed by an arrow (à) (e.g., Home 
robot will turn the Washing machine on, not the machine 
itself). In this scenario, Clean action of the Cleaning robot is 
parameterized so that the robot knows how to come along 
with the parameter.   

Another example is the Gather Dishes scenario that was 
already used in Clean Home scenario and contains 
parameterized actions of the Mover robot: 

Scenario name: Gather Dishes 

A. Mover robot: GoTo (Saloon) @ Now 

B. Mover robot: PickUp (Dishes) @ In 2 Minutes 

C. Mover robot: GoTo (Kitchen) @ In 5 Minutes 

D. Mover robot: PutInto (WashingMachine) @ In 6 
Minutes 

E. Mover robot: GoTo (DefaultPosition) @ In 7 
Minutes 

B. Use-Cases 
The main server computer, which is located in the smart 

home area, is loaded with the windows application that gives 
the administrator user a comprehensive set of options and 
capabilities. The user can add and manage devices and robots 
in the application (of course if hardware procedures had been 
proceeded previously), design the home top view plane using 
graphical tools and icons, manage user access controls (e.g., 
define access limits for children), define policies of remote 
access (e.g., authenticated phone numbers), define rules 
(conditions to be checked and actions taken if the predefined 
criteria is  met), define scenarios and check the current status 
of devices and robots (Fig. 2) 

In the other hand, mobile application user can do the 
most common and important tasks, but not all the 
functionalities, as illustrated in Fig. 2. This limitation is 
mainly because of limits of a mobile application 
implementation and security factors. For example the mobile 
application user cannot design the home top view plane that 
graphically shows the current status of the home, but can 
simply view it from his/her cellphone. 

Mobile applications can use advantages of cellphones 
such as built-in microphone and color display that usual 
remote controls suffer from having it. This will make mobile 
applications capable of live streaming of cameras within the 
house and implementing speech recognition for ease of 
access [11]. 

 
Figure 2. Use-cases of the Administrator and the Mobile user 

C. Connections to Server 
As mentioned earlier, we must connect to the database 

using a web server. The web application can have most of 
the capabilities and access levels of the windows application 
of the server but with some restricted regulations. We can 
allocate some pages of the web application for allowing 
access from the mobile application that responds to the web 
requests sent from the mobile http connection.  

Because this approach of sending/receiving information 
is not encrypted, we use encryption algorithms known for 
both the web and mobile application. For extra security, we 
use a magic number used for hashing information that 
expires soon and need to be reconfigured by the web server. 

The first attempt to connect to web server with the 
special code will gives the encrypted magic number to the 
mobile application. Then the user name and password will be 
sent using a hashing algorithm by the magic number as the 
salt, as the web request parameter. Then the server returns 
the authentication acknowledge back to the mobile 
application. Now every request from the server, such as 
request for updating and checking the status of the devices, 
must be accompanied by the hashed username and password. 
After some predefined time (e.g., 5 minutes), the magic 
number expires and the server data packets must include 
newly hashed username and password using the new magic 
number. 

The above sequence is shown in Fig. 3, which also shows 
the sequence of main server application, retrieving 
information from the devices (here a robot) and database  
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Figure 3. The sequence diagram of defining a robot-related scenario using the mobile application. This UML sequence diagram shows the necessary steps from 

logging into mobile application, defining the tasks and taking the appropriate actions to the robot as soon as application server becomes aware of it

while making the changes necessary. As soon as the mobile 
application or web application updates the database, the 
server will check the updated information, time and 
conditions, so that it will send necessary commands to the 
actuators to make the changes applied. 

The database contains a table in which icons of the 
devices and their respective positions will be stored. This 
information is also transferred to the device in the case of 
updating the information. This table information is related 
but not depended on the main device table (in which detailed 
device controlling information is stored). In other way, the 
records and items in the home top view plane can be in the 
device records list either, but not necessarily all the map 
items must have full identification record in the device 

records table. This makes the whole house map items easy 
designing, but not limiting the selection to controllable 
devices. Now we must find a suitable way to transfer this 
map to the mobile device. The problem is the file size of the 
map that is too much to be transferred easily through the 
GPRS mobile internet; instead, we designed a way to create 
the map in the mobile device itself, using pre-defined icons. 

IV. THE MOBILE APPLCATION IMPLEMENTATION 

A. Home Map 
A home map is necessary to simplify the access and 

status checking of the home devices and robots. Lu and Fu 
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proposed an activity map for a convenient and user-
accessible interaction with the smart environment [12]. 

To transfer the data and create the map in the mobile 
device, first we must separate the map plane and objects 
within it. To do the task, as the device requests for updating 
the information of the devices and the maps, we send the 
house wall information as arrays of connected lines. To make 
this thing happen, we actually need a List<List<Points>> (a 
List of List of Points). The inner list contains points that 
makes continues lines within the points of the current list, 
making an open polygon designing possible. The first two 
points of each inner list will be used to determine the width 
and color of the lines. Because every point has two integer 
elements (x and y), two points make 4 integer data 
integration possible, so one is used for the line width and the 
other three represents an RGB color value. 

For transferring the icons data, we used a record with the 
fields illustrated in Fig. 4. OID field, if not zero, can 
represent a device in the according device table in the 
database that can make the device selectable (e.g., for further 
details view and scenario/rule assignment). Other devices in 
the map have an OID of zero. Name and Position fields of 
the device map record are used for displaying purposes. The 
IconID field, regardless of the status of the device in the 
appropriate device table record, indicates the current status of 
the device/furniture using an icon in the mobile application 
icon database. The web page map controller is responsible 
for representing the appropriate IconID that best defines the 
type and current status of the device. For example, two icons 
can represent a door in two different statuses of being closed 
or opened. 

 
Figure 4. Fields in the record used to transfer home top view plane icons to 

the mobile application 
 

For new devices that their icons is not available in the 
mobile application, some extra icons has been considered 
that makes the other unknown devices into 4 categories that 
can be recognized by their status easily:  

1. On/Off devices (e.g., a lamp) 

2. Leveled Devices (e.g., a gas sensor) 

3. Appearing/Disappearing devices (e.g., a car or a bike) 

4. Opened/Closed Devices (e.g., a door) 

The device then repaints the map using the received 
information from the server, and the icons in its database. 
First the areas of the house are drawn using the line 
information defined by the points and the icons are painted 
just after it. The controllable devices in the map (whose OID 
is not zero) can be pointed and selected (like the application 
of the Gator Tech Smart House [3]) to check the status and 
define scenarios for it. 

B. Retrieving Information from Server 
For implementing the updating procedure, we divide the 

updating data into two categories. The first part is the devices 

data table which includes information about the devices, as 
well as the capabilities and controllable parts of each one. 
Because this information may be quite large to transfer and 
the devices and their controllable/sense-able features is 
device dependent, but not state dependent; they can be 
updated in longer periods than state information. This type of 
updating is labeled Update Devices Data in the main menu 
of the mobile application 

The second part of the information is the device states 
and map information. Because this information is more likely 
to be updated, and contain less data than the first part, they 
can be downloaded every time the statuses are being 
checked. This regular information updating is accessible as 
Update Information button in the main menu form of the 
mobile application, as well as in Check Status and Home Top 
Plane View forms. 

C. Windows Mobile platform Implementation 
There are several platforms in which it is possible to 

implement the designed application, such as Java 2 Micro 
Edition (J2ME), Windows Mobile and Symbian. The J2ME 
is the most common platforms supported in mobile devices, 
but it’s low level libraries makes it difficult to implement the 
application in the first place after designing it. So we decided 
to implement the application, in this stage, using Windows 
Mobile platform, which can help implementing the 
application with all the possible features as necessary. 

1) Login Screens 
For increased security, both the mobile application and 

server connection require a username and password. This 
was done so that the server address can be also protected 
from unauthorized viewing. 

a) User Login 
This screen simply contains the username and password 

fields for the user to access the application. 

b) Server Login 
Just like the simple User Login form, but with an 

additional textbox field labeled Server path that indicates the 
home web server address that the mobile application must 
connect to communicate with the server application. 

2) Main Menu items 
The main menu form of the application is the form 

appearing just after logging in. This form contains all the 
links necessary for different parts of the program (Fig. 5). 

Update Information and Update Devices data was 
mentioned before. The Home Top Plane View will bring up 
the home top plane map of the house using the most recent 
updated information.  

Live Camera Streaming is designed for live streaming the 
camera devices in the smart home. The Manage Scenarios 
and Manage Rules items are designed to list and manage the 
current device scenarios and conditional rules. Scenarios are 
set of tasks which will be done in a specific time (or current 
moment). Rules are condition and action sets in which the 
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condition are simultaneously checked and as soon as the 
criteria is met; the appropriate actions will be taken. 

 
Figure 5. The main menu form of the mobile application. All different parts 

of the application can be accessed through this form. 
Manage Robots will provide options regarding the robots, 

such as the list of all of them and the specific action each 
robot can do. The list is read-only in mobile application but 
the robots or their actions can be enabled/disabled for 
selecting in the scenario tasks. 

 The settings option will allow the user to change the 
server settings such as the address and update rules; as well 
as changing username/password and other settings. 

3) Home Map 
This form shows the home top plane map of the house, 

designed by the administrative user in the server computer, 
and downloaded as records of map elements by the mobile 
application (Fig. 6). If the information is out of date, it 
prompts the user to update the information. The user can also 
select the devices here and be prompted whether he/she 
wants to check its status or add a scenario for it and then will 
be redirected to the appropriate form. The icons in this map 
also represent the current status of the device as indicated by 
the IconID field of the device map record retrieved from the 
server. 

 
Figure 6. Home top view plane of the house with selectable items. 

4) Managing Scenarios 
In this form, the updated scenarios will be listed and each 

of them can be modified and be enabled/disabled. New 
scenarios can also be created in a new form (Fig. 7). Each 
task has a name and will be applied on a device by the 
corresponding device action. The time of the scenario can be 
set to now, a specific time in the day or a specific time after 
execution time. Other defined scenarios can also be selected 
as a task in the new scenario. When a new task is selected to 
be designed, different robots can also be selected as the actor 
of the action and each action can take a value as the 
parameter. These data can be sent using SMS either. 

 
Figure 7. The New Scenario form of the mobile application. A list of tasks 

can be defined here including other scenarios or robot actions. 

V. FUTURE WORKS 
As mentioned earlier, the works on a complete and 

comprehensive smart home that can work with all possible 
home appliances and can be controlled by all means in an 
effective way are all scattered around and researched 
independently. Only in some projects, some parts of a real 
smart home put into practice (e.g., The Gator Tech Smart 
House [13], and Plug and Play smart environment [14]). As 
we completed a comprehensive design from the previous 
work [15] and designed a server and mobile application 
needed for controlling the smart home remotely, we must 
continue the work on completing the whole server and 
applications, and move through commercial manufacturing 
of such houses so that all these efforts on designing the 
Smart Home can come to reality. 

VI. CONCLUSION 
In this paper, we presented an overview of a smart home 

control system server along with the way the devices are 
managed in the server. After discussing the possible security 
issues of developing a server for communicating to mobile 
application, we proposed a web server for the mobile 
application to communicate to it using GPRS. We presented 
the communication sequence through the web server in a 
UML sequence diagram and described the use-cases of both 
the server and mobile application. The scenarios were 
designed to set a number of tasks all in one place for further 
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and easier use. Robots participation and parameterized 
actions were also described along with regular actions. We 
finally explained the design of the mobile application and the 
data records needed for transferring the data and home top 
view plane from the server to mobile application in an 
efficient way. We finally described the main parts of the 
implementation of this smart home remote control mobile 
application in the Windows Mobile platform. 
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Abstract—Predicting students’ academic performance is 
critical for universities because strategic programs can be 
planned in improving or maintaining students’ performance. 
The goal of this study is to predict the factors affecting the 
university students' performance using Artificial Neural 
Networks (ANN) model. Various factors that may likely 
influence the performance of a student were identified. 
Generalized Regression Neural Network (GRNN) is used to 
predict the university students' performance. It is noticed a 
significant improvement in the prediction made by 

GRNN due to its generalization property. The most 
important predictor variable influencing performance is 
consistently having the largest regression. Results showed that 
secondary school performance which is measured by scores in 
secondary school certificate examination, measured in a 
percentage form having the largest regression value. 

Keywords-component; regression, stdudent performance; 
Artificial neural networks; general regression network  

I. INTRODUCTION  
The prediction and explanation of academic performance 

and the investigation of the factors relating to the academic 
success and persistence of students are topics of utmost 
importance in higher education [1]. 

McKenzie and Schweitzer [2] presented a study that was 
a prospective investigation of the academic, psychosocial, 
cognitive, and demographic predictors of academic 
performance of first year Australian university students. 

Alfan [3] determined the undergraduate students' 
performance in the Faculty of Business and Accountancy, 
University of Malaya and the factors influencing the 
performance of the undergraduate students. The result of the 
study shows that the predictor variables do explain the 
variance in the students' final cumulative grade point 
average.  In addition, it was found that knowledge prior to 
entering the university such as economics, mathematics and 
accounting is crucial in assisting the students in undertaking 
the courses in both business and accounting program. The 
study also found that female students perform better than 
male students; whilst Chinese students perform better than 
Malay and Indian students. 

Su [4] evaluated the performance of university students 
who learned science texts by using, information 
communication technologies including animation, static 
figures, power point, and e-plus software. The results 
included the computation of the F-ratio, p-values, and 
Cohen’s effect-sizes of attitudes toward science and learning 
science in relation to the student’s gender, attendance of 

computer orientation classes, use of computer-multimedia, 
disposition toward computers, and majors. 

Al-Tamimi and Al-Shayeb [5] investigated some factors 
affecting student performance in the fundamentals of 
financial management course at United Arab Emirates 
University. 

Ibrahim and Rusli [6] developed three predictive models 
using SAS Enterprise Miner that are, artificial neural 
network, decision tree and linear regression. The result of 
this study showed that all of the three models produce more 
than 80% accuracy. It also showed that artificial neural 
network outperforms the other two models. 

Oladokun, Adebanjo and Charles-Owaba [7] presented 
an artificial neural network model for predicting the likely 
performance of a candidate being considered for admission 
into the university was developed and tested.  

II. ARTIFICIAL NEURAL NETWORKS 
An artificial neural network (ANN) is a computational 

model that attempts to account for the parallel nature of the 
human brain. An (ANN) is a network of highly 
interconnecting processing elements (neurons) operating in 
parallel. These elements are inspired by biological nervous 
systems. As in nature, the connections between elements 
largely determine the network function. A subgroup of 
processing element is called a layer in the network. The first 
layer is the input layer and the last layer is the output layer. 
Between the input and output layer, there may be additional 
layer(s) of units, called hidden layer(s). Fig. 1 represents the 
typical neural network. You can train a neural network to 
perform a particular function by adjusting the values of the 
connections (weights) between elements. 

 

 Figure 1. A typical neural network 
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For the researcher and the financial analyst, the main 
advantage of ANNs is that there is no need to specify the 
functional relation between variables. Since they are 
connectionist-learning machines, the knowledge is directly 
imbedded in a set of weights through the linking arcs among 
the processing nodes. In order to train a neural network 
properly one needs a large set of representative 'good 
quality’ examples. In the case of bankruptcy problems, the 
researcher should be cautious when drawing conclusions 
from neural networks trained with only one or two hundred 
cases, as observed in most previous studies [8]. 

A. Generalized Regression Neural Network 
The GRNN was applied to solve a variety of problems 

like prediction, control, plant process modeling or general 
mapping problems [9]. 

General regression neural network Specht [10], 
Nadaraya [11] and Watson [12], does not require an iterative 
training procedure as in back-propagation method. 

The GRNN is used for estimation of continuous 
variables, as in standard regression techniques. It is related 
to the radial basis function network and is based on a 
standard statistical technique called kernel regression. By 
definition, the regression of a dependent variable y on an 
independent x estimates the most probable value for y, given 
x and a training set. The regression method will produce the 
estimated value of y, which minimizes the mean-squared 
error. GRNN is a method for estimating the joint probability 
density function (pdf) of x and y, given only a training set. 
Because the pdf is derived from the data with no 
preconceptions about its form, the system is perfectly 
general. Furthermore, it is consistent; that is, as the training 
set size becomes large, the estimation error approaches zero, 
with only mild restrictions on the function. In GRNN, 
instead of training the weights, one simply assigns to wij the 
target value directly from the training set associated with 
input training vector i and component j of its corresponding 
output vector [13]. GRNN architecture is given in Fig. 2. 
GRNN is based on the following formula [14]:  

 

       
            (1) 
                  
 
 
where y is the output of the estimator, x is the estimator 
input vector, E[y|x] is the expected output value, given the 
input vector x and f(x,y) is the joint probability density 
function (pdf) of x and y. 

The function value is estimated optimally as follows: 
        

 
        (2) 
 
 
 
where wij= the target output corresponding to input training 
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Figure 2. Generalized Regression Neural Network (GRNN) Architecture 

III. EXPERIMENTAL RESULTS 

A. Data 
This study was conducted at the faculty of Economics 

and Administrative Sciences, Al-Zaytoonah University of 
Jordan in Hashemite Kingdom of Jordan. Our sample 
consists of 208 students belonging to accounting 
department. The information for this study has been 
obtained from the register office at Al-Zaytoonah University 
of Jordan and which are maintained on a computerized 
database. 

 

The Cumulative Grade Average Point (CGPA) is used as 
an indicator to measure the performance of the university 
students'. 

The students' overall performance was hypothesized to 
be a function of the following factors: (1) Secondary school 
performance is measured by scores in secondary school 
certificate examination, measured in a percentage form (2) 
type of secondary school branch, (3) gender, and (4) 
boarding or non boarding student.   

B. Results Analysis 
A generalized regression neural network (GRNN) with a 

radial basis layer and a special linear layer and linear output 
neurons was created using the neural network toolbox from 
Matlab 7.9 as shown in Fig. 2. Generalized regression neural 
networks are a kind of radial basis network that is often used 
for function approximation. 

The first layer has as many neurons as there are input/ 
target vectors. Each neuron's weighted input is the distance 
between the input vector and its weight vector. Each 
neuron's net input is the product of its weighted input with 
its bias. Each neuron's output is its net input passed through 
radial basis transfer function. Radial basis transfer function 
is a neural transfer function which calculates a layer's output 
from its net input. If a neuron's weight vector is equal to the 
input vector (transposed), its weighted input will be 0, its net 
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input will be 0, and its output will be 1. The second layer 
also has as many neurons as input/target vectors.  

We used a spread slightly lower than the distance 
between input values, in order, to get a function that fits 
individual data points fairly closely. A smaller spread would 
fit data better but be less smooth. 

  
Figure 3. A generalized regression neural network (GRNN) 

The GRNN with cumulative grade point average CGPA as a 
target and secondary school performances that is measured 
by scores in secondary school certificate examination, 
measured in a percentage form as input was been created. 
Then simulate the network with 208 inputs. The network 
outputs after simulation. The spread value was chosen 0.2. 
The percent correctly predicted in the simulation sample is 
approximately 76 percent as shown in Fig. 4.  

 

Figure 4.  

The GRNN with cumulative grade point average CGPA 
as a target and type of secondary school branch as input was 
been created. The spread value was chosen 0.6. The percent 
correctly predicted in the simulation sample is 
approximately 36 percent as shown in Fig. 5. 

 
Figure 5.  

The GRNN with cumulative grade point average CGPA 
as a target and gender as input was been created. The spread 
value was chosen 0.5. The percent correctly predicted in the 
simulation sample is approximately 27 percent as shown in 
Fig. 6. 

 

Figure 6.  

The GRNN with cumulative grade point average CGPA 
as a target and boarding or non boarding as input was been 
created. The spread value was chosen 0.5. The percent 
correctly predicted in the simulation sample is 
approximately 20 percent as shown in Fig. 7. 

 

Figure 7.  

 
Figure 8.  
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It is obvious from the results, that the most affecting 
factor in academic university students' which is measured by 
CGPA is the secondary school performance. 

Fig. 8 shows the multiple regressions for the four 
affecting factors. The spread value was chosen 0.2. The 
percent correctly predicted in the simulation sample is 
approximately 89 percent. 

IV. CONCLUSIONS 
In this paper the general regression neural network is 

used for the prediction of university student performance. 
The advantage of using the GRNN in the prediction is its 
generalization property. The results of this study provide 
evidence which suggests that secondary school performance 
is the single most important variable associated with their 
overall performance upon graduation from university. Other 
variables such as type of secondary school branch, gender, 
and boarding or non boarding student show a lesser degree 
of significance in predicting performance as compared with 
secondary school score. The results also indicate that the 
variables examined in this study provided a significant 
contribution in predicting performance when used jointly 
with secondary school performance variable.  
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Abstract— The huge information flow currently available to 
young generation makes it difficult for educational centers to 
train them as needed. Most of these information flows occur in 
transportation time or while on public areas. Competing with 
commercial information streams is far out of educational 
centers time and budget. For creating enough mobile 
applications for vast educational mobile content broadcasting 
that can match young spirits as well, we designed and 
developed the ARMrayan Multimedia Mobile CMS as the 
software that helps communities, educational, cultural or 
marketing centers in a way that ordinary operators be able to 
create a variety of fully functional multimedia mobile 
applications such as tutorials, catalogues, books, and guides in 
minutes without writing even a line of code. In this paper, we 
present the role of our developed software in our proposed vast 
educational content broadcasting system using kiosks and 
Bluetooth advertising, which will lead to a great leap in M-
commerce marketing and public education solutions. Related 
experiences are described and diagrams are used to illustrate 
the solution. Upon release of the software, it achieved two titles 
and prizes in different festivals and various cultural and 
commercial centers became its customers.  

Keywords- mobile education; m-commerce; mobile CMS; 
multimedia cms; mobile; content broadcasting; mobile 
catalogue; education; J2ME. 

I.  INTRODUCTION 
Nowadays, the use of cell phones as an everywhere 

company has become a habit for nearly everyone. E-
Commerce, which is based on using electronic devices for 
business uses electronic marketing as the main means of 
advertising. While e-commerce mostly relies on web and 
internet, an area which focuses mostly on marketing and 
trading using the mobile phones of the consumers, is called 
Mobile Commerce (M-Commerce). This area of commerce 
mostly involves contacting users via their mobile phones. 
Recent business models and applications of M-Commerce 
are fully described by Chen Xin [1]. This includes using 
mobile networks to send text/multimedia contents such as 
SMS and MMS to proximity marketing which is based on 
sending mobile contents using Bluetooth technology to the 
cell phones in the range of the Bluetooth sender device.  

The huge information flow currently available to young 
generation makes it difficult for educational centers to train 
them as needed. Most of these information flows occur in 
transportation time or while on public areas. Competing with 
commercial information streams is far out of educational 
centers time and budget.  For creating enough mobile 
applications for vast educational mobile content broadcasting 
that can match young spirits as well, we designed and 
developed the ARMrayan Multimedia Mobile CMS as the 
software that helps communities, educational, cultural or 
marketing centers in a way that ordinary operators be able to 
create a variety of fully functional multimedia mobile 
applications such as tutorials, catalogues, books, and guides 
in minutes without writing even a line of code. 

Public education affects many areas. First it is closely in 
contact with industry as both affect each other in budget and 
policy [2]. In long term, public education also helps 
removing the inequality between poor and rich [3] and help 
communities improve education quality [4], so the best 
practice for improving justice in society education is 
investing in innovative public education methods.   

In proximity marketing, as mentioned earlier, the 
contents that can be sent using the Bluetooth devices vary 
from virtual cards (VC) to text and multimedia contents such 
as sound, video and picture and even mobile applications. It 
is nearly impossible to send various different contents such 
as a text and picture using for example a single HTML file, 
because most of the users only accept the incoming 
connection once from each Bluetooth advertising devices 
and most possibly will be out of range of the device (lose 
connection) after the first file received. The later problem is a 
permanent problem because of the limited range of Bluetooth 
2.0 EDR technology for mobile phones which is at most 
about 150 meters. 

The problem of sending various related contents using 
proximity marketing was a challenge which was resolved 
with the use of mobile E-book makers, especially those with 
the capability of displaying Unicode language of the region 
regardless of the target mobile device support. The output of 
such mobile E-book makers is a stand-alone J2ME mobile 
application which can be sent as a single .jar file and is 

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

mailto:fatahi_somayeh@yahoo.com
mailto:a.r.manashty@gmail.com
mailto:zahra.forootan@gmail.com


(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 5, August 2010 

installable on most of the mobile phones that support Java 
platform. 

Most of the primary mobile e-book makers, especially in 
Iran, which could support Farsi language, such as Parnian 
Mobile E-book Studio, could only support text and a theme. 
The next generation of these E-book makers could support 
pictures in the text too. Still none of them has the capability 
of supporting rich media contents such as sounds and videos. 

Nowadays people spend a notable amount of time in 
transportation, without having access to their PCs or having 
hard time accessing their laptops; instead, they are constantly 
using their cell-phones/PDAs. Because of this, many 
companies and active advertisement centers, whether 
religious, educational or business related are pinpointing on 
these handset devices for applying their policies. Despite of 
this huge trend, there is still a lack of programmers that write 
both visually and functionally acceptable mobile applications 
in beneficial time and cost. 

Due to the lack of rich media support in such content-
oriented mobile applications and the need for fast production 
of such mobile applications, we designed and implemented 
ARMrayan Mobile Multimedia CMS (Content Management 
System) [5] to omit the programming part of producing 
content oriented multimedia mobile software. This software  
help communities, educational, cultural and marketing 
centers in a way that ordinary operators be able to create a 
variety of fully functional multimedia mobile applications 
such as tutorials, catalogues, books, and guides in minutes 
without writing even a line of code. 

In this paper, we present the role of our developed 
software in vast educational proximity marketing systems 
using Bluetooth advertising, which will lead to a great leap in 
M-commerce marketing solutions. Educational and cultural 
rich content mobile applications can now be produced easily 
and distributed using proximity marketing technologies, 
reaching the goal for a higher educated and cultural society. 
Related experiences are described and diagrams are used to 
illustrate the solution that involves a two level updating 
procedure for kiosks that involve end-users using proximity 
marketing features. 

II. PROPOSED METHOD 
As mentioned earlier, people waste a lot of time in 

transportation. In big cities, this transportation might take 
more than an hour. There has been many commercial 
products which involve taking advantages of these wasted 
times of people with teaching skills they mostly need to 
learn, such as language and psychological skills. Still there is 
lack of governmental effort to take advantage of these wasted 
times. Non-electronic cultural media such as small books and 
newspaper is not that suitable because of their volume and 
free-space consumption. A heavy bulk of newspapers and 
books will tire even the strongest people. Here is where the 
important point emerges: Mobile phones that are carried by 
all people every day. 

A. Importance 
By end-2008, there were nearly 3.9 billion mobile 

subscribers worldwide and it is expected that in 2013 this 
number will reach close to 6 billion [6]. The fact above, 
shows that even people are not eager to carry books and 
paper advertisement everywhere, mostly in transportation, 
they will not leave behind their mobile phones. Users’ 
mobile phones are the greatest nest for cultural contents and 
commercial ads. With operators mobilizing to explore and 
capture potential markets in the developing nations, it is 
expected that Asia Pacific will house nearly 50 percent of the 
worldwide mobile subscriber base by end-2013 [6]. This also 
means that the continent of culture and tradition will be the 
host of half of the cell phone carriers in near future. 
Governments of Asian countries are the most possible 
demanders of transferring their traditional to the new 
generation to keep it more alive than ever. 

B. ARMrayan Multimedia Mobile CMS 
Now that mobile devices are non-detachable part of 

everybody’s routine; there is still a need for mobile content 
creation tools so that the providers of contents can publish 
their data (whether rich-content data or simple texts) through 
structured theme-based applications that can also provide 
some facilities for using mobile device special capabilities 
(e.g., sending contents through SMS/MMS or media 
playback; that using mobile browsers for these jobs is still 
facing some difficulties).  

In web-based services, the term CMS (Content 
Management System) is used to describe a web application 
that gives content-oriented accessibility to the administrator 
of the website, regardless of his/her knowledge in 
programming concepts of the website. In addition to content-
oriented access, the administrator can also change the visual 
theme of his/her website. There’s still a need for a system 
that provides tools for easy management of contents for use 
in mobile application providing additional mobile device 
facilities for efficient distributing or viewing of mobile-based 
contents. Such applications may now be called Mobile 
Content Management Systems or MCMSs. 

The ARMrayan Multimedia MCMS is a PC-based 
application providing the user the tools needed for inserting 
his/her desired multimedia content in a tree-based index of 
pages, in addition to providing simple theme-based UI 
designing facilities. The role of our implemented software is 
to simplify the content transferring process by creating a 
means for producing rich media content-oriented mobile 
software. The output of this Windows application is a J2ME 
mobile application with the desired content and visual 
design. The J2ME application was developed separately 
using the Java language for MIDP2.0+ supporting mobile 
phones. This base J2ME file that the Windows program 
receives as input is called the Mobile Engine File. This 
Engine File can be modified or updated regularly to maintain 
compatibility with newer devices and/or get improvement in 
the UI or search engine features. 
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1) Implementation and Usage 
For using ARMrayan MCMS, an operator, managed by 

the system administrator, designs a tree index of pages in the 
Windows program and then he/she will now be able to add 
several contents per page in the desired order. These content 
types can currently be among texts, pictures, sounds or 
music, videos and animations, map points, phone number, e-
mail address, web sites link and etc. It is also possible to 
change the order of the contents within each page. The 
colors, background pictures and the background music of 
different areas of the output mobile application can also be 
set in the main user interface. 

Implementation of the Windows application was using 
Visual C# .Net while the mobile engine application was 
developed in Java 2 Micro Edition language. The main 
features of the implemented software are as following:  

• Supporting texts, sounds, images, videos, phone 
numbers, web links and emails as the input content. 

• Tree-view page designing. 

• Displaying Middle Eastern fonts via the bitmap font 
framework. 

• Multilanguage environment (English and Farsi) 

• Environment theme designing. 

• Sending contents via SMS/MMS. 

• Text searching. 

2) Preview 
The main program engine displays the content in tree 

views thus making it possible for a page to have innumerous 
subpages (Fig. 1). The mobile engine of the ARMrayan 
MCMS was developed as J2ME application. This engine is 
actually a stand-alone mobile application simply known as a 
“Mobile Engine” in the application, containing the main 
algorithms for displaying or playing different contents such 
as sounds, videos and texts. This mobile software (Fig. 2) 
also contains the functions to show the menus and 
performing other operations such as searching within the 
content and handling the bitmap font for Asian languages. 

 
Figure 1. ARMrayan Multimedia Mobile CMS, Windows interface for inserting multimedia contents and designing final mobile application for 

creating final mobile application
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Figure 2. The output Java mobile application resulted from the design and 

contents of ARMrayan MCMS illustrated in (Fig. 1). 

C. Vast Educational Mobile Content Broadcasting 
It was described earlier that the most vital part of each 

society that can be the within the range of electronic cultural 
and educational goods, are the people using cell phones 
every day, mostly in transportations. This can be a target for 
both educational and cultural centers to broadcast their 
content to the society. This is done by gathering contents 
from certified sources and encapsulating the contents in a 
well-designed mobile application. Now we describe our 
proposed system for broadcasting vast educational 
multimedia mobile contents that is produced using 
ARMrayan Multimedia Mobile CMS and will be delivered 
using Proximity Marketing Systems. 

1) Creating and Broadcasting Contents 
An operator, under the supervision of an administrator, 

inserts multimedia contents to the ARMrayan Multimedia 

MCMS and receives a Java mobile application (a .jar file) as 
the output. While categorizing the content-based applications 
for broadcasting in several servers, the operator uploads the 
file to a central server. Various other sub-servers collect their 
appropriate categorized applications, adding new ones or 
updating current mobile applications, and start updating the 
several Proximity Marketing Systems that are in contact with 
the end-users (people) (Fig.3). 

2) Sub-Servers 
The various sub-servers that are designed to broadcast a 

series of categorized applications can be connected to 
multiple Proximity Marketing Systems (such as kiosks) in 
different places of a metropolitan area. After being updated 
from the main server, the sub-servers can disconnect from 
the main server and start updating the kiosks under their 
control. The category and kiosk locations can vary by the 
end-user groups and content intended to broadcast. For 
example a commercial advertisement group may use a 
dedicated sub-server to broadcast advertisement contents in 
various large malls and shopping areas. On the other hand, a 
university can publish its latest discoveries and research 
results along with educational contents and tests using a 
server while other governmental cultural centers can place 
such kiosks in public transportation areas where people can 
automatically or manually receive educational mobile e-
books with rich multimedia contents that are easily readable 
and portable within transportation stations and along the day. 

3) Proximity Marketing Systems 
The Proximity Marketing Systems used in this project are 

some kiosks that have embedded Bluetooth devices that can 
function in two different ways: 

• Automatically broadcasting mobile application 
software that is designed to be shared to general 
public using Bluetooth technology within the range 
of the device. 

• Manually receivable mobile applications that is 
chosen from the inner menu of the kiosk stations. 
This offers a wider variety of mobile applications to 
be shared for specific persons that intend to find their 
suitable content themselves. 

III. CONCLUSION AND RESULTS 
We’ve tested a Proximity Marketing System for one of 

our mobile application files in the 3rd International Digital 
Media Festival and Exhibition, Tehran, October 2009. There 
was one server that was automatically sending the file to the 
customers. In each Bluetooth search the device was making, 
it could discover about 180 devices but most of them were 
vanishing too fast. The device could only send 7 files 
simultaneously within the range of about 100 meters in 
radius.  In a 2-day test, a total of about 1800 attempt to send 
the file has been made by the device, from which about 600 
were successful, 200 failed and 1000 were rejected by the 
customers. During this time, no more than about 100 visits 
were made to our place, where some of which found us using  
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Figure 3. The proposed system diagram of Public Education and M-Commerce via Proximity Marketing Systems using ARMrayan Multimedia Mobile CMS. 

 
the file we sent them earlier! It can be inferred from this 
attempt that: 

• About 6 times more than the people that physically 
visited the commercial place, the people received the 
advertising information electronically using the 
Proximity Marketing System.  

• More than 50% of the users rejected the file transfer, 
which means there need to be a huge effort for 
creating a safe and informative atmosphere so that 
people accept such files more easily and safely. 

Such an experience repeated with just the same results, 
but with a decrease in rejections in the tourism activities in 
Norouz 89 (Starting of the New Year in spring). The reason 
of the reduced rejects was the banners informing the tourists 
to turn their Bluetooth on and accept the incoming file to 
inform them better about the travel they would made.  

The multi-server based project described in this paper 
was proposed to the Kermanshah City government to be 
executed in several public transportation stations.  

In the first month of developing this system, we awarded 
the 1st Place in the 3rd International Digital Media Festival 
as the “The Best Mobile Software in Technology, Innovation 
and Development” for “ARMrayan Mobile CMS”; Iran-
Tehran; October 2009 [7]. Not many days passed, that an 
output of the program which contained audio and photo 
gallery, multi-language text and fabulous design, also 
awarded the 3rd Place in the 4th National Imam-Reza 

Festival, Professional Mobile Software Title of the Digital 
Media section, for the “Imam Reza Pilgrim Mobile 
Software”; Iran-Tehran; December 2009 [8]. We also 
sponsored by a high cultural and religion center for 
upgrading the application with their desired need, so that 
they can produce multi-language cultural and religious 
content-oriented mobile application for broadcasting into the 
society. 

IV. FUTURE WORKS 
Our software is Windows-based and operator should 

upload the mobile application output file to the server upon 
creating it. It is considered to design and implement the 
ARMrayan Multimedia Mobile CMS as a web application in 
near future, so that the operator can create specific mobile 
application directly on the web by using the web based 
version of the software. 

The other work that can be done in future is finding a 
way that users of our mobile applications are able to update 
their applications, which have installed on their phone, via 
using GPRS capability of mobile phones and get the new 
version of our different mobile applications. This is a very 
good solution for our users to be able to update their installed 
mobile applications without referring to the kiosks which are 
installed in a location that they might not be able to access it 
directly. A similar research but in another area of M-
Commerce was done by Fumin Zou Shuling Zhang [9], 
where he presented a model for internet system for M-
Commerce in trains. 
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Although some research has been done about the factors 
affecting people in mobile advertising from mobile operators 
[10, 11, 12], more research on the following area is 
considered helpful, with consideration of people’s opinion in 
several places: 

• What are the effects of the banners on people’s 
acceptance or rejection of the file? 

• What type of file do people mostly prefer to accept? 

• What is the effective area of each Proximity 
Marketing System? 

• What is the efficient size of the file to send to the 
people? 

• Receiving the feedback of people about the contents 
they received and the one they desire the most. 
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Abstract—Support Vector Machine classifiers are powerful tools 
that are specifically designed to solve large-scale classification 
problems. In 1990s, Vapnik along with a group of other 
mathematicians and scientists developed a new statistical 
approach that is more efficient particularly in dealing with large 
classification problems which they  called as Support Vector 
Machines (SVM). An SVM method is being broadly used in gait 
analysis because of its remarkable learning ability. In this paper, 
a two stage SVM algorithm is proposed for children abnormal 
gait analysis. The algorithm uses T-Test based preprocessing 
methods for feature selection, normalization and combines SVM 
for Classification. Only samples that have weak relationships 
with all the clusters are involved in SVM. Experimental results 
reveal that this algorithm based on T-Test-SVM combination 
achieves a remarkable recognition performance for children 
abnormal gait analysis with reduced Computational cost.  

Keywords Abnormal Gait Analysis, Support Vector Machine 
(SVM), Gait Data Classification, T-Test 

I. INTRODUCTION  
GAIT analysis is very significant for early diagnosis of gait 
diseases and treatment assessment. Doctors in earlier days 
used to diagnose gait diseases manually with the help of 
certain graphs generated by the gait analysis system, with 
which only vague clues which may or may not reflect the 
reality were obtained. In most cases, doctors had different 
views of opinion by interpreting these curves. As machine 
based learning technology has developed, it has gained much 
interest in gait analysis, which is of great support to doctors 
for more reliable and accurate diagnosis of a disease. A Gait 
analysis is a systematic study of human motion. i.e., walking, 
running, skipping and the like, which mainly concentrates on 
the physical activities. Gait analysis is very much useful to 
check out the human conditions; whether normal or abnormal 
using the eye and brain of the observers, augmented by 
instrumentation for measuring body movements, body 
mechanics and the activity of the muscles. In other words, gait 
analysis is used to assess, to plan and to treat the individuals 
with conditions affecting their ability to walk. There exist a lot 
of methods to check out these normality and abnormality on 
human gait, but SVM is found to be more suitable in terms of 
its efficiency [2]. Motion analysis provides large volume of 

gait data to describe the human motion; walking speed, joint 
angles, forces, and moments etc., Data like joint kinetics, joint 
moments and joint powers have also been used for gait 
recognition. Also this technology is very useful for checking 
the walking pattern of children as Children under the age of 13 
have more chances to have different style of walking. To trace 
out any abnormality in children’s walk, our proposed method 
takes a key role; and with this one could diagnose any existing 
fault features of walking in early ages of childhood itself. This 
will surely of great help for earlier treatment of gait 
abnormality in children.  

An SVM method has been broadly used in gait analysis 
because of its remarkable learning ability, accuracy and 
efficiency. In this paper the SVM technique is performed by 
having a training set and test samples. The training set is 
categorized into different sets of conditions, which can be 
grouped into two classes i.e. normality and abnormality. For 
this, the collection of data is very important and several 
observations are needed. The information regarding leg length, 
height, cadence, stride length and age are some of the features 
which are of great help in this gait analysis. The SVM 
constructs a hyper plane or a set of hyper planes in a high or 
infinite dimensional space, which can be used for 
classification or clustering. In simple words, given a set of 
training examples, each with a label of belonging to one of 
these categories, an SVM training algorithm builds a model 
that predicts in which category a new example falls. The 
proposed method uses t-test-SVM for classification. 
Interestingly, a good separation is achieved by the hyper plane 
that has the largest distance to the nearest training data points 
of any class. The t-test method is used to normalize data prior 
to classification. In its simplest form t-test provides a 
statistical analysis of means of several groups and therefore 
can generalize the Student's two-sample t-test to more than 
two groups.  

The following section of this paper is projected as follows: 
Section 2 discusses some of the related works done earlier in 
gait based classification. The proposed t-test SVM gait 
classification method is described in Section 3. Section 4 
illustrates the performance Analysis and Section 5 concludes 
the paper with directions for future work. 
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II. RELATED WORK 
The study of human gait has created much interest in many 
application areas including biomechanics, clinical analysis, 
computer animation and biometrics. As a result many 
researches emerged in recent years and of which, a few studies 
related to Gait classification are noted herewith.  

C. Bauckhage et al., [13] well thought-out about automatic 
gait analysis as a means to deduce if an observed walking 
pattern appears to be normal or not. When compared to most 
contributions to visual gait analysis, the problem dealt with the 
paper requires a representation that abstracts from individual 
gait characteristics but allows for the classification of gait 
across individuals. Addressing this requirement, the author 
presented a homeomorphism between 2D lattices and shapes 
that enables a robust vector space embedding of silhouettes. 
Sampling apt lattice points allows to roughly track the 
movement of limbs without requiring any limb recognition 
strategy. Combining shape representations obtained from 
several frames into lager feature vectors provides temporal 
context for the classification task. Experimental results expose 
a complete knowledge that gait classification using support 
vector machines yields excellent accuracy. Temporal filtering 
of the results of classification in further improvements of the 
reliability of the presented framework, because it lessens the 
effect of sporadic misclassifications. 

A.H. Khandokerl et al., [3] demonstrated the effectiveness 
of wavelet based multi scale correlation exponents of MFC as 
features for automated screening an individual subject of 
proper balance control as being within healthy ranges, or 
having high enough risk to be categorized as a falls risk or a 
faller by using SVM. Findings of that study were based on a 
small sample of impaired subjects, compared to a relatively 
small sample of healthy peers. Therefore, further validation of 
the relative risk estimation task is suggested in a larger, more 
diverse sample of healthy and balance impaired falls risk in  
elderly adults, which may subsequently lead us to make more 
robust automated diagnostic model of falls risk estimation. 
The significance of this study is that it provides an early 
estimation of relative falls risk in the elderly that holds great 
potential for indicating balance improving interventions to 
reduce their relative risk of falls. 

Jian Ni et al., [17] had a look about gait recognition, which 
is simulated in the small and medium-scale gait database. 
Higher recognition rate and faster recognition speed of the 
algorithm are verified. The reason that this algorithm obtains 
superior test results is: The paper adopts support vector 
machine based on hybrid kernel function. This method makes 
that the SVM model has better generalization ability. In the 
method of parameter selection, the text uses the objective 
function and combines OPS algorithm to select the best kernel 
parameter. The way combines the advantages of objective 
function and PSO algorithm to optimize SVM parameters. It 
significantly improves the optimization speed, at the same 
time obtains a good optimization effect.  

J.H. Yoo et al., [18] had described an automated gait 
recognition system using back propagation neural network 
algorithm. Gait is the most common human motion, and each 
person appears to have his or her own characteristic gait 
pattern. To identify the human gait, a total of 27 parameters 
are considered as gait features. By calculating a class 
separability of the given feature, only 10 important features for 
classifying the gait are selected from these feature sets. Then, 
the enhanced back-propagation neural network algorithm is 
applied to the SOTON database, and recognition rate of 90% 
for 30 subjects is accomplished. The results achieved give 
promising performance and higher recognition rates than those 
of an earlier gait recognition approach. 

Ju Han et al., [19] proposed a new spatio-temporal gait 
representation, called the Gait Energy Image (GEI), for 
individual recognition by gait. Different from other gait 
representations which consider gait as a sequence of templates 
(poses), GEI represents human motion sequence in a single 
image while preserving temporal information. To overcome 
the limitation of training templates, a simple model is 
proposed for simulating distortion in synthetic templates and a 
statistical gait feature fusion approach for human recognition 
by gait. Experimental results show that a) GEI is an effective 
and efficient gait representation and b) the proposed 
recognition approach achieves highly competitive 
performance with respect to the published major gait 
recognition approaches. This paper presents a methodical and 
comprehensive gait recognition approach, which can work just 
as fine as other complex published techniques in terms of 
effectiveness of performance while providing all the 
advantages associated with the computational efficiency for 
real-world applications. 

Shakhnarovich et al. combined the face and MV-based gait. 
The front face was captured by one camera and the side-view 
of the person was captured by another camera. Face-alone, 
gait-alone and combined face and gait recognition rates were 
80%, 87%, and 91%, respectively. Zhou et al. [21] used a 
single camera to capture both face and gait. Recognition rates 
for face and gait separately were 64.3% and 85.7%, a single 
respectively. Conversely, when they were combined, the 
recognition rate increased up to 100% [23]. In [22], WS-based 
gait recognition was combined with speaker verification. 
Performance proved to be appreciably better in a noisy 
environment, compared to when speaker verification was used 
alone. The EER was in the range of 2%-12%, less than half of 
the EER of individual modalities. In this group, gait is 
captured using a video-camera from distance. Video and 
image processing techniques are employed to extract gait 
features for recognition purposes.  

BenAbdelkader et al. [25] used stride and cadence for 
person identification and verification. Johnson and Bobick 
[26] extracted static body parameters such as the height, the 
distance between head and pelvis, the maximum distance 
between pelvis and feet, and the distance between feet, and 
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used them for recognition. Most of the MV related gait 
recognition algorithms are based on the human silhouette [27, 
28]. That is the image background is detached and the 
silhouette of the person is extracted and analyzed for 
recognition, For example, Liu and Sarkar [27] computed the 
average silhouettes over a gait cycle, and used the Euclidean 
distance between them to compute similarity. 

III. METHODOLOGY  
The block diagram of the proposed system is shown in 
Figure1. After suitable preprocessing, the Salient Gait 
Features are extracted from the possible Gait Signatures. 
These Gait features are then subjected to t-test normalization 
and subsequently to SVM Classifier.  
 
 
 
 
 
 
 
 
 
 

   Figure1: Proposed Architecture 

A.  Statistical Methods for Gait Feature Selection & 
Normalization 
The main objective of feature selection is to discover a subset 
of features, satisfying certain criteria. In pattern recognition, 
recognition metric will be the classification accuracy or 
inversely the classification error. But direct minimization of 
the classification error cannot be analytically performed, so a 
wide range of alternative statistics that are easier to evaluate 
are performed. The typical measure used in the gait feature 
selection is introduced as follows: 
 

1. T-Test 
The t-test finds whether the means of two groups are 

statistically dissimilar from each other. This analysis is 
appropriate to compare the means of two groups, and 
especially appropriate for the analysis of the two-group 
randomized experimental design. 
 
The t-score (TS) [31] of feature i is defined as follows: 
 

 
Where, 

 

 
 

 
 

 
 

 
 

There are k classes. 
 

 
 

is the maximum of all k. Ck refers to class k that includes 
, samples  is the expression value of feature i in sample j 
 is the mean expression value in class k for feature i. where 

n is the total number of samples. xi is the general mean value 
for feature i. Si is pooled within-class standard deviation for 
feature i. In fact, the TS used at this point is a t-statistic 
between the centroid of a specific class and the overall 
centroid of all the classes. Another possible model for TS 
could be a t-statistic between the centroid of a specific class 
and the centroid of all the other classes. 

Two samples are given as input to the T-Test. The paired t-
test determines whether input features differ from each other 
in a significant way under the assumptions that the paired 
differences are independent and identically normally 
distributed. This gives a clear view for Abnormal Gait 
Analysis 
  

2. PCA (Principal Component Analysis) 
 

Principal Component Analysis (PCA) involves a 
mathematical process that transforms a number of possibly 
correlated variables into a smaller number of uncorrelated 
variables called principal components. The fallouts of a PCA 
are usually discussed in terms of component scores and 
loadings. 

PCA is the simplest of the proper eigenvector-based 
multivariate analyses. Often, its process can be thought of as 
revealing the internal structure of the data in a way which best 
explains the variance in the data. If a dataset (multivariate) is 
visualized as a set of coordinates in a high-dimensional data 
space (1 axis per variable), PCA supplies the user with a 
lower-dimensional picture, a "shadow" of this object when 
viewed from its (in some sense) most informative viewpoint. 
For a data matrix,   with zero empirical mean (the empirical 
mean of the distribution has been subtracted from the data set), 
where each row represents a different repetition of the 
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experiment, and each column gives the results from a 
particular probe, the PCA transformation is given by: 

 

 
 

= V  
 

where the m-by-n diagonal matrix Σ is an nonnegative real 
numbers on the diagonal and W Σ VT is the Singular Value 
Decomposition (SVD) which is factorization of a rectangular 
real  or complex matrix of X. 
 

B Support Vector Machine 
The support vector machine is used as a classifier in the paper. 
SVM is the one of the best linear classification method and 
kernel mixed applications. The SVM transforms the samples 
to high-dimension space by the kernel mapping, and then get 
the best linear classification surface of samples in this new 
space. This Non-linear transformation is achieved by 
appropriate inner product function. The best linear 
classification surface function of characteristics space can be 
described by the formula:  

( ) ( ) bxxkyaxg iij

n

ij
+Σ=

=
,

 
 

Where (xi, yi) are the two types of sample collection divided 
in the sample space, b is the classification threshold, and k(x, 
xi) is being the nonlinear kernel function that replaces 
characteristics space and meets Mercer conditions. Ascertain 
the best linear classification surface function is got by striking 
the best resolve ai where i = 1, 2,…,n of the following function 
Q(a). 
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The above equation is solving of quadratic function extreme 

value on condition that inequality, Q�(a) ��is convex 
function. Because its local optimal solution is global optimal 
solution, the solution is unique. Thus the best classification 
function of SVM is: 
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C SVM kernel functions 
This work is the first attempt to test the classification ability of 
feature combinations in gait applications.  We have used three 
main kernel functions for our study here. The Partial kernel 
function, which only influence to data near the test points and 
the kernel function more applied here is the Radial Basis 
Function: 

( ) }{ 22 2exp, δkk xxxxk −−= , 

where 2δ is the width of the gaussian kernel. The overall 
kernel function which allows that, the data away from the test 
points will also have impact to kernel function. It is the 
polynomial kernel to be more suitable in this case:  

 
k(x, xk)=[(x, xk)+1]d,

, 

 
where d is degree of polynomial. 

IV. EXPERIMENTAL RESULTS 
This study mainly deals with the performance analysis of 

the T-Test based SVM classification method for gait normality 
and abnormality. In this section, several experiments are 
carried out to test the validity of T-Test based SVM. A 
comparative analysis is also done for the proposed T-Test with 
PCA (Principal Component Analysis). The experimental data 
used in this study are obtained from the gait database of 
Virginia University [11]. There are totally 158 gait samples 
present in the database and all these samples are used for this 
experiment. These samples belong to 68 children with normal 
gait and 88 children with abnormal gait affected with cerebral 
palsy (CP). The ages of these children range from 2 years to 
13 years. Four features of gait samples are selected for 
classification and they are stride length, cadence, leg length 
and age. 

In this study, the t-test is applied to normalize the gait 
samples. Figure 2 shows the distribution of samples before and 
after normalization. As shown in Figure 2, the overlap of two 
sample sets is effectively reduced after normalization, which 
helps to improve the classification accuracy. Three kernel 
functions are used to build SVM classifiers in this study. By 
comparing the classification results of three classifiers, the 
most suitable kernel function may be decided for t-test-SVM. 
They are Radial Basis Function (RBF), linear and the 
polynomial. The RBF has best accuracy rate when compared 
to the other kernels such as the linear and the polynomial. In 
general, the RBF kernel is a reasonable first choice.  
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(a) 
 

Figure 2: (a) Distribution of Raw Data Before Normalization.  
 

This kernel nonlinearly maps samples of interest in a higher 
dimensional space so that, unlike the linear kernel, it can 
handle the case when the relation between class labels and 
attributes is nonlinear. Furthermore, the linear kernel is a 
special case of the RBF since the linear kernel with a penalty 
parameter C has the same performance as that of RBF kernel 
with some parameters. In addition, the sigmoid kernel behaves 
similar to the RBF for certain parameters. The next reason is 
the number of hyper parameters that influences the complexity 
of model selection. The polynomial kernel has additional 
hyper parameters than that of the RBF kernel. 

Finally, the RBF kernel has fewer numerical difficulties. 
One key point should lie between 0 and 1, in contrast to 
polynomial kernels and linear kernel of which kernel values 
may go to infinity or zero, while the degree is large. Moreover, 
that the sigmoid kernel is not valid product of two vectors, 
under some parameters and conditions.  

There are a few situations where the RBF kernel is not 
suitable. In meticulous, when the number of features is very 
large, one may just use the linear kernel.  

 
By applying this kernel function, the accuracy of t-test -SVM 
and PCA SVM are compared at the end of this section.  
Polynomial order d is an important parameter when 
polynomial kernel function is applied in t-test-SVM. The 
classification accuracy of gait samples by using different 
polynomial order is shown in Figure 3, and d is chosen from 1 
to 10. As shown in Figure 3, the classification accuracy 
declines along with the increase of polynomial order. This is 
since   the aspect of the feature space is high under a large 
polynomial order and it leads a declining generalization 
capability of SVM. 

 
 

(b) 
              

 (b) Distribution of Raw Data After Normalization.  
 

So, the linear kernel order d is set to be 1 in the following 
experiments. When d is 1, the polynomial kernel function 
actually is a linear kernel function with accuracy of 90.12%. 
But in case of the RBF kernel with σ = 4, c = 100,the absolute 
accuracy rate is of 98.15%, which leads the other two kernels. 
When radial basis function (RBF) is applied, the kernel 
parameter σ in the RBF and the regularization parameter C 
may impact the classification accuracy of T-Test-SVM. Figure 
4 elaborately shows the relationship between classification 
accuracy and parameters combination (d, C). 

 
 

TABLE 1: BEST ACCURACY ACHIEVED FOR KERNEL 
FUNCTIONS 

 
 

 
The classification accuracy of the RBF kernel function rates 
high of order 98%, this is shown in figure 4 for all the three 
cases of C=1, C=10, C=100.  

The Figure reflects that, the generalization capability of the 
SVM enhances along with the increase of C. This is because 
the regularization parameter C may adjust the ratio of 
confidence interval and empirical risk. 

Kernel Function Parameters Accuracy (%) 
Linear d=1 90.12 

Polynomial d=1 85.69 
RBF σ=4,  C=100 98.15 
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Figure 3, Classification Accuracy and Polynomial Order 
 
 

TABLE 2: AVERAGE ACCURACY FOR VARIOUS σ  & C VALUES 
 

σ C=1 C=10 C=100 
0 20.12 54.21 92.07 
1 35.08 63.75 94.29 
2 54.82 78.64 94.38 
3 65.54 85.11 95.93 
4 75.12 90.39 96.17 
5 90.43 92.42 97.59 
6 92.54 92.78 97.26 
7 93.72 96.64 98.07 
8 92.05 96.89 98.15 
9 92.34 96.92 98.15 

10 92.16 96.11 98.05 
 

In this case, the SVM has almost no change of the empirical 
risk and generalization capability. Table I shows the 
classification accuracy of the three classifiers. 

 
TABLE 3: BEST ACCURACY ACHIEVED FOR VARIOUS METHODS 

    
Algorithm Accuracy (%) 
Std SVM 87.68 

PCA  SVM 96.51 
T-Test SVM 98.15 

 
The generalization capability of the SVM is weak when C is 
small, because a small C indicates that the punishment for 
empirical risk is small and hence the possibility of the 
empirical risk is large. When C exceeds a certain value, the 
complexity of a classifier reaches the maximum allowed limit 
in the feature space. 

Table 3 shows, that the T-Test SVM algorithm have better 
accuracy rate while compared with other algorithms. The 
accuracy rate of the PCA and T-Test SVM are compared with 
the different parameters for a particular dataset of children. 

These analysis reveals that T-Test have accuracy rate of 
98.15%, while that of the PCA is comparably low. 

 
 

Figure 4, Classification Accuracy for Various Parameter Combinations 
 

V. CONCLUSION 
In this paper Abnormal Gait Analysis is done using the SVM 
with T-Test Combination. The results are compared with the 
other existing methods based on their Classification accuracy. 
An automated abnormal gait classification system is described 
using machine learning techniques. To achieve this, the gait 
signature has been extracted by combining a statistical 
approach and machine learning based analysis is further done 
using the anatomical knowledge. For the derived gait 
signatures, the motion parameters were calculated, and the gait 
features based on the motion parameters were extracted. The 
T-Test based SVM classifier is used to analyze the 
discriminatory ability of the extracted features. The result of 
the proposed method has produced very good classification 
rate which exceeds 98%. As such, the automated abnormal 
classification system not only accords with quantitative 
analysis in results, but also confirms distinctiveness as normal 
and abnormal gait.  Hence this gait classification for medical 
diagnosis would be a real boon as its convenience will surely 
benefit the children and also the elderly. The drastic 
development of computer vision techniques also ensures that 
the clinical gait analysis put into practical realization may 
gradually be achieved.  
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Abstract—Most industries require the internet in order to function 
effectively. We do our banking online, purchase items online and 
store a wealth of personal information on the hard drive. 
Unfortunately, thieves know this, and go to great lengths to get our 
information. As a growing number of companies are connected over 
the Internet to branch offices in other parts of the country or world, 
they expose themselves to potential attacks from other individuals or 
companies after their trade secrets. This could result in losses in the 
millions or even billions, if important, confidential information is 
stolen and ends up in the wrong hands. Thus, several organizations 
invest a great deal in network security in order to ensure that their 
systems do not fall prey to attacks. However, the existing intrusion 
detection systems are restricted in their monitoring functionality and 
require frequent updates and patches. This study presents a dynamic 
Intelligent Intrusion Detection System model. The proposed model 
applies fuzzy logic and data mining techniques and a simultaneous 
implementation of counter measures as the effective means of 
dynamic intrusion detection. 

Keywords-arificial intelligence; business, dynamic intelligent 
intrusion detection system model; information; network; 
organization; security; 

I.  INTRODUCTION  
The widespread use of information stored and 

processed on network-based systems in most businesses has 
increased the necessity of protecting these systems. Most 
businesses are constantly experiencing new threats and 
vulnerabilities in their applications. Therefore, trying to keep 
up with emerging threats, applying patches against known 
vulnerabilities, updating antivirus software, updating firewall 
rules and all of the other security measures can have a network 
or security administrator working 18 hour days, 7 days a week 
with no vacation (Bradley, 2004). There is a crucial need to 
address security issues that affect networks. It is equally 
important to be able to sift through the mountains of potential 
threats and determine which ones truly affect your network so 
that your time and resources can be put to the most efficient 
use.  

An Intrusion Detection System (IDS) is a device or 
software application that monitors network and/or system 
activities for malicious activities or policy violations and 
produces reports to a Management Station (Scarfone et al. 
2007). Intrusion Detection Systems (IDS) are defined by both 
the method used to detect attacks and the placement of the IDS 
on the network. IDS may perform either misuse detection or 
anomaly detection and may be deployed as either a network-

based system or a host-based system. These results in four 
general groups: misuse-host, misuse-network, anomaly-host 
and anomaly-network. Typically, Intrusion Detection System, 
can detect, prevent and react to the attacks. Intrusion Detection 
has become an integral part of the information security 
process. However, it is not technically feasible to build a 
system with no vulnerabilities; as such, intrusion detection 
continues to be an important area of research. Diverse 
techniques to Intrusion Detection are currently being used, but 
they are comparatively unproductive. Artificial Intelligence 
(AI) plays a driving role in protection services. In this study, a 
dynamic Intelligent Intrusion Detection System model, based 
on specific AI approach for intrusion detection is employed. 
The method that is being explored comprise fuzzy logic with 
network profiling, which applies simple data mining 
techniques to process the network data. The proposed hybrid 
system combines anomaly and misuse detection. By applying 
this technique, suspicious intrusions can be traced back to its 
original source and any traffic from that particular source will 
be redirected back to them in future. 

II. OBJECTIVE 
 This study seeks to design and develop a dynamic 

intelligent intrusion detection system that would be accurate, 
low in false alarms, not easily cheated by small variations in 
patterns, adaptive and respond in real-time.  

III. LITERTURE REVIEW 
Intrusion Detection Systems have in fact been around for a 

while and a number of studies have been carried out in this 
area to enhance its efficacy. Basically, they come in a variety 
of “flavors” and approach the goal of detecting suspicious 
traffic in different ways. They are characterized by the method 
employed to detect attacks and the placement of the Intrusion 
Detection System (IDS) on the network. Typically, Intrusion 
Detection Systems (IDSs) may execute either misuse detection 
or anomaly detection and may be deployed as either a 
network-based system or a host-based system. Thus, they can 
be categorized into four major classes: misuse-host, misuse-
network, anomaly-host and anomaly-network.  

Misuse detection relies on matching known patterns of 
hostile activity against databases of past attacks. They are 
highly effective at identifying known attack and 
vulnerabilities, but rather poor in identifying new security 
threats. Anomaly detection will search for unusual occurrences 
by applying statistical measures or artificial intelligence 
methods to compare current activity against historical 
knowledge. Common problems with anomaly-based systems 
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are that, they often require extensive training data for artificial 
learning algorithms, and they tend to be computationally 
expensive, because several metrics are often maintained, and 
need to be updated against every systems activity. In 1998, 
Lee, Stolfo S. and Mok K, carried out a research on mining 
audit data to build intrusion detection models. Mukkamala, 
Gagnon and Jaiodia explored the integration of data mining 
techniques with intrusion detection methods (Mukkamala et al. 
2000). In 2001, Stolfo S., Lee and Chan studied “Data mining-
based Intrusion detectors” in order to produce a summary of 
the Columbia Intrusion Detection System. Data mining 
techniques have equally been employed in mining normal 
patterns for audit data. In his work, Lunt (1993) designed an 
Intrusion Detection Expert System that encodes an expert’s 
knowledge of known patterns of attack and system 
vulnerabilities as if-then rules.  

Some techniques applying artificial neural networks in the 
intrusion detection system have been proposed. Debar, Becker 
and Siboni, designed a neural network component for an 
intrusion detection system (Debar et al, 1992). Tan carried out 
a research on the application of neural networks to UNIX 
Computer security (Tan, 1995). In 2004, Wang J., Wang Z. 
and Dai, designed a network intrusion detection system based 
on artificial neural networks. NeGPAIM (Botha et al., 2002) 
applies trend analysis, fuzzy logic and neural networks to 
minimize and control intrusions. Intrusion detection systems 
that are currently available, particularly commercial intrusion 
detection systems that must resist intrusion attacks are based 
on misuse detection approach, which implies that these 
systems will only be able to spot known attack types and in 
most cases they tend to be ineffective due to various reasons 
like non-availability of attack patterns, time consumption for 
developing new attack patterns, insufficient attack data etc.  

Compared to the classical approach, several benefits arise 
from applying fuzzy methods for the development of Intrusion 
Detection System (IDS). Consequently, Fuzzy logic systems 
have been employed in the computer security field since the 
early 90’s. This technique provides some flexibility to the 
uncertain problem of intrusion detection and allows much 
greater complexity for IDS. Nevertheless, most of the fuzzy 
IDS require human experts to determine the fuzzy sets and set 
of fuzzy rules. These tasks are time consuming. However, if 
the fuzzy rules are automatically generated, less time would be 
consumed for building a good intrusion classifier and shortens 
the development time of building or updating an intrusion 
classifier. In their studies, Dokas, Ertoz, Vipin, Srivatava and 
Tan (Dokas et al., 2002) suggested a model for building rare 
class prediction models for identifying known intrusions and 
their variations and anomaly/outlier detection schemes for 
detecting novel attacks whose nature is unknown.  

The most recent in fuzzy is to use the Markov model. As 
suggested in Xi et al (2004), a Window Markov model is 
proposed, the next state in the window equal evaluation to be 
the next state of time t, so they create Fuzzy window Markov 
model. As discussed in the work of Gomez and Dasgupta 
(2002), a technique to generate fuzzy classifiers using genetic 
algorithms that can detect anomalies and some specific 
intrusions was proposed. The main idea is to evolve two rules, 
one for the normal class and other for the abnormal class using 
a profile data set with information related to the computer 

network during the normal behavior and during intrusive 
(abnormal) behavior. Fuzzy preference relation is another 
method applied to intrusion detection based on fuzzy 
satisfaction function. This is applied for comparison of attack 
signatures. Fuzzy signatures (their gamma resolution sets) are 
combined by fuzzy operators (Manic and Wilamowski, 2001). 
Yao, Zhao and Saxton in their studies (Yao et al., 2003) 
proposed a dynamic approach that tries to discover known or 
unknown intrusion patterns which uses Support Vector 
Machine (Chen and Wang,2003).A dynamic fuzzy boundary is 
developed from labeled data for different levels of security 
needs. 

 

IV. THE PROPOSED FRAMEWORK 
This study presents an Intelligent Intrusion Detection 

System model which utilizes fuzzy logic along with data 
mining technique. The proposed model is the modified version 
of FIRE (Dickerson & Dickerson) system. In order to discover 
the features that would facilitate the detection of attacks the 
FIRE system employs a simple data-mining algorithm. The 
security administrator uses the fuzzy sets produced by the 
system to generate fuzzy rules. Conversely, a mechanism to 
automate the rule generation process and reduce the human 
intervention is proposed. Artificial Intelligence techniques 
have also been explored to build intrusion detection systems 
based on knowledge of past behavior and normal use. They 
have shown potentiality for anomaly detection with limited 
ability. 

In this model, SNORT (Snort, 2010), an open source 
network intrusion prevention and detection system (IDS/IPS) 
developed by Sourcefire is equally employed.  It is a famous 
open source packet sniffer. The data processor and classifier 
summarizes and tabulates the data into carefully selected 
categories i.e. the attack types are carefully correlated. This is 
the stage where a kind of data mining is performed on the 
collected data. In the next stage, the current data is compared 
with the historical mined data to create values that reflect how 
new data differs from the past observed data. The inference 
engine works based on Mandami inference mechanism. Based 
on outcome of previous studies, it can be concluded that this 
mechanism would suit the research requirements.  

Based on the facts from the analyzer, the decision will be 
taken whether to activate the detection phase or not. If the 
detection phase is activated then an alert will be issued and the 
tracer phase will be initiated. This phase will trace back to the 
intruders original source address location. A framework for 
tracing the abnormal packets back to its original source based 
on single packet is proposed. This tends to be the most tedious 
phase of the project. Once the original path has been identified 
and verified then all the attacks from that particular host will 
be redirected to their source in future.  

SNORT_INLINE (Snort, 2010) has been proven to be the 
best in changing the appropriate packet values. Figure 1 below 
presents the architecture of the proposed model.  
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Figure 1: The Framework of a Dynamic Intelligent            
Detection System Model  
 
The proposed model is a hybrid which comprises fuzzy 

logic with data mining to provide a more efficient anomaly 
and misuse intrusion detection in a real-time environment. 
Attributes representing relevant features of the input data have 
to be established prior to any data analysis. Once relevant 
attributes have been defined and data source identified, the 
Data Analyzer computes configuration parameters that control 
the operation of the IDS. This module analyzes packets and 
computes aggregate information by grouping packets. These 
packets can be placed in permanent size groups (s−group) or 
in groups of packets captured in a fixed amount of time 
(t−group). Each s−group contains the same number of packets 
covering a variable time range and each t−group contains a 
variable number of packets captured over a fixed period of 
time. Rules are expressed as a logic implication p->q, where p 
is called the antecedent of the rule and q is called the 
consequence of the rule.  

In order to implement the Data Miner a variation of 
Kuok’s algorithm is employed (Kuok et al., 2002). This 
approach allows for efficient, single–pass, record processing 
by partitioning data into hierarchical files. To facilitate the 
discovering of association rules for binary, categorical and 
numerical attributes, the Apriori is incorporated to Kuok’s 
algorithm. The final output of the algorithm is a set of rules 
that meet the confidence and support constraints given as 
input. The tracing of the source of the packet is needed for 
obtaining the exact information about the intruder. The IDS 
will be providing information that an exceptional event has 
occurred, the packet and the time of the attack. Once a trace 
back is requested, a query message consisting of the packet, 
egress point and the time of receipt is sent to all the Local 
Data Managers (LDM).Time is critical as this must take place 
while the appropriate values are still resident at the DC (Data 
Collector). Once the values are safely transferred to TM, the 
trace back process will no longer be under real-time 
constraints. Local Data Manager is responsible for a particular 
network. Later LDM responds with the partial attack graph 
and the packet as it entered the region. The attack graph either 

terminates within the region managed by the LDM, in which a 
source has been identified, or it contains nodes to the edges of 
the other LDM network region. Next, TM sends a query to the 
LDM adjacent of that edge node.  

 

V. CONCLUSION AND FUTURE WORK 
The goal of this paper is to contribute to the development 

of network security techniques in general and Network 
Intrusion Detection System (NIDS) research specifically. The 
outcome of this study would thus facilitate the task of Network 
Administrators in particular as well as ensure that businesses 
and organisations secure their information in order to perform 
their operations effectively. In this preliminary study a 
dynamic Intelligent Intrusion Detection System Model has 
been designed and developed. Nevertheless, the 
implementation of the overall model has not been done. The 
future work will thus entail deploying this hybrid system 
model in a real-time environment as well as applying 
clustering and classification algorithm in the data mining 
process to obtain top quality results.   
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Abstract— Security has become a primary concern for providing 
protected communication between mobile nodes in a hostile 
environment. The characteristics of Ad-hoc networks (dynamic 
topology, infrastructure less, variable capacity links, etc) are 
origin of many issues. Limited bandwidth, energy constraints, 
high cost security are the encountered problems. This type of 
networks pose particular challenges in terms of Quality of 
Service (QoS) and performance. In this paper, the issues of 
multipath routing in MANETs are reviewed and performances of 
such MANETs are compared to discuss the application of 
multipath routing and its effects on different layers to support 
QoS.

Keywords- MANET, Mobile Ad-hoc networks and QoS. 

I. INTRODUCTION

In Adhoc networks, more flavours of routing options are 
provided to cover the flexible nature of network elements. 
This paper is organized as follows: In section II different 
categories of MANET’s Routing protocols are classified. In 
Section III multipath routing will be discussed in depth and 
those Adhoc protocols offering multipath routing will be 
addressed in detail. Conclusion and References will be 
mentioned in Section IV and V.

II. MOBILE AD-HOC NETWORKS AND PROTOCOLS
The major challenges that a routing protocol designed for 

adhoc wireless networks faces are mobility of nodes, resource 
constraints, error-prone channel state, and hidden and exposed 
terminal problems[1][2]. In most MANETs, multipath 
protocols are needed to facilitate efficient connectivity between 
senders that are not necessarily within each other’s wireless 
range. MANET routing protocols are divided into the following 
categories.

 Flat Routing Protocols

 Proactive Routing (Table-Driven)

 Reactive Routing (On-Demand)

 Hybrid Routing (blend of Reactive and 
Proactive) 

 Hierarchical (Zonal/Cluster-Based) Routing Protocols.

 Geographic Position Assisted Routing Protocols

 Power-Aware Routing Protocol

 Security- Aware Routing Protocol

 Multicasting Routing Protocols

 Geographical Multicast (Geocasting)

 Tree-based

 Mesh-based

 Zone Routing

 Associativity-Based 

 Differential- Destination

 Weight-Based 

 Preferred Link-based

The goals of these protocols could be summarised as [3]:

 Minimal Control Overhead

 Minimal Processing Overhead

 Multihop Routing Capability

 Dynamic Topology Maintenance

 Loop Prevention 

III. MULTIPATH ROUTING PROTOCOLS

There exists a set of QoS routing and best-effort routing 
protocols that use multiple paths between a source-destination 
pair. There are several advantages in using multipath routing. 
Some of the advantages [1] include the reduction in route 
computing time, the high resilience to path breaks, high call 
acceptance ratio, and better security. For TCP, these 
advantages may add to throughput degradation. These can lead 
to significant amount of out-of-order packets, which in turn 
generates a set of duplicate acknowledgements (DUPACKS) 
which cause additional power consumption and invocation of 
congestion control.
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A. Multipath routing in Reactive Protocols

MSR ‘Multipath Source Routing Protocol’ [4] that supports 
multipath routing is a direct descendant of DSR. In MSR, the 
throughput, end-to-end delay, and drop rate have been 
improved greatly. Another routing protocol AOMDV ‘On-
Demand Multipath Distance Vector Protocol’ [5], extends the 
single path AODV protocol to compute multiple paths. Under 
wide range of mobility traffic scenarios, AOMDV offers a 
significant reduction in delay and up to 20% reduction in 
routing load and the frequency of route discoveries.

B. Multipath Routing in Proactive Protocols 

DSDV ‘Destination-Sequenced Distance- Vector Routing’ 
[6], maintain routing updates among all nodes all the time. In 
fact, many proactive protocols tend to offer shortest path to 
each destinations. This is done by continuously monitoring the 
network topology. Unlike reactive routing algorithms, 
proactive routing protocols are capable of repairing broken
routes in a short time. This is done by collecting network 
topology continuously. The drawback of DSDV however is the
requirement of parameters such as the periodic update interval, 
maximum value of the ‘settling time’ for a destination and the 
name of update intervals, which may become known before a 
route is considered stale. TERA ‘Tree Exchange Routing 
Algorithm’ is an extension to standard distance vector routing 
algorithms, which is based on multipath.

C. Multipath Routing in Hybrid Protocols

‘ZRP’ Zone Routing Protocol is a hybrid routing protocol 
incorporate the merits of both on-demand and proactive routing 
protocols. ZRP is similar to a cluster with the exception that 
each node acts as a cluster head and a member of other clusters. 
The routing zone forms few mobile adhoc nodes within one, 
two or more hops away where the central node is located.

Ant Hoc Net [7] ‘Ant Agents for Hybrid Multipath Routing 
in Mobile Adhoc Networks’ the route setup of this scheme is 
performed by reactive algorithm and the route probing and 
exploration are done by proactive scheme. This scheme can 
outperform AODV in terms of delivery ratio and average 
delay, especially in more mobile and large networks. 
Scalability is also promising in this scheme. However, 
relatively large amount of overhead could be mentioned as a 
drawback and also less adaptability to the network situation.

D. Multipath Routing in Hierarchical Protocols 

The use of routing hierarchy has several advantages, the 
most important ones being reduction in the size of routing 
tables and better scalability. The Hierarchical State Routing 
(HSR) protocol [8] is a distributed multilevel hierarchical 
routing protocol that employs clustering at different levels with 
efficient membership management at every level of clustering. 
The use of clustering enhances resource allocation and 
management. 

Though the reduction in the amount of routing information 
stored at nodes is appreciable, the overhead involved in 
exchanging packets containing information about the multiple 
levels of hierarchy and the leader election process makes the 
protocol unaffordable in the adhoc wireless networks context.

The Fisheye State Routing Protocol (FSR) [8] is a 
generalization of GSR [9] protocol. FSR uses the fisheye 
technique to reduce information required to represent graphical 
data, to reduce routing overhead. The basic principle behind 
this technique is the property of a fish’s eye that can capture 
pixel information with greater accuracy near its eye’s focal 
point. This accuracy decreases with an increase in the distance 
from the centre of the focal point. This property is translated to 
routing in adhoc wireless networks by a node, keeping accurate 
information about nodes in its local topology, and not-so-
accurate information about far-away nodes, the accuracy of the 
network information decreasing with increasing distance. 
Hierarchical Max-Flow Routing ‘HMFR’ forwards packets in 
such a way that the impact of failures is minimized. However, 
the computational complexity of Max-flow routing is quite 
high, making it not acceptable for moderate size networks.

E. Multipath Routing in Geographic Position Assisted 
Routing Protocols

Multipath location - Aided Routing ‘MLAR’ is a multipath 
version of LAR [10]; that uses position information (2D or 3D) 
to make routing decisions at each node. The proposed 
algorithm in [11] uses a 3D approach which is a new 
hierarchical, Zone based 3D routing algorithm based on GRID 
[12]. The approach proposes a replacement of LAR with 
Multipath LAR (MLAR) in GRID. It is expected to have 
significant performance differences in 3D and as to whether 
single or multipath algorithms should be used in a particular 
scenario. The simulation results demonstrate the performance 
benefits of MLAR over LAR and AODV in most mobility 
situations. AOMDV delivers more packets compared to 
MLAR,but at a cost of more frequent flooding to control 
packets and thus bandwidth usage than MLAR.

F. Multipath Routing in Power-Aware Protocols

The limitation on the availability of power for operation is a 
significant bottleneck, given the requirements of portability, 
weight, and size of commercial hand-held devices. Hence the 
use of routing metrics that consider the capabilities of the 
power sources of the network nodes contributes to the efficient 
utilization of energy and increase the lifetime of the network. 
Singh et al [13] proposed a set of routing metrics that supports 
conservation of battery power. The routing protocols that select 
paths so as to conserve power must be aware of the states of the 
batteries at the given node as well as at the other intermediate 
nodes in the path.

An interesting insight of power-aware adhoc protocols has 
been presented in [14] in which optimization at the network 
layer is of major concern. The research addresses power 
control, routing, and sleep mode (stand-by) control.

Multipath Power Sensitive Routing Protocol ‘MPSR’ [15] 
is another adhoc routing protocol with interest in power aware 
communication. MPSR shows how an efficient heuristic-based 
multipath technique can improve the mean-time-to-node failure 
and maintain the variance in power of all the nodes as low as 
possible. The simulation results show performance optimized 
in MPSR protocol compared to the Dynamic Source Routing 
‘DSR’.
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G. Multipath Routing in Multicasting Protocols

Based on the type of operation, multicast protocols for 
adhoc networks are broadly classified into two types: Source-
initiated protocols and receiver-initiated protocols. There exists 
certain other multicast protocols such as MCEDAR [16] and 
AM Route [17] which may not strictly fall under the above two 
types. Multicast Routing Protocols are of great interest as the 
demand for such communication is on the rise. Multipath 
Multicast Routing Algorithm ‘MRPM’ quick distributed 
dynamic algorithm can manage network resources efficiently.

Multi-Flow Real-Time Transport protocol ‘MRTP’ [18] is 
another example of a mesh-based adhoc-based protocol that 
offers multipath routing for multicast application. MRTP is 
motivated by the observations of effective path diversity in 
combating transmission errors in adhoc networks and effective 
data partitioning techniques in improving the queueing 
performance of real-time traffic. The simulation results show 
performance improvement in lost packets per frame and better 
management.

Multi-Objective Multipath Routing Algorithm for Multicast 
Flows ‘MMRAM’ [19] proposes a multi-objective traffic 
engineering scheme using different distribution trees to 
multicast several flows. MMRAM is an attractive candidate for 
Multi Protocol Label Switching ‘MPLS’. This multi-tree 
routing protocol uses a multicast transmission with load 
balancing.

H. Multipath routing in Security Protocols

The existence of multiple paths between nodes in an Adhoc 
network is exploited to increase the robustness of the data 
confidentiality [20]. The proposed algorithm is tested against 
time for intrusion defection and robustness. 

TABLE I. ADHOC ROUTING PROTOCOLS DISCUSSED

ROTOCOLS
DSR Reactive
MSR Reactive
AODMDV Reactive
AODV Reactive
DSDV Proactive
TERA Proactive
HMFR Hierar
ZRP Hybrid
ANT.NET Hybrid
HSR Hierar
ZHLS Hierar
CGSR Hierar
MLAR Geog
MPSR Power
MRPM Multicast
MRTP Multicast
MMRAM Multicast
MTS Security

Another multipath routing algorithm for data security 
enhancement, Multipath TCP security ‘MTS’, is discussed in 
[21]. In MTS, the source node chooses the available routes 
adaptivity rather than testing the ‘Stored routes’ one by one 
exhaustively. Compared to AODV and DSR, MTS has a better 
number of participating nodes and highest interception ratio. 

The average end-to-end delay between MTS, AODV and DSR 
shows that beyond speeds of 1.7m/s, MTS delay drops rapidly 
and performs better in respect to the other two routing 
protocols. The protocols discussed are tabulated in Table 1.

CONCLUSIONS

Multipath routing was the main focus of this paper and we 
investigated its effects of multipath routing in variety of 
protocols. In all these, performance enhancements were 
observed and promising results pointed to the better 
deployment of the schemes when multipath routing is used.
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Abstract: 
 
The DBSCAN [1] algorithm is a popular algorithm in Data 
Mining field as it has the ability to mine the noiseless arbitrary 
shape Clusters in an elegant way. As the original DBSCAN 
algorithm uses the distance measures to compute the distance 
between objects, it consumes so much processing time and it’s 
computation complexity comes as O(N2).  In this paper we have 
proposed a new algorithm for mining the density based clusters 
using Sparse Memory Mapped File (Spares MMF) [3].  All the 
given objects are initially loaded into their corresponding 
Sparse Memory Mapped File’s locations and during the 
SparseMemoryRegionQuery operation each objects’ 
surrounding cells will be visited for the neighbour objects 
instead of computing the distance between each of the objects 
in the data set. Using the Sparse MMF approach, it is proved 
that the DBSCAN algorithm can process huge amount of 
objects without having any runtime issues and the new 
algorithm’s performance analysis shows that proposed solution 
is super fast than the existing algorithm. 
 

Keywords: Sparse Memory Mapped File; Sparse MMF; 
Sparse Memory;  Neighbour Cells;  Sparse Memory DBSCAN. 

 

I. INTRODUCTION 

 
 Data mining is a fast growing field in which 
clustering plays a very important role. Clustering is the 
process of grouping a set of physical or abstract objects into 
classes of similar objects [2]. Among the many algorithms 
proposed in the clustering field, DBSCAN is one of the most 
popular algorithms due to its high quality of noiseless output 
clusters.   
 
 The most of the Density Based Clustering 
algorithms requires O (N2) computation time and requires 
huge amount of main memory to process in the real time 
scenario.  Since the seed object list grows during run time, it 
is very difficult to predict the required memory to process the 
entire objects present in the data set.  If the memory is 
insufficient to process the growing seed objects, the 
DBSCAN algorithm will crash in the run time. So to get rid 
of the instability problem and improve the performance, a 
new solution has been proposed in this paper. 
 
 Rest of the paper is organised as follows. Section 2 
gives the brief history about the related works in the same 
area.  Section 3 gives the introduction of original DBSCAN 

and section 4 explains the proposed solution.  After the new 
algorithm’s explanation, section 5 shows the Experimental 
Results and final section 6 presents the conclusion and future 
work associated with this algorithm.   
 

II  RELATED WORK 

 
 The DBSCAN (Density Based Spatial Clustering of 
Application with Noise) [1] is the basic clustering algorithm 
to mine the clusters based on objects density.  In this 
algorithm, first the number of objects present within the 
neighbour region (Eps) is computed.  If the neighbour objects 
count is below the given threshold value, the object will be 
marked as NOISE.  Otherwise the new cluster will be formed 
from the core object by finding the group of density 
connected objects that are maximal w.r.t density-reachability.   
 
 The OPTICS [4] algorithm adopts the original 
DBSCAN algorithm to deal with variance density clusters.  
This algorithm computes an ordering of the objects based on 
the reachability distance for representing the intrinsic 
hierarchical clustering structure.   The Valleys in the plot 
indicate the clusters.  But the input parameters ξ is critical 
for identifying the valleys as ξ clusters. 
 
 The DENCLUE [5] algorithm uses kernel density 
estimation.  The result of density function gives the local 
density maxima value and this local density value is used to 
form the clusters.  If the local density value is very small, the 
objects of clusters will be discarded as NOISE.  
 
 A Fast DBSCAN (FDBSCAN) Algorithm[6] has 
been invented to improve the speed of the original DBSCAN 
algorithm and the performance improvement has been 
achieved through considering only few selected 
representative objects belongs inside a core object’s 
neighbour region as seed objects for the further expansion.  
Hence this algorithm is faster than the basic version of 
DBSCAN algorithm and suffers with the loss of result 
accuracy.   
 
 The MEDBSCAN [7] algorithm has been proposed 
recently to improve the performance of DBSCAN algorithm, 
at the same time without loosing the result accuracy.   In this 
algorithm totally three queues have been used, the first queue 
will store the neighbours of the core object which belong 
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inside Eps distance, the second queue is used to store the 
neighbours of the core object which belong inside  2*Eps 
distance and the third queue is the seeds queue which store 
the unhandled objects for further expansion. This algorithm 
guarantees some notable performance improvement if Eps 
value is not very sensitive.  
 
 
 Though the DBSCAN algorithm’s complexity can 
be reduced to O(N * logN) using some spatial trees, it is an 
extra effort to construct, organize the tree and the tree 
requires an additional memory to hold the objects.  In this 
new algorithm different new complexity O (N * 2Eps) has 
been achieved and it is proved that the new complexity better 
than the previous version of DBSCAN algorithms when the 
Eps value is minimal. 
 

II. INTRODUCTION TO DBSCAN ALGORITHM 
 
 The working principles of the DBSCAN algorithm 
are based on the following definitions: 
 
Definition 1:  Eps Neighbourhood of an object p 
 
The Eps Neighbourhood of an object p is referred as 
NEps(p), defined as 
   NEps(p) = {q∈D | dist(p,q) <=Eps}. 
 
Definition 2:  Core Object Condition 
 
An Object p is referred as core object, if the neighbour 
objects count >= given threshold value (MinObjs). i.e. 
 
|NEps(p)|>=MinObjs 
 
Where MinObjs refers the minimum number of neighbour 
objects to satisfy the core object condition.  In the above 
case, if p has neighbours which are exist within the Eps 
radius count is >= MinObjs, p can be referred as core object. 
 
Definition 3: Directly Density Reachable Object  
 
An Object p is referred as directly density reachable from 
another object q w.r.t Eps and MinObjs if 
 
p∈NEps(q) and 
 
|NEps(q)|>= MinObjs (Core Object condition) 
 
Definition 4:  Density Reachable Object 
 
An object p is referred as density reachable from another 
object q w.r.t Eps and MinObjs if there is a chain of objects 
p1,…,pn, p1=q, pn=p such that pi+1 is directly density 
reachable from pi. 
 
Definition 5:  Density connected object 
 

An Object p is density connected to another object q if there 
is an object o such that both, p and q are density reachable 
from o w.r.t Eps and MinObjs. 
 
Definition 6: Cluster 
 
A Cluster C is a non-empty subset of a Database D w.r.t Eps 
and MinObjs which satisfying the following conditions. 
 
For every p and q, if p ∈  cluster C and q is density reachable 
from p w.r.t Eps and MinObjs then q ∈  C. 
 For every p and q, q ∈  C; p is density connected to q w.r.t 
Eps and MinObjs. 
 
 
Definition 7: Noise 
 
An object which doesn’t belong to any cluster is called noise. 
 
 The DBSCAN algorithm finds the Eps 
Neighbourhood of each object in a Database during the 
clustering process. Before the cluster expansion, if the 
algorithm finds any non core object, it will be marked as 
NOISE.  With a core object, algorithm initiate a cluster and 
surrounding objects will be added into the queue for the 
further expansion.  Each queue objects will be popped out 
and find the Eps neighbour objects for the popped out object.  
When the new object is a core object, all its neighbour 
objects will be assigned with the current cluster id and its 
unprocessed neighbour objects will be pushed into queue for 
further processing.  This process will be repeated until there 
is no object in the queue for the further processing. 
 

IV. PROPOSED SOLUTION 
 
 A new algorithm has been proposed in this paper to 
improve the performance as well as to process huge amount 
of data.  This algorithm is totally relying on Sparse MMF and 
the Sparse MMF concept has been explained below briefly: 
 
A. Sparse Memory Mapped File (Sparse MMF) 
 
 The Sparse MMF [3] is the derived mechanism of 
Memory Mapped File. The Memory Mapped File [3] is like 
virtual memory and it allows reserving a region of address 
space and committing physical storage to the region. The 
difference is that the physical storage comes from a file that 
is already on the disk instead of the system’s paging file. The 
memory mapped file can be used to access the data file on 
disk (even very huge files), load and execute executable files 
and libraries and allowing multiple processes running on the 
same machine to share data with each other.  The Sparse 
MMF is similar to Memory Mapped File but it occupies only 
the required storage space in the physical file. If we use 
Memory Mapped File to reserve the region of memory, while 
committing the changes to the file on disk, the file size will 
be equivalent of the created Memory Mapped File size. 
Instead if we replace the same with Sparse MMF, final file’s 
size will be equivalent to the e non-zero element which is 
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stored in the Sparse MMF. So Sparse MMF gives better 
storage result and hence it has been used in our research. 
 
 B. Object’s Structure  
 
  As this algorithm’s core is Spare MMF, the objects 
that needs to be processed by this algorithm are organized bit 
differently and each objects’ structure will have three 
additional fields NextObjectOffset, NextSeedObjectOffset 
and NextTempObjectOffset. 
 
 

             
 

Figure 1.  Sparse Memory Mapped File Object’s Structure  

 
 While loading all the objects in Sparse MMF, all the 
objects are chained in a sequence like linked list (but not 
exactly linked list).  The first additional field 
NextObjectOffset will hold the Offset value of the next 
object, second object will hold the offset of its immediate 
successor object, etc and the final object’s NextObjectOffset 
will set to NULL to indicate that there are no more objects 
further to visit during the clustering process.  So the first 
object’s address should be retained always to visit the entire 
objects loaded in the Sparse MMF.  The other two fields 
NextSeedObjectOffset and NextTempObjectOffset fields are 
used by SparseMemoryRegionQuery function call and it is 
explained in the below section. 
 
C. SparseMemoryRegionQuery function 
 
The proposed algorithm doesn’t uses any extra buffer or 
queue to store the seed objects as well as neighbour objects 
during the run time, instead each object has the 
corresponding Offset field and in which the exact offset of 
the next seed object will be stored.  In the original DBSCAN 
algorithm, RegionQuery function has been used to retrieve 
the neighbour objects and in this new algorithm 
SpareMemoryRegionQuery function has been introduced 
instead of RegionQuery. This function visits all the required 
surrounding cells in memory and the non empty cell objects 
will be chained and return back as seed objects.  i. e  The 
function start from the center cell and visit the neighbour 
cells one by one. When the non empty object found in the 
first time, center object’s NextSeedOffset field will be 
assigned the Offset of new object (Address(NewObject) – 

Address(CenterObject)) and next time when the new object 
found, current object’s offset will be stored in the previous  
object’s NextSeedObject field and so on.  Eventually last 
object’s NextSeedObject field will be assigned with NULL.  
Thus the extra memory as well as buffer/queue requirement 
to store the seed objects has been removed in this solution. 
This function has been customized to update the neighbour 
objects offset in the either field NextSeedObectOffset or 
NextTempObjectOffset.  If this function receives an update 
flag UpdateMasterSeedOffset, neighbour objects offset will 
be stored in NextSeedObectOffset field and input update flag 
is UpdateTempSeedOffset then the NextTempObjectOffset 
will be updated with the neighbour object(s) offset.   
 
 The DBSCAN algorithm’s computation complexity 
varies based on the RegionQuery function and it uses 
distance function to compute the neighbours present with in 
the certain radius (Eps). In this new approach, distance 
computation during the SparseMemoryRegionQuery function 
call has been removed and it visit’s the required number of 
neighbour cells from the center cell.   
 

 
 
 Figure 2. Neighbour Cells Diagram 
 
 In this proposed solution, we have selected two 
dimensional dataset for the experiment and the above 
diagram shows the neighbour cells with different distance. 
The center cell has been painted in red colour and it’s 
distance of object stored in the cell will be zero, next 
immediate neighbours whose distance is 1 from the center 
cell have been painted in blue colour, the yellow colour cells 
distance are greater than 1 and <=2 and so on.  These 
neighbour cells offsets are pre-computed and stored in M X 2 
dimensional array and it will be passed to the 
SparseMemoryRegionQuery function to visit only the 
required number of neighbour cells to process.  Thus the 
distance computation between objects is not required. 
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D. Neighbour Cells and Index Offset Array 
 

 
 
 Figure 3.  NCOArray and IOArray 
 
 Two additional arrays are been used in this algorithm 
to avoid the distance computation and improve the 
performance. The first array Neighbour Cells Offset Array 
(NCOArray) is an M X 2 array and it stores the offset values 
of neighbour cells from the center object.  The Second Index 
Offset Array (IOArray) is K X 1 dimensional array and it 
stores the NCOArray’s last index value for the corresponding 
Eps value sequence starting from 0.  For example if the Eps 
value is 1 then IOArray[1] tells that NCOArray array 
elements starting from 0 to 4 have the cells offset that need to 
be visited by  SparseMemoryRegionQuery during the 
neighbour objects computation. The value M will be decided 

based on the maximum possible Eps value supported by the 
algorithm and based on this K value also determined. So 
these two array values are populated with the required values 
before the actual clustering process. 
 
E. Algorithm  
 
1)   Input D, Eps, MinObjs. 
2)    Create SparseMemoryMapped File. 
3)   Load the pre-computed Neighbour Cells Offset  
      Array “NCOArray” and Offset   Index Array  
      “OIArray” Values. 
4)   Initialize the SparseMemoryMapped file with the dataset  
      D, assign ClusterID field of all objects with  
      UNCLASSIFIED and preserve the First Object’s   
       Address. 
5)   ClusterID = NOISE, CurrentObject = FirstObject. 
6)    WHILE CurrentObject <> NULL 
7)     If (CurrentObject.ClusterID == UNCLASSIFIED)  
                                                                                     Then 
8)        Call SparseMemoryRegionQuery function with   
           CurrentObject, Eps, UpdateMasterSeedOffset,  
           NCOArray and OIArray parameter and the function  
           returns FirstSeedObject, LastSeedObject and  
           SeedObjectsCount. 
9)       If (SeedObjectsCount >= MinObjs)  Then// Core  
                                                                    Object condition 
10)         ClusterID = GetNextID(ClusterID). 
11)          Assign the ClusterID to all the seed objects. 
12)          Move CurrentSeedObject to point its next seed  
               object using the OffsetValue and assign NULL  
              value to previous CurrentSeedObject’s  
              NextSeedObjectOffset field. 
13)        WHILE CurrentSeedObject <> NULL 
14)        Call SparseMemoryRegionQuery function with  
             CurrentSeedObject, Eps, UpdateTempSeedOffset,  
             NCOArray and OIArray parameter and the function  
             returns TempFirstSeedObject, TempLastSeedObject  
             and TempSeedObjectsCount. 
15)  If (TempSeedObjectsCount >= MinObjs)  Then 
16)  TempCurrentSeedObject = TempFirstSeedObject. 
17)  For I = 1 to TempSeedObjectsCount  
18)     If TempCurrentSeedObject .ClusterID IN  
                                         {UNCLASSIFIED, NOISE} Then 
19)       If TempCurrentSeedObject.ClusterID ==  
                                                         UNCLASSIFIED Then 
20)       Append the TempCurrentSeedObject to the  
                                                               LastSeedObject. 
21)       End If 
22)     TempCurrentSeedObject .ClusterID =  
                                                                    ClulsterID.  
23)          End If           
24) Move TempCurrentSeedObject to point its next  
               seed object using the OffsetValue and assign 
NULL  
               value to previous TempCurrentSeedObject’s  
              NextTempSeedObjectOffset field. 
25)         End For 
26)         End If 
 
27)       If (CurrentSeedObject. NextObjectOffset == 0)   
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                                                                                   Then  
28)         CurrentSeedObject =NULL. 
29)       Else   
30)      Move CurrentSeedObject to point its next seed object  
            using the OffsetValue and assign NULL value to  
            previous CurrentSeedObject’s NextSeedObjectOffset  
            field. 
31)      End If   
32)     END WHILE 
33)     Else //Non Core Object 
34)        CurrentObject.ClusterID = NOISE. 
35)       Assign NULL value to all the SeedObjects’  
             NextSeedOffset member. 
36)    End If 
37)    End If 
38)    If (CurrentObject. NextObjectOffset == 0) Then 
39)       CurrentObject=NULL. 
40)    Else 
41)      Move CurrentObject to point its next object using the  
           OffsetValue.  
 42)   End If 
43)   END WHILE 
 
 
 This algorithm starts with creating the Sparse MMF 
with the required size and loads the Neighbour Cell Offset 
and Index Offset array values.  The dataset D will be read 
one by one and each object will be placed in the 
corresponding memory locations.  As mentioned in the 
section 4(B), while initializing the Sparse MMF with objects, 
each successive object’s memory offset will be stored in the 
previous objects NextObjectOffset field and last object’s 
NextObjectOffset field will be assigned with NULL value. 
Thus it is very essential to preserve the FirstObject’s address 
to visit all the remaining objects.     
 
 The algorithm starts the traverse from the first 
object and visits the next objects one by one using the next 
object’s offset stored in the current object itself.  When it 
finds the object and its cluster ID is UNCLASSIFIED, 
SparseMemoryRegionQuery function will be called with 
required parameter.  As the new cluster is not yet formed, 
SparseMemoryRegionQuery function needs to be called with 
UpdateMasterSeedField flag to update the seed objects’ 
NextObjectSeedOffset field.  The output of 
SparseMemoryRegionQuery will give FirstSeedObject, 
LastSeedObject and SeedObjectsCount.   If the current object 
is a non core object, the current object will be market as 
NOISE and all its seed objects NextObjectSeedOffset field 
will be market with NULL value. Otherwise the cluster 
expansion will start with creating a new cluster ID as the 
current object is a core object.  The new Cluster ID will be 
assigned to all the seed objects that are chained starting from 
FirstSeedObject.  Now the remaining objects (except 
FirstSeedObject) present in the seed chain will be processed 
one by one and for all the remaining seed objects 
SparseMemoryRegionQuery will be called with 
UpdateTempSeedOffset flag to update the 
TempObjectNextSeedOffset field. This will avoid the 
overwriting of seed objects which are already exist in the 
main seed list chain.  So if the object is a core object, the 

neighbour objects will be visited using 
TempObjectNextSeedOffset instead of 
ObjectNextSeedOffset and the UNCLASSIFIED cluster id 
type objects present in the temporary seed chain will be 
appended to the LastSeedObject (main seed chain) for the 
further processing and all the UNCLASSIFIED and NOISE 
type objects present in the temporary seed list will be 
assigned with the current Cluster ID. The LastSeedObject 
member will always point the last object in the seed chain.   
The entire object present in the main seed chain will be 
processed one by one and cluster expansion will stop when 
the traverse reaches the LastSeedObject and no more seed 
objects to process further. The complete clustering process 
will stop once the initial loop process the entire objects 
present in the data set. 
 
 

 
  
   
  Figure 4. Result of Dataset 1 
 
F. Advantages 
 
 The proposed algorithm is very stable.  The main 
drawback of original DBSCAN algorithm is instability.  
Though all the objects present in the data set can be loaded 
by the DBSCAN algorithm, if we don’t have sufficient main 
memory to hold the growing seeds objects, DBSCAN 
algorithm will crash during run time.  But the new algorithm 
doesn’t rely on the growing seeds and it will give guarantee 
to process all the objects as long as it is able to load. The 
second advantage of the new algorithm is capable of 
processing huge amount of objects. Since this algorithm is 
based on the Sparse MMF, it can support few GBs of data in 
a 32 bit Operating System where traditional approach 
supports only few MBs of data in the real time scenario.  
Also this algorithm can be customised to process very huge 
data set (e.g > 10 GB) using the Sparse MMF.  Then the 
beauty of Sparse MMF is, though we pre-allocate more 
memory in the beginning, the real memory occupying is 
based on the consumption.  Eventually the performance is 
really fast as the algorithm directly works on the memory. 
 
G. Limitations 
 
 As this algorithm uses Sparse MMF and only very 
few languages support this feature, scope for implementing 
this algorithm is limited.  Second limitation is memory 
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customization. If we are planning to apply this algorithm to 
support multidimensional dataset, memory needs to be 
customized accordingly and the computation complexity may 
vary.  Also if the minimum distance between one object and 
the immediate nearest object is greater than one unit or less 
than one unit, offset array values will change and it should be 
recomputed.  Moreover creating and populating values in 
Offset arrays are an extra task. Last drawback of this 
algorithm is this doesn’t support duplicate objects. As the 
object loaded in the corresponding memory location, it is not 
possible to overwrite another object in the same location.  
These are the notable limitations of this algorithm. 
 
 
H. Computation Complexity 
 
 The DBSCAN algorithm’s complexity has been 
calculated based on the number of RegionQuery function 
call. In which each RegionQuery function call need N 
distance computation and hence the computation complexity 
becomes O (N2) for processing all the N objects present in 
the dataset.  As the new algorithm’s SparseRegionQuery 
process the neighbour cells, the complexity varies based on 
the Eps value and each SparseRegionQuery requires not 
more than 2(Eps+1)    cells traversal.  Eventually for processing 
all the N objects, our algorithm requires O (N * 2(Eps+1) )  
time.  The constant 1 can be removed as it is very small and 
the final complexity comes as O (N * 2Eps).  This complexity 
is really a reduction when the Eps value is reasonable (e.g 
1~10) and N value is very large. At the same time, if we have 
very less number of objects and the Eps value is too big, this 
new complexity won’t be an attractive one.  However the real 
processing time will be very faster than the traditional 
RegionQuery function call as the SparseRegionQuery 
traverse the memory directly. 
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DBSCAN No No No Yes No No 

DBSCANSMMF Yes Yes Yes No Yes Yes 

 
Above table show the comparison of some key features and 
DBSCANSMMF is superior in most of the features. 
 
 V. EXPERIMENTAL RESULTS 
 
 The newly proposed algorithm and the original 
DBSCAN algorithm have been implemented in Visual C++ 
(2008) on Windows Vista OS and ran on PC with a 2.0 GHZ 
processor and 4 GB RAM to observe the performance. The 

different sizes of 2 dimensional synthetic datasets were used 
and running time results are given below: 
   
TABLE 2. RUNNING TIME OF DBSCAN AND DBSCANSMMF IN SECONDS 

 

N
um

be
r 

of
  

O
bj

ec
ts

 

1.
D

B
SC

A
N

SM
M

F 

1.
D

B
SC

A
N

 

2.
D

B
SC

A
N

SM
M

F 

2.
D

B
SC

A
N

 

1500 0.0007 0.3892 0.0005 0.2176 

3000 0.0043 0.5395 0.0051 0.5684 

6000 0.0081 1.8030 0.0094 1.8920 

10000 0.0137 4.9124 0.0166 5.1122 

20000 0.0261 20.4426 0.0255 18.2351 

30000 0.0377 43.3875 0.0269 41.1765 

40000 0.0545 77.6204 0.0587 79.6543 

60000 0.0799 195.8284 0.0676 181.8745 

 
 
 

  Fig 5. Scalability of Algorithm with different size of dataset 
 
 The above table and graph figures show that new 
algorithm gives better performance when the algorithm’s 
input data set size grows.  This is the expected obvious result 
as the new algorithm visits only the required neighbour cells 
during the SparseMemoryRegionQuery function call instead 
of the computing distance between center and the entire 
objects in the data set.  Another reason is directly accessing 
the memory is much faster than using the buffers to process 
the data that are usually used to implement the algorithms. 
 
 VI. CONCLUSION AND FUTURE ENHANCEMENT 
 
 In this paper we have proposed DBSCANSMMF 
algorithm to improve the performance as well as to process 
the huge amount of data using Sparse MMF.  This new 
algorithm doesn’t uses any growing seed list which causes 
the crash during the run time when there is no sufficient 
memory to store the seed objects. Instead the new algorithm 
just maintains the seed list using the offset values and these 
values are stored in each objects corresponding offset field 
internally.  So there is no need of creating duplicate objects 
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for processing the objects. Also this new algorithm takes O 
(N * 2Eps)   computation complexity and this is better 
complexity as long as Eps value is reasonable.   
 
 Future work will be to customize this algorithm to 
support duplicate objects. This can be achieved using the 
internal counter which will give the number of similar 
objects and the SparseMemoryRegionQuery also needs to be 
customized accordingly to support correct output.  The next 
expansion will be customizing this algorithm to process super 
big data set (e.g. 50 GB).  One of the real  uses of Memory 
Mapped File is mapping the required portion of the file into 
memory to process and,  un map the current mapped region 
and remap the next consecutive file region to process later. 
Like this we can process any big file and this algorithm needs 
to be customized to support this feature. 
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Abstract— Most of the services viewed in context to grid and 
cloud  computing  are  mostly  confined  to  services  that  are 
available  for  intellectual  purposes.  The  grid  or  cloud 
computing are large scale distributed systems. The essence of 
large scale distribution can only be realized if the services are 
rendered to common man.  The only organization which has 
exposure  to  almost  every  single  resident  is  the  respective 
governments  in  every  country.  As  the  size  of  population 
increases so the need for a larger purview arises. The problem 
of having a large purview can be solved by means of large scale 
grid  for  online  services.  The  government  services  can  be 
rendered through fully customized Service-oriented Clouds. In 
this paper we are presenting tight similarities between generic 
government  functioning  and  the  service  oriented  grid/cloud 
approach. Also, we will discuss the major issues in establishing 
services oriented grids for governmental organization.

Keywords- Grid  computing,  cloud  computing,  service  
oriented grids, e-governance, SOA, CMMS..

I. INTRODUCTION 

The  analogy  of  electricity  grid  in  compute  grids  is 
appropriately  understood  by  the  fact  that  both  grids  are 
mainly meant for supplying vastly distributed resources and 
services. The figure 1 depicts the exact similarities between 
them. Virtualization is the main approach towards grids. 

Figure 1. A Compute Grid

The Virtual organization (VO) based grids are those where 
services fall out of organizational boundaries, and multiple 
organizations combined render services to users. The user 

connects to a discovery node nearby it and gets to a service 
node  in  order  to  get  service.  Figure  2  shows  a  cloud 
containing a set of valid nodes ready to provide service. The 
service oriented grid middleware for e-learning as suggested 
in [1] needs to be furthered in aspects of e-governance. 

Figure 2. A Virtual Organization involving many organizations together 
(cloud).

Though many governments have already initiated in the 
aspects of computerization of certain services but the need of 
the time is  to  have an integrated  approach  to all  types  of 
government  services  under  the  framework  of  more 
customizable,  distributed  and  scalable  system,  that  is, 
obviously grids or clouds.

II.GOVERNMENT SERVICES AND SERVICE ORIENTED GRID / CLOUD 
APPROACH

As depicted in the figure 3 almost all government services 
functionally consists of 4 layers as far as manual systems are 
concerned. Without applying much change in the traditional 
levels of operation, a grid system can be set up which adds 
up  more  features  like  quick  processing,  transparency, 
reliable and above all accessible to common man.

The political or regulatory body consists of the state and the 
highest level officials (mostly politicians). The enforcement 
body  will  cover  all  districts  and  will  consist  of  officials 
appointed  by  the  state.  The  servicing  body  will  cover 
divisions  as-well  as  sub  divisions.  This  body will  be  the 
actual  face of the government operations and will interact 
with the masses directly. 
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The users  are the citizen of the state viewed as  part  of a 
particular  division  or  sub  division.  The  grid  system  if 
incorporated  will  deem  both  government  officials  and 
citizen as its users as all of them will be using one or other 
services / applications available on the grid system (not the 
manual system).  Only the authorization levels or state [8] 
will be different. An example in this regard is well depicted 
in [8] where a prototype grid on CMMS authorization model 
is presented for a state police services.

Figure 3. Generic functional structure of any government service.

The Grid  or Cloud will consist of major 3 types of nodes 
namely:

1. Monitoring node.
2. Controlling node.
3. Service node.

The  figures  4,  5  depict  a  functional  structure  of  the 
grid/cloud.  The functionality of monitoring node might  be 
that  of  assigning  roles,  changing  states  [8], 
changing/creating/approving certificates etc. The monitoring 
node will have the major task of acting as discovery nodes, 
establish  synchronization  among  service  nodes,  managing 
scaling of service nodes, imposing states [8] etc.  The service 
nodes will be the actual nodes at various sites which will be 
operated by the service delivery officials who will use the 
end software to update records and perform transactions. The 
users will be accessing the grid through peer grid softwares 
or may be via internet.

III.INFRASTRUCTURAL AND IMPLEMENTATION ISSUES

We  can  broadly  categorize  the  cloud  e-governance 
implementation issues into following three factors:

A. Infrastructure or backbone development.
B. Software implementation.
C. Ensuring usability.

A. Infrastructure or backbone development

The grid/cloud based e-governance at its peak would require 
a  well  made  and  managed  infrastructure  throughout  the 
province and beyond. The possibilities of having an eco-grid 

[2]  for  optimum  resource  utilization  and  at  a  economic 
mode can be framed similarly as in [2].

Structurally  the  clouds  will  consist  of  nodes  servicing  at 
remote frontiers.  The users  might  well  be accessing from 
long distances. The service nodes may need to synchronize 
in many cases and that too quite frequently. The controlling 
nodes of these service  nodes might  well  be at  some well 
defined establishments and may be rendering services along 
with control. The database synchronization and maintenance 
will be both at node level as well as grid/cloud level. 

Figure 4. Role players in the Grid/Cloud.

B. Software implementation

Among many issues  pertaining to any grid  establishment, 
the  factors  of  concurrency,  security,  and  performance  are 
major ones. The OGSI, WSRF, GSI [10] standards do take 
care  of  almost  completely.  The  factor  of  authorization  is 
vital in grid services and has to be taken care of separately 
than just depending on standards (GSI) alone. The CMMS 
model [8] suggests an authorization procedure especially for 
peer grid services. The model is mainly designed keeping in 
mind the governmental services.

Service  oriented  architecture  (SOA):  The  e-governance 
should  be  implemented  over  SOA  As  rightfully 
acknowledged  in  [3],  the  SOA  brings  exceptionally 
component based development with Enterprise Application 
Integration (EAI). Also, the fact of having peer to peer SOA 
(SOPs  [4])  is  more  suitable  with  the  general  model 
presented for authorization i.e. CMMS [8].

The  establishing  of  the  entire  infrastructure  for  internet 
based clouds might require sincere and serious effort from 
the  state  but  once  achieved  can  make  a  comfortable 
environment  of  governance  and helps  the governments  to 
have better  understanding of  the need and demand of the 
polity as well as the mass.
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The State Wide Area Networks (SWAN) [12] plan with 
the  Indian  government  is  a  vital  step  towards  achieving 
fruitful  e-governance.  The  infrastructure  will  help  in 
providing a backbone for an e-governance cloud for efficient 
governance of the mass.

Figure 5. Basic service oriented architecture over grids.

Every grid applications has to rely upon a certification 
procedure  that  is  robust,  well  defined  and  managed  by  a 
reliable third party.  In case of using the CMMS model the 
third party will be the highest  body in the state. However, 
since giving the keys in the hands of regulatory bodies may 
invite  digital  corruption,  that  is,  corruption  related  to 
manipulation  of  digital  signatures/certificates.  Giving  a 
secret  and  uniform  identification  numbers  to  all  citizens 
would be required  in  order  to  have a corruption  free  and 
hassle  free  grid  based  e-governance  application.  The 
Nilekani’s UID project [9, 11] in India is a step forward to 
realize the dream of services oriented grids for e-governance.

C. Ensuring usability
Ensuring usability is of prime concern as far as respective 

governments are concerned. A joint impact assessment study 
[5]  was  initiated  in  January  2006  by  Indian  Institute  of 
Management  and  e-governance  practice  group  of  World 
Bank, Washington DC. The study was to define a framework 
and  methodology  for  impact  assessment  of  e-government 
projects from 3 states in India and 2 projects from Chile. The 
primary objective of this study was to measure the impact of 
computerization in selected service delivery projects. Though 
all the projects under assessment are currently for servicing 
urban clients, a promising fact  comes out of this is, if the 
population  is  computer  literate  and  has  an  infrastructural 
setup then gradually but steadily the manual delivery service 
is bound to get abolished.

It  is  quite certain  that  there is  a huge mandate for  the 
computerized  systems.  As  for  example  KAVERI  [4]  was 
opened  to  service  stamp  duty  and  registration  sector  was 
started in December 2003. In 2000-01 when the system was 
manual  only  0.63  million  properties  were  registered.  In 
2005-06, with KAVERI system 1.02 million properties were 
registered representing an annual growth of 10.27%. Nearly 

98% of respondents preferred the computerized system over 
the manual system because the time and cost of getting the 
service for clients has come down significantly. The survey 
also pointed out the major factors that the citizen demand for 
certain services. They prepared a chart by interviewing a set 
of citizen for their most desired factors for certain services 
like land registration, procurement, taxation etc. The table I 
is the original table revealing top four most desired attributes 
in particular software services. By having a closer look into 
the table we can easily figure out that major factors that are 
desired  are  improved  governance,  Quality  and  transaction 
efficiency  in  any  services  rendered  through  online  or 
computerized system. Same are  the prime factors  must  be 
taken care of on a servicing grid for e-government services. 
Among the three most desired attribute, the quality plays a 
major portion. Thus, the designers of the software over the 
grid infrastructure have to be careful that the quality factors 
are not compromised with.

TABLE I. TOP FOUR ATTRIBUTES DESIRED IN CERTAIN COMPUTERIZED SERVICES 
SURVEYED IN INDIA.

Project Attribute 1 Attribute 2 Attribute 3 Attribute 4

KAVERI Less 
Corruption

Greater 
Transparency

Error free  
transaction

Less waiting 
time

Khajane – 
DDO

Simplicity of  
procedure

Convenient  
time 

scheduled

Friendly  
attitude of  

officers

Error free  
transaction

Khajane – 
Payee

No delay in 
transaction

Convenient  
time 

scheduled

Good 
location

 error free 
transaction

eProcure
ment No corruption Easy access

Equal 
opportunity  

to all

No need to  
visit  

Government 
Office

eSeva
Less time 
and effort 
required

Less waiting 
time

Convenient  
time 

scheduled

Equal 
opportunity  

to all

Checkpost No delay in 
transaction

Error free 
receipt

Error free  
transaction

Proper queue 
system

Legend: Underline - Improve Governance;
Bold - Transaction Efficiency; Italics - Quality
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Most desired factors  in                             
e -governance

18%

55%

27% Improved
governance

Qualit y

T ransact ion
efficiency

Figure 6. Percentage desire for generalized attributes in an e-governance 
software.

Major quality factors are: error free receipt, easy access, 
equal opportunity to all, proper queue system etc. Grid itself 
is a big solution for easy access. The certification authority 
and the authentication procedures have to be tight enough so 
that  receipts  are  error  free  and  can  be  regenerated  if 
demanded. 

In  most  of  the  cases  the  citizen  users  have  always 
appreciated the online services and are sure to appreciate the 
fast, robust and reliable services on the grid infrastructures. 
Coming to verse with any new system is not difficult for any 
one  provided  a  proper  introduction  and  helping  hand  is 
extended.  Nilekani  [6]  cites  one  instance  after  another  of 
rural  village  dwellers,  farmers,  taxpayers,  and  others  who 
quickly grasp what computers and Internet access can do for 
them. Whether it's the chance to learn English, check crop 
prices,  or  pay  a  utility  bill,  Indians  at  all  levels  come to 
depend on the computer once it's introduced. (The hard thing 
is persuading agencies and local officials to install systems 
that  undercut  their  power  as  gatekeepers.)  And  we've  all 
heard of the Hole in the Wall Project, where Indian kids in 
slums come to enjoy and figure out how to use computers 
with little or no adult help. This is true for any country and 
not only India.

IV.CONCLUSION

Service oriented grids/clouds are fast emerging these days. In 
this paper we discussed how a service oriented grid could be 
utilized  to  provide  useful  e-governance.  Government 
services can become more reliable and transparent. Services 
oriented grids  can be realized using the SOA and CMMS 
models. Few primary layouts were discussed by showing the 
similarities between government structures and the suggested 
CMMS model.  The  issues  pertaining  to  the  realization of 
grid  based  e-governance  were  discussed  emphasizing  the 
points  like  implementation,  usability  and  infrastructure. 
Current  governments  should  take  due  steps  to  build  a 
favorable  infrastructure  for  grids.  The  citizens  have  to  be 
empowered  by  steps  like  UID  etc.  sustained  efforts  from 

both  government  and  citizens  could  help  build  a  realistic 
service  oriented  grid  that  could  benefit  even  the  most 
common citizen of the state. The paper is intended to bring 
more light into this direction so that more and more intellect 
could  be  driven  towards  it.  More  sustained  efforts  are 
required to develop a complete and more concrete design of 
the service oriented grids for useful e-governance.
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Abstract—In Wireless Sensor Network, dynamic cluster based 

routing protocol approach is widely used. Such practiced 

approach, quickly depletes the energy of cluster heads and 

induces the execution of frequent re-election algorithm. This 

repeated cluster head re-election algorithm increases the number 

of advertisement messages which in turn depletes the energy of 

overall sensor network. Here, we proposed the Bound Time and 

Honey Bee Mating Approach (BT-HBMA) that reduces the 

cluster set up communication overhead and elects the stand by 

node in advance for current cluster head which has the capability 

to withstand for many rounds  

 

Our proposed BT-HBMA method uses the Honey bee mating 

behaviour in electing the stand by node for current cluster head. 

This approach really outperforms the other methods in achieving 

reduced number of re election and maintaining high energy 

nodes between the rounds. 

 

Keywords- Cluster based Routing; Wireless sensor network; 
Honey Bee mating; Bound Time  

 

I.  INTRODUCTION  

 
Wireless Sensor Networks (WSNs) are formed by a set of 

nodes that gather information and forward it to a sink. They 
are formed by small, inexpensive and resource limited devices 
that can interact with the environment and communicate in a 
wireless manner with other devices [1] WSNs present a new 
challenge research problem due to their high flexibility to 
support several real-world applications. The core operation of 
wireless sensor network is to collect and process data at the 
network nodes, and transmit the necessary data to the base 
station for further analysis and processing. Due to large 
network size, limited power supply, and inaccessible remote 
environment, the WSN-based protocols are different from the 
traditional wireless protocols [2].Currently there are several 

energy efficient communication models and protocols that are 
designed for specific applications and topologies. 

LEACH (Low Energy Adaptive Clustering Hierarchy) is 
one of the most referenced protocols in the sensor networks 
area [3],[4],[5]. In LEACH and other routing protocols, when 
current cluster head changes due to self destruction or energy 
loss, increases the overhead, in turn leading to higher energy 
consumption. This is one of the worrying drawbacks. A 
possible solution which is proposed in this paper is the use of 
the bound time to reduce set-up communication overhead. 
During this bound time, sensor nodes receive advertisement 
messages and from this, node determines multi-route for 
transmission and consider only the message with the minimum 
number of hops and stand by cluster heads are elected. 

The rest of the paper is organized as follows. In Section II, 
we review the related work. In Section III, describes Honey bee 
structure and modeling. The proposed method of BT –HBMA 
algorithm for cluster formation is described in Section IV. In 
Section V, We presented the Simulation results. Finally Section 
VI, concludes the paper. 

 
                             II     RELATED WORK 

 
Hierarchical or Cluster –based routing, originally proposed 

in wire line networks, are well-known techniques with special 
advantages related to scalability and efficient communication. 
As such, the concept of hierarchical routing is also utilized to 
perform energy efficient routing in WSNs. In a hierarchical 
architecture, higher nodes can be used to process and send the 
information while low energy nodes can be used to perform 
the sensing in the proximity of the target. This means that 
creation of Clusters and assigning special tasks to cluster-
heads can greatly contribute to overall system scalability, 
lifetime, and energy efficiency.   
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Hierarchical routing is an efficient way to lower energy 
consumption within a cluster and by performing data 
aggregation and fusion in order to decrease the number of 
transmitted messages to the base station. 

Heinzelman[4] introduced a hierarchical clustering 
algorithm for sensor networks, called Low Energy Adaptive 
Clustering Hierarchy(LEACH). LEACH is a cluster based 
protocol, which includes distributed cluster formation. The 
operation of LEACH is split into two phases, the set-up phase 
and steady state phase. During the set-up phase, the clusters 
are created and cluster heads are elected. LEACH randomly 
selects a few sensor nodes as cluster-heads and broadcast an 
advertisement message to the entire network declaring that 
they are the new cluster heads. Every node receiving the 
advertisement decides to which cluster they wish to belong 
based on the signal strength of the received message. The 
sensor node sends a message to register with the cluster-head 
of their choice. Based on a TDMA approach, the cluster head 
assigns the time slot to registered node for sending the data. 

During the steady-state phase, sensor nodes can start 
transmitting data to their respective cluster-head. The cluster 
head applies aggregation functions to compress the data before 
transmission to the sink. After a predetermined period of time 
spent on the steady-state phase, the network enters the set-up 
phase again and starts a new round of creating clusters. 

Although LEACH is able to increase the network lifetime, 
there are still a number of issues about the assumptions used in 
this protocol. LEACH assumes that all nodes can transmit with 
enough power to reach the base station if needed and that each 
node has computational power to support different MAC 
protocols. Therefore, it is not applicable to networks deployed 
in larger regions. It also assumes that nodes always have data 
to send, and nodes located close to each other have correlated 
data. It is not obvious how the number of the predetermined 
cluster-head is going to be uniformly distributed through the 
network. Therefore, there is the possibility that the elected 
cluster head will be concentrated in one part of the network. 
Hence, some nodes will not have any cluster heads in their 
area.   

Lindsey and Raghavendra[6],[7] proposed an enhancement 
over LEACH protocol. The protocol, called Power-Efficient 
Gathering in Sensor Information Systems (PEGASIS), is a 
near optimal chain –based protocol. It achieved the 
performance through the elimination of the overhead caused 
by dynamic cluster formation and through decreasing the 
number of transmissions and reception by using data 
aggregation. Although the clustering overhead is avoided, still 
requires dynamic topology adjustments. 

This paper provides a protocol with the same underlying 
benefits as LEACH and PEGASIS and reduces the number of 
set-up messages required which in turn increases the network 
lifetime. 

III  HONEY-BEE COLONY STRUCTURE 

A  honey-bee  colony  typically  consists  of  a  single  egg  

laying  long-lived  queen, anywhere  from  zero  to  several  

thousand  drones  (depending  on  the  season)  and usually 

10,000 to 60,000 workers [8]. The colony can  be founded in 

two different ways. In “independent founding” the colony 

starts with one or more reproductive females that construct the 

nest, lay the eggs, and feed the larvas. The first group of 

broods is reared alone until they take over the work of the 

colony. Subsequently, division of labor takes place and  the 

queen specializes in egg laying and the workers in brood care . 

Another founding method is called “swarming” in which a 

new colony is founded by a single queen or more, along with a 

group of workers from the original colony. 

 

A colony of bees is a large family of bees living in one 

bee-hive. A bee hive is like a big city with many “sections of 

the town”. The queen is the most important member of the 

hive because she is the one that keeps the hive going by 

producing new queen and worker bees. With the help of 

approximately 18 males (drones), the queen bee will mate with 

multiple drones one time in her life over several days. The 

sperm from each drone is planted inside a pouch in her body. 

She uses the stored sperms to fertilize the eggs. Whether a 

honeybee will become a queen, a drone, or     a worker, 

depends on whether the queen fertilizes an egg. Since she is 

the only bee  in the colony that has fully developed ovaries, 

the queen is the only bee that can fertilize the egg. Queens and 

workers come from fertilized eggs and drones from 

unfertilized eggs. 

Only the queen bee is fed “royal jelly,” which is a milky-

white colored jelly-like substance. “Nurse bees” secrete this 

nourishing food from their glands, and feed it   to their queen. 

The diet of royal jelly makes the queen bee bigger than any 

other     bees in the hive. A queen bee may live up to 5 or 6 

years, whereas worker bees and drones never live more than 6 

months. There are usually several hundred drones that live 

with the queen and worker bees. Mother nature has given the 

drones just one    task which is to give the queen some sperm. 

After the mating process, the drones die. As the nights turn 

colder and winter knocks the door, the drones still in the hive 

are forced out of the hive by worker bees. It is a sad thing, but 

the hive will not have enough food if the drones stay. 

Queens represent the main reproductive individuals which 

are specialized in eggs laying [9]. Drones are the fathers of the 

colony. They   are haploid and act to amplify their mothers’ 

genome without altering their genetic composition, except 

through mutation. Workers are specialized in brood care and 

sometimes lay eggs. Broods arise either from fertilized or 

unfertilized eggs. The former represent potential queens or 

workers, whereas the latter represent prospective drones. 

The mating process occurs during mating-flights far from 

the nest. A mating- flight starts with a dance where the drones 

follow the queen and mate with her in   the air. In a typical 

mating-flight, each queen mates with seven to twenty drones.     

In each mating, sperm reaches the spermatheca and 

accumulates there to form the genetic pool of the colony. Each 

time a queen lays fertilized eggs, she retrieves at random a 

mixture of the sperms accumulated in the spermatheca to 

fertilize the egg. Insemination ends with the eventual death of 

the drone, and the queen receiving the “mating sign.” The 

queen mates multiple times but the drone inevitably only once. 

These features make bees-mating the most spectacular mating 

among insects. 
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A. Honey-bees modeling 

The mating–flight may be considered as a set of transitions in 

a state-space (the environment) where the queen moves 

between the different states in some speed and mates with the 

drone encountered at each state probabilistically. At the start 

of the flight, the queen is initialized with some energy content 

and returns to her nest when her energy is within some 

threshold from zero or when her spermatheca is full. 

In developing the algorithm, the functionality of workers is 

restricted to brood care  and therefore, each worker may be 

represented as a heuristic which acts to improve and/or take 

care of a set of broods (i.e., as feeding the future queen with 

royal  jelly).  A drone mates with a queen probabilistically 

using an annealing function as[10]:  

 

Prob (Q, D) = ( )



 ∆−

ts
f )(

exp                        (1) 

 

where Prob (Q, D) is the probability of adding the sperm of 

drone D to the spermatheca of queen Q (that is, the probability 

of a successful mating); ∆( f ) is the absolute difference 

between the fitness of D (i.e.ƒ(D)) and the fitness of Q(i.e. f 

(Q)); and  S(t ) is the speed of the queen at time t. It is 

apparent that this function   acts as an annealing function, 

where the probability of mating is high when both the queen is 

still in the start of her mating–flight and therefore her speed is 

high, or when the fitness of the drone is as good as the 

queen’s. After each transition in space, the queen’s speed,  

S(t), and energy, E(t), decay using the following equations: 

 

S (t + 1) = a × S (t )    (2) 

 

E (t + 1) =E (t)-γ                  (3) 

 

Where a is a factor ∈  [0, 1] and γ is the amount of energy 

reduction after each transition. Thus, an Honey-Bees Mating 

Optimization (HBMO) algorithm may be constructed with the 

following five main stages [11]: 

1)  The algorithm starts with the mating–flight, where a queen 

(best solution) selects drones probabilistically to form the 

spermatheca (list of drones). A drone is then selected from 

the list at random for the creation of broods. 

2)   Creation of new broods (trial solutions) by crossoverring  

      the drones’ genotypes with the queen’s. 

3)   Use of workers (heuristics) to conduct local search on    

       broods (trial solutions). 

4)   Adaptation of workers’ fitness based on the amount of  

      improvement achieved on broods.  

5)  Replacement of weaker queens by fitter broods. 
 

IV.    PROPOSED METHOD 

A. Bound Time (BT) Routing Protocol  

 The main objective of our BT approach is to minimize the 
set-up communication overhead, whenever current cluster 

head changes. These changes are due to cluster head failures 
or when its energy level approaches a certain threshold value.  
During the bound-time, sensor node receives single multi-
purpose message and  from this the node starts to determine 
the following 1) possible routes from the cluster head to sensor 
node 2) learns the minimum number of hops to reach the 
selected cluster head.3) Stand by nodes are chosen for next to 
current cluster head. Hence, this single multi-purpose 
advertisement message can be used for both reducing the set-
up communication overhead and fault tolerant, thus makes our 
protocol more energy efficient.  

The operation of the proposed routing protocol can be split 
into two phases: the role determination phase and the data 
transfer phase   

B. Role Determination Phase 

During this phase, cluster heads are selected and clusters 
are formed. At the start up, base station randomly selects some 
desired percentage of nodes as cluster heads and broadcasts 
selected information to the network. On receiving the 
broadcasted information, each node checks its status whether 
it has been selected as cluster head or not. If yes, it starts a 
new cluster formation by broadcasting an advertisement 
message. Otherwise, it forwards the message to its neighbors. 
Every cluster head creates an advertisement message which 
has the number of hops count to zero and broadcast it to its 
neighbors. If a node already belongs to another cluster for 
which the number of hops to reach the current belonging 
cluster is less than newly received broad cast then it ignores 
the received message. 

The bound time of a node starts when it accepts an 
advertisement message. When the bound-time is still valid, the 
node caches the received message and waits for other possible 
advertisement. In this way, it collects all possible alternative 
paths to chosen cluster head. All the sensor nodes consider the 
message with minimum number of hops count (shortest route) 
as the best route. When route fails, an alternate route can be 
immediately used without delays or degradation of QoS.When 
the bound-time reaches zero, a route is established with 
shortest route and increases the number of hops count by one 
in the retained message and broadcasts it to its nearby nodes. 

After bound time expires, all sensor nodes who receive the 
advertisements message are candidate for stand by node to 
their respective cluster head. All the sensor nodes who 
expressed their willingness are collected in the stand by node 
list and stored in the cluster head. This stand by node list is 
used as input to our proposed Honey mating algorithm which 
is discussed in next section. In the meantime, data transfer 
phase is started for conducting data transfer in the network.  

The current energy of the current cluster head is polled in 
every round time. When the current cluster head energy is 
depleted to near specified threshold energy level, our proposed 
Honey Bee Mating algorithm is triggered to find the best stand 
by node for current cluster head from the stand by node list. 
When current cluster head about to dead completely, the best 
stand by node selected using our approach replaces the current 
cluster head. This newly elected cluster head can withstand for 
many rounds and there by reduces the number of re-election. 
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Honey-bee mating behavior discussed in section III is 
equivalently mapped to our proposed BT-Honey Bee mating 
algorithm in electing the stand by cluster head as shown in 
figure 1 & figure 2.  

.. 

 

Figure 1. Real Honey Bee Mating Approach 

 

C. Honey Bee Mating Algorithm. 

 

1. After the Bound time expires, Cluster head collects the     
nodes who expressed willingness to act as stand by node and 
creates the node list called Trial Stand by node List. 

2. Before the start of next step, current energy of nodes in the 
stand by node list are examined and nodes having less energy 
are discarded from the stand by node list. 

3. From the Standby Node List, Best Node and Next Best 
Node List are created using the objective function. The Best 
node List and Next best node list is equivalent to queen and 
drones respectively. Our objective function is based on the 
remaining energy of  stand by nodes. Obviously, the higher the 
enrgy,the higher the probability that the node will become  
cluster head. 
 
The remaining energy is calculated as 

                      

i

c
r

E

E
E =                         (4) 

Where  cE  is the current energy and iE is the initial energy. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2.  Honey Bee Mating Approach 

 

4. Mating is done through exchange (crossover) between Best 
Node and Next Best Node List based on the fitness function 
which depends on the closeness to the sink node (if 
selected).The new best node list are broods. Our fitness 
function is based on the closeness of stand by node from other 
nodes if it is selected as new cluster head. In cluster, calculates 
the distance of each node to its cluster-head (if selected) based 
on number of hops. The lesser the distance the higher the 
probability that the node will become cluster head. The 
number of hops between i and j node is calculated as follows 

No_of_hops (i, j) =     

nA

Min

..1>−

 →

( ) ( )
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−
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nA ..1>−   = Number of Alternative path between i and j node. 
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5. Perform a local search on the Best Node List by applying 
the heuristic function which depends on the distance between 
cluster head [if selected] and base station. The lesser the 
distance, less power is needed to transmit and receive the 
data.. Such nodes are having higher probability to become the 
cluster head. This local search gives the best solution. 

6. In case of re-election, current cluster-head is replaced by      
new cluster -head which is selected in step 5.  

       When the cluster round time is over or energy level 
approaches a threshold, the current cluster head hands the 
main role to new elected cluster head . With a single flooding 
to cluster members, the new cluster head continues its main 
role without the need for further communication. 

D. Data Transfer Phase 

The second phase is called data transfer or steady state 
phase. In this phase, data transfer is started as soon as bound 
time expires. This phase is identical to steady state phase 
proposed in LEACH[5].The steady state is broken into frames 
where nodes send their data to the cluster-head at most once 
per frame during their allocated transmission slot which 
scheduled by TDMA. Once the cluster- head receives all the 
data, it performs data aggregation and forwards the final data 
to the base station. 

  V  SIMULATION RESULT 

 

Our proposed algorithm is implemented and completely 

studies using the simulation tool called SenSor Plus. This is  

an in- house sensor  network  simulator. SenSor [12] is a 

realistic and scalable Python based simulator that   provides   

a   workbench   for   prototyping   algorithms   for WSN.  It 

consists of a fixed API, with customizable internals. Each  

simulated  sensor  node  runs  in  its  own  thread  and  

communicates using the same protocols as its physical 

counterpart would be. This  enables  experimentation  with  

different  algorithms  for  managing  the  network  topology,  

simulating  fault management strategies and so on, within 

the same simulation. SenSor Plus is an extension of Sensor 

with an added interface between  the  simulation  

environment  and  different  hardware platforms, for  

example the  Gumstix  [13]  platform. SenSor Plus bridges 

between Sensor and the Gumstix to allow applications 

implemented within the simulator to be ported directly on to 

the hardware. Sensors are modeled using a pool of 

 

concurrent, communicating threads. Individual sensors are 

able to: 

 1) Gather and process data from a model environment 

.2) Locate and communicate with their nearest neighbours 

 3) Determine whether they are operating correctly and   

      act accordingly to alter the network  topology  in   

      case of faulty nodes being detected. 
 

Separate interfaces gather information from the network and 

display it on the graph pane or the chart pane, where 

individual data can be plotted during the simulation.  This  

partitioning allows  us  to  experiment  with  different  ways  

of  processing individual node data  into information 

 

Using the SenSor Plus framework, we implemented 

the proposed algorithm. For our simulation, we gave all the 

nodes an initial supply of energy and ran the protocol until it 

converged. For our Experiments, we created a 100-node 

network, where the nodes are scattered randomly on 600×600 

grid, such that no two nodes share the same location. In our 

simulation, we considered the initial simulation parameter and 

its values as shown in Table I. 

TABLE I SIMULATION PARAMETERS 

 

Parameter Value Motivation 

Initial Energy 1 J Standard energy value used for 
batteries in most sensor nodes. 

Broadcast size 
packet 

11 bit Assume that the sensor is 
broadcasting an ID of 11 bits. 

Routing Size 
Packet 

11 bit Assume that the sensor is routing 
packets of size 11 bits 

 

Our proposed BT-HBMA methods outperforms the other 
methods such as LEACH, PEGASIS in achieving reduced 
number of re election and maintains high energy nodes 
between the rounds. According to Table II, it is clear that our 
honey bee mating approach selects the best stand by node 
which can withstand for more rounds compare to other 
methods.   
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Figure3 No of Re election Vs No of Rounds in cluster 1 

 

 

 

 

 

TABLE II NUMBER OF REELECTION BETWEEN THE ROUNDS IN CLUSTER1  

 
 

By this approach, we can reduce the total number of re 
election that likely to happen in the network if other methods 
are followed. This also implicitly achieves excellent data 
transfer phase. The Figure 3 depicts that our proposed method 
outperforms the other methods in reducing the number of re-
election.  

 

 

According to table III, the average energy of nodes in the 
cluster 1 is fair in our approach compared to other methods. 
The figure 4 shows that average energy of nodes in cluster 1 in 
terms of Joules between the numbers of rounds 

TABLE III  AVERAGE ENERGY OF NODES IN CLUSTER1 BETWEEN THE   

ROUNDS 

 

 

Cluster 1 

 (Number of   

  Rounds) 

 

            Number of Re-election in Cumulative  

                             Manner 

LEACH PEGASIS BT-HBMA 

     150      21 27 11 

     250      32` 39 19 

     350      41 48 27 

     450      51 59 36 

     550      63 72 49 

 

Cluster 1 

(Number of 

Rounds) 

 

Average energy of nodes in cluster1 

(Joules) 

LEACH PEGASIS BT-HBMA 

150 0.97 0.95 0.982 

250 0.95 0.93 0.962 

350 0.84 0.81 0.895 

450 0.752 0.69 0.842 

550 0.593 0.43 0.712 
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Figure 4 Average Energy of nodes in cluster 1 Vs No of Rounds in cluster 1 

 

Our proposed BT-HBMA method, each cluster head and its 

respective members are having higher average energy even 

after the 550 rounds. The other methods decay energy because 

of the more number of re election. 

VI. CONCLUSIONS 

 
This paper provides a better solution to reduce the number 

of re-elections by selecting the best stand by node in advance 
for current cluster head. Our proposed BT-HBMA is 
equivalently mimics the Honey Bee Mating Behaviour of Real 
Honey Bees. We have applied the Honey mating behaviour for 
the first time in the stand by node selection of Wireless sensor 
network. This Honey bee mating inspired approach is 
effectively used to choose the best stand by node from 
multiple available solutions. Our proposed BT-HBMA method 
is accurately finds the best stand by node from available Trial 
stand by node list. The stand by node choosen as best solution 
in our approach withstands for many rounds and improves 
over all data transfer rate as well as maintains fair average 
energy in the Wireless Sensor Network. Our simulation results 
shows that there is reduction in number of re election 
conducted in the network compared to the existing methods 
like LEACH and PEGASIS. In future, we would like to apply 
our BT-HBMA to different Wireless Sensor Network Layouts 
for improving the scalability factor. 
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Abstract :  Mathematical morphology is very attractive for 
automatic image segmentation because it efficiently deals with 
geometrical descriptions such as size, area, shape, or connectivity 
that can be considered as segmentation-oriented features. This 
paper presents a new approach for some theoretical and practical 
improvements of image segmentation based on graph cuts. The 
method is based on the use of the region adjacency graph 
produced by the watershed transform from mathematical 
morphology. Marker extraction identifies the presence of 
homogeneous regions. The combination of morphological and 
graph cuts segmentation permits us to speed up and define new 
classes of energy functions that can be minimized using graph 
cuts. The use of region graphs gives promising results and can 
potentially become a leading method for interactive medical 
image segmentation.  

Keywords- Image segmentation, marker extraction, morphology, 

Graphs, Watershed Transform. 

I. INTRODUCTION 

MAGNETIC resonance imaging  (MRI) provides detailed 
images of living tissues, and is used for both brain and body 
human studies. Data obtained from MR images is used for 
detecting tissue deformities such as cancers and injuries. The 
key to any automatic method is that it must be robust, so that it 
produces reliable results on every image acquired from any 
MR scanner using different relaxation times, slice thicknesses 
and fields of view. More recently, computer-assisted methods 
have been used for specific tasks such as extraction of MS 
lesions from MRI brain scans [1], [2]. 

 A key problem in medical imaging is automatically 
segmenting an image into its constituent heterogeneous 
processes. Automatic segmentation has the potential to 
positively impact clinical medicine by freeing physicians from 
the burden of manual labeling and by providing robust, 
quantitative measurements to aid in diagnosis and disease 
modeling. One such problem in clinical medicine is the 
automatic segmentation and quantification of brain tumors. 
The model-aware affinities integrated into the multilevel 

segmentation by weighted aggregation algorithm, and apply 
the technique to the task of detecting and segmenting brain 
tumor and edema in multichannel magnetic resonance (MR) 
volumes.[3]. 

The flowchart of proposed system shown in Fig.1.The tumors 
segmentation is obtained through the computation of a 
minimal graph cut of the region adjacency graph obtained on 
the watershed segmentation of the image. The user has to 
interactively specify the location of the tumors as well as a 
marker to specify the background. A post-processing step is 
also proposed to smooth the segmentation result. This post-
processing step consists in a morphological opening of the 
segmentation. 

 

 

II. RELATED WORK 

There are lot of work available related to the proposed 
work, in which some of them are significant. It includes 

           Post processing 

Watershed Transform 

Region Adjacency Graph 

Tumor segmentation by 
Computation of Minimal Graph Cuts 

Original Image 

 User specified       
Markers 

Fig 1.Flow Chart of proposed method 
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automatic and semiautomatic for segmentation of brain into 
different tissues, including MS lesions. These approaches 
include a variety of methods such as statistical, fuzzy, neural 
networks, and fuzzy neural networks. 

Kamber et al. [4] developed a brain tissue model for 
segmentation of MR images of patients with MS disease. The 
offered model was three-dimensional, voxel based, which 
provided a priori probabilities for white matter, gray matter 
and CSF. 

The survey by Clarke et al. of segmentation methods for MR 
images [5] describes many useful image processing techniques 
and discusses the important question of validation. The 
various image processing techniques used for segmenting the 
brain can be divided into several groups: those required to 
perform a crude threshold-based extraction of the brain, 
followed by refinement of brain contours; statistical methods 
for brain segmentation, and region growing methods. 

The work by M. Kass, A. Witkins & D. Terzopoulos [6] in 
1988 is the basis for the active contour model, the Snake 
algorithm. The work by Mathews Jacob, Thierry Blu and 
Michael unser [7] presents different solutions for improving 
spline based snakes, and demonstrates the minimum curvature 
interpolation property used as an argument to get rid of the 
explicit smoothness constraint. 

The work of El Naqa et al [8] proposes a variational methods 
based on multivalued level set deformable models for 
simultaneous 2D or 3D segmentation of multimodality images 
or multiple image sets from the same modality.  

A multidimensional segmentation and filtering methodology 
for accurate blood flow velocity field reconstruction from 
phase-contrast magnetic resonance imaging (PC MRI) 
developed and validated by Kartik S. Sundareswaran, David 
H. Frakes et.al[9]. 

Yuri Boykov, Olga Veksler and Ramin Zabih [10] proposes an 
expansion algorithm that finds a labeling within a known 
factor of the global minimum, while swap algorithm handles 
more general energy functions. Both algorithms allow 
important cases of discontinuity preserving energies for image 
restoration, stereo and motion.  

Saracoglu et al. [11] modeled the problem using a method 
consisting of three steps: image tessellation, clustering, and 
classification. The image was tessellated into regions with 
similar properties using a region growing approach 
(tessellation step).Based on the “average” color information of 
the regions, clustering is performed. 

 A novel method for segmentation and classification of M-
FISH chromosome images is presented by Petros S. Karvelis, 
Alexandros T. Tzallas et al.[12]. The segmentation is based on 
the multichannel watershed transform in order to define 
regions of similar spatial and spectral characteristics. Then, a 
Bayes classifier task-specific on region classification, is 
applied. The combination of the multichannel segmentation 
and the region-based classification is found to improve the 

overall classification accuracy compared to pixel-by-pixel 
approaches. 

A very powerful segmentation method that has been widely 
used in image segmentation problems is the watershed 
transform (WT) [13]–[19]. Since its original application on 
grayscale images [13], [14], a very attractive computational 
form has been derived [15] and extended to color images [16]. 
An extensive review of the watershed algorithms can be found 
in [19].The watershed transform presents some advantages 
over other developed segmentation methods. 

1) The watershed lines form closed and connected regions, 
where edge based techniques usually define disconnected 
boundaries that need postprocessing to produce closed regions. 

2) The watershed lines always correspond to obvious contours 
of objects which appear in the image. 

The main problem of over-segmentation, can be usually 
overcome by the use of preprocessing or postprocessing, 
producing a segmentation that better reflects the arrangement 
of objects within the image. 

III.W ATERSHED BASED IMAGE TRANSFORM 

The proposed system starts with the original image and 
watershed transform of the image's gradient modulus is used 
for segmentation purpose. 

The validation is done comparing our segmentation with the 
physician’s delineation. Fig 1 shows the flowchart of the 
proposed method.  

A. Watershed Based on Dissimilarity Measures 

The watershed transform definitions can be slightly modified 
in such a way that it produces a segmentation according to 
different path based criteria. For image segmentation purposes 
the watershed transform is computed on the image's gradient 
modulus, usually the morphological gradient. The estimation 
of the gradient has thus also an importance for the quality of 
the segmentation. A first extension of the classical watershed 
transform of the gradient image is based on the local 
dissimilarity between neighbor pixels. This approach, called 
watershed by dissimilarity was originally proposed by Pard 
as[20] and Lotufo et.al in  [21]. 

Given a pixel adjacency graph G = (V;E;W), we consider 
the following edges weights mapping 

e i,j  Є  E , wi,j   =  (1/d(i,j ).|pi—pj) |+1) 

where i and j are two nodes of the graph, pi and pj are the grey 
level values of neighbor pixels of the image and d(i, j) is the 
distance between the two pixels. 

These edges weights represent the local estimation of the 
image's gradient modulus. Instead of computing the 
morphological gradient of the image at each pixel, the gradient 
is here estimated "between" the pixels. This weight map 
especially provides a better detection of thin contrasted 
objects. 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 5, August 2010 

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



 
This weight map has the main advantage to achieve a better 
detection of small details compared to the classical 
morphological gradient.  

IV.  GRAPHS IN IMAGE SEGMENTATION 

This section presents the graphs commonly encountered in 
imaging applications. A first level is the so-called "pixel 
adjacency graph". In a second level, an unsupervised low level 
segmentation of the image (i.e. a segmentation that provides 
much more regions than objects in the image) is used to build 
a "region adjacency graph”. 

A. Pixel Adjacency Graphs 

     In this case, the set of nodes of the graph is the set of 
pixels of the image, and the edges link neighboring pixels. For 
each image and an adjacency system is needed to build the 
corresponding pixel adjacency graph. Different common 
adjacency systems are illustrated in figure. 

 

Figure 1.  4 neighborhood adjacency system (V4). 

 

                                           

Figure 2.  8 neighborhood adjacency system (V8). 

 

 
Figure 3.  6 neighborhood adjacency system for 3D 

B. Region Adjacency Graph 

A region adjacency graph can be obtained from low-level 
segmentation of the image by numerous methods. It can be 
obtained from a first unsupervised clustering of the image, for 
instance one can apply the watershed transform [22, 23], flat 
zones labeling [24, 25], or k-means clustering [26] to obtain 
such low-level segmentations. 

The minimal cut problem on region adjacency graph is used 
instead of pixel adjacency graph since it is advantageously 
used to speed up and extend the presented techniques. 

V. IMPLEMENTATION  AND RESULTS 

The region adjacency graph is obtained from the watershed 
transform computed from all minima of the morphological 
gradient of the original MRI image using Meyer's algorithm. 
[27]. Then a region adjacency graph is extracted and used for 
the next optimization steps. The user specified markers are 
used to compute a minimal graph cut separating the markers 
specifying the myocardium and the external tissues. The 
markers that specify the myocardium denoted as the set of 
regions Mm. The markers specifying the tissues surrounding 
the myocardium are denoted by M ext. 

F(ri , rj) is defined as the set of edges of the pixel graph connecting 
two regions    ri and   rj of the low-level watershed segmentation.  

F(ri , rj)={e m,n      Є  E |   m      Є ri ,  n  Є rj }                             (1) 

The strictly positive and decreasing function g used as an edge 
indicator for the a minimal surface is 

g(||I(p)||)= (1/(1+||I(p)||)k                                                         (2) 

where the  k parameter was set to  2. 

The edges weights of the region adjacency graph GR=  (VR,  E R, 

W R ) are then set such that the weight of a graph cut equals 
the energy function of a surface defined as 

w r 
i , , rj  =  Σ  (g( || I(p)||))                                                       (3) 

The myocardium boundaries are finally extracted by 
computing a minimal graph cut of the region adjacency graph 
with weights given by (3). The minimal cut is obtained on the 
region adjacency graph with two additional nodes s and t, 
respectively connected to the markers of the myocardium and 
the markers of the external tissues. The edges weights of the 
graph are summarized in Table I. 
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TABLE I.  EDGE WEIGHTS OF GRAPH 

A. Dataset 

The imaging modality in this application is an isotropic 3D 
MRI. This imaging technology provides 50 to 120 slices 
covering the whole heart. The whole myocardium is not 
always visible on 3D MRI datasets, especially along the right 
chamber, because the myocardium is too thin in this area. 
Thus the left part of the myocardium which is outlined in 
green in Fig is segmented in our proposed method. The other 
parts of the myocardium have been obtained with manual 
segmentations. 

 
 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 4c. Minimal surface computed by proposed 
method 

A slice of a 3D Heart MRI superposed with a hand made 
segmentation is shown in figure 4a. The segmentation 
highlights the aorta (in red), the superior vena cave (in dark 
blue), the pulmonary artery, the right and left chamber (light 
blue) and the heart muscle (green and light red). 

C. Segmentation 

For each image, a reference segmentation done by an 
experienced radiologist is available.  

 

 
 
 
 
 
 
 

 

Figure 5a.  Liver tumors segmentation. (a) User specfied markers. 

 

              
Figure 5b.  Results of proposed segmentation strategy 

In order to evaluate the accuracy of the developed method, 
four scores are computed from five different evaluation 
measures. 

1) Volumetric  overlap: This score is computed as the 
number of voxels in the intersection of segmentation and 
reference, divided by the number of voxels in the union of 
segmentation and reference. This value is equal to 1 for a 
perfect segmentation and is equal to 0 as the lowest possible 
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Figure 4a.   A slice of a 3D Heart MRI 

 

          
 

Figure 4b. MRI  heart image superposed with 
markers 
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value, when there is no overlap at all between the 
segmentation and the reference. 

2) Relative absolute volume difference: The total volume 
of the segmentation is divided by the total volume of the 
reference. From this number 1 is subtracted, the absolute value 
is taken and the result is multiplied by 100. 

3)  Average symmetric absolute surface distance: These 
are defined as those voxels in the object that have at least one 
neighbor that does not belong to the object. For each voxel in 
these sets, the closest voxel in the other set is determined. All 
these distances are stored, for boundary voxels from both 
reference and segmentation. Taking the average of all these 
distances symmetric absolute surface distance is determined. 

4) Symmetric RMS surface distance: The squared 
distances between the two sets of border voxels   is taken and 
the root is extracted and gives the symmetric RMS surface 
distance. 
 

D. Comparison of Results: 

1) Training: The evaluation scores of our method 
calculated on a set of  MRI images presenting different tumors 
with known handmade segmentations. The evaluation scores 
compare our results with the radiologists segmentations. The 
important point is that these results have been obtained with 
the knowledge of the handmade segmentations. The results 
have been obtained such that the similarity between the two 
segmentations is visually satisfactory. 
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Figure 1.  Comparison between Training and Testing Results 

VI. CONCLUSION 

The developed tools, based on low-level segmentation and 
graph based methods, have been successfully used for various 
medical applications including tumors delineation and model 

creation for surgery planning and simulation. The challenging 
problems presented by medical applications forced us to 
imagine innovative methods that can tackle the problems 
linked with clinical applications. The method presented have 
all the characteristics to be used in real life applications: 
robustness, speed and precision. 

VII  FUTURE ENHANCEMENT 

The   minimal cuts can be extended to provide constrained 
segmentation models. These new constrained problems are 
solved in a linear programming framework. The major 
limitation of linear programming is the current inefficiency of 
generic solvers. An efficient linear program solver that can 
handle graphs representing large images can be developed. 
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Abstract— In this paper, we present a combinational approach 

for texture classification. The proposed method analyzes texture 

by 2D Discrete Wavelet Transforms (DWT); wavelet energy and 

some statistical features construct the features vector that 

characterizes texture. For improving accuracy the Probabilistic 

Neural Network (PNN), which is considered as a good estimator 

to the probability density function, is used as a classifier that 

maps input features vectors to the most appropriate texture 

classes. Two comparative evaluations have been done in order to 

ensure the effectiveness and efficiency of this model. 

Keywords- Texture classification, feature extraction, discrete 

wavelet transform, probabilistic neural network 

I.  INTRODUCTION  

Texture is the variation of data at scales smaller than the 

scales of interest [7]. Techniques for the analysis of texture in 

digital images are essential to a range of applications in areas 

as diverse as robotics, medicine and the geo-sciences. In 

biological vision, texture is an important cue allowing humans 

to discriminate objects. This is because the brain is able to 

decipher important variations in data at scales smaller than 

those of the viewed objects. Texture may be important as well 

in object recognition as it tells us something about the material 

from which the object is made. In order to deal with texture in 

digital data, many techniques have been developed by image 

processing researchers [14] [7]. 

Texture classification aims to assign texture labels to unknown 

textures, according to training samples and classification rules 

by finding the best matched category for the given texture 

among existing textures. Two major issues are critical for 

texture classification: the texture feature extraction and texture 

classification algorithms [4]. 

Texture feature extraction is considered as the main base of the 

efficiency of the texture classification algorithm. In order to 

design an effective algorithm for texture classification, it is 

essential to find a set of texture features with good 

discriminating power. Unfortunately, because of scale 

dependency of texture, its feature extraction has become a 

difficult problem. There have been many studies in solving 

texture classification problem based on various types of 

features and different methods of feature extraction. Most of 

the textural features are generally obtained from the application 

of a local operator, statistical analysis, or measurement in a 

transformed domain [14]. Generally, the features are estimated 

from Law’s texture energy measures, Markov random field 

models, Gibbs distribution models and local linear transforms 

were found not to be robust enough to allow one-to-one 

mapping between patterns and parameter sets for many 

reasons: the parameters computed rely on the model assumed, 

the neighborhoods used must not be self-contradictory and they 

rely on the number of samples available for each combination 

of neighborhoods. In short, no model fits the observed textures 

perfectly, and so no model parameters are perfect in capturing 

all characteristics of a texture image [7][8]. Other studies used 

Fourier transform domain, fractals and co-occurrence matrices. 

The co-occurrence features such as contrast, homogeneity etc., 

were found to be the best of these features that they are popular 

due to the perceptual meaning they have. However, they are 

not adequate for texture and object discrimination as they 

throw away most of the information conveyed by the co-

occurrence matrices [7]. 

In the recent years, wavelet analysis has become a powerful 

tool for multi-resolution analysis. Discrete Wavelet transform 

(DWT) and Gabor Transform are extensively used for texture 

analysis. While the DWT uses fixed filter parameters for 

image decomposition across scales, the Gabor Transform 

requires proper tuning of filter parameters for different scales 

of decomposition. Further, Wavelet based methods are shown 

to be efficient in detection, classification and segmentation for 

many reasons: the wavelet transform is able to de-correlate the 

data and achieve the same goal as the linear transformation, it 

provides orientation sensitive information which is essential in 

texture analysis and the computational complexity is 

significantly reduced by considering the wavelet 

decomposition [11][14].  

As denoted before the efficiency of any classification 

system depends on effective characterization as well as 
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choosing the appropriate classifier. Some classifier 

algorithms such as support vector machines are used in 

some works which faced some problems because of high 

algorithmic complexity and extensive memory requirements 

[16]; the distance classifier is also used for measurement of 

similarity and consequent labeling but it suffered from some 

limitation in speed and adding parameters may cause the 

classifier to fail. [4]. 

In this study, a hybrid model based on the combinational 

approach is proposed, which combine 2D Discrete Wavelet 

Transform (DWT) and Probabilistic Neural Network 

(PNN) for solving texture classification problem. In the 

hybrid configuration, the 2D DWT is used for texture 

analysis and constructing features vector that characterizes 

the texture image by capturing all essential information. 

The obtained features vectors are then fed into the PNN 

which is used as a good estimator to probability density 

function that help in mapping each texture feature vector 

to the best appropriate class with fast and efficient 

performance. For illustrating the effectiveness of this 

model, two comparative evaluations have been done.  The 

first one was among variety of wavelet filters for finding 

the best features extractor that provides the best 

characterization. The other was between the PNN and 

Backpropagation Neural Network (NN) as a classifier 

according to the mean success rates. 

This paper is organized as follows; in section II, Discrete 

Wavelet transform (DWT), Probabilistic Neural Network 

(PNN) and Wavelet energy are mentioned. The hybrid 

model of 2D DWT and PNN is described in section III. 

The effectiveness of the proposed hybrid model for 

classification of texture images and comparative 

evaluations are demonstrated in section IV .Finally, 

section V presents discussion and conclusion.  

II.  PRELIMINARIES 

A. Discrete wavelet transform   

Wavelets are functions that satisfy certain mathematical 

requirements. They are used to cut up data into different 

frequency components and then study each component with a 

resolution matched to its scale. The basic idea of the wavelet 

transform is to represent any arbitrary function as a 

superposition of wavelets. Any such superposition 

decomposes the given function into different scale levels 

where each level is further decomposed with a resolution 

adapted to that level [12]. 

By applying DWT, the image is actually divided i.e., 

decomposed into four sub-bands and critically sub sampled as 

shown in Figure 1. (a). These four sub-bands arise from 

separable applications of vertical and horizontal filters. The 

sub-bands labeled LH1, HL1 and HH1 represent the finest 

scale wavelet coefficients, i.e., detail images while the sub 

band LL1 corresponds to coarse level coefficients, i.e., 

approximation image. To obtain the next coarse level of 

wavelet coefficients, the sub band LL1 alone is further 

decomposed and critically sampled. This result in two- level 

wavelet decomposition as shown in Figure 1. (b).This process 

continues until some final scale is reached. The values or 

transformed coefficients in approximation and detail images 

(sub-band images) are the essential features, which are shown 

here as useful for texture analysis and discrimination. As 

textures have non-uniform pixel value variations, they can be 

characterized by the values in the sub-band images or their 

combinations or derived features from these bands [11]. 

 

 

 

 

 

 

 

 

 

 

 

 

B. Energy 

Energy is one of the most commonly used features for 

texture analysis [4]. Wavelet energy reflects the distribution 

of energy along the frequency axis over scale and orientation 

and has proven to be very powerful for texture classification. 

The energy of sub-band 𝐶  containing N coefficients is 

defined as in equation (1) [5], 

𝐸𝑛𝑒𝑟𝑔𝑦 =
1

𝑁
∙   𝐶 𝑏𝑖 , 𝑏𝑗   

2

 𝑁
𝑖 ,𝑗                 (1) 

C.  Probabilistic neural network 

It is shown that, by replacing the Sigmoid activation function 

often used in neural networks with an exponential function, a 

neural network can be formed which computes nonlinear 

decision boundaries. The resulted network is considered as 

an estimator to the probability density functions which can 

be used to map input patterns to output patterns and to 

classify patterns. This technique yields decision surfaces 

which approach the Bayes optimal under certain conditions 

[3]. 

PNN is a kind of these networks that called radial basis 

network. It is an artificial neural network with radial basis 

function (RBF) as a transfer function. RBF is a bell shape 

function that scales variable nonlinearly [15]. This network 

provides a general solution to pattern classification problems 

by following an approach developed in statistics, called 

Bayesian classifiers [6]. PNN is suitable for these kinds of 

classification problems for many advantages: Its training 

speed is many times faster than standard feed forward 

backprobagation network, it can approach a Bayes optimal 

result under certain easily met conditions and it is robust to 

noise examples.  

  The most important advantage of PNN is that training is easy 

and instantaneous that weights are not “trained” but 

assigned. Existing weights will never be alternated but only 

new vectors are inserted into weight matrices when training. 

So, it can be used in real-time. Since the training and running 
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procedure can be implemented by matrix manipulation, the 

speed of PNN is very fast [15]. 

 

The probabilistic neural network uses a supervised training 

set to develop distribution functions within a pattern layer. 

These functions, in the recall mode, are used to estimate the 

likelihood of an input feature vector being part of a learned 

category, or class. The learned patterns can also be 

combined, or weighted, with the a priori probability, also 

called the relative frequency, of each category to determine 

the most likely class for a given input vector. If the relative 

frequency of the categories is unknown, then all categories 

can be assumed to be equally likely and the determination of 

category is solely based on the closeness of the input feature 

vector to the distribution function of a class [6][1].  

 

Probabilistic neural networks can be used for classification 

problems. When an input is presented, the first layer 

computes distances from the input vector to the training 

input vectors and produces a vector whose elements indicate 

how close the input is to a training input. The second layer 

sums these contributions for each class of inputs to produce 

as its net output a vector of probabilities. Finally, a competed 

transfer function on the output of the second layer picks the 

maximum of these probabilities, and produces a 1 for that 

class and a 0 for the other classes. The architecture for this 

system is shown below in Figure 2. [6]. 

It is assumed that there are 𝑄 input vector/target vector pairs. 

Each target vector has 𝐾 elements. One of these elements is 

1 and the rest are 0. Thus, each input vector is associated 

with one of 𝐾 classes. 

The first-layer input weights 𝐼𝑊1 are set to the transpose of 

the matrix formed from the 𝑄  training pairs,  𝑃′ . When an 

input is presented, the || 𝑑𝑖𝑠𝑡 || box produces a vector whose 

elements indicate how close the input is to the vectors of the 

training set. These elements are multiplied, element by 

element, by the bias and sent to the radial basis transfer 

function. An input vector close to a training vector is 

represented by a number close to 1 in the output vector a1. If 

an input is close to several training vectors of a single class, 

it is represented by several elements of a1 that are close to 1. 

The second-layer weights 𝐿𝑊2  are set to the matrix T of 

target vectors. Each vector has a 1 only in the row associated 

with that particular class of input, and 0’s elsewhere. The 

multiplication Ta1 sums the elements of a1 due to each of the 

𝐾 input classes. Finally, the second-layer transfer function, 

compete, produces a 1 corresponding to the largest element 

of n2, and 0’s elsewhere. Thus, the network classifies the 

input vector into a specific 𝐾 class because that class has the 

maximum probability of being correct [9]. 

 

 

 

 

 

 

 

 
 

 

The bias b allows the sensitivity of the radial basis neuron to 

be adjusted. Each bias in the first layer is set to 

0.8326/SPREAD. This determines the width of an area in the 

input space to which each neuron responds. SPREAD should 

be large enough that neurons respond strongly to 

overlapping regions of the input space [13]. 

 

The Probabilistic Neural Network is based on Bayesian 

classification and the estimation of probability density 

function that is necessary to classify the input vectors into 

one of the target classes approaching the Bayesian optimality 

[15]. 

III. HYBRID MODEL FOR TEXTURE CLASSIFICATION 

The texture classification scheme is based on two 

principles, choosing features that provide the best 

characterization to the texture image and working with fast, 

easy and robust classifier in order to reach the best 

classification result. 

In this study a viable algorithm with high precision and 

low calculating load is proposed to classify texture images 

using wavelet transform and its combination with 

probabilistic neural network. In the proposed combinatory 

configuration the DWT and PNN function as black boxes 

in a complementary manner. The functionality manner 

involved can be combined in two phases: 

 

i. Texture characterization phase and  

ii. PNN classification phase. 

 

The texture classification phase starts with taking the texture 

images as an input and with the help of the DWT, the texture 

images are analyzed and features vectors are constructed. 

The obtained features vectors are entered to the PNN for 

training which starting the PNN classification phase that 

continues with testing and ends with displaying the 

classification result as illustrated in Figure 3. 

 

 

 

 

 

Figure 2.  PNN Architecture 
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A. Texture characterization phase 

In order to overcome the obstacle of texture 

characterization due to its scale dependent property, the 

discrete wavelet transform is used as a powerful tool for multi-

resolution analysis. 

For wavelet decomposition of various texture images, the 

decomposition at 1-level is performed using different 

wavelet transform filters. Thus, the image is decomposed 

into one approximate image with one approximation 

coefficients LL and three detail images with horizontal LH, 

vertical HL and diagonal HH detail coefficients.  

Wavelet transform of an image measures light fluctuation in 

different scales. Therefore, the wavelet energy that reflects 

the distribution of energy along the frequency axis over scale 

and orientation is calculated for the approximation and the 

detail coefficients matrices. Also to increase sensitivity and 

precision, some wavelet statistical features are calculated 

such as the mean and the standard deviation of the 

approximation matrix as well as the mean and the standard 

deviation of the detail coefficients matrices; and then they 

are added to image features.  The features obtained construct 

a feature vector with 12 elements organized as illustrated in 

Figure 4. The first four elements represent wavelet energy of 

the approximation and the detail coefficients matrices which 

is computed as in equation (1).  

The second four elements represent the arithmetic mean of the 

approximation and the detail coefficients matrices which 

calculate the standard average of matrix elements that is 

computed as in equation (2), 

𝑥 =
1

𝑁
∙  |𝐶(𝑏𝑖

𝑁
𝑖 ,𝑗 , 𝑏𝑗 )|                                                     (2) 

 

And the last four elements represent the standard deviation of 

the approximation and the detail coefficients matrices which 

measure the variability in matrix elements and are computed 

as the square root of variance as in equation (3), 

𝑆 =  
1

𝑁−1
  𝑥𝑖 − 𝑥  2𝑁

𝑖=1                                                  (3) 

 

Wavelet Energy Mean Standard Deviation 
LL LH HL HH LL LH HL HH LL LH HL HH 

 

 
Hence, at the end of this phase, each texture image has been 

well characterized by 12 elements features vector that captures 

all essential information needed for discrimination. 

B. PNN classification phase 

PNN is considered as a good estimator to probability 

density function that can be used to map input patterns to 

output patterns and to classify patterns efficiently with fast 

execution and ease implementation.  

PNN classification phase has two parts, training and testing. 

After constructing the features vectors that represent the 

texture images in the texture characterization phase, the 

network is trained with the features vectors and the 

corresponding texture images as described in the following 

steps: 

 

1) The input is of size 𝑅 × 𝑄 with feature elements 

𝑅 = 12 and training samples𝑄. 

2) Radial basis layer weight 𝐼𝑊1 is set to the transpose 

of the 𝑅 × 𝑄 matrix of training samples that 𝐼𝑊1 is of 

size𝑄 × 12. 

3) The dot product between the input vector 𝑝 with size 

12 × 1and the 𝑖𝑡ℎ  row of 𝐼𝑊1 produces the 𝑖𝑡ℎ  

element of the distance vector ||𝐼𝑊1 − 𝑝|| whose 

size𝑄 × 1. 

4) The radial basis layer biases 𝑏 are all set to0.8326 ∕
𝑆𝑃𝑅𝐸𝐴𝐷, that 𝑆𝑃𝑅𝐸𝐴𝐷 is a constant chosen 

according to experiment. 

5) The net input 𝑛1 is obtained from element-by-element 

multiplication of the bias vector 𝑏 with the distance 

vector ||𝐼𝑊1 − 𝑝||that denoted as  

 

𝑛1 = ||𝐼𝑊1 − 𝑝|| ∙∗ 𝑏                                              (4) 

 

6) The transfer function is the radial basis function that  

         defined as in equation (5) and its shape is illustrated 

         in Figure 5. 

 

𝑎 = 𝑟𝑎𝑑𝑏𝑎𝑠 𝑛 = 𝑒−𝑛2
                                          (5) 

 

Figure 3. Structure of Hybrid Classification model 
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If the input 𝑝  is identical to the 𝑖𝑡ℎ  row of  𝐼𝑊1 , then the 

𝑖𝑡ℎelement of 𝑎1 is equal to 1 

If the input 𝑝 is close to the 𝑖𝑡ℎ  row of 𝐼𝑊1 , then the radial 

basis function produces a value near 1, else it produces a value 

far from 1. 

7) Competitive layer weights matrix 𝐿𝑊2 is set to      

      𝐾 × 𝑄 matrix with target classes𝐾. 

8) In competitive layer, the vector 𝑎1  is multiplied with 

matrix 𝐿𝑊2  producing the output vector 𝑛2  of size 

𝐾 × 1. 

9) The competitive function 𝐶  produces 1 corresponding 

to the largest value of 𝑛2  and 0 elsewhere. 

10) For testing the network, an unknown features vector is 

entered as input and the network classifies it according 

to the class associated with the largest probability. 

 

IV. EXPERIMENTAL RESULT 

In order to assess the discrimination capability of the proposed 

hybrid model, experiments are conducted with 14 Vision 

Texture (Vistex) images database, each of size 512×512 which 

is divided into sub-images of size 64×64 for totally 896 texture 

images with 14 texture classes. 

First, for applying texture characterization phase, one-level 

wavelet decomposition is applied to each texture image using 

db2, sym6, db5, bior2.2, coif2, db3 wavelet filters separately. 

After extracting the features, each texture image is 

characterized and represented with 12 elements features vector 

constructing totally 896×12 features vectors for all texture 

images used. Then, before entering the second phase, the PNN 

classification phase, the features vectors obtained at the end of 

the texture characterization phase are divided into 756 features 

vectors for training and 140 for testing. 

Finally, the PNN is trained with 756×12 input features vectors 

and 14 target classes. After training, the PNN is tested with 

140×12 features vectors. 

For illustrating the effectiveness and efficiency of this 

model, two comparative evaluations have been done.  The 

first one was between features extracted by the chosen 

wavelet filters according to the corresponding success rate in 

order to evaluate the efficiency of characterization for each 

filter. And the other was between the PNN and 

Backpropagation NN as a classifier according to the mean 

success rates for each classifier. The obtained results are 

discussed below. 

 

The number of incorrect classifications of the PNN to the 

tested texture images using the wavelet filters mentioned 

before is tabulated in TABLE I. It is found that the wavelet 

filters db2, bior2.2 and db3 give the best characterization to 

texture images Bark.0000 and Paintings.11.0003, wavelet 

filters sym6, bior2.2 and coif2 give the best characterization to 

leaves.0008, wavelet filters db2, sym6 and bior2.2 give the 

best characterization to Metal.0004 and wavelet filters sym6, 

db5, coif2 and db3 give the best characterization to 

Flowers.0006. 

TABLE I.THE NUMBER OF INCORRECT CLASSIFICATIONS WITH VARIOUS 

WAVELET FEATURES 

No Texture images 

Number of incorrect classifications 

(db2) (sym6) (db5) (bior2.2) (coif2) (db3) 

1 Bark.0000.pgm 1 3 2 1 3 1 

2 Bark.0006.pgm 1 1 1 1 1 1 

3 Fabric.0015.pgm 1 1 1 1 1 1 

4 Flowers.0006.pgm 2 1 1 2 1 1 

5 Food.0000.pgm 0 0 0 0 0 0 

6 Leaves.0008.pgm 1 0 1 0 0 2 

7 Metal.0002.pgm 0 0 0 0 0 0 

8 Metal.0004.pgm 0 0 1 0 1 2 

9 Misc.0003.pgm 1 1 1 1 1 1 

10 Paintings.11.0003.pgm 2 4 3 2 4 2 

11 Water.0001.pgm 0 0 0 0 0 0 

12 Stone.0004.pgm 1 1 1 1 1 1 

13 Wood.0002.pgm 0 0 0 0 0 0 

14 Water.0005.pgm 0 0 0 0 0 0 

 

The mean success rates of the chosen wavelet filters are shown 

in Figure 6. It is found that the characterization of texture 

images using bior2.2 wavelet filter has the highest mean 

success rate (93.57%) and the lowest mean success rate 

(90.72%) was to the characterization using coif2 wavelet filter 

which is observed in Figure 7. 

 
 

Figure 6. The mean success rates of various wavelet filters 
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Figure 7. Comparison between the best and the worst characterization   

according to the corresponding correct classification rates of 14 texture 

classes. 

The features vectors that have been obtained from bior2.2 

wavelet filter which represent the best characterization of the 

texture images have been used to compare the performance of 

the PNN used in this model and the Backpropagation NN in 

classification. 

As illustrated in Figure 8, the mean success rate that has been 

obtained over the 14 texture classes using the PNN is far more 

than the other obtained using the Backpropagation NN. In 

addition to the great differences in speed and simplicity of the 

performance between the two classifiers prove the 

effectiveness and efficiency of the PNN that has been used in 

this model with respect to Backprobagation NN.  

 

 

Figure 8. Comparison between the mean success rates that have been 
obtained using the PNN verses the mean success rates that have been 

obtained using Backpropagation NN. 

V. CONCLUSION 

Texture classification problem has become the business of a 

lot due to its great effect on many fields. As an attempt to 

solve this problem many studies have been done in spite of 

hindrances they suffered in the two sides, characterization and 

classification. As for characterization, researchers tried to 

choose features that provide the best representation of the 

texture images in the presence of texture scale dependent 

property. While they work on the use of the appropriate 

classifier algorithm to provide the best discrimination 

capability. 

 

In this work a hybrid model is presented to classify texture 

images. The 2D DWT is combined with the PNN constructing 

this hybrid model. The discrete wavelet transform is used as a 

powerful tool for multi-resolution analysis so it is used for 

texture analysis as an attempt to overcome the obstacle of 

texture scale dependent property. The PNN is a radial basis 

network that is considered as an estimator to the probability 

density functions which can be used to map input patterns to 

output patterns and to classify patterns. The PNN is suitable 

for these kinds of classification problems that it can approach 

a Bayes optimal result under certain easily met conditions;  as 

well as the training is easy, fast and robust. 

The structure of the proposed hybrid model is divided into two 

phases. The first phase is the texture classification phase in 

which 1-level wavelet decomposition has been performed and 

4 sub-bands have been obtained representing the 

approximation, vertical, horizontal and diagonal detail. As a 

way to select features that capture all the essential information 

needed to uniquely characterize the texture, wavelet energy 

that reflects the distribution of energy along the frequency axis 

over scale and orientation has been calculated for the 

approximation and the detail coefficients matrices. Also to 

increase sensitivity and precision, some wavelet statistical 

features are calculated such as the mean and the standard 

deviation of the approximation matrix as well as the mean and 

the standard deviation of the detail coefficients matrices; and 

then they are added to image features. The features obtained 

construct a feature vector with 12 elements which is fed with 

the corresponding target class as input to the PNN starting the 

second phase, the PNN classification phase. In the PNN 

classification phase, the PNN is trained with the input features 

vectors then it is tested with other features vectors for 

evaluating its discrimination capability.  

 

Experiments have been conducted for evaluating the 

performance of the proposed hybrid model. The model proved 

that the features derived from the approximation and detail 

coefficients, the wavelet energy and the statistical features, 

uniquely characterize a texture. In order to find the best 

features extractor a comparative evaluation has been done with 

features extracted by different wavelet filters and the 

corresponding correct classification rates. Another 

comparative evaluation with respect to classifiers has been 

performed between the PNN and Backpropagation NN which 

provided great evidence about the effectiveness of the PNN as 
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a classifier for texture images with simple structure, fast 

execution and high performance.  

This hybrid classification model achieved a good progress in 

solving the texture classification problem by the proposed 

complementary manner of the 2D DWT and PPN. Compared 

with other methods, the system functionality is fast in 

execution, efficient in recognition and easy in implementation.  

We are still in a need of finding more features that capture 

more essential information of texture in order to provide the 

best characterization and achieve the optimal classification 

results. More extended efforts are under development in order 

to improve the efficiency of the system.  
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Abstract— A simple method for synthesizing and optimizing 
Cellular Neural Networks is proposed. Based on the Rough 
Sets concept and the comparison principles for ordinary 
differential equations, a mathematical system of inequalities 
and the optimal cloning template structure are discovered. 
By solving this system of inequalities, the derived parameters 
are represented to be the Cellular Neural Networks 
templates. These parameters guarantee correct operations of 
the network. To represent a more robust template, a 
randomized search and an optimization technique guided by 
the principles of evolution and nature genetics with 
constrained fitness and, penalty functions, has been 
introduced. Applying our introduced method to different 
applications shows that our new method is robust. 

 

Keywords-component; Rough Sets; Cellular Neural Networks, 
Comparison principles; Template Robustness; Genetic Algorithms 

I.  INTRODUCTION 
Cellular Neural Networks [2], CNN were invented to circumvent 

this curse of interconnecting wires. The problem gained by the fully 
connected Hopfield Network [10], is by decreasing that and there 
should be no electrical interconnections beyond a prescribed sphere of 
influence. This makes it easy to be implemented via physics device as 
VLSI (Very Large Scale Integrated) Circuit. During the CNN 
invention period, due to the lack of any programmable analogic CNN 
chips, the templates were designed to be operational on ideal CNN 
structures. These structures were simulated on digital computers. 
Later, several templates learning and optimization methods were 
developed. The goal of these methods was template generation, 
dealing with ideal CNN behavior but without much regard to 
robustness issues. As a result, a large number of templates were 
introduced. Some of these templates were designed by using template 
learning algorithms, but most of them were created relaying on ad hoc 
methods and intuition. Since the programmable CNN chips were 
fabricated, many of these templates were found to work incorrectly in 
their original form (i.e. as used in software simulators). Consequently, 
new chip- independent robust template’s design methods were 
introduced. According to previous studies [8], the actual template 
values at each cell will be different from the ideal ones. This is mainly 
due to the noise in the electrical components, superfluous cells as well 
as the template parameters. This results in some cells responding 
erroneously to some inputs. An improvement  

should be achieved by designing robust templates for a given 
CNN’s operations so that they are most tolerant against parameter 
deviations. This can be achieved by removing the cells that have no 
effect on classifying the output, and superfluous cells, removing noise 
in the training data, and discovering the optimal template parameters. 

In this paper, we introduce an analytical method to synthesize a CNN 
for solving a given problem. Our introduced method relies on Rough 
sets concepts [15] in discovering the optimal template structure by 
removing the superfluous neighboring cells which have no effect on 
classifying the cell’s output. Another important concept of rough sets 
is its ability to determine the significance of each neighbor cell. This 
rough sets’ feature gives us the idea to define a new measure called the 
sign measure. This measure is used in deducing the relation among the 
template parameters. Also, by rough set concepts the similarities in the 
input data are discovered and excluded, which will result in reducing 
the learning time. Moreover, it is able to discover the optimal local 
rules of the most simplified construction, which (almost) preserve 
consistency with data and classify so far unseen objects with the 
lowest risk of error. Therefore the capability of classifying more 
objects with high accuracy, increase the CNN template robustness, and 
that needs neglecting cells being the source of redundant information. 
Depending on the local rules, our method uses a simple procedure of 
the so-called comparison principle [3], which provides bounds on the 
state and output waveforms of an analog processing cell circuit. We 
will be able to find conditions on the elements of the CNN, ensuring a 
correct functioning of the CNN for a particular application. To find the 
global minima, even in a noisy and discontinuous search space and 
without using differentiable information about the cost function, 
Genetic Algorithms with constrained fitness function [17] that takes 
into account the hardware implementation is used. This research work 
is an extension of the previous work [6], where a special case of CNN 
is handled. Rough sets are used in discovering the optimal CNN 
template structure. Also, the comparison principle technique is used to 
treat the regular discovered rough sets' rules to be a set of inequalities 
that constraints the CNN structure. The problem of uncoupled CNN in 
designing a simple application of edge-detection CNN. is solved. 

The rest of this paper is organized as follows: Section 2 explains 
the role of rough set concepts in reasoning about cells and concludes 
the optimal local rules that describe the CNN dynamic. Section 3, 
describes the Genetic algorithm in learning the cloning templates. 
Sections 4 presents the experimental results on some simple 
applications and then section 5 concludes the paper. 

II. ROUGH SETS IN REASONING ABOUT CELLS 
 Cellular Neural Networks [4] is any spatial arrangement of 
nonlinear analogue dynamic processors called cells. Each cell 
interacts directly within finite local neighbors that belong to the 
sphere of influence }|)||,max(||{)( rljkicijN klr ≤−−=  
and characterized by a nonlinear dynamical system. This dynamical 
system has an input u , a state x  evolved by time according to some 
prescribed dynamical laws, and an output y , which is a function of 
the state. The cell dynamics are functionally determined by a small 
set of parameters which control the cell interconnection strength 
called templates. It is characterized by the following equations [1]. 
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,||,1|)(1,1)0(1 max                  (3)  (3) 

A and B are the feedback and the feed-forward templates 
respectively, and z  is the search bias threshold. The machine uses 
the simple CNN in a time-multiplexed fashion, analogous to the ALU 
of the microprocessor, by controlling the template weights and the 
source of the data inputs for each operation. The machine supplies 
memory and register transfers at each cell that allow the outputs of 
the CNN operations to be combined and/or supplied to the inputs of 
the next operations, thereby allowing more complex algorithms to be 
implemented. Then, for any input patternU , the output for each cell 

)(∞ijy  is uniquely determined by only a small part of U , depicted 

in Figure 1 where the radius of the sphere of influence 1=r , 
exposed to )12()12( +×+ rr  transparent window centered at cell 

ijC . According to the complete stability theorem of the uncoupled 

CNN [1] [5], the output )(∞ijy  is considered as a function 

in )12)(12( ++ rr of input variables in addition to a predefined 

initial state 0x , ),...,,( )12)(12(10 ++= rrij uuxfy . The 

functionality of the uncoupled CNN is a one-one mapping from U  

to Y  for a predefined initial state 0x that describe the dynamic at 

0=t . 
 Hence, the dynamic for space invariant uncoupled CNN 
can be completely described by a Knowledge Representation System, 
KRS, ),( 0 YCXUS ∪∪=  where U is the whole universe of 

input pattern and C  is the neighbor cells, Y is the output from a 
predefined initial state 0X , CY ∉  [4]. Then, every row h  in S is 
considered as an if-then rule by the form; 
 

hhhhh yythenucucuctxcif =====     ))(&...&)(&...&)(&))((( 99551100
  (4) 

 
To summarize, it can be described as a CY  decision rule ψφ →  

where the predecessor φ  is a conjunction of 

1)12)(12( +++ rr of input cells, ),( h
ii uc , and the successor ψ  

is the classified output. This means, the whole KRS looks like a 
collection of CY  decision rules or in short CY  decision 

algorithm, UmYCDec m
kkk ≤≤→= = 2 ,}{),( 1ψφ . This 

decision algorithm  can be treated by an algorithm for synthesis of 
decision rule from decision table. Rough Sets [12][15] provides a 
mathematical technique for discovering the regularities in data, which 
aims to obtain the most essential part of the knowledge that 
constitutes the reduced set of the system, called the reduct. It depends 
on the analysis of limits of discernibility of subsets of objects from 
the universe of discourse U. For this reason, it introduces two subsets, 
the lower and upper approximation sets. With every subset of 
attribute CC ⊆ , any equivalence relation CI  on U can easily be 
associated to; 

)}()(,every for  :),{( ycxcCcUyxI iiiC =∈∈=             (5) 
 
Then

ii cCcC II ∈∩= . If UX ⊆ , the sets 

}][:{ XxUx C ⊆∈  and }][:{ φ≠∩∈ XxUx C  where 

Cx][  denotes the equivalence class of the object Ux∈  relative to 

CI , which are called the C -lower and C -upper approximation of 

X  in S. Through this paper, rough set relies on discovering the 
consistency relation among the rules, by means of decision language, 
and determining the dependencies among data. The rules of the most 
simplified construction, (almost) preserve consistency with data, are 
likely to classify so far unseen object with the lowest risk of error. 
Therefore, to be capable of classifying more objects with high 
accuracy, we need to neglect cells being the source of redundant 
information, i.e. use the reduct of attributes.  
 
Definition 1: if for every ψφ → , ψφ ′→′ ),( YCDec∈ , we 

have φφ ′=  implies ψψ ′= , then ),( YCDec  is called consistent 
algorithm, otherwise it’s called inconsistent algorithm. Also we 
defined the positive region of ),( YCDec denoted ),( YCPOS  to 
be the set of all consistent rules in the algorithm. 
 A cell attribute Cci ∈ is dispensable (superfluous) in 

),( YCDec  if ),( YCPOS  = )},{( YcCPOS i− ; otherwise the 

cell attribute Cci ∈  is indispensable in ),( YCDec . The 

algorithm ),( YCDec  is said to be independent if all Cci ∈  are 

indispensable in ),( YCDec . 

 The set of cell attributes CC ⊆  will be called a reduct of 

),( YCDec , if ),( YCDec  is independent and 

),( YCPOS = ),( YCPOS . Based on the significance of each cell, 
the algorithm to compute the reduct is as follows; 
 

1- Let ϕ=R , },,,,{ )12)(12(210 ++= rrccccC K and 0=i  

2- Compute the accuracy measure of the original table 

),(
),(

YCDec
YCPOS

k =  

3- While ))12)(12(( ++<= rri  do 

a- Compute the accuracy measure by dropping the cell iC , 

),(
)},{(

YCDec
YcCPOS

k i
i

−
=  

b- If ( 0=−= ic kk
i

γ ) 

- Let }{ icRR ∪= and  

- }{ icCC −=  

                    c-  1+= ii  
 

icγ  is called the cell significance which represents the bifurcations 

in the CNN dynamical system caused by removing the cell ic . If k 
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equals one, i.e. consistent algorithm, then the algorithm describes a 
complete stable dynamic. Suppose that the CNN dynamic could be 
represented by a decision algorithm and then study the affection of 
consistency relation in realizing the optimal template structure of a 
single layer CNN through the following theorems. 
 
 Theorem 1: Any consistent algorithm can be recognized by a CNN 
template for which, for all linear cells, there is no other direct 
connected linear cells, where a cell ijC  is directly connected to a cell 

mnC  if rmi ≤−  and rnj ≤− , i.e. )(ijNC rmn ∈  and the 

feed-back synapse 0, ≠−− njmiA . 

Proof: Let LC  be a linear cell, i.e. )()( tytx = . For any consistent 

algorithm, all cells that are directly connected to LC  must have 

constant output. Then the dynamics of )(txL  in the linear region 

governed by qatx
dt

dx
cL

L +−= )1)((  where q comprises the 

contribution of the neighbor output values from the input, bias, and 
boundary which is constant by assumption as long as LC  is linear. 

00Aac = , where 00A is the center element of the A -template. The 
solution is a single exponential function with a positive argument, 
which guarantees that the equilibrium lies in the saturation region. 

Hence the sign of 
dt

tdxL )(
 determines the output values of the 

neighboring cells and can not change while the linear region. 
Therefore, the template is uncoupled CNN or there is no direct 
connected linear cells. 
 
Corollary 1: Any inconsistent algorithm can not be realized by a 
single layer space invariant CNN without directly connected cells. 
 
Proof: we prove that using contradiction by considering the opposite 
i.e. consider its inconsistent algorithm and can be represented by 
CNN with no directly connected cells. Then, the CNN dynamic can 
be represented by 

zBUWIAAWAX
dt
dX

+=−=+=  and )1(, 00 , I  is the 

identity matrix         (6) 

Then, tAeCX )1(
0

00−=  and ),(00 WACC =  is a linear function 
depends on a self-feedback constant value and the offset level which 
is a function of the input pattern. Hence the trajectory depends on 
anential function on time, i.e. it’s a continuous monotonic function 
converges to a single equilibrium point. Thus, consider that 

),( YCDec∈→ψφ  and since φ  based on the input pattern, 0C  
is a constant value, and ψ is determined by a linear piecewise 
function in Equation (2) as function in the trajectory which converges 
to a single equilibrium point. Hence ψ is a one-one function which 
contradicts the definition of inconsistence. Therefore, we reject our 
assumption which completes the proof. 
 
 Since consistency of the algorithm gives no promise for the 
linearly separable, such as XOR logic function which is consistent but 
non-linearly separable, then the algorithm should be checked for 
linear separability. If it is a consistent algorithm and linearly 
separable, it can be recognized by a stable dynamic with memoryless 

parameters, and synaptic weights, according to the following 
theorem; 
 
Theorem 2: Any consistent algorithm which is linearly separable and 
has 0c  as a superfluous attribute, it can be recognized by a single 
layer CNN with memoryless synaptic weight. 
Proof:  
Since CNN is a massively parallel architecture working with analog 
signals, and as the path of information is an analog to digital 
converter, then our proof will be concentrated on the binary output 
only. 
 
Case 1: (binary input signals)  
 Since any consistent algorithm with binary signals can be seen as a 
truth table, then it can be determined by a statement form in which 
the only connectives occurring are from amongst, ( ∨∧,~, , negation, 
conjunction and disjunction functions). Since for any local linearly 
separable Boolean function, there exists a barrier (plane) satisfies that 
the output at each cell ],sgn[ bxay −><= . According to [1], 

they proved that any local Boolean function ),...,,( 921 xxxβ  of 
nine variable is realized by every cell of an uncoupled CNN. This 
happens if and only if (.)β can be expressed explicitly by the 

formula [ ]bxa −><= ,sgnβ  where >< xa,  denoted the 

product between the vectors ],...,,[ 921 aaaa =  and 

],...,,[ 921 xxxx = , where RbRai ∈∈ ,  and }1,1{−∈ix  is 

the ith Boolean variable, i =1,…,9. Hence, there exists a single layer 
CNN with memoryless synaptic weights that realize the output, 
which satisfy the proof. 
 
Case 2: (analog input signals) 
 We prove by considering the opposite, i.e. the output can not be 
recognized by a single layer CNN. Thus, by a single layer there exists 
an error corresponding to some cells EC . This means that some cells 
remains in the linear saturation region or in the opposite saturation 
region. From theorem 1, any cell in the CNN including EC should 
be realized a template for which, for all linear cells, there is no other 
directly connected linear cells, which is completely stable dynamic, 
i.e. all cells should belong to only one of the positive or negative 
saturation region. Hence, EC  should be in opposite saturation 

region, this case should be happened when EC  located in one of the 
degenerate cases. From the assumption about the binary output, there 
is only one degenerate case when the self-feed back 00A  is greatest 
than one (i.e. CNN dynamic depends on the initial state), which 
contradicted with theorem 1 and 0c  is the superfluous attribute. This 
leads us to reject our assumption and the consistent algorithm is 
recognized by a single layer. Since the algorithm is linearly 
separable, the output can be recognized by a single layer CNN with 
memoryless synaptic weights. 

 After determining the set of reduct C  and cells significance, we 
construct the CNN structure by removing the cells that corresponding 
to the attributes in the set R , the set of superfluous cells. Also, the 
decision table should be modified by removing the columns 
corresponding to the superfluous cells. Coupled to this, if 0c  belongs 
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to the set of reduct C , i.e. the cell significance 0
0
≠cγ , we can say 

that the output depends on the initial state, i.e. we should choose a 
strong positive self feedback weight 100 >A  [4]. 
Corollary 2: Any consistent algorithm which is linearly separable can 
be recognized by a single layer Uncoupled CNN. 
Proof: the proof comes as a direct result from theorem 1 and theorem 
2.  
 
Corollary 3: Every consistent local function of nine variables can be 
realized by ORing Uncoupled CNN. 
Proof: This corollary is a direct result for the Min-term theorem [4] 
and theorem 1. 
 Since inconsistence of the algorithm that describes a dynamical 
system comes from noise in the handled data, this case is out of this 
paper scope, or from some activate cells that evolved by time, then 
there exists at least a direct connected linear cell that has its own 
effect on the center cell. This gives us the direction to expand our 
problem to handle the general case of the coupled CNN. To discover 
the optimal template structure of the coupled CNN, we will consider 
more constraints on the stability of the network. However, the 
stability of the CNN as a dynamical system gives a promise for a 
locally regular dynamic system. In regular dynamic system, A phase 
diagram for a given system may depend on the initial state of the 
system (as well as on a set of parameters), but often phase diagrams 
reveal that the system ends up doing the same motion for all initial 
states in a region around the motion, almost as though the system is 
attracted to that motion. Such attractive motion is fittingly called an 
attractor, a trajectory, for the system and is very common for forced 
dissipative systems.  
 Our model depends on considering more constraints for the 
stability so that the output of the neighboring cells around the 
attractors should have their effect on classifying the center cell’s 
output. In inconsistence criteria, our model includes the output of 
some neighbor cells as additional attributes that able to classify the 
center cell output to deduce a modified decision table. This can be 
done by adding the output of the neighbors’ active cells except the 
cell itself, wherever the cell output classify itself, that belong to the 
sphere of influence ),( jiNr , )12)(12( ++ rr of the cells that 

represent the desired output pattern, to the reduced cells C .   That is 
because of discovering the active output cells from the modified table. 
In the modified table, the set of attributes C will be expanded to be; 

 { }jiNkyijNyyCC ijrkk +−=∈∪= )1(,/)(|               (7) 

where its size 1||)12)(12(|| −+++= CrrC . Based on the 
modified table, rough set concept will check the consistent rules. 
According to the consistency of the modified algorithm, we deduce 
that the number of layers and the optimal coupled CNN structure for 
increasing the radius to the sphere of influence in purpose of getting 
more attributes to classify the cell output. If the modified algorithm 
were still inconsistent, then we should add additional layers to 
represent the algorithm according to the later corollary; 
 
Corollary 4: The modified algorithm that is inconsistent can not be 
recognized by a single layer CNN. 
Proof: If we define  

∑∑
∈

−−
∈

−− ++=
ijklijijkl NC

kljlik
CNC

kljlikij zuBtyAtg ,
}{\

, )()(  We 

can restate the state equation of the coupled CNN as follows 
 )()()( 00 tgtyAtxx ijijijij ++−=&  

By corollary 1, we prove that this can not be realized by single layer 
CNN. 
 
Definition 2: The robustness of a templateT  denoted by )(Tρ  is 
defined as the minimal distance of the hyper-plane from the vertices 
of the hyper-cube. 
 
Theorem 3:  Let ),...,,( 21 nuuuF  be an arbitrary n dimensional 
linearly separable function and π is the hyper plane separating the 
vertices. With decreasing the dimensionality from (n) to (n-1), the 
distance of vertices from π  in (n-1) dimensions cannot be decreased. 
Proof:  

Let ),...,,( 21 nvvvV  be an arbitrary vertex of the hypercube 

corresponding to the Function F, ),...,,( 21 nwwww =  is the 

normal vector of π , π∈= ),...,,( 21 noooO  such that 

wVO || ( VO  is the distance from V  to π ). If i  is the 

dimension to be eliminated, for simplicity, we assume that 0=iv . 

Let L  be the projection of π  onto (n-1)-dimensional hyper-cube 
corresponding to ),...,,0,,...,,( 1121 nii uuuuuF +− , furthermore, 

LkkkkkK nii ∈+− ),...,,,...,,( 1121 such that 

( )nii wwwwwVK ,...,,0,,...,,|| 1121 +−  ( VK  is the distance 

from V  to L ). The equations of L  and π  are as follows: 
 π : 0...... 011 =+++++ wuwuwuw nnii , 

L : 
0...... 0111111 =++++++ ++−− wuwuwuwuw nniiii  

Since π∈= ),...,,( 21 noooO  and  

LkkkkkK nii ∈+− ),...,,,...,,( 1121  

0...... 011 =+++++ wowowow nnii             (8) 

0...... 0111111 =++++++ ++−− wkwkwkwkw nniiii    (9) 
Then, from (7) and (8) we have, 

=+++++ 011 ...... wowowow nnii

0111111 ...... wkwkwkwkw nniiii ++++++ ++−−        (10) 
This implies that, 

=++++ nnii owowow ......11

nniiii kwkwkwkw +++++ ++−− ...... 111111             (11) 
then 

0)(...)(
)(...)(

111

111111

=−++−
++−++−

+++

−−−

nnniii

iiiii

kowkow
owkowkow

      (12) 

Hence, wKO ⊥ , since wVO ||  therefore VOKO ⊥  using 
Pythagoras theorem, 

222
OKVOOKVO +=+  this implies that 

222
OKVOVK += , Since 0

2
≥OK , then, 

22
VOVK ≥ , hence VOVK ≥ . This completes the proof. 
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Corollary 5: The template’s robustness caused by removing the 
superfluous cells is better than the robustness of the original template. 
Proof: the proof comes as a direct result from theorem 3. 
According to corollary 5, we can prove that by decreasing the number 
of effective cells by means of rough sets concepts, the template 
robustness should be improved. 
 
• Speaking about cell attributes, it is obvious that they may have 
varying importance in the analysis of the issues being considered. 
This importance can be pre-assumed on the basis of auxiliary 
knowledge and expressed by property chosen’s weights. Even though, 
our method relies on deducing the optimal template structure by 
discovering the optimal local rules, this method is not totally 
expressible for CNN with propagating type associated with gray 
inputs. This is because we reconstruct the modified table by taking 
the cells’ output around the equilibrium points, i.e. expresses the 
output in the saturation region and away from the linear region. 
Therefore, a new measure should be discovered. We study the 
affection of cell attribute significance on determining the relation 
among the CNN template parameters. The cell significance 

ic kk
i

−=γ  expresses how the positive region of the classification 

)(/ CINDU  when classifying the object by means of cell attributes 

C  will be affected when dropping the cell attribute ic  from the 

set C . In other words, ic kk
i

−=γ  expresses the percent of local 

rules that are lost by dropping the cell attribute ic . Also, it describes 
the relation between the input and the output when dropping the 
cell ic  by excluding the template ith cell attribute’s parameter. Since 
the output is considered as a function of the cells input by defining a 
template ℑ , )/,( 0 ℑ= xuMy , then the cell significance should 
have its affect on describing the relation among cells strength, or 
CNN’s template parameters.  
•  From our definition that CNN is an analog to digital 
converter, each local rule that describe the CNN dynamic should 
belong to only one positive rule set when the output is black or it 
should belong to negative rule set when the output is white. By 

considering the number of positive and negative rules, +N  and −N  
respectively, the probability of positive (negative) output is 

N
NyP

+
== )1(  −+

−
+==−= NNN

N
NyP ),)1((  .  

•  Then the expected value to get positive output 

is −+−++ −=−−+= NNPNPNXE )()()( . By dropping a 

cell iC from the reduced table, the positive and negative outputs 

should be disturbed as +
icN , +

icN < +N , and −
icN  , −− ≤ NN

ic , 

respectively, NNNN
iii ccc <+= −+ . The conditional probability 

of positive (negative) output by dropping ic  is 

i

i

c

c
i N

N
cdroppingyP

+

== ) /1(  

(
i

i

c

c
i N

N
cdroppingyP

−

=−= ) /1( ). Then, the conditional 

expectation of getting positive output by dropping the cell ic  is 
−++ −=
iii ccic NNcdroppingXE ) /( . Since the output for 

uncoupled CNN is completely determined by the following relation 
])0()1sgn[( 00 μμμ wxAy +−=  therefore.  the probability can 

be expressed as follows, 

• 
N

NwxAP
+

=>+− )0)0()1(( 00 μμ ,i.e.

i

ic

ij c
ii

CNC
jj N

N
zububxAP

+

∈
=>++∑+− )0)0()1((

\
00

μ
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 and 

• 
i

ic

cN
N

droppingwxAP
+

=>+− )C /0)0()1(( i00 μμ ,i.e. 

i

ic

ij cCNC
jj N

N
zubxAP

+

∈
=>∑ ++− )0)0()1((

\
00

μ
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If we consider a random variable 

∑ ++−=
∈ ij CNC

jj zubxAX
\

00 )0()1(
μ

μ

, therefore, the 

probabilities could be expressed as 
N

NubXP i

+
=>+ )0(  

and
i

ic

cN
N

XP
+

=> )0(
. 

Then, )0()0()0( <<−+>=>+ XubPXPubXP ii , 

i

ii

c

cc
i NN

NNNN
XubP

*
)0(

+−−+ −
=<<− , since the output 

belongs to the closed interval [-1,1] then, 

• 
i

ii

c

cc
iii NN

NNNN
bububXP

*
)0(

+−−+ −
=<<+<  

 The probability of positive output which is bounded by a positive 
feed-forward parameter corresponding to the ith attribute, can be 

written as
i

ii

c

cc

NN
NNNN

*

+−−+ −
. From the probability axioms, this 

term should be greater than zero. Since the denominator is positive, 
therefore, the nominator should be positive. Accordingly, we were 
able to prove that the feed-forward parameter behaves inhibitory as a 

result of −++− −
ii cc NNNN  being greater than zero. To measure the 

perturbation happened in the output, it is the percent between the 

negative and positive outputs. We define a new percent −

+
=

N
Nα to 

measure the sign degree and 
−

+

=
i

i
i

c

c
c N

N
α  to measure the sign degree 

by dropping the cell ic . Then, the sign of the 
icαα −  represents the 

sign measure which can be expressed by dropping the cell iC the 
ability to classify more positive rules.  
•  For example by dropping the cell ic , in uncoupled CNN, if 

0>−
icαα , then more negative rules are classified than positive 

rules, i.e., the output by dropping the cell ic  is easy to facilitate the 
negative rules, accordingly, more positive strength is needed. Hence, 
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the feed-forward parameter corresponding to the cell ic  should 
behave excitatory. For the general case of coupled CNN, as will be 
explained in the next section, the output is completely determined by 

)()()1( 0000 tgtyA ijij
++−  and )()()1( 0000 tgtyA ijij

−+− , 

which are similar to the output of uncoupled CNN, hence they follow 
the same rules. 
 Since CNN consists of a partial unification of the paradigms 
Cellular Automata [18] and Neural Network [10], and retaining 
several elements of both. This new architecture was able to perform 
time consuming tasks such as image processing and PDE solution, 
also, it is suitable for VLSI implementation. We can consider the 
CNN to be a paradigm which is equivalent to Turning Machine. So, it 
can be completely achieved by constructing the rules that describe its 
dynamic. To get the minimal decision rule, we have to eliminate the 
unnecessary conditions in each rule of the algorithm separately.  
 Ifφ  is a C  basic formula, CQ ⊆  , and Q/φ  is the Q  basic 

formula obtained from the formula φ  by removing all the 

elementary formulas ),( k
ii uc  such that QCci −∈ . Then, if 

ψφ →  is a CY decision rule and Cci ∈ , then ic  is 

dispensable in ψφ →  if and only if ψφ →  is satisfied in 

),( YCDes  and ψφ → ∈ ),( YCPOS , this implies 

ψφ →− }{/ icC  is also satisfied. Otherwise ic  is 

indispensable in ψφ → . If for all Cci ∈  are indispensable 

in ψφ → , then ψφ →  will be called independent. So, the 

subset of attributes CQ ⊆  will be called reduct of ψφ →  if 

ψφ →Q/  is independent and ψφ →Q/  is satisfied on 

),( YCDes , then  ψφ →Q/  is reduced. As a result of 
removing the superfluous cells and its corresponding template values, 
the robustness of the cloning templates should be affected. 
•  As a result, the algorithm of inducing the optimal structure 
of Cellular Neural Networks can be demonstrated as follow: 
 

1. Construct the decision table, assuming the problem can be 
realized by space invariant uncoupled CNN, and calculate the 
set of possible reduct. 

2. if 1=k , i.e. consistent algorithm then; 
a. Determine the superfluous cells. 
b. Reduce the table according to the reduct set, i.e. remove the 
attributes that do not belong to the reduct set. 
c. Considering the CNN template structure. 
d. Go to step 4. 

 else go to step 3 
3. if 1≠k , i.e. inconsistent algorithm, the problem can not be 

realized by uncoupled CNN, then 
a. Determine the superfluous cells. 

b. Reconstruct the decision table by adding new attributes which 
represent the output cells that belong to the sphere of influence in 
the output data in addition to the current reduct of input cells. 
Exclude the output of the center cell, as it can classify itself. 
c. Check the reduct set again, if   1=k  go to step 2. 
d. if ξ−=1k , ξ  is the tolerance, increase the sphere of 
influence by one and go to step 1. 

  else consider a Multi-layer CNN (The future work). 

4. Deduce the decision rules that describe the CNN 
performance. 

5. Determine the sign measure and conclude the relation 
among CNN template parameters. 

III. GENETIC ALGORITHMS IN CINSTRAINED OPTIMIZATION 
The Induction of the Mathematical System [3], and since some 
general results have been obtained regarding the effect of the A  
template on the behavior of the CNN [5], therefore, to guarantee the 
CNN will converge to a stable equilibrium, it is sufficient to have a 
sign symmetric A  template that is for all )(ijNC rkl ∈ : 

lklk AA −−= ,, . Also, when 100 >A , then all outputs in steady 

will be either 1±  and remains in one of the saturations. For robust 
template we used the randomized search and optimization techniques 
guided by the principles of evolution and nature genetics, Genetic 
Algorithms. 

 Genetic Algorithms, GA, is a stochastic similarities based 
on sampling techniques especially suited for optimization problem in 
which a little priori knowledge is available about the function to be 
optimized. The Genetic Algorithms have be proved to be suitable for 
complex optimization problems, like combinatorial optimization. In  
complex optimization problems, an analysis solution is not directly 
available or a numerical techniques are misled by local minima. The 
Genetic Algorithms’ theoretical foundation lies simply in Darwin’s 
evolutionary explanation of the genesis of species. GA optimization 
has often guided by blind search; i.e., guided since a reinforcement 
signal drives it, and blind since it does not access the inside of the 
signal production itself. Schematically, it works as follows [7] [9]:  
A coding is chosen to map any possible candidate solution of a given 
problem into a finite size string (the chromosome) taken from some 
alphabet. An initial pool of such string is randomly initialized and 
each of them is in turn evaluated, ranked according to its capability to 
solve the given problem. The latter is normally referred to the fitness 
of the individual and measures what in nature represents an 
individual’s skills in positively interacting with the surrounding 
environment. The fitness ranking is then used for cloning the genetic 
material present in the population, i.e. the higher the fitness, the 
higher the chances that the individual gets its chromosome duplicated 
and used for mating with other individuals. Mating can be 
implemented in a variety of ways, but the basic mechanisms are the 
exchange of sub string in the chromosome (Crossover) and, ,a 
mutation of the same with a low probability. The newborn individuals 
then totally or partially replace the old ones in the population, thus a 
new generation is built. This iterative process is stopped when the 
maximum fitness in the population does not increase further or has 
reached a satisfactory value. In either case, the best individual is 
taken as the solution. 
 So far, the GA was used for the training of single layer CNN 
templates [8] [13] [16]. In our research work, we purpose the use of 
GA for designing CNN [4] structure while asynchronously doing the 
template learning. Then the results are disjoined and optimized with 
respect to the robustness. In this case, all the templates are processed 
on the same external input which is constant during the process, as 
depicted in Figure 2. 
 GA codes the candidate problem‘s solution into a string or 
chromosome. Assuming binary codification, if the maximum number 
of CNN templates is L , and the number of bits needed to code the 
template coefficient, m , is related to the range and the precision 
required. For each CNN template, we defined an additional Boolean 
parameter, the activation state. If the activation state is set to zero 
then the corresponding CNN template is deactivated and its template 
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will not be decoded. Thus, the total number of CNN templates of 
candidate solution will be 

∑
=

=
Lt

ti SN
,...,1

  (13) 

The general form of chromosome can be written as 
 

],...,,,...,,,  ,...,,...,,,...,,,[ 9191
1
9

1
1

1
9

1
1

1
1

LLLLL
L aabbzSaabbzSp=   (14) 

where the chromosome substring ],...,,,...,,[ 9191
kkkkk aabbz  

represents the template k. The parameters k
i

k
i ab ,  are excluded if 

they are corresponding to superfluous attributes. Since the correct 
operation of the templates for a given task is achieved by minimizing 
the error function related to the number of incorrect output pixels, the 
cost function can be determined by; 

∑ ∑∑
= ==

∞−=∞−=
M

i

N

j
ij

d
ij

k

i
i

d
i yyyypg

1 1

2

1

2 ))(())(()(   (15) 

To achieve the local rules gained by Rough Set, we used the penalty 
function as new fitness function where the penalty function has the 
form: 

1)()( ϕ+=Φ pgp ,  (16) 

where ∑
=

′=
m

j
jC

1
1ϕ , jC = 2}),0(max{ jC , jC  is the 

inequalities gained by Rough Sets concepts [6]. According to the 
hardware implementation, the implementation of the CNN-type 
structure with VLSI chips requires a certain degree of robustness with 
respect to the mismatching effects. Therefore, the best way to reduce 
the mismatching effects is by ensuring that the network templates are 
robust enough. Typically, a relative robustness degree against 
deviations of the nominal values 5-10% is enough to overcome the 
mismatch on the VLSI chip. For the definition of the relative fitness 
of a single layer, we recall the definition in [8]: 

}1 allfor   )())11((|{max)( jpypypD βαα
α

∈=+= ±
∞

±
∞ o      (17) 

where   o denotes the component wise multiplication, )( py∞  is 
the CNN settle output corresponding to the template p , 

}1,1{−=β , and 1)12)(12( +++= rrj . Thus, a total of j2  
possible perturbations of the template set have to be examined for 
every value of α . In this case, the output is taken once the network 
had settled to a stable value. To this end, we consider the second cost 
function as in equation (18) to be a logarithmic distribution because it 
ensures high penalty to the solutions with robustness under 1% [13], 
as depicted in Figure 3; 
 

⎩
⎨
⎧

>
≤≤′−

=
%100

%10%1.0))(log1(
)( 10

2 D
DD

pg
    (18) 

)(100 pDD =′   
According to the CNN with different number of templates, a 

linear penalty punishes each solution constrained to the number of 
templates it codes. If the penalty is excessively strong, significantly 
better solutions with more templates may be lost, and thus a trade-off 
between the number of templates and the accuracy of the solution is 
found, as demonstrated in Figure 4. The general form of the 
constraint function, can be expressed as follows, 

⎪⎩

⎪
⎨
⎧

= otherwise
L

Npg i

seperablelinearly  if0
)(3

  (19) 

In order to include these constraints in our algorithm, we will modify 
the cost function in the way: 

)()()()(~
32 pgpgpp ++Φ=Φ   (20) 

 
The following features have been used to enforce a more efficient 

representation phase: 
• The best individual from the previous generation substitutes 

the worst in the current generation if no improvement is 
made. 

• The fitness values are evaluated by equation (20). 
• Crossover operator is chosen to be two point crossovers or 

single point crossover based on the chromosome’s length. 
• Mutation operator is chosen to be uniform mutation. 

IV. EXPERIMENTAL RESULTS 
The template learning program has been implemented in Java 

code. Rough Sets and Genetic Algorithms evaluate every chromosome 
by discovering the optimal template structure and then computing the 
transient of the CNN which is defined by the chromosome. Since the 
computation starts from the same initial state and with the same input 
values. In the case of a given template, the state equation is integrated 
every time along the same trajectory in the state space of the network. 
There are number of parameters in GA which have to be specified. 
Depending on the application, we can choose our parameters and 
operators to evolve each generation. 

 
Application 1 (Edge Gray CNN problem) 
We decide to apply our method on gray scale input image, where 
gray scale image contains too much redundancy and required many 
more “bits” than binary image. For gray-scale input image, the output 
may not be binary image. Our CNN template called Edge-gray CNN 
will overcome this problem by accepting gray scale input image and 
always converging to a binary output image. The Edge-gray problem, 
depicted in Figure 5, where (a) and (b) refer to the gray-scale input 
and binary output images respectively. For any gray-scale input 
image U, the corresponding steady state output image Y of the Edge-
gray CNN, assuming 0)0( =ijx , is a binary image, where the black 

pixels corresponding to pixels laying on the sharp edges of U, or to 
the fuzzy edges. these edges are defined roughly to be the union of 
gray pixels of U which form one dimensional (possible short) line 
segments, or arcs, such that the intensity of pixels on one side of the 
arc differs significantly from the intensity of neighbor pixels of the 
other side of the arc. 
 Experiment was conducted under some conditions; the task was 
learned with 64 X 64 training example, the population size was 2000 
programs, number of generations was 200, and crossover 
probability, 75.0=crossoverP , and mutation 

probability 15.0=mutationP . By applying Rough Sets; 
1- It is consistent and linearly separable algorithm, so the 

cloning template can be realized by uncoupled CNN, with 
178 different rules, which are able to classify 84 and 94 
rules with positive and negative outputs respectively, 

984.094
84 ==α . 

2- The reduct set is },,,,{ 86542 CCCCC , the actual 
effective cells, with cell significance 
{ })1(),1(),1(),1(),1( 178

115
178

110
178

143
178

114
178

111 −−−−−  
respectively. Also, the sign measures are as 
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follow{ })(),(),(),(),( 59
56

55
55

77
66

60
54

52
59 , i.e. {-,-,+,-

,-}. So our template is considered as 
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3- the local rules gained by Rough Sets are summarized by 

15 −=C  1−=→ y  

)15( =C , and all the 4 neighbors are black 1−=→ y  

)15( =C , and at least one of the 4 neighbors is white 1=→ y  

))1,1(5( −∈C , and all the 4 neighbors have the same value as 5C  

1−=→ y  
Otherwise the output is black. 

4- Applying GA on the following problem, we choose the 
template parameters’ intervals related to their significance. 
Since training data converges to the whole data by a 
tolerance, then the template parameter should belong to 
interval with that tolerance. As an example, we choose the 
[-8,2] interval for negative sign template and [-2,8] for 
positive sign template. As the result of applying the 
following to GA, we get the following template 

 

12.0 ,   
003.10
03.119.403.1

003.10
     

000
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000
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⎛
= zBA  

5- Comparing our method with other previous methods in the 
literature, such as GA and Truncation learning rules, as 
demonstrated in Figure 6 below, we found that the Rough 
Sets increases the GA convergence, as an expected result 
for reduction of the number of parameters. Also combining 
both of Rough Sets and GA improves the fitness function, 
as a result of increasing the robustness of our template. The 
comparison among different techniques is declared in Table 
1. We defined the comparison criterion as the percent of 
error occurred as the result of the robustness changes on the 
template parameters and the number of iteration that are 
needed for each cell to enter the saturation region. Also, we 
extended the comparison to handle the ability to discover 
the optimal template structure. As a result of our 
comparison, we are able to say that GA always needs other 
methods to complete its shortcoming. Also, the truncation 
learning rules perform the same as GA. 

 
Application 2 (Shadow detection CNN) 
An example for propagating type templates is the shadow detector 
[14], in each row, all the pixels right from the left most black pixels 
should become black. The training set is shown in Figure 7, where (a) 
refers to the input image, and (b) is the desired output. 
 Experiment was conducted under some conditions; the task 
was learned with 2020×  training example, the population size 
was 500 chromosomes, number of generations was 100, crossover 
probability %90=crossoverP , and mutation probability 

was 01.0=mutationP . By applying Rough Sets we get the 
following; 

1. We found that, by applying Roughs Set concept on the decision 
table, it’s in inconsistent algorithm and it has 0.6=k  of consistent 
rules. We discovered Completing the decision table by adding the 
output corresponding to the reduct set, i.e. the new attributes became 

},,...,,,...,,...,{ 98641810 yyyyycccC = , where the output of 
the cell itself is removed, and then checking the consistency of the 
modified table. 

2. Then, it is a consistent algorithm, 1=k , with four true 
rules, three positive and one negative rules respectively, the reduct set 
is, },{ 54 yy . Also, the sign measures are as follow { })(),( 0

2
0

2  
which indicate that both of them will behave similarly. Measuring the 
stability indicates that the self feedback should be positive and 
greater than one, both template parameters are considered to be 
positive. So our template is considered as 
that the cell 9C  is superfluous cell. 

realRzBAAA =
⎟
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⎟
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⎞

⎜
⎜
⎜

⎝

⎛
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000
000
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000
0
000

54
 

3. The dynamic rules gained by Rough Sets are 
summarized by: 

If (the input cell C5 is white and its neighbor output cell C4 is 
white) implies the output is white. 

If (the input cell C5 is white and its neighbor output cell C4 is 
Black) implies the output is Black. 

If (the input cell C5 is Black) implies the output is Black. 
4. Applying GA, the template parameter are 

generated as below with robustness  35%; 
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⎛
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Application 3 (Image Enhancement) 
According to the noisy acquisition devices and variation in 
impression conditions, the ridgelines of fingerprint images are mostly 
corrupted by various kinds of noise causing cracks, scratches and 
bridges in the ridges as well as blurs. This application is to 
demonstrate the ability of our method to enhance the grey scale finger 
print images by removing the undesired noises. 
Since the input in this case is a grey scale pattern, it is impossible to 
take into account the all possible inputs combinations when 
calculating the robust templates. The approach used here consists of 
considering only the possible input values contained in the training 
pattern. Thus, the training patterns must be carefully selected not only 
to define the task under consideration, but also to contain relevant 
information about the patterns to be processed. A fingerprint pattern 
of size 592 * 614 is selected, as illustrated in Figure 8. In Figure 8, 
the input is shown in Figure 8 (a) and the enhanced image is shown in 
Figure 8 (b).  

 
1. By applying Rough Set concepts, we get inconsistent 
algorithm with 127106 different true rules, K= 0.84022 with no 
superfluous cells. 
2. By expanding the decision table to include the neighboring 
output pixels as classified attributes, we get inconsistent Algorithm 
with 176457 different true rules, K= 0.99176. Thus a single layer 
can’t realize the desired goal. 
3. The GA is used to discover the first layer. By running our 
experiment under constrained optimization we get the following 
templates 
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4. By Applying Rough Set to conclude the number of 
different layers remain to enhance the image, we get consistent 
algorithms with the following templates. 
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Application 4 (Image Half-toning) 
Half-toning [11] is the process of coding gray-scale images by the 
binary (black-white) value at each pixel. Upon display, it is required 
that, by the blurring of the eye, the half-tone image will appear 
similar to the original continuous toned image. This process is 
required in many applications where the displayed medium can only 
support binary output. For instance, photographic half-toning 
techniques have long been used in newspaper printing where the 
resulting binary values represent the presence or absence of black ink. 
Digital image halftones are required in many present day electronic 
applications such as FAX (facsimile), electronic scanner/coping, laser 
printing and low band width remote sensing. This application is to 
demonstrate the ability of our method to recognize a propagating type 
template. According to our method, this template can not be 
recognized by a single layer with 33×  but it can be recognized by 

55×  as shown below; 
1. At the first stage, by applying Roughs Set concept on the 

decision table, it is inconsistent algorithm with 0.876=k  of 
consistent rules without superfluous cell. The reduct set is equal 
to },,,,,,,,,{ 9876543210 CCCCCCCCCC . 

2.  Completing the decision table by adding the output 
corresponding to the reduct set, i.e. the new attributes became 

},,...,,,...,,,...,{ 986419810 yyyyyCCCCC = where the 
output of the cell itself is removed, and checking the consistency 
of the modified table. 

3. An inconsistent algorithm has been discovered, 0.951=k , 
with 706 different rules, 362 positive rules and 344 negative 
rules. The reduct set is given by 

},,,,,,,,,,,,{ 9876432197310 yyyyyyyyCCCCC  with 
sign measure  

4. },,,,,,,,,,,{ 283
300

280
304

286
301

284
310

281
307

288
306

287
303

310
322

310
319

314
323

308
318

312
321 , 

i.e.{+,+,+,+,+,-,-,-,-,-,-,-,-}. Then the optimal template structure, 
when the initial state is considered as the image itself, to 
recognize 95% of the correct output is considered as  
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By Applying GA, with the population size 6000=pop , the 
number of generation 300, crossover 

probability 8.0=crossoverP  and mutation 

probability 1.0=mutationP , we get the following template 
where the similarity among the template parameters is 

considered; 
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5. By expanding the radius of the influence sphere r to be two and 
by applying Rough Sets concepts, it is inconsistent algorithm with 
degree of dependencies 936.0=k  of consistent rules without 
superfluous cell. The reduct set is equal to 

},,,...,,,,{ 2524233210 CCCCCCC . 
6.  Completing the decision table by adding the output 
corresponding to the reduct set, i.e. the new attributes became 

},,,...,,...,,,,...,{ 252423141221252410 yyyyyyyCCCCC= where the 
output of the cell itself is removed, and checking the consistency of 
the modified table. 
7. It’s consistent algorithm, degree of dependencies 1=k , with 
the following structure 
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8. Applying GA with considering similarity relation, we get 

the following templates; 
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V. CONCLUSION 
 

In this paper, a new learning method for discovering the optimal 
CNN templates is proposed. Rough Sets and Genetic Algorithms are 
integrated in learning the CNN template to overcome the shortcoming 
caused by each of them. Tًhe idea is to describe the CNN dynamic by 
a decision table and then to use the concept of Rough Sets in 
deducing the optimal CNN structure. This is achieved by removing 
the superfluous cells that have no affect on classifying the output, 
based on determining the significance of each cell. Our algorithm 
relies on discovering the consistency relation among the rules, by 
means of decision language, and then determining the dependencies 
among data. The reduced decision rules, decision algorithm, that 
specify the space invariant CNN dynamic are derived. Also, the 
reduced decision rules are used in discovering which algorithm can 
be realized by uncoupled CNN or by coupled CNN based on 
modifying the decision table by adding new attributes to evaluate the 
optimal CNN structure with propagating type. Since the new method 
relies on modifying the decision table by adding new attributes, i.e. 
the new attributes are considered in the saturation regions and away 
from the linear region. A new measure, the sign measure, has been 
introduced to demonstrate the relation among the template 
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parameters. Depending on the local rules that are discovered by 
Rough Sets, the comparison principle technique is used in 
discovering an affine system of inequalities. This system of 
inequalities must be satisfied by the parameters of the templates to 
ensure a correct operation of the CNN. Because of the sensitivity of 
the templates to small variation around their nominal value, GA with 
constrained fitness function is used in learning the templates in 
propose of yielding more robust template. The GA could generate 
simple template, but the number of free parameters in the template 
increase its performance break down, therefore, the GA chromosome 
structure is chosen in accordance with the number of affective 
attributes. Also, the GA parameters’ ranges are considered in 
accordance with the sign measure. The chromosomes were evaluated 
according to the transient behaviour of the CNN and the Performance 
of the chromosome is determined by a penalty fitness function. It is 
determined by means of the quadratic difference between the desired 
output and the settled output of the CNN in addition to, constraints on 
the system of inequalities and the robustness issues. The new method 
is applied on four different application problems, Edge Gray CNN,  
Shadowing, image enhancement and Image Half-toning. The result of 
the new introduced method provides the ability of discovering the 
solution for a problem of any domain. Moreover, the compression 
between the new method and other previous methods, such as GA 
and Truncation Learning algorithms, is declared to demonstrate the 
efficiency of the new introduced method. Possible extension of the 
proposed method is to improve the templates with only integer values 
by means of integer programming algorithm. This is very 
advantageous from a chip designer perspective, where for the 
programmability of CNN hardware is usually not continuous but 
restricted to a discrete set of values, namely the integers and a few 
simple rational numbers. Also, we consider presenting a general 
framework to handle the general problem of multi-layer CNN in our 
future work. 
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Abstract—Grid environment is a service oriented infrastructure 

in which many heterogeneous resources participate to provide 

high performance computation. One of the bug issues in the grid 

environment is the uncertainty among registered resources. 

Furthermore, in an environment such as grid dynamicity is 

considered as a crucial issue which must be dealt with. Using 

dynamic rough set theory to deal with uncertainty and 

dynamicity has shown good results. Addition to this, 

compounding this theory with Fuzzy system will improve its 

efficiency by applying fuzzy system in matchmaking phase. In 

this work we propose a solution, called Fuzzy-Based Dynamic 

Rough Set Resource Discovery (FDRSRD), in which dynamic 

Rough set theory is used in order to deal with uncertainty and 

fuzzy system for resource matchmaking according to the user 

preferences. In matchmaking phase, in order to improve 

accuracy and speedup, fuzzy system is used to rank resources. 

We also report the result of the solution obtained from the 

simulation in GridSim simulator along with FuzzyJ Toolkit. The 

comparison has been made between FDRSRD, Dynamic and 

Classical Rough Set based algorithms. FDRSRD shows much 

better precision and more speed for the cases with uncertainty in 

a dynamic system such as the grid rather than the two other 

algorithms.  

Keywords- Grid; Rough Set; Dynamic Rough Set; Resource 

Discovery; Ontology; Fuzzy System; User Preferences 

I.  INTRODUCTION 

Nowadays, Grid is considered as a service-oriented 
computing infrastructure [1]. Open Grid Services Architecture 
(OGSA) [2] has been used for dealing with service-oriented 
problem [3]. OGSA has been improved by Global Grid Forum. 

 Many resources such as workstations, clusters, and 
mainframes with various properties such as main memory, 
CPU speed, bandwidth, virtual memory, hard disk, cost, and 

response time etc are joining and leaving the grid environment. 
On the Other hand many users want to use these resources to 
run their jobs with different requirements. But there are always 
differences between which a user requested and which have 
been registered in the Grid Information Server (GIS). This may 
lead to uncertainty in GIS data base which will be resulted in to 
the reduction of the precision of the matchmaking algorithms. 
To solve this vagueness and uncertainty we use rough set 
theory, proposed by Z. Pawlak in 1982 [4], which has been 
used in vast area of computer science such as data mining, 
pattern recognition, machine learning and knowledge 
acquisition etc [5].  

One of the first methods that can be used for service 
discovery is UDDI which is used for web service publication 
and discovery. The current web service discovery mechanism 
is based on the standard of UDDI [6]. In UDDI, XML is used 
to describe data in business services. UDDI process searches 
queries according to keywords and classification information. 
There is limitation with the discovery mechanism of UDDI. 
Firstly, machine can read XML data, but it can not understand 
XML data. Different query keywords may be semantically 
equivalent, whereas UDDI can not infer any information from 
keywords or tModels it can easily make mistake. Secondly, 
search by keywords and taxonomy is not suitable for web 
service discovery. Furthermore, UDDI does not support search 
by service capabilities and other properties [7]. This makes 
UDDI search method a low precision method [6]. 

By advent of semantic web, services can be annotated with 
metadata for enhancement of service discovery. One of the 
earliest to add semantic information is DAML-S [8]. DAML-S 
uses semantic information for discovering Web services. 
DAML-S uses ontological description to express web service 
capacity and character. 
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OWL-S is an OWL [9] based ontology for encoding 
properties of Web services. OWL-S technology is used to 
facilitate service annotation and matching. OWL-S ontology 
defines a service profile for encoding a service description, a 
service model for specifying the behavior of a service, and 
service grounding for how to invoke the service. Actually, by 
using domain ontology described in OWL, using special 
software such as protégé [10], a service discovery process 
involves a matching between the profile of a service 
advertisement and the profile of a service request. The service 
profile describes the functional properties such as inputs, 
outputs, preconditions, and effects, and non functional 
properties such as service name, service category, and aspects 
related to the quality of service.  

In [11] a quantification standard for semantic service 
matching has been presented that modifies the classical 
matching algorithm based on OWL-S. Matching algorithm has 
used the quantification standard of service matching and OWL-
WS. In [12] service composition algorithm has constructed a 
mathematical model and converted it to the shortest path 
problem in order to  find process that can satisfy customer need 
in best conditions. 

In [7] an approach has been developed for integrating 
semantic features into UDDI. The approach uses a semantic 
matchmaker that imports OWL-S based semantic markups and 
service properties into UDDI. The combination of OWL-S and 
UDDI shows there could be a service discovery which supports 
web service expression while UDDI is used. The matchmaker, 
therefore, enables UDDI to store semantic information of web 
services and process service search queries based on semantic 
similarity of web service properties [7]. 

The above-mentioned methods facilitate service discovery 
in some way. However, when matching service advertisements 
with service requests, these methods assume that service 
advertisements and service requests use consistent properties to 
describe relevant services. But for a system such as Grid with a 
large number of resources and users which have their own 
predefined properties to describe services, it can't be true that 
service advertisements and service requests use consistent 
properties to describe services. In other words, some properties 
may be used in service advertisement that may not be used by 
service request. So, an approach must be taken into 
consideration to deal with uncertainty of service properties 
when matching service advertisements with service requests.  

Rough set theory is a new mathematical theory which deals 
with uncertainty and vagueness [13].  

By moving toward the age of information, a hypothesis can 
formulate the human knowledge in the systematic form, and 
introduce an approximate description that is reliable and 
analyzable. This important subject is applicable by a fuzzy 
system [14]. In our previous works [15, 16], we have used 
classic and dynamic rough set theory to deal with uncertainty 
and vagueness. Using fuzzy system in matchmaking phase 
make it possible to find resources met the requested properties 
with more precision and speed. Matchmaking phase is done by 
using fuzzy system expressed according to properties of 

registered resources and user preferences which assigned to 
these properties. 

The remainder of this paper is organized as fallows. Part II 
is a review of related works. Part III is a description of the 
classical rough set theory, part IV is a description of the 
dynamic rough set theory. Part V is the description of  
algorithm implemented and used in this paper, part VI is a 
comparison of our algorithm with dynamic and classical rough 
set based matchmaking algorithms [15,16], and finally part VII 
is the conclusion and future works. 

II. RELATED WORKS 

While the grid environment moves towards a service-
oriented computing infrastructure, service discovery is 
becoming a vital part of this environment.  One of the earliest 
methods for service publication and discovery is UDDI which 
only supports keyword matches and does not support any 
semantic service.  DAML-S is the earliest to add semantic 
information for discovering web services [18]. DAML-S offers 
enough semantic information expressing Web service capacity 
and character with ontological description of web services. In 
past few years, a great amount of studies have been carried out 
on the basis of OWL-S, such as semantic   expression service 
bundling [19], ontology-based service matching [19], OWL-S 
and UDDI combination [17]. In the [21] a metric is proposed to 
measure the similarity of semantic services annotated with 
OWL ontology. Similarity is calculated by defining the 
intrinsic information value of a service description based on the 
inferencibility of each of OWL constructs. All the above 
methods do not support uncertainty in properties. Rough set 
theory is used for dealing with vagueness and missing data in 
large variety of domains. So, compared with the work 
mentioned above, rough set theory can tolerate uncertain 
properties in matching resources. In the [16] classical rough set 
based algorithm has been proposed to deal with uncertainty and 
vagueness. Whereas grid environment is dynamic, using 
classical (static) rough set theory can not seem proper to use 
[15]. In this paper, our algorithm works in two steps. The First 
step is candidate optimization component which optimize the 
candidate set using dynamic rough set theory.  The Second step 
is fuzzy matchmaking component which ranks resources using 
fuzzy system according to requested resource. 

III. CLASSICAL ROUGH SET THEORY  

Rough set theory which is proposed by Pawlak, in 1982, 
has been proved to be a good mathematical tool to describe and 
model uncertainty and imprecision. It has been widely applied 
in artificial intelligent, pattern recognition, data mining, fault 
diagnostics etc [21]. There are many advantages of rough sets 
theory; for example, no preliminary or additional information is 
needed and only the facts in the data are considered.  

Let:  

• U: a set of N registered resources, U= {u1, u2, …, uN }, 

N �1. 

• P: a set of M properties used to describe the N registered 

resources of the set U, P = {p1, p2, …, pM} , M�2. 
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• Q: a set of K registered resource properties relevant to a 

resource request R in terms of resource ontology whose 

irrelevant properties have been removed,  

Q = {q1, q2, …, qK} , K�1, and Q is a subset of P. 

• R: a set of L requested resource properties with their 

weights, 

R={(r1,w1), (r2,w2), …, (rL,wL)}, L � 1. 

 

According to the rough set theory for a given set X there 
are:  

[ ] }{ XXxXQ Q ⊆=          (1) 

[ ] }{ φ≠∩= XXxXQ Q     (2)  

In which XQ is the lower approximation and XQ  is the 

upper approximation of X in terms of properties set Q. X is a 
subset of U and Q is a sub set of P.  

UX ⊆  

PQ ⊆   

So for a property Qq ∈ , we can say that: 

• ,XQx∈∀  x definitely is a member of X and definitely 

has property q. 

• XQx ∈∀ , x probably is member of X and probably has 

property q. 

XUx −∈∀ , x absolutely is not a member of X and 

absolutely does not have property q. 

The Most important part of rough set theory is attribute 
reduction. Some attributes are dependent on other attributes in 
attributes set, so they are not necessary to be considered in 
matching phase. According to rough set theory we are: 

�
DUX

C XCDPOS
/

)(
∈

=                       (3) 

α = 
U

XC
DC =),(γ                        (4) 

In Which C and D are subsets of property set P. as shown in 
[13], D totally depends on C if α =1 Or D partially (in a 

degree ofα ) depends on C if 1<α . 

Since existing works need to find exact match between 
requested resources and registered resources, it is difficult to 
find exact matching. So by using rough set theory, the need of 
exact match has been removed.  

IV. DYNAMIC ROUGH SET THEORY  

Although rough set theory is being used in various ranges 
of research such as data mining, pattern recognition, decision 
making and expert system, it is suitable for static knowledge 
and data. In fact, in a classical rough set theory, subset X of 
universal set U is a static set without considering the dynamic 
properties it can have.  In the real word, most information 

systems have dynamic properties so that the rate of participant 
and disappearance of entities in these systems is high. Whereas 
Pawlak’s rough set theory can only deal with static information 
system, using a dynamic method to deal with uncertainty and 
process information system will have more efficiency.   

By using dynamic rough set theory, considering dynamic 
properties of an information system will be possible.   Dynamic 
rough set theory uses outward and inward transfer parameters 
to expand or contract X set in classical rough set.  

According to [22], dynamic rough set theory has been 
defined as follows: 

Suppose A= (U, P) is an information system, PT ⊆  and 

UX ⊆ . For any Ux ∈ , we have: 

X  xas ,
][

][
)(),( ∈

−
=−

T

T

TX
x

Xx
xρ                (5) 

X~   xas ,
][

][
1)(),( ∈

−
−=+

T

T

TX
x

Xx
xρ            (6) 

)(),( xTX

−ρ is called outward transfer coefficient and 

)(),( xTX

+ρ is called inward transfer coefficient of element x about 

T. In real computation, outward and inward transfer 
coefficients are been choose as constant amounts. In fact 

]1,0[)( ∈−
XdT

 and ]1,0[)( ∈+
XdT

are outward transfer 

standard and inward transfer standard of elements of X about 
T, respectively. 

Inflated dynamic main set of X is defined as below: 

}.1)(),(~{)( ),( <≤∈= +++
TXTT XdXxxXM ρ             (7) 

And inflated dynamic assistant set is defined as: 

)}.(0),(~{)( ),( XdXxxXA TTXT
+++ <≤∈= ρ              (8) 

+
TX is called inflated dynamic set of X about T and defined 

as: 

).(XMXX TT
++ = �                               (9) 

The formulas (5-9) show that we can expand X according 
to T. we can also contract X according to T. for this reason we 
have: 

}.1)()(,{)( ),( <≤∈= −−−
XXdXxxXM TXTT ρ         (10) 

In which )(XM T
− is defined as contracted dynamic set of X 

about T and also contracted dynamic assistant set is defined as: 

 

)}.()(0,{)( ),( XdXXxxXA TTXT
−−− <≤∈= ρ             (11) 

And −
TX called contracted dynamic set is defined as: 

.−− −= TT MXX                  (12) 
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According to the above mentioned, we can expand and 

contract X according to T. Suppose we have T  and PT ⊆′ , 

two direction dynamic set of X according to the T  and T ′ is 

defined: 

).())((*
),( XMXMXX TTTT

+−
′ −= �          (13) 

Suppose PQ ⊆ , we can compute upper and lower 

approximation of *
),( TTX ′ using equations (1, 2) so that we have: 

}.][,{)( *
),(

*
),( TTQTT XxUxxXQ ′′ ⊆∈=            (14) 

}][,{)( *
),(

*
),( TTQTT XxUxxXQ ′′ ∈= �              (15) 

)(*
),( XQ TT ′ and )(*

),( XQ TT ′  are called two direction transfer D-

lower approximation set and two direction transfer D-upper 
approximation set of X, respectively.  

In fact according to )(XM T
+ we should increase resources 

(X) which can have opportunity of selection according to the 

attributes set T, but )(XM T
−
′ indicates according to the 

attributes set T ′ we should decrease X. 

the )(*
),( XQ TT ′  indicates the objects of the optimization of 

the candidate set which can be considered as a candidate set for 
matchmaking process.  So in the matchmaking phase we only 

need to search D-lower approximation set ( )(*
),( XQ TT ′ ) in order 

to select resources which satisfy requested service. 

In this work, we can also determine the priority of each 
requested service property, so that if properties T have an 
important role, their priority factor is high, we can decrease 

+
Td

and this means that we expand candidate set X according to 

the properties set T. when T ′  plays a less important role, 

priority of properties is low, we can decrease 
−

'Td in order to 

contract the candidate set.   

V. RESOURCE DISCOVERY 

GridSim simulator has been used in order to simulate 
Dynamic Rough Set Resource Discovery Algorithm (DRSRD). 
As shown in Fig. 1, user sends a service request to the 
GridSim’s Broker, Broker forwards the request to the GIS 
which can access Advertised Resource Repository and 
Ontology template in order to get resources which satisfy 
requested service. GIS has two components in order to find 
resources satisfying requested service.  First component is 
Candidates Optimization which uses dynamic rough set theory 
in order to determine the optimum set of candidate resources.  
User defines a priority factor called Wi for each of the 
requested service properties in order to determine their priority. 
Candidate optimization component determines candidate 
resources set according to the priority of requested service 
properties.  

 

 

Figure 1.  Algorithm outline  

The Second component is the Matchmaking component 
which does the matchmaking algorithm using fuzzy system on 
the candidate resources set obtained from the candidates 
optimization component.  

For describing resource properties, we have used a resource 
ontology template based on the Karlsruhe ontology model [10]. 
The resource ontology template has been created by 
considering the most possible computing resources in the Grid. 
The concept of these resources has been defined properly using 
relations and properties so that the characteristics of any 
resource can be defined by their properties. For using the 
ontology template in the GridSim, which is a java base 
simulator, we have used the protégé-OWL API, which is a java 
base API, in order to create and modify Ontology dynamically.    

In this section we will describe the candidate optimization 
component and matchmaking component. 

A. Candidates Optimization 

The Most important aim of dynamic rough set theory is to 
deal with the vagueness and uncertainty in a knowledge system 
which changes dynamically. For a system such as the Grid 
whose resources can join or leave the system randomly, using 
dynamic rough set theory is more efficient than classical rough 
set theory. 

 User sends its service request to the Broker. In this request, 
each one of the requested service properties has a weight Wi. 
Broker forwards this request to the Grid Information Service 
(GIS) in order to find the best resources which satisfy the 
requested service. After getting the request by GIS, it classifies 
the requested properties according to their weight. According 
to part III, the set R is the requested resource properties and the 

properties set T which RT ⊆  is defined as bellow: 

}11  },5.0 and ),(),({ LiwRwrwrT iiiii ≤≤≥∈=  

In fact the set T contains properties with priority factor 
(weight) more than 0.5. 
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As mentioned in part IV the candidate set can be expanded 
according to the properties set T.  According to the weight of 
requested service properties, we define the inward transfer 

standard )(XdT

+
as follows: 

Twtwhich
T

w

Xd ii

L

i

i

T ∈=
�

=+ ),(  ,)(

1

1
              (16) 

The properties setT ′ , in which RT ⊆′ , are defined as a 

set of properties the weight of which is less than 0.5.  So T ′ is 
defined as: 

.21  },5.0 and ),(),({ LiwRwrwrT iiiii ≤≤<∈=′

 

The outward transfer standard )(XdT
−

′ is defined as bellow: 

Twtwhich
T

w

Xd ii

L

i

i

T
′∈

′
=
�

=−
′ ),(  ,)(

2

1
          (17) 

The candidates set X is defined as a set of resources with 
maximum non empty properties according to the requested 
resource properties. And ~X is defined as all resources in the 
universal set U which are not contained in the X. 

Candidates Optimization algorithm is shown in the Fig. 2.  
Algorithm uses three steps to compute candidates optimized 
set. 

Input: requested properties set R={(r1,w1), (r2,w2), 

…,(rL,wL)}. 

Input: candidates set X. 

Output: candidates optimized set. 

  I: Inflated dynamic main set of X aboutT . 

  C: contracted dynamic set of X about T ′ . 

  
*

X : Two direction dynamic set of X according to the 

T andT ′ . 

  
*

X : Lower approximation of 
*

X according to requested 

resource properties R. 

 

  Step 1:  

     Compute  )(Xd
T
+  and )(XdT

−
′ . 

  Step 2: 

     For all Xx ~∈  

       If )(
),(

x
TX

+ρ � )(Xd
T
+  

                   Add x to the I. 

     End for. 

     For all Xx ∈  

       If )()(),( Xdx TTX
−

′
−

′ ≥ρ  

          Add x to the C. 

     End for. 

  Step 3: 

     ICXX �)(* −= . 

  Step 4: 

     Compute 
*

X  according to the R. 

Return
*

X . 

Figure 2.  Candidates Optimization algorithm  

Step 1 calculates )(XdT
+ and )(XdT

−
′ using the equations (1) 

and (16) respectively. In step 2, the inflated dynamic main set 
of X and contracted dynamic main set of X using equations (7) 
and (10) respectively.  

Step 3 calculates two direction dynamic set of X according 

to T and T ′ using equation (13).  Candidates set X can be 
expanded according to the properties set T which has properties 
with higher priority and can be contracted according to the 
properties set T ′  the properties of which have lower priority.  
In Step 4, by using equation (14), the lower approximation set 

*
X of *

X is calculated according to the requested resource 

properties set R. In fact *
X is a set of resources that are most 

likely to be selected as matched resources.   

B. Resource Matchmaking 

After optimization of the candidates set we should only 
apply the matchmaking algorithm on the optimized candidates 
set. Reduction of the candidates set causes the reduction of 
searching time.  

We design matchmaking algorithm according to the fuzzy 
logic in which resource ranking is done using a fuzzy system 
which fuzzy rules have been expressed according to user 
preferences.  

1) Definition of the Variables and Membership Functions 

of the System 
Vague knowledge, i.e. rules based on fuzzy logic, are also 

important from the perspective of evaluating values of 
attributes that have very complex dependencies with other 
attribute values. The vague membership functions can be 
modeled in the form of some sets by fuzzy logic [23]. 

 On the other hand, in simplest form, a domain ontology 
would specifies the valid vocabulary of describing (naming) 
functional and nonfunctional properties that are allowed to 
occur in resource descriptions, but we need a domain ontology 
that can help in defining categories through linguistic variables. 
For example, the response time could be described with the 
terms fast, normal, slow, very slow [24]. 
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Figure 3.  membership functions for defining linguistic variables of the 

system 

With complete knowledge of linguistic variables, we can 
define the membership functions of these variables. 

In matchmaking component in order to correct operation of 
fuzzy system we define domain of membership functions 
which are related to the properties of registered resources in the 
form of the proportion defined as: 

i

i
i

R

P
S =                          (18) 

In which Pi and Ri are the value of the registered and 
requested property i, respectively. Scost and Scpu-rate are examples 
of input variables and rank is example of output variable, as 
shown in Fig.3. 

To define membership functions in this approach, it is 
important to use equal terms for definition of system’s 
linguistic variables. It is considerable, because of logical 
relationship between the input and output variable terms in the 
fuzzy rules formation of the system. 

2) Modeling User Preferences Based on Weighting the 

Rules 
We view preferences as the information that describes the 

constraints on the properties of an individual in order to be 
accepted for further consideration. We specify different levels 
of acceptance with fuzzy membership functions. 

This approach do resource matchmaking with assumption 
of the existence of the fuzzy rules that can be criteria for 

ranking properties related to resources, gives more weight to 
the rules that are more important from user’s point of view. 

The confidence factor (CF) of every rule which is a number 
between 0 and 1, can express the confidence value and the 
importance of the rule to obtain the final result. Equation (19) 
expresses the effect of this factor in computing the result [25]. 

iipremiseicon CFMembershipMembership ×= ,,
      (19)       

This equation shows that the membership function of the 
conclusion part in each rule i, is a coefficient from membership 
function of the premise part and the confidence factor, that is 
related to that rule. 

We can provide the preliminary of fuzzy system with 
complete understanding and knowledge from the quality 
criteria and the defining input and output linguistic variables 
with equal terms. After that, we obtain some category of rules 
by creating fuzzy rules equal to number of terms that are used 
for defining linguistic variables for every input variable. For 
the expression of rules, we obtain some categories of rules, by 
creation one logical mapping between input variable terms in 
premise part and output variable in conclusion part for every 
category, that the effect of each rule at ranking should be 
distinct by the user. This work is done by catching the 
importance grade of each input quality criterion and located it 
as a confidence factor related to one category of rules. 

For introducing fuzzy rules, we must create a logical 
mapping according to this point that low or high value of 
variable is considerable for user. The fuzzy rules for Cost 
variable that low value is considerable for user can be 
expressed as follow:  

CFcost IF  SCost=very low      � THEN � Rank=very high 

CFcost IF  SCost=low THEN � Rank=high 

CFcost IF  SCost=moderate THEN ��Rank=moderate 

CFcost IF  SCost=high      �    � THEN   Rank=low 

CFcost IF  SCost=very high��   THEN   Rank=very low 

While, we express the fuzzy rules for Cpu-rate variable that 
high value is considerable for user as follow: 

CFCpu-r IF  SCpu-r=very high THEN   Rank=very high 

CFCpu-r IF  SCpu-r=high THEN   Rank=high 

CFCpu-r IF  SCpu-r=moderate THEN � Rank=moderate 

CFCpu-r IF  SCpu-r=low THEN   Rank=low 

CFCpu-r IF  SCpu-r=very low �

  

THEN   Rank=very low 

In fact� having n properties for every resource and defining 
t term for every variable there are n×t fuzzy rules which are 
criterion for evaluating different resource properties. 

3) Fuzzy-Based Rerource Matchmaking 
Matchmaking component needs two input vectors received 

from the user; the first is property values vector expected to be 
satisfied by a resource which is selected, and the second one is 
weight vector which shows the importance of each one of the 
properties to obtain the final result. 
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The complete knowledge of resource properties and the 
definition of linguistic variables and membership functions 
have a determinative role in fuzzification process of resource 
properties. The fuzzy rules that expressed based on the logical 
mapping between terms of linguistic variables, are the criterion 
for evaluating of different resources. But, these rules are 
completely neutral. Therefore, the role of user for preferring 
the rules which express his needs increases. The received user 
preferences, weight values, are stated as confidence factors of 
each category of rules. 

The fuzzy system uses the proportional of registered 
properties to the requested properties, according to the equation 
(18), as input variables. Then the rank of each resource from 
the optimized resources set is computed. In fact, matchmaking 
component ranks each of the optimized resources by preferred 
fuzzy rules and fuzzy inference engine and the specified 
defuzzification method. According to the computed rank for 
each resource, a set of resources with the highest rank is 
selected to send back to the user.     

VI. EXPERIMENTAL RESULTS 

In order to simulate algorithm we run the GridSim that is a 
grid java based simulator. Fuzzy system is implemented using 
FuzzyJ Toolkit [26]. We have also used db4o [27] data base as 
a repository for advertised resources. We have created ontology 
of possible resources using protégé API [10], which is a java 
based API, for semantic description of resources. The structure 
of the ontology of resources is motivated by the need to 
provide information about resources. This ontology template 
has been created according to the basis of Karlsruhe Ontology 
model [28]. 

In order to evaluate our algorithm, we have tested it on the 
500, 1000, 2000, 4000, 6000, 8000, and 10000 registered 
resources which are semantically defined according to the 
ontology template.  

 
Figure 4.  GridSim Architecture 

Each resource registers itself in the database as soon as 
joined the grid by sending its properties which are defined 
according to the ontology template. For designing Query 
generator we created users which send resource requests with 
deferent requested resource properties. Requested resource 
properties are defined according to the ontology template.  

As shown in Fig. 4, user sends its resource query to the 
GridSim’s broker. Broker forwards this request to the Grid 
Information Server (GIS). The GIS uses the ontology and 
accesses the database in order to find advertised resources 
relevant to the requested resource.  Retrieved resources ID 
along with its match degree are sent back to the user.  

We have tested our algorithm with resource property 
certainty of 30%, 50%, 80%, and 100% and for each of these 
states we have run simulator with deferent number of 
advertised resources. We have used the average results of the 
100 times run of each case for comparison. In first step we 
show the effect of user preference on the ranking process of 
resources. Then the effect of our algorithm on the precision and 
the matchmaking time will be discussed. 

For evaluating the precision and the matching time of our 
algorithm we compared this algorithm with the our previous 
works; algorithm proposed in [15] which is based on dynamic 
rough set theory and classical rough set based algorithm 
proposed in the [16]. 

A. User Preferences effect 

In this work, user point of view has direct effect on the 
computed score for a resource. In fact, user can select a suitable 
resource through his point of view by assigning weight of every 
requested property. We have considered the weight of property 
as the confidence factor which has clear and direct effect on the 
resource ranking. 

Now, with decreasing confidence factor related to one 
property and fixing others, we can observe that the chart 
gradient and width of ranking scores in the each case of 
confidence factor’s reduction, is lessen. This subject is true for 
other properties and is a reason for correct functionality of 
system according to user preferences. Fig. 5 shows difference 
of maximum and minimum ranking scores belong to resources 
against changes of confidence factor related to one property 
and fixing others in 1. 

Several advantages can be stated for this technique. This 
technique emphasizes on accordance to the user preferences 
and properties of selected resources. The user clearly states his 
preferences for selecting the resources which meet its demands. 
There fore, additional to high care in expression of preferences, 
for modeling the different user preferences, there is no need to 
restate the rules according to these different preferences. Also, 
this technique is extensible against increasing of the properties. 
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Figure 5.  effect of confidence factor changing on width of ranking scores 

B. Precision evaluation 

As mentioned above we test our algorithm with 4 groups of 
advertised resources. The First group has only 30% properties 
certainty. The Second group has 50% property certainty and 
the third group has 80% property certainty and the fourth group 
has 100% property certainty.  Fig. 6 to Fig. 12 shows the 
comparison of the precision for different numbers of the 
resources.  

0%

20%

40%

60%

80%

100%

30% 50% 80% 100%

properties certainty rate

p
re

c
is

io
n

CRSRD DRSRD FDRSRD

 

Figure 6.  comparison of precision for 500 resources 
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Figure 7.  comparison of precision for 1000 resources 
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Figure 8.  comparison of precision for 2000 resources 
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Figure 9.  comparison of precision for 4000 resources 
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Figure 10.  comparison of precision for 6000 resources 
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Figure 11.  comparison of precision for 8000 resources 
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Figure 12.  comparison of precision for 10000 resources 

As shown in the figures from Fig. 6 to Fig. 12, the precision 
of the Classic Rough Set Resource Discovery algorithm 
(CRSRD) is lower than the Dynamic Rough Set Resource 
Discovery algorithm (DRSRD). This is because of the dynamic 
properties of the Grid environment. Whereas classic rough set 
theory can not deal with dynamic properties, classic rough set 
based algorithm has low precision. But for different rates of 
certainty, DRSRD is more precise than rough set based 
algorithm. It is clear that DRSRD has a good effect on dealing 
with vagueness and dynamic properties of grid.  By using fuzzy 
logic in the matchmaking phase this precision increased more 
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and more. This increment is the result of using fuzzy logic 
which is a precise method in dealing with complex systems. 

Fig. 13 to Fig. 16 show the increment of precision 
according to the increment of the number of the resources for 
30%, 50%, 80%, and 100% certainty rate, respectively. Along 
with the increase of the number of resources, precision also 
increases. It is because of the increasing of the survey 
population.  
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Figure 13.  Precision increament for 30% certainty rate 
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Figure 14.  Precision increament for 50% certainty rate 
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Figure 15.  Precision increament for 80% certainty rate 
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Figure 16.  Precision increament for 100% certainty rate 
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Figure 17.  Comparison of the matching time 

C. Matching time evaluation 

For evaluating matching time we run our simulator 100 
times with different amount of advertised resources. We have 
compared the FDRSRD algorithm with the DRSRD and 
CRSRD algorithms to evaluate the matching time of our 
algorithm. 

  Fig. 17 shows that the matching time of FDRSRD 
algorithm is lower than both the DRSRD and the CRSRD. It is 
because of the using of the fuzzy logic in the matching phase. 

VII. CONCLUSION AND FUTURE WORK 

Several advantages can be stated for this technique. This 
technique emphasizes on accordance of the user preferences 
and the resource properties. The user clearly states his 
preferences for selecting the resource. There fore, additional to 
high care in expression of preferences for modeling the 
different user preferences, there is no need to restate the rules 
according to these different preferences. Also, this technique is 
extensible against increasing of the properties.  

In this work we have used dynamic rough set theory in 
order to deal with uncertainty and vagueness existed in the 
registered resource properties.  Experimental results have 
shown that FDRSRD has good effect in resource discovery 
process. This effect has shown it self in precision factor which 
is improved by a acceptable ratio. Furthermore, having a glance 
on the results revealed that using fuzzy logic along with 
dynamic rough set lead to the improvement of the precision 
and the speed up. 

Finally, in order to optimize the resource matchmaking 
phase, it maybe useful to use a technique, such as genetic 
algorithm in order to rank resources, which in the fitness of the 
resources is computed according to the approach described in 
this work. 
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Abstract     -Wireless mobile ad-hoc networks are characterized 
as networks without any physical connections. In these networks 
there is no fixed topology due to the mobility of nodes, 
interference, mulitpath propagation and path loss. Hence a 
dynamic routing protocol is needed for these networks to 
function properly. Many routing protocols have been developed 
for accomplishing this task.  Selecting most appropriate routing 
protocol for a particular network scenario is the critical issue. 

Most attempts made at evaluating these algorithms so 
far have focused on parameters such as throughput, packet 
delivery ratio, overhead etc. An analysis of the convergence 
times of these algorithms is still an open issue. The work carried 
out fills this gap by evaluating the algorithms on the basis of 
convergence time. 

 In this paper we present and examine the convergence 
time evaluation of routing protocols AODV and AODV+G . The 
algorithm performances are compared by simulating them in 
ns2. Tcl is used to conduct the simulations, while perl is used to 
extract data from the simulation output and calculate 
convergence time. After extensive testing we observed that 
AODV+G converged well in all situations than AODV. The 
paper also evaluates the algorithms using the rudimentary 
metrics-throughput and packet delivery ratio. 
 
Keywords- Routing Protocols, MANETS, Convergence Time. 
 
 

I. INTRODUCTION 
 
 A Mobile Ad-Hoc Network (MANET) is a self-
configuring network of mobile nodes connected by wireless 
links, to form an arbitrary topology. The nodes are free to 
move randomly. Thus the network's wireless topology may be 
unpredictable and may change rapidly. Minimal 
configuration, quick deployment and absence of a central 
governing authority make ad hoc networks suitable for 
emergency situations like natural disasters, military conflicts, 
emergency medical situations etc . 
  Every device in a MANET is also a router because it 
is required to forward traffic unrelated to its own use. Almost 
every year, the world is struck by numerous catastrophic 
natural disasters, such as earthquake, hurricane, typhoon, 
tsunami, etc. In such a situation communication systems, 
fixed or mobile, were usually down due to various reasons. 
The loss of communication systems as well as information 
networks made the rescue operation extremely difficult. 

WiFi-ready notebook PCs( MANET nodes) owned by rescue 
volunteers themselves to construct a MANET to support such 
a need. 
 MANET can be classified based on the 
communication pattern or the devices used, the variants of 
MANETs on the type of devices are sensor and ad hoc 
networks. Routing is one of the critical issue in MANET. 
Selecting the energy efficient routing protocols improves the 
performance of the communication. The routing protocols are 
classified into three types. Proactive protocols maintain 
routing information for all the destinations, and keep updating 
this information through periodic updates, an example for this 
protocol is DSDV[1],OLSR[3]. Reactive protocols don’t 
maintain information for all the destination, rather they 
discover the route to a destination on demand, an example for 
this protocol is AODV[2]. Hybrid protocols attempt to 
combine the advantage of both proactive and reactive 
protocols, an example for this protocol is TORA[5], ZRP[4], 
MPOLSR[6]. AODV+G[7] reduces unnecessary traffic will 
effectively improve the efficiency of those mobile nodes in 
network. 
 AODV and AODV+G protocols performs differently 
under different network scenarios. One protocol might 
perform better than others in specific situation. These 
protocols are compared in terms of convergence time to 
uncover in which situations these types of algorithms have 
their strengths and weaknesses. 

 
II. RELATED WORK 

  
 There are many other works which are related to our 
work in evaluating routing algorithms. [7] AODV and 
AODV+G has been compared in terms of  Average delay, 
Packet delivery ratio, Normalized routing load and Routing 
load reduction, but not in terms of convergence time. [8] 
AODV and DSDV has been compared in terms of 
convergence time. Many papers have compared AODV with 
other routing algorithms.  In [9] AODV and DSDV have been 
compared with average throughput, packet loss ratio, and 
routing overhead as the evaluation metrics, [10] has compared 
AODV and DSDV in terms of delay and drop rate, [11] 
compares AODV and DSDV in terms of throughput, packets 
received, delay and overload. Similarly, [12] compares 
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AODV, DSDV and DSR in terms of throughput, delay, drop 
rate. 

 
III. PROTOCOL SPECIFICATION 

 
 This section gives the small presentation of two 
protocols we evaluate in this paper.  

A. AODV 
 The Ad-hoc On-Demand Distance Vector (AODV) 
routing protocol is designed for use in ad-hoc mobile 
networks. AODV is a reactive protocol: the routes are created 
only when they are needed. It uses traditional routing tables, 
one entry per destination, and sequence numbers to determine 
whether routing information is up-to-date and to prevent 
routing loops. 
 An important feature of AODV is the maintenance 
of time-based states in each node: a routingentry not recently 
used is expired. In case of a route is broken the neighbours 
can be notified. Route discovery is based on query and reply 
cycles, and route information is stored in all intermediate 
nodes along the route in the form of route table entries. The 
following control packets are used: routing request message 
(RREQ) is broadcasted by a node requiring a route to another 
node, routing reply message (RREP) is unicasted back to the 
source of RREQ, and route error message (RERR) is sent to 
notify other nodes of the loss of the link. HELLO messages 
are used for detecting and monitoring links to neighbours. 
 
B. Gossiping & AODV+G 
 
 The basic gossiping protocol is simple. A source 
sends the routing request with probability 1. When a node 
first receives a routing request, with probability p it 
broadcasts the request to its neighbors and with probability 1 
– p it discards the request; if the node receives the same rout 
request again, it is discarded. Thus, a node broadcasts a given 
route request at most once. [7] proposes GOSSIP(p,k,m), an 
extension to the basic gossiping, and suggests that: 
A node broadcasts with probability 1 for the first k hops 
before continuing to gossip with probability p. 
If a node with n neighbors receives a message and does not 
broadcast it, but then does not receive the message from at 
least m neighbors within a reasonable timeout period, it 
broadcasts the message to all its neighbors [7]. 
 Hass et al. implements GOSSIP(p,k,m) in Ad Hoc 
On-Demand Distance Vector protocol (AODV) [18], a typical 
and well-studied on-demond routing algorithm suited for 
mobile nodes routing in ad hoc network. We refer this gossip-
based AODV as AODV+G. The experiments in [7] shows 
that gossiping can reduce control traffic up to 35% when 
compared to flooding and the most significant performance of 
GOSSIP is achieved by taking  p=0.65, k=1 and m=1. 
 In AODV+G, if the expanding-ring search with a 
smaller radius fails, rather than flooding to the whole 

network, here GOSSIP3(.65,1,1) is used. The timeout period 
of GOSSIP3 should be big enough to allow neighboring 
nodes to gossip. The NODE_TRAVERSAL_TIME parameter 
of AODV is a conservative estimate of the average one hop 
traversal time for packets that includes queuing delays, 
interrupt processing times and transfer times. GOSSIP3 is not 
used in the expanding-ring search with a smaller radius, since 
flooding is more efficient than gossiping for zone with small 
radius because of the back-propagation effects[17]. The 
variant of AODV that uses GOSSIP3 is called AODV+G. 
 

 
IV SIMULATION AND PERFORMANCE ANALYSIS 

  
A.  Environment and Assumption 
 
Simulator chosen : The proposed algorithms are simulated on 
NS2(version 2.33)[13]. NS2 is popularly used in the 
simulation of routing and multicast protocols, among others, 
and is heavily used in ad-hoc networking research. ns 
supports an array of popular network protocols, offering 
simulation results for wired and wireless networks alike. It 
can be also used as limited-functionality network emulator. It 
was necessary to use available implementations of algorithms 
rather than implement them freshly ourselves, as it is 
important for the acceptance of an evaluation that the 
implementation used for evaluation has been scrutinized and 
accepted as correct by the community.  Else the evaluation 
results will not be accepted as doubt will exist about the 
correctness of the implementation of the algorithms 
 
Algorithms chosen : Here in this paper we have selected to 
simulate and evaluate the performance of AODV and 
AODV+G protocols. AODV is a reactive routing protocol and 
AODV+G is variant of AODV routing protocol with 
GOSSIP3. Further experiments can be built based on the 
results of this project, to compare convergence time 
performance of algorithms within the same category as well. 
 
Mobility model : The Random Waypoint model is the most 
commonly used mobility model in research community. At 
every instant, a node randomly chooses a destination and 
moves towards it with a velocity chosen randomly from a 
uniform distribution [0,V_max], where V_max is the 
maximum allowable velocity for every mobile node. After 
reaching the destination, the node stops for a duration defined 
by the 'pause time' parameter. After this duration, it again 
chooses a random destination and repeats the whole process 
until the simulation ends.  
 To create Mobile node Movement Scenario files, the 
command line that needs to be run under directory : ns-
allinone-2.33/ns-2.33/indep-utils/cmu-scen-gen/setdest : 
./setdest [-n num_of_nodes] [-p pausetime] [-s maxspeed] [-t 
simtime] [-x maxx] [-y maxy] > [output-file][14]. 
 

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



(IJCSIS) International Journal of Computer Science and Information Security,  
Vol. 8, No. 5, August 2010 

 

  3

Traffic pattern : Moreover, traffic sources may generate 
packets at constant bit rate (CBR), or at variable bit rate 
(VBR). The CBR class is commonly used for voice and data 
services. In this context, the data rate and the delay remain 
constant during the packet transmission. More particularly, 
CBR traffic sources provide a constant flow of data packets of 
512 bytes with a transmission rate of 4 packets per second. 
All CBR traffic scenarios are generated using cbrgen.tcl in 
NS-2 

To create CBR traffic scenario files, under directory 
:ns-allinone-2.33/ns-2.33/indep-utils/cmu-scen-gen/cbrgen.tcl 
./ns cbrgen.tcl [-type cbr|tcp] [-nn nodes] [-seed seed] [-mc 
connections] [-rate packet/second for one connection] > 
[output-file][14]. 

Network scenario : The simulations are conducted using the 
network simulator ns2 [14]. Random Waypoint mobility 
model is used. The physical layer simulates the behavior of 
IEEE 802.11 (as included with ns2). Each node has a radio 
range of 250 meter, and uses TwoRayGround as the radio 
propagation model. 
All the scenarios are based on the following basic parameters: 
cbr (constant bit rate) traffic 
topology of size 500 m x 500 m 
maximum speed of each node 20 m/s  
simulation time 180s 
transmission rate (packet rate) 10 m/s 
The number of nodes is varied in the range [10,100] in steps 
of 10 (to represent 10 node densities). Pause time is varied in 
the range [0,180] in steps of 20 (to represent 10 pause times). 
 
B. Performance Metric 
 

A trace file contains a lot of information which may not be 
required to analyze the performance of the protocol. We are 
always interested in some amount of information that is 
sufficient to predict the efficiency of the protocol. The 
following performance metric is needed to be taken into 
consideration in order to analyze and compare the 
performance of AODV and AODV+G  

 
Convergence Time : In [15], convergence time has been 
defined as the time between detection of an interface being 
down, and the time when the new routing information is 
available. [16] defines a route convergence period as the 
period that starts when a previously stable route to some 
destination becomes invalid and ends when the network has 
obtained a new stable route for. Similarly, we define 
convergence time as the time between a fault detection, and 
restoration of new, valid, path information.  
 [15] calculates convergence time in the IP backbone. 
The authors arrive at the value of convergence time by 
deploying entities called ‘listeners’, which listen to every link 
state PDU being sent by the is-is protocol. The time when the 
first ‘adjacency down’ packet is observed is taken as the time 

of detection of an interface being down. This failure event is 
said to end when the listener receives link state PDUs from 
both ends of the link. 
 We arrive at the convergence time by measuring the 
interval between the detection of route failure and successful 
arrival of a packet at the destination over the newly computed 
route. This includes not only the routing convergence time, 
but also the time taken for the packet to traverse the network 
from the source to the destination over the newly discovered 
path. Since this is a comparative analysis, and both the 
routing protocols use shortest distance with number of hops as 
the metric for distance calculation, both protocols will arrive 
at the same new route, and the time taken to reach the 
destination over this new route will be the same (since all 
physical characteristics are the same). Hence this extra time 
measured does not affect the comparative analysis.  
 In any case, the time taken for a packet to travel from 
the source to the destination is negligible when compared to 
the time taken for the algorithm to discover the new route, 
either through route request – route reply sequences as in 
reactive protocols, or by waiting for an update that contains 
new route information as in proactive protocols.  Also, this 
automatically verifies that the new path calculated is correct. 
 The cycle of invalidation of old path and discovery 
of a new path might occur many times, and for many source-
destination pairs over the course of the simulation.  Hence the 
average value of these times is taken as the convergence time 
of that algorithm for that scenario. 
This procedure has been carried out in perl. 
 
Throughput : If y number of packets  delivered within t time 
at a node then the throughput at the node could be defined as 
y/t. By definition, the throughput needs to be calculated at the 
bottleneck node, not sender. For the throughput calculation, in 
general divide the successfully received packets by the 
simulation time will give the answer. In the trace file there are 
different levels of received packets such as the RTR or AGT 
level. The packets received by the node in its AGT level will 
be the real received packets. Here these packets are filtered 
from the trace file using perl script. 
 
Packet Delivery Ratio : The ratio between the number of 
packets successfully received by the application layer of a 
destination node and the number of packets originated at the 
application layer of each node for that destination. 
 
 

V. EXPERIMENTAL RESULTS 
 

 Graphs are one of the ways to analyze and compare 
the results of the trace file. Other methods can also be used 
for comparison like tabular form showing required output 
data of the trace file. Simple MS Excel or MATLAB also 
work for plotting graphs. In this paper the graphs are plotted 
using xgraph in NS2. 
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 In order to be able to cover most if not all the types 
of scenarios the algorithms might face, we varied both the 
node density (number of nodes) and the node mobility (pause 
time). The node density (number of nodes) was varied in the 
range [10,100] in steps of 10 (10 different node densities). 

The upper limit of this range was chosen to be 180 
because the simulation time is 180s in all the cases. Thus a 
pause time of 180 implies that the nodes pause in their initial 
positions for 180 seconds – the entire duration of the 
simulation. Hence this represents the case where nodes are 
completely static. Similarly, pause time 0 represents very high 
mobility where the nodes are in constant motion. Thus we 
tested each algorithm over 10 node densities x 10 pause times 
= 100 scenarios. 
 
A. Convergence Time 

 
Convergence time of AODV and AODV+G is calculated 

using perl script. This script parses trace file created by 
simulating AODV and AODV+G algorithms to calculate 
convergence time. In each graph, the node density is fixed 
and the pause time is varied. 
 
 

 
Figure 1: 10 nodes, varying paused time 

 
 
 

 
Figure 2: 20 nodes, varying pause time 

 
 

 
Figure 3: 30 nodes, varying pause time 

 
 
 

 
Figure 4: 40 nodes, varying pause time 

 
 

 
 
 

 
Figure 5: 50 nodes, varying paused time 
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Figure 6: 60 nodes, varying paused time 

 
 

 
Figure 7: 70 nodes, varying paused time 

 
 

 
        Figure 8: 80 nodes, varying paused time 

 
 

 
Figure 9: 90 nodes, varying paused time 

 
 

 
        Figure 10: 100 nodes, varying paused time 

 
 Based on the above figures it is found AODV+G 
convergence time is less than AODV in all assumed network 
scenarios. It is also found that as the pause time increases the 
convergence time of AODV+G decreases. Convergence time 
of both AODV and AODV+G increases as the node density 
increases. 
 
B.. Throughput 
 
 Here node density is varied from 10 to 100 in steps 
of 10 nodes. For each node density both the algorithms are 
simulated with varied paused time from 0s ts 180s in steps of 
20s. Average throughput in each node density is taken and the 
graph is plotted as show in figure 12. 
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Figure 12: Throughput AODV Vs AODV+G 

 
 From the above figure we observed that AODV with 
the low density performance well than AODV+G. As the 
node density increases AODV+G throughput increases. With 
the node density more than 30 nodes the throughput of 
AODV+G is almost double than AODV.   
 
C. Packet Delivery Ratio 
 
 Here node density is varied from 10 to 100 in steps 
of 10 nodes. For each node density both the algorithms are 
simulated with varied paused time from 0s ts 180s in steps of 
20s. Average of packet delivery ratio in each node density is 
taken and the graph is plotted as show in figure 11. 
 

 
Figure 11: Packet Delivery Ratio AODV Vs AODV+G 

 
 From the above figure we observed that AODV with 
the low density performs well than AODV+G. With the node 
density more than 30 nodes packet delivery ratio of AODV+G 
is more than AODV. 
 

 
 
 

VI. CONCLUSION 
 
 AODV and AODV+G mobile Ad-hoc routing 
protocols have been presented and evaluated using well know 
network simulator NS2( version 2.33 ). AODV+G is gossip 
based AODV, here GOSSIP3(.65,1,1) is used. These two 
protocols are evaluated using the network performance metric 
convergence time. Here we observed that AODV+G 
converged well than compared to AODV in all assumed 
network scenarios. We also noticed that with the very low 
node density throughput and packet delivery ratio of AODV 
is more than AODV+G. With node density more than 30 
nodes AODV+G performs better than AODV.  We can extend 
our work to compare the performance of Adaptive Gossip-
based Ad Hoc Routing (AGAR) with Gossip-based Ad Hoc 
Routing (AODV+G) using convergence time, throughput and 
packet delivery ratio.  
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Abstract— In mobile ad-hoc wireless network, the link failure is a 

major challenge. It causes a reduction in performance and 

efficiency of network resources.  This paper presents an 

enhancement to AODV-DFRP protocol. This developed protocol 

utilizes the link state prediction method to avoid a link failure in 

a different way from the existing solutions. The paper focuses 

only the link failure caused by the nodes mobility, which can be 

avoided if the routing protocol responses quickly to the network 

topology change. In this paper, we propose a Local Route 

Request (LRREQ) mechanism which is expected to show better 

performance than Local Repair method that is used in standard 

AODV. (Abstract) 

 

Keyword: Ad-hoc; AODV;  

 

I. INTRODUCTION 

Mobile ad-hoc Network (MANET) is one of the most 
focused research areas in the field of wireless networks as well 
as mobile communication for the last decade [1] [2]. Ad-hoc 
network consists of nodes communicating one another with 
portable radios. In ad-hoc mobile networks, routes are mainly 
multi-hop because of the limited broadcasting propagation 
range and frequently, and unpredictably, topology changes, as 
each network node moves randomly. Therefore, the routing 
protocol is an essence task as it transferring packets form 
source node to destination. In other words, it can be described 
as the process of path finding to reach the desired destination. 
Finding a new path in ad-hoc network has become a hot 
research issue. In MANET communication, every node in the 
network acts as a router as it forwards packet from one node to 
another.  

Many routing protocols have been developed for mobile ad-
hoc wireless network. Ad-hoc on-demand distance vector 
(AODV) is one these protocols which have been used widely. 

AODV is a reactive routing protocol of mobile ad-hoc 
network [3] [4]. When a host or node wants to send a message 
to destination-node and does not have a valid route to that 
destination-node, it initiates a route discovery process in order 
to find out the destination node. Then, it broadcasts a route 

request (RREQ) packet to its neighbors, which forwards the 
request to its neighbors until reaches to the desired destination-
node or reaches intermediate node which has information about 
the route to the destination-node [5]. During the route 
discovery processing, each intermediate node recodes its own 
sequence number (called broadcast ID). This broadcast ID is 
incremented for every RREQ that the node initiates, and also 
records the nodes IP address (source and destination IP 
addresses). Intermediate nodes can reply the RREQ, in case 
they have a route to the desired destination-node, only if the 
destination sequence number is greater than or equal to that 
contained in the RREQ [6].  

In addition, in forwarding process of the RREQ, the 
intermediate node records the address of the neighbor from 
which the first copy of RREQ broadcasted is received, to avoid 
receiving several copies of same RREQ and to avoid looping 
problem as well. In case of one of the intermediate nodes 
receives copies of same RREQ, these packets are discarded. 
Upon receiving the RREQ by the destination-node or 
intermediate node with recent route to destination, it responds 
by unicasting a route replay (RREP) packet back to the 
neighbors that received the first RREQ from [7].  

In the presence of Link Failure in AODV, when an 
intermediate node discovers a link failure in active route, it 
broadcasts a route error (RERR) packet to inform the source 
node. Then, the source node will re-initiate a route discovery 
process again if necessary [8]. One major drawback of AODV 
protocol is the source route re-initiating upon a link failure; 
which is the main point that our paper focuses on. In this paper, 
we come up with a mechanism that avoids the route re-
discovery by the source upon link failure and, at the same time, 
solves the link failure before the current route becomes 
completely disconnected.  

Many ad-hoc routing protocols have been developed, 
implemented, and they are categorized into different classes. 
The common routing protocols used in mobile ad-hoc networks 
(MANETs) are AODV and Dynamic Source Routing (DSR) 
[9]. These two on-demand ad-hoc network routing protocols 
are the most widely studied. Subsequently, numerous protocols 
are being developed or modified which are both proactive and 
reactive routing protocols, such as Dynamic Destination-
Sequenced Distance-Vector routing (DSDV), Optimized Link 
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State Routing (OLSR), Topology Broadcast Based on Reverse 
Path Forwarding (TBRPF), Signal Stability based Adaptive 
routing (SSA), and mixed routing protocols such as the Zone 
Routing Protocol (ZRP), and many others [10]. The goal of this 
paper is to propose a very useful mechanism to improve 
AODV-DFRP protocol “in press” [11] and enhance overall ad-
hoc wireless network.  

II. RELATED WORK  

On mobile ad–hoc wireless networks, the route 
disconnection has a significant negative impact on packet 
delivery. The common drawbacks and main consequences of 
route failures are packet dropping, end-to-end delay, and 
minimum throughput. These result in overall network 
inefficiencies. In addition, the interval time for link break 
detection and construction time of alternative path can be high. 
Therefore, many link predication studies have been proposed, 
recently, which focus on improving route repair in advance. In 
[12], a Predictive Preemptive approach has been proposed to 
route maintenance and to avoid link breakage. The mechanism 
is initiated when a link is about to be broken instead of waiting 
for the break to happen. This approach used the Lagrange 
interpolation mathematical model in order to estimate whether 
an active route to a neighboring node will fail. When link 
failure is expected between a node and an upstream neighbor, 
the upstream neighbor itself attempts, first, to find a route to 
the destination. If such route is not found within a discovery 
period, a link failure warning is propagated via upstream nodes 
to sources that use this link. Source nodes invoke the route 
discovery mechanism if they need a route to the destination. 
This approach has two drawbacks: (i) if the problem is 
happened at the upstream node and not downstream, it is going 
to take quite a long process to divert route. (ii) The mechanism 
shows that the unnecessary warning message is still sending to 
the source after a certain period of time which increases the 
traffic in the network.  

In [13], a new flooding mechanism is suggested to control 
route paths. The main point of the proposed scheme is to track 
the destination’s location based on the beacon messages of the 
main route nodes by directional forwarding algorithm. In other 
words, each node recognizes its location through Global 
Positioning Systems (GPS) for a one-hop neighbor node, which 
is at a distance of one hop from the main route, recognizes the 
location of the main route node through a beacon message. 
GPS has some issues; such as the cost associated with their use 
and that they may not work properly because of fading. In 
addition, other problems with this mechanism could be that the 
need for synchronization between the internal clocks of nodes 
[14].  

[15] introduces the Packet Received Time (PRT) to predict 
the link status in order to avoid link breakdown on an active 
route beforehand. This approach used power measurement of 
received packets to predict the topological change. This 
mechanism works as follows; if current signal of the received 
packet is greater than the previous one, it indicates the link is 
stable and do not need prediction algorithm. But if it is weaker 
than the previous received packet’s signal power, then 
prediction algorithm send RERR upstream to locally maintain 
the route, or to the source (initial node) to establish new RREQ 

to find a fresh route to the destination. This mechanism has a 
common weakness as many other mechanisms did, namely 
sending an unnecessary warning messages propagating back to 
the source node which again increases the traffic in the 
network.       

III. THE PROPOSED APPROACH  

Our approach concerns an avoidance of link breakage 

before it becomes completely disconnected. The main goal of 

the proposed mechanism is to avoid sending an unnecessary 

warning message upon link failure. In addition, it is an 

improvement of AODV-DFRP protocol proposed by Sayid “in 

press” [16].  However, the avoidance of the reverse route to the 

sender (source) is the similar objectives for both LRREQ and 

AODV-DFRP protocol upon link failure. This paper proposes 

two mechanisms to improve the DFRP protocol. They are as 

follows. 

 

 Local Route Request (LRREQ) 

  Upstream Notification (UN)  

Before we present the new proposed mechanisms, we 
provide a brief introduction about how the DFRP protocol 
works upon a link failure. DFRP protocol uses two 
mechanisms in order to predict the link breakage and take 
action before it happens. For prediction, it utilizes the link state 
prediction method to collect the current link signal strength 
status in order to detect link breakage.  For local or neighbors 
signal status, it utilizes IEEE 802.11 of wireless standards for 
beacon frames to find the node that has a stronger signal 
compare to the current connection signal strength among 
neighbors. Once one of those neighbors replies with positive 
response and have both stronger signal and route to the 
destination, the current-node will divert the route into that 
node. 

The weakness of DFRP protocol is, if none of neighbors 
has stronger signal strength than the current route or it does not 
have a route to the destination at all, then the protocol will face 
a problem in order to process the data forwarding.   

Our new mechanism, LRREQ, uses the link state prediction 

method, as well, for predicating an active link. In addition, a 

LRREQ with beacon mechanism will use one hop neighbors to 

collect their signal status. LRREQ mechanism uses one hop 

range. After the link state predication algorithm informs that 

the link between A and B will be broken soon (Figure 1), node 

A circulates a local route request to neighbors to check signal 

status and whether there is a route to the destination as shown 

in Figure 2.  
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Prediction model notified that A-B Link is going to be broken 
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B
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Figure 1.   Link A-B is to be broken soon 

S
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“A” circulate a Request to adjacent,

if there is a strong signal than “B”

B

A

Receiver

Sender

Upstream node:    Where node A receiving data.

Node A’s neighbors

A

Node B is the node that causes the link 
failure 

S Source (sender): the node that initiated a 
connection to R

R Destination node

UP

UP

Current node: where the information about 
the link will be broken soon has been 
notified by link state prediction method

 
Figure 2.   Node A circulates a Request to adjacent 

IIII. LOCAL ROUTE REQUEST (LRREQ)  

LRREQ comes up with a very useful mechanism on link 

failure route maintenance. The steps of this mechanism are 

shown in the through Figures 1-5. LRREQ mechanism is used 

when the link state prediction model notifies that the link 

between two intermediate nodes on an active link will be 

broken soon.  This means that, when the A-B link is going be 

collapsed soon, node A takes an action to sort out the matter, 

instead of sending warning message back to the sender as in 

AODV traditional mechanism. In this respect, node A 

circulates a Local Route Request (LRREQ) among its 

neighbors, except the node that node A is receiving from (it 

does NOT circulate to upstream node), to find out if there is a 

node that has a stronger signal than downstream node (in this 

case, the downstream node is “B”) and, at the same time, has a 

route to the destination (Figure 2). 

A. Upstream Notification (UN) 

If current node (in this case, node “A”) could not receive a 

positive response from its neighbors (because no one has a 

route to the desired destination or maybe they do not have a 

stronger signal than the current connection), the current node 

(A) will send a notification to previous node (one hop to 

upstream) indicating the link will be broken soon.  

 

Thus, when this node (the upstream node) receives such 

notification from the next hop (downstream), it circulates a 

Local Route Request into its neighbors except the upstream one 

and so on. This procedure is presented in Figure 3. The 

upstream notification continues until a new route to the desired 

destination is found.     

S

R“Node UP ” circulate a Request to adjacent,

if there is a strong signal than “B”

B

A

Receiver

Sender

Notification

No route

No route

Notification: the link soon broken

Indicates there is No Route to the destination.

Transmission range of node A 

UP

UP
Upstream node to node A: But now the UP is the 
current node which circulates the Request after UP 
received NOTIFICATION sent by node A.

Node UP’s neighbors

Node A’s neighbors which did not 

success the Route to the Destination 

Local Route Request & Signal 
strength among neighbors 

Circulating

LRRQES

Circulating

LRRQES

Figure 3.  sending a upstream notification 

 

Figure 3 shows that the node A is failed to sort out the link 

redirection after the link state prediction informed that the A-B 

link will not be continued.  As mentioned earlier, in LRREQ 

mechanism, node A will circulates two inquires (for the 

purpose of finding a stronger signal and a route to destination) 

to neighbors simultaneously and if one of these inquires not 

fulfilled, the process will not continue by send a notification to 

the previous node to indicate that the existing link will be 

disconnected. This message also includes the status of the 

signal between nodes A and B.   So when the previous node (in 

this case is node-UP) receives such notification, it will circulate 
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LRREQ to its neighbors, as node-A did. If node-UP not 

succeed to sort out, it continues sending the notification to 

upstream nodes until a new route to the destination is 

discovered. 

 

 

 

S

RNode-C: Response: which means it has both signal stronger

And a route to the destination.

B

A

Receiver

Sender

Notification
CC: Response

UP

 

Figure 4.   Node C responses to indicate that it has both a stronger signal and 

route to the destination 

If a neighbor node, for example C in Figure 4, has stronger 

signal than node A to node B, node-UP has to divert the route 

through the node C (Figure 5), because A-B link is soon to be 

broken (because node B is moving beyond the coverage range 

of node A). Intuitively, as the distance between two nodes is 

greater than the radius of their transmission range, they will not 

be able to communicate each other. 

Figure 5 shows that a new route through node C is 

constructed. The data flow through node A to node B will 

continue via the new constructed path without any loss. 

 

S

R
New route is created through node-C along to the destination

B

A

Receiver

Sender

C

UP

 
 

Figure 5.   Link Divert Through Node C 

IVI. PREDICTION OF AN ACTIVE ROUTE  

Basically there are two methods, to predict the mobile 

nodes connectivity.  

 

They are:  

 Distance  

 Time  

In the distance method, the received signal power solely 

depends on its distance to the transmitter. In this method we 

assume that the speed, direction, and transmission range are 

constant. Therefore, the speeds and directions for node A and 

node B do not change from     to t, where    is the start point. 

It can calculate the distance d from A to B at time t .As stated 

in [17] and [18]; the distance can be computed as follows. 
 

          
          

                     
       (1) 

 

l

m

t

d

B

A  

From this simple calculation, we can predict the time t when 

mobile node A and B are going to be disconnected. Thus, this 

method is solely depends on the distance between nodes.  

 

The time method, having knowledge of the distance d, it 

can predict the time t when node A and node B are going to be 

disconnected.  

 

We can calculate the distance d from A to B at time t as 

mentioned earlier. Also we can calculate the remaining time 

that the link will stay connected with known transmission range 

r. For example, A  and  B  are within  the  transmission  range  

r   at  (  ,    ) and (    ,    ) moves with speed   ,      at 

direction     ,   .  (   and     are  in  the  range  of  0   to  2  

), respectively.  So the remaining time of link connection is: 

  
                            

     
 ,                                     (2)     

Where:  a                  , b        ,    

                 d        .                       

VI.  ONE-HOP-NEIGHBOR SIGNAL MONITOR 

The one hop neighboring signal status is also important to 

monitor. The circulation of LRREQ among neighbors upon the 

prediction of a link failure derives creating an array for each 

node to keep the signal information, called “signal-status 

array”. This array holds three packets for beacon signal 

strength and their reception time. This is done by Lagrange 

Interpolation method which has the following general 

definition.  
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The strength powers and time intervals are          
                          . In this respect, if the signal 

threshold less than the minimum requirement of signal power 

or there is no route to the desired destination, a warning 

message is sent to the upstream node. This is shown in the 

following pseudo code and flowchart.  

 

A. Pseudo Code of  the New Mechanism 

//                                                 /* 
//                =     Threshold or required signal power/* 
// one-hop-S-Pw   =    one hop neighbors signal power /* 
// signal-status-array[3]; =  table contains signal status/* 
 
Predict() // execute prediction in every 5 ms 

{if (                ) than  

S-LRREQ(signal-power, dest-Route) /* check one-hop-
neighbor, if one of //them got stronger signal than 
current, plus destination //route as well. */ 
 }; 
// One-hop-Response 
Response()  // one-hop-neighbors response 
signal-status-array[3]; // table contains signal //status  
{if (one-hop-S-Pw > S-LRREQ(signal-power, dest-
Route)) //* comparing signal power of the one-hop 
//neighbor with the active route signal power.*/ 
Divert-Data (new-path) // Divert data into the new path 
Else 
Send-UN(signal-power, dest-Route) //* send notification 
to upstream node*/ 
}; 

Figure 6.  Pseudo Code 

 

 

 

B. Flowchart  of  the New Mechanism 

       S_ LRREQ();

Start

Node A
One-hop-S-P > S_LRREQ() ?
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       UN
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Figure 7.  Flowchart  

CONCLUSION  

In this paper, we propose a new mechanism to improve ad-

hoc wireless network performance and to overcome link failure 

problem. The new mechanism detects link failure before it 

completely occurs, finds a new route, then divert the data 

through the new route without loss. This mechanism is 

supposed to eliminate the route re-establishing by the source 

upon link failure. In addition, it improves the limitation of 

DFRP protocol upon receiving a negative response from 

neighbors (neither signal stronger nor route to the destination). 

The proposed mechanism is expected to improve the network 

performance significantly, reduce network overhead, decreases 

the packet loss, reduce end-to-end packet delays, increase the 

throughput, utilize the network resources efficiently, and 

improve packet delivery ratio. 
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Abstract— Nowadays, content distribution is an important peer-
to-peer application on the Internet that has received considerable 
research attention. Content distribution applications typically 
allow personal computers to function in a coordinated manner as 
a distributed storage medium by contributing, searching, and 
obtaining digital content. The primary task in CDN is to replicate 
the contents over several mirrored web servers (i.e., surrogate 
servers) strategically placed at various locations in order to deal 
with the flash crowds. Geographically distributing the web 
servers’ facilities is a method commonly used by service 
providers to improve performance and scalability. Hence, 
contents in CDN are replicated in many surrogate servers 
according to some content distribution strategies dictated by the 
application environment. Devising an efficient and resilient 
content replication policy is crucial since, the content distribution 
can be limited by several factors in the network. 

Hence, we propose a novel Efficient Fault Resilient Replica 
Algorithm (EFRRA) to replicate the content from the origin 
server to a set of surrogate servers in an efficient and reliable 
manner. The contributions of this paper are twofold. First we 
introduce a novel EFRRA distribution policy and theoretically 
analyze its performance with traditional content replication 
algorithms. Then, by means of a simulation based performance 
evaluation, we assess the efficiency and resiliency of the proposed 
EFRR Algorithm, and compare its performance with traditional 
content replication algorithms stated in the literature. We 
demonstrate in experiment that EFRRA significantly reduces the 
file replication time and maintaining the Delivery ratio as 
compared with traditional strategies such as sequential unicast, 
multiple unicast, Fast Replica (FR), Resilient Fast Replica(R-FR), 
and Tornado codes (TC). This paper also analyzes the 
performance of sequential unicast, multiple unicast, Fast Replica 
(FR), Resilient Fast Replica(R-FR), Tornado codes, and EFRRA 
algorithms in terms of average replication time and maximum 
replication time. 

Keywords- CDN, Fast Replica, Resilient Fast Replica, Efficient 
Fault Resilient Replica Algorithm, Tornado Codes. 

I.  INTRODUCTION  
Content Delivery Networks (CDNs) [1][2][3] provide 

services that improve network performance by maximizing 
bandwidth, accessibility and maintaining correctness through 
content replication. It offers fast and reliable applications and 
services by distributing content to cache or edge servers located 

close to users [1]. A CDN has some combination of content-
delivery, request-routing, distribution and accounting 
infrastructure. The content-delivery infrastructure consists of a 
set of edge servers (also called surrogates) that deliver copies 
of content to end-users. The request-routing infrastructure is 
responsible to directing client request to appropriate edge 
servers. It also interacts with the distribution infrastructure to 
keep an up-to-date view of the content stored in the CDN 
caches. 

In particular, Content Delivery Networks (CDNs) optimize 
content delivery by putting the content closer to the consumer 
and shorting the delivery path via global networks of 
strategically placed servers [4]. The CDN’s edge servers are the 
caching servers, and if the requested content is not yet in the 
cache, this document is pulled from the original server. For 
large documents, software packages, and media files, push 
operational mode is preferred. It is desirable to replicate these 
files at edge servers in advance [6]. 

 While transferring a large file with individual point-to-
point connections from an original server can be a viable 
solution in the case of limited number of mirror server, this 
method does not scale when the content needs to be replicated 
across a CDN with thousands of geographically distributed 
edge replica nodes [5].  

This paper is organized as follows. Section II describes the 
related work. Next, we present the working mechanisms of 
different content distribution algorithms and our proposed 
EFRRA content distribution algorithm. Section IV presents 
discussion on analytical study, experimental results and 
analyzes the performance of different content distribution 
algorithms. Finally, the conclusion and future work is 
summarized. 

II. RELATED WORKS 
Ludmila et al. [5] proposed a novel algorithm, called Fast 

Replica, for an efficient and reliable replication of large files in 
the Internet environment. Instead of downloading the entire file 
from one server, a user downloads different parts of the same 
file from different servers in parallel. Once all the parts of the 
file are received, the user reconstructs the original file by 
reassembling the different parts. There are several advantages 
while using a dynamic parallel access. First, as the block size is 
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small, a dynamic parallel access can easily adapt to the 
changing network/server conditions. Second, as the client is 
using several connections to different servers, a parallel access 
is more resilient to congestion and failure in the 
network/server. Third, the server selection process is 
eliminated since clients connect to all available servers to 
retrieve the parts of the file. Fourth, the throughput seen by the 
client will increase. There is an overhead incurred when 
opening multiple connections and extra traffic generated to 
perform block request.  

ZhiHui Lu [6] et al proposed Tree Round Robin Replica 
(TRRR) to improve the work of Fast Replica [5]. They 
proposed an efficient and reliable replication algorithm for 
delivering large files in the content delivery networks 
environment. As part of this study, they carried out some 
experiments to verify TRRR algorithm in small scale. They 
demonstrated in experiment that TRRR significantly reduces 
the file distribution/replication time as compared with 
traditional policies such as multiple unicast in content delivery 
networks.  

Several content networks attempt to address the 
performance problem using different mechanisms to improve 
the Quality of Service (QoS). One approach is to modify the 
traditional web architecture by improving the web server 
hardware adding a high-speed processor, more memory, and 
disk space, or may be with a multi-processor system. This 
approach is not flexible [7]. 

In order to offload popular servers and improve end-user 
experience, copies of popular content are often stored in 
different locations. With mirror site replication, files from 
origin server are proactively replicated at surrogate servers with 
the objective to improve the user perceived Quality of Service 
(QoS). When a copy of the same file is replicated at multiple 
surrogate servers, choosing the server that provides the best 
response time is not trivial and the resulting performance can 
dramatically vary depending on the server selected [8,9]. 

Laurent Massoulie [10] proposed an algorithm called the 
localizer which reduces the network load, helping to evenly 
balance the number of neighbors of each node in overlay, 
sharing the load and improving the resilience to random node 
failures or disconnections. The localizer refines the overlay in a 
way that reflects geographic locality so as to reduce network 
load. 

In [11], Rodriguez and Biersack studied a dynamic parallel-
access scheme to access multiple mirror servers. In their study, 
a client downloads files from mirror servers residing in a wide 
area network. They showed that their dynamic parallel 
downloading scheme achieves significant downloading 
speedup with respect to a single server scheme. However, they 
studied only the scenario where one client uses parallel 
downloading. The authors fail to address the effect and 
consequences when all clients choose to adopt the same 
scheme. 

J. Kanagharju, J. Roberts, and K.W. Ross[12] studied the 
problem of optimally replicating objects in CDN servers. In 
their model, each Internet Autonomous System (AS) is a node 
with finite storage capacity for replicating objects. The 

optimization problem is to replicate objects so that when clients 
fetch objects from the nearest CDN server with the requested 
object, the average number of ASs traversed is minimized. 
They showed that this optimization problem is NP complete. 
They developed four natural heuristics and compared them 
numerically using real Internet topology data.  

Al-Mukaddim Khan Pathan and Rajkumar Buyya [13] 
presented a comprehensive taxonomy with a broad coverage of 
CDNs in terms of organizational structure, content distribution 
mechanisms, request redirection techniques, and performance 
measurement methodologies. They studied the existing CDNs 
in terms of their infrastructure, request-routing mechanisms, 
content replication techniques, load balancing, and cache 
management. They provided an in depth analysis and state-of-
the-art survey of CDNs. Finally, they applied the taxonomy to 
map various CDNs. The mapping of the taxonomy to the 
CDNs helps in “gap” analysis in the content networking 
domain.  

James Broberg and Rajkumar Buyya [14] et al proposed 
MetaCDN a system that exploits ‘Storage Cloud’ resources, 
creating an integrated overlay network that provides a low cost, 
high performance CDN for content creators. MetaCDN 
removes the complexity of dealing with multiple storage 
providers, by intelligently matching and placing users’ content 
onto one or many storage providers based on their quality of 
service, coverage and budget preferences. MetaCDN makes it 
trivial for content creators and consumers to harness the 
performance and coverage of numerous ‘Storage Clouds’ by 
providing a single unified namespace that makes it easy to 
integrate into origin websites, and is transparent for end-users. 

M. O. Rabin [15] and Byers [16] et al proposed an efficient 
dispersal of information for secure, and fault tolerant data 
dissemination based on digital fountain approach. The main 
idea underlying their technique is to take an initial file 
consisting of k packets and generate an n packet encoding of 
the file with the property that the initial file can be restituted 
from any k packet subset of the encoding. For the application of 
reliable multicast, the source transmits packets from this 
encoding, and the encoding property ensures that different 
receivers can recover from different sets of lost packets, 
provided they receive a sufficiently large subset of the 
transmission. To enable parallel access to multiple mirror sites, 
the sources each transmit packets from the same encoding, and 
the encoding property ensures that a receiver can recover the 
data once they receive a sufficiently large subset of the 
transmitted packets, regardless of which server the packets 
came from. In fact, the benefits and costs of using erasure 
codes for parallel access to multiple mirror sites are analogous 
to the benefits and costs of using erasure codes for reliable 
multicast. For both applications, simple schemes which do not 
use encoding have substantial drawbacks in terms of 
complexity, scalability, and in their ability to handle 
heterogeneity among both senders and receivers. 

Ideally, using erasure codes, a receiver could gather an 
encoded file in parallel from multiple sources, and as soon as 
any k packets arrive from any combination of the sources, the 
original file could be restituted efficiently. In practice, 
however, designing a system with this ideal property and with 
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very fast encoding and decoding times appears difficult. Hence, 
although other erasure codes could be used in this setting, we 
suggest that a newly developed class of erasure codes called 
Tornado codes are best suited to this  application, as they have 
extremely fast encoding and decoding algorithms [12]. Indeed, 
previously these codes have been shown to be more effective 
than standard erasure codes in the setting of reliable multicast 
transmission of large files [16]. 

Byers [17] et al proposed a parallel accessing scheme based 
on tornado codes in which a client is allowed to access a file 
from multiple mirror sites in parallel to speed up the download. 
They eliminated complex client-server negotiations and 
implemented a straightforward approach for developing a 
feedback-free protocol based on erasure codes. They 
demonstrated that a protocol using fast Tornado codes can 
deliver dramatic speedups at the expense of transmitting a 
moderate number of additional packets into the network. Their 
scalable solution would be extended to allow multiple clients to 
access data from multiple mirror sites simultaneously. 

 Danny Bickson and Dahlia Malkhi [18] proposed a new 
content distribution network named “Julia” which reduces the 
overall communication cost, which in turn improves network 
load balance and reduces the usage of long haul links. 
Compared with the state-of-the-art BitTorrent content 
distribution network, the authors found that while Julia 
achieves slightly slower average finishing times relative to 
BitTorrent, Julia nevertheless reduces the total communication 
cost in the network by approximately 33%. Furthermore, the 
Julia protocol achieves a better load balancing of the network 
resources, especially over trans-Atlantic links. They evaluated 
the Julia protocol using real WAN deployment and by 
extensive simulation. The WAN experimentation was carried 
over the PlanetLab wide area testbed using over 250 machines. 
Simulations were performed using the GT-ITM topology 
generator with 1200 nodes. 

Amutharaj J and Radhakrishnan.S [19, 20] constructed an 
overlay network based on Dominating Set theory to optimize 
the number of nodes for large data transfer. They investigated 
the use of Fast Replica algorithm to reduce the content transfer 
time for replicating the content within the semantic network. A 
dynamic parallel access scheme is introduced to download a 
file from different peers in parallel from the Semantic Overlay 
Network (SON), where the end users can access the members 
of the SON at the same time, fetching different portions of that 
file from different peers and reassembling them locally. That is, 
the load is dynamically shared among all the peers. To 
eliminate the need for retransmission requests from the end 
users, an enhanced digital fountain with Tornado codes is 
applied. Decoding algorithm at the receiver will reconstruct the 
original content. The authors also found that no feedback 
mechanisms are needed to ensure reliable delivery. The authors 
investigated the performance of sequential unicast, multiple 
unicast and fast replica with tornado content distribution 
strategies in terms of content replication time and delivery 
ratio. They also analyzed the impact of dominating set theory 
for the construction of semantic overlay networks. 

Srinivas Shakkottai and, Ramesh Johari,[22] evaluated the 
benefits of a hybrid system that combines peer-to-peer and a 

centralized client–server approach against each method acting 
alone. The key element of their approach is to explicitly model 
the temporal evolution of demand. They also investigated the 
relative performance of peer-to-peer and centralized client–
server schemes, as well as a hybrid of the two—both from the 
point of view of consumers as well as the content distributor. 
They showed how awareness of demand could be used to attain 
a given average delay target with lowest possible utilization of 
the central server by using the hybrid scheme. 

Zhijia Chen [23] et al addressed the issues related to 
distributing the media content such as audio, video, and 
software packages to increasing number of end consumers in 
higher speed. They integrated Peer-to-Peer (P2P) paradigm into 
the Internet content distribution infrastructure which provides a 
disruptive market opportunity to scale the Internet for high 
quality data delivery. They have done an experimental and 
analytical performance study over BitTorrent-like P2P 
networks for accelerating large-scale content distribution over 
booming Internet. They explored the unique strength of P2P in 
high speed networks, identified the performance bottlenecks, 
and investigated and quantified the special requirements in the 
new scenario, i.e. file piece length and seed capacity. They 
proposed a Piece-On-Demand (POD) scheme to modify 
BitTorrent in integration with File system in Userspace (FUSE) 
with an objective to decrease file distribution time and increase 
service availability. 

Ye Xia [24] et al considered a two-tier content distribution 
system for distributing massive content and proposed 
popularity-based file replication techniques within the CDN 
using multiple hash functions. Their strategy is to set aside a 
large number of hash functions. When the demand for a file 
exceeds the overall capacity of the current servers, then the 
previously unused hash functions were used to obtain a new 
node ID where the file would be replicated. They developed a 
set of distributed, robust algorithms to implement the above 
solutions and evaluated the performance of proposed 
algorithms. 

Yaozhou Ma [25], and Abbas Jamalipour, presented a 
cooperative cache-based content dissemination framework 
(CCCDF) to carry out the cooperative soliciting. They 
investigated two cooperative strategies such as CCCDF 
(Optimal) with an objective to maximize the overall content 
delivery performance while CCCDF (Max-Min) with an aim to 
share the limited network resources among the contents in a 
Max-Min fairness manner. They demonstrated in simulation 
results that the enhanced delivery performance was offered by 
the proposed CCCDF over existing content dissemination 
schemes. 

Oznur Ozkasap [26], MineCaglar and AliAlagoz proposed 
and designed a peer-to- peer system; SeCond, addressing the 
distribution of large sized content to a large number of end 
systems in an efficient manner. It employed a self-organizing 
epidemic dissemination scheme for state propagation of 
available blocks and initiation of block transmissions. Their 
performance study included scalability analysis for different 
arrival/departure patterns, flash-crowd scenario, overhead 
analysis, and fairness ratio. Authors studied various 
performance metrics such as the average file download time, 
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load on the primary seed, uplink/downlink utilization, and 
communication overhead. They showed that SeCond is a 
scalable and adaptive protocol which took the heterogeneity of 
the peers into account. 

Jun Wu [27] and Kaliappa Ravindran designed a CDN and 
studied about the issues related to proxy server placement with 
an objective to provide its clients with the best available 
performance while consuming as little resource as possible. 
They solved surrogate server placement problem as an 
optimization problem. Among the solutions greedy algorithm 
yielded better result with low computational cost. The 
drawback was that it was easy to trap in the local optimum. Jun 
Wu [27] and Kaliappa Ravindran proposed genetic algorithm 
to solve this server placement problem. They mathematically 
modeled the optimization problem and applied genetic 
algorithm to solve the server placement problem. They 
conducted the simulation experiments and demonstrated the 
results with proper justifications for a simple topology for both 
greedy algorithm and genetic algorithm. 

III. CONTENT DISTRIBUTION ALGORITHMS 
The CDN consists of many surrogate servers located at 

different locations which can be clustered or grouped together 
to form a surrogate server site, so that a client has a good 
connectivity to at least one of the surrogate servers. A surrogate 
server site may consist of an array of surrogate servers that 
cooperate with each other to further enhance the performance 
of the content delivery network and to avoid any congested 
paths in the network.  

Content from the origin server are proactively replicated at 
surrogate servers according to some content distribution 
policies dictated by the application environment. Whole file 
replication is simple to implement and has a low state cost. It 
must only maintain the state proportional to the number of 
replicas. The cost of replicating the entire file in one operation 
can be cumbersome in both space and time, particularly for 
systems that support applications with large objects such as 
audio, video, and software packages. Several content 
distribution strategies such as Sequential Unicast [5, 19, and 
20], Multiple Unicast [5, 19, and 20], and Fast Replica [5, 6, 
19, and 20] are already described in the literature.  

In this paper, we described the working mechanisms of 
Optimal Fast Replica (O-FR), and Tornado codes content 
replication algorithms. Next, we proposed an Efficient Fault 
Resilient Replica Algorithm (EFRRA) to replicate the content 
from the origin server to surrogate servers. 

A.Working Mechanism  of  Optimal Fast Replica (O-FR) 

The objective of Optimal Fast Replica (O-FR) is to 
minimize the maximum replication time. 

Step 1: Partition the Original file F into ‘m’ sub files of 
equal size. 

 Size (Fi) = Size (F)/ m bytes where 1<=i<=m 

Step 2: Surrogate server N0 opens ‘m’ concurrent 
connections to surrogate servers N1, N2….Nm. 

N0 will send each node Ni the following file and 
information. 

• Surrogate Server list: R = {N1, N2 ,.., Nm }( In next step,   

     Sub-file Fi will be forwarded to this server list. 

• Sub-file Fi. 

• Replica amount: k ( 1<= k <= m). 

Step 3 : Every surrogate server Ni { N1,N2, … Nm }opens 
k- concurrent connections and replicate the sub file Fi to the 
group with k-1 surrogate servers defined in the set { Nj, 
i<j<i+k, if j<m, then j=(j-1)mod m+1} 

In this step, every server Ni = {N1, N2… Nm} has the 
following output links and input links. 

• K-1 Output Links : forwarding sub-file Fi to node list 
{ Nj, i<j<i+k, if j<m, then j=(j-1) mod m+1 } 

• K-1 Input Links : receiving sub-file Fj from server list 
{ Nj, i-k <j<i, if j<1, then j = j+m } 

Step 4 : At last, every node Ni holds k sub files,  

              {Fj, i-k <j  <= i, if j<1, then j = j+m } 

In general case, node list Ni {N1, N2… Nm}, as cache servers 
and supports concurrent download.  

Client Content Request Processing in O-FR: When a user 
client requests file F from origin server that request will be 
redirected to the surrogate server list {N1, N2… Nm}, and 
concurrently downloads every sub-file Fi. Then the sub-files 
will be reassembled in to original file F in the client machine.  

In the ideal case, when k=m, every surrogate server Ni 
holds all of m sub-files of original file F and reorganizes them 
to form the Original file F in the local node. When the user 
requests file F from the origin server, the request will be 
redirected to one surrogate server in the list {N1, N2... Nm} and 
download the whole file F. 

B. Working Mechanism of Tornado Codes: 

A tornado code [17] is a content distribution strategy based 
on digital fountain approach [17] which follows block level 
replication. Block level replication divides each file object into 
an ordered sequence of finite number of fixed size blocks. This 
has a benefit of naming the individual parts of an object 
independently.  

1. Tornado encoding: An entire file is fragmented in to a ‘k’ 
packets or blocks of equal size and encodes it into ‘n’ encoded 
packets where n=2A-1 such that A is the length of the symbol. 
A random set of blocks of a file will be replicated in multiple 
surrogate servers. A block-level system may download 
different parts of an object simultaneously from different nodes 
and it reduces the overall download time. Since the unit of 
replication is small and fixed, the cost to replicate an individual 
block becomes small. 

2. Collection step in Tornado: The receiver can run the 
Tornado decoding algorithm in real-time as the encoding 
packets arrive, and reconstruct the original file as soon as it 
determines that sufficiently many packets have arrived. 
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Assume that any set of n*k encoded packets are received by the 
receiver, the original file can be reconstructed where ‘n’ is a 
small number (i.e.) 1<n<2. The basic principle behind the use 
of erasure codes is that the original source data, in the form of a 
sequence of ‘k’ encoded packets, along with additional 
redundant packets, are transmitted by the sender and the 
redundant data can be used to recover lost source data at the 
receivers. The main benefit of this approach is that different 
receivers can recover from different lost packets using the same 
redundant data. 

Advantages of tornado codes: No need for retransmission if 
some encoded packets are lost due to network traffic or 
physical link outage or due to failure of network components. 

Limitations: Some amount of duplicates packets are 
generated and transmitted through the network when packet 
loss and parallel download. 

The following points need to be considered when determining 
the size of the blocks requested. 

• The number of blocks chosen should be much larger 
than the number of mirror servers that are accessed in 
parallel. 

• Each block should be small enough to provide a fine 
granularity of striping and ensure that the transfer of 
the last block requested from each server terminates at 
about the same time. 

• Each block should be sufficiently large enough to 
keep the inter block idle time small compared to the 
download time of a block. 

• The document requested via parallel access must be 
sufficiently large. 

C. Working Principle of EFRRA: 

A novel algorithm called EFRRA is proposed for an 
efficient and fault resilient replication of large files in the CDN. 
Working mechanism of EFRRA can be summarized as follows. 
In order to replicate a large file among ‘n’ nodes, the original 
file is partitioned into ‘n’ sub files of equal size and each sub 
file is transferred to a different node in the group. After that, 
each node propagates its sub file to the remaining nodes in the 
group. Thus instead of the typical replication of an entire file to 
‘n’ nodes by using ‘n’ internet paths connecting the original 
node to the  replication group, this replica algorithm exploits 
n*n diverse internet paths within the replication group  where 
each path is used for transferring 1/nth of the file. Hence, the 
bandwidth requirement is reduced by a factor of 1/n. 

Step 1. Distribution of Content to Surrogate Servers 

As shown in “Fig. 1,” the originator node N0 opens n 
concurrent network connections to nodes {N1...Nn}, and sends 
to each recipient node Ni (1 <= i <= n) the following;  

• A distribution list of nodes R = {N1...Nn} to which sub 
file Fi has to be sent on the next step. 

• Sub file Fi. 

 
Fig. 1. Distribution Step in EFRRA 

Step 2. Adding Fault Resiliency to EFRRA:  

It keeps the main structure of the EFRRA replication 
algorithm practically unchanged while adding the desired 
property of resilience to node failure. To maintain the 
resiliency the surrogate servers in the network are exchanging 
the heartbeat messages with their origin server. The heartbeat 
messages from surrogate servers to their origin server are 
augmented with additional information on the corresponding 
algorithm. Once the content is distributed in the network, the 
receiver has to recollect all the content from the network in a 
parallel manner. 

For example, if surrogate server N1 fails during transfer, 
then this may impact all surrogate servers N2……Nn in the 
network because each node depends on node N1 to receive sub 
file F1. In the described scenario as shown in Fig. 2, surrogate 
server Ni is acting as a recipient server in the replication set. If a 
surrogate server fails when it acts as the origin surrogate server 
Ni, this failure impacts all the surrogate servers in the 
replication group which may be the replication sub tree rooted 
in surrogate server Ni.  

 
Fig. 2   Adding Resiliency to EFRRA 

Step 3. Adding resiliency during Content Collection at the 
Receiver: Once the entire file is distributed to all the surrogate 
servers in the overlay network of surrogate servers using step1 
then the recipient node or client node has to recollect all the sub 
files or blocks of the requested file from the overlay network of 
surrogate servers in a parallel manner. Recipient node retrieves 
the original source file, in the form of a sequence of ‘k’ 
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encoded packets, along with additional redundant packets, are 
transmitted by the sender and the redundant data can be used to 
recover lost source data at the receivers. Here retransmission of 
lost packets will not be needed. In this collection step also, 
EFRRA algorithm maintains resiliency against surrogate server 
failure and link outages. 

IV. PERFORMANCE ANALYSIS 
The performance analysis of this paper is twofold. First we 
theoretically analyze the performance of Efficient Fault 
Resilient Replica Algorithm (EFRRA) and compare its 
performance with traditional content replication algorithms. 
Then, by means of a simulation based performance evaluation, 
we assess the efficiency and resiliency of the proposed EFRR 
Algorithm, and compare its performance with traditional 
content replication algorithms such as sequential unicast, 
multiple unicast, Fast Replica (FR), Resilient Fast Replica(R-
FR), and Tornado codes which were described earlier[19][20]. 

A. ANALYTICAL STUDY: 
Let Timei denote the transfer time of file F from the origin 

server N0 to surrogate server Ni as measured at Ni. Two 
performance metrics: average and maximum replication times 
are considered.  
Average Replication Time:  

Timeavg = 1/n * 
∑
=

=

ni

1i
iTime
   

 
Maximum Replication Time: 
TimeMax reflects the time when all the surrogate servers in the 
overlay network receive k-subfiles (1<=k<=m) of the original 
file. 

 
TimeMax = max{timei} where i=1..n 

 
In idealistic setting all the nodes and links are homogeneous, 
and let each node can support ‘n’ network connections to other 
nodes at B bytes/sec. Then,  

Time distribution    = Size(F) / (nxB)                                      (1) 
Time collection    =Size (F) / (nxB)                                      (2) 

a. For Sequential Unicast  
Content transfer time is the sum of individual transfer times of 
entire file from the source to each recipient independently. 
Timedistribution  = Size (F) / B + Size (F) / B + …+ Size (F) / B 
Timedistribution  = n * Size (F) / B 
 
b. For Multiple Unicast  
In Multiple Unicast, the original file F is completely replicated 
concurrently to all nodes {N1,….,Nm} respectively. 
TimeDistribution    = Size (F) / B 
c. For Fast Replica 
TimeFR         = Time Distribution + Time Collection  
TimeDistribution      = Size (Fi) / B  

      = (1/n)*Size (F) / B 

         = Size (F) /n X B 
TimeCollection      = Size (Fi) / B  

     = (1/n)*Size (F) / B 
         = Size (F) /n X B 
Hence Time FR    = 2 x Size (F) / (nxB)                                             
For Resilient Fast Replica without Node Failure  
TimeR-FR = TimeDistribution + TimeRR+ TimeCollection     Where 
TimeRR   = 0 since Server failure is an occasional event. 
TimeRR – Time for Resilient Replication 
Hence TimeR-FR = Time Distribution + TimeCollection  

   = 2 x Size (F) / (nxB) 

For Resilient Fast Replica with Failure of ‘m’ servers 
TimeR-FR  = TimeDistribution + TimeRR+ TimeCollection    
Hence TimeR-FR  = 2 x Size (F) / (nxB) + TimeRR 
If m=1, then file Fi has to be replicated to n-1 servers in the 
overlay. Then TimeRR = Size (Fi) / (n-1) * B 
If m=2, then file Fi has to be replicated to n-2 servers in the 
overlay. Then  
TimeRR  = Size (Fi) / (n-1) * B + Size (Fi) / (n-2) * B 
If m=’m’, then file Fi has to be replicated to n-m servers in the 
overlay. Then  
TimeRR = Size (Fi) / (n-1) * B + Size (Fi) / (n-2) * B + ….. + 
Size (Fi) / (n-m) * B 
= Size (Fi) /B  ( 1/(n-1) + 1 / (n-2) + ….. +(1/(n-m) ) 
For Large value of ‘n’ and small value of ‘m’ 
TimeRR = Size(Fi) / B ( 1/n + 1/n + ….. 1/n) 
TimeRR = Size(Fi) *m / n*B 
  = m* Size(Fi) / n*B   Where Size (Fi) = 
1/n(Size(F)) 
  = m/n ( size(F)/ n*B) 
  TimeRR = m/n * TimeDistribution 

d. For Optimal Replica  
TimeO-FR = TimeRound1 + Time Round2 

In Round1 Origin server will send File Fi to all the ‘n’ 
surrogate servers 
TimeRound1 = Size (Fi) /n* B 
              = 1/n*Size (F)/ n*B 
              = (1/n*n) Size (F)/B 
In Round2 surrogate servers (N1, N2, … Ni ) send its sub file Fi  
to k number of surrogate servers in Round Robin fashion in 
the Surrogate server set {N1,N2, .., Nk}  
  Where 1>=k>=n 
Time Round2 =  Size (Fi) / k*B if K>1 
                  = 1/n*size (F) /k*B if k>1 

    = 1/n*k (Size (F)/B) if k>1 
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TimeO-FR  = (1/n*n)*Size (F)/ B + (1/n*k)*(Size (F)/B) 
                = 1/n (1/n + 1/k ) * Size(F) / B  
                = (( k+n ) / n*n*k ) * Size (F) / B 
Replication Time of Tornado Code algorithm: 
TimeTC = TEncoding + TTR + TDecoding  Where TEncoding 
and TDecoding ≈  TTR 

Where  
TTR   =  (Size ((n*k) encoded packets) / (nXB)) + (Size ((n*k) 
encoded packets)/ (nXB)) 
TTR   =  2 * (Size ((n*k) encoded packets)/(nXB)) 
        =  2 * (c * Size(F) ) / n X B  where 1<= c <=2 
TTR   =  2*c / n * Size(F) ) / B  where 1<= c <=2 
  
Replication Time of EFRRA Algorithm: 
TimeDistribution = TFR = (Size (F) + Size (F)) / (nxB)  =  
                     = 2 *Size (F) / (nxB) 
TimeCollection  = TTR + TDecoding Where TDecoding << TTR 

TimeCollection  = Size ((n*k) encoded packets) 
TimeEFRRA = (2* Size (F) / (nxB)) + (Size ((n*k)    
                                 encoded packets) / (nxB))  
 
   = (2* Size (F) / (nxB)) + (c * Size(F) ) / n X  
                                 B  where 1<= c <=2 
TimeEFRRA  = ( 2 +c ) /n * Size(F) ) / B  where 1<= c <=2 
Therefore, Replication Time proportion of different content 
distribution algorithms can be expressed as follows 
TimeSU : TimeMU  : TimeFR  : TimeR-FR  : TimeO-FR : TimeTC : 
TimeEFRRA 

Size(F) / B :  2 x Size (F) / (nxB) : m/n ( Size(F)/ n*B) : (( 
k+n ) / n*n*k ) * Size (F) / B 
1 X Size (F) / B: 2/nX Size (F) / B: m/n*n X (Size (F) / B): (( 
k+n )/n*n*k )* Size(F)/B : 2*c / n * Size(F) ) / B  : ( 2 +c ) /n 
* Size(F) ) / B 
n : 1: 2/n :  m/n*n :  (( k+n ) / n*n*k ) : 2*c / n : ( 2 +c ) /n 
where   1<=c<=2 

 

B. EXPERIMENTAL ANALYSIS: 

To evaluate the CDN, we used our complete simulation 
environment, called CDNsim [21], which simulates a main 
CDN infrastructure. It is based on OMNeT++ library which 
provides a discrete event simulation environment.  

All CDN networking issues, such as surrogate server 
selection, SON formation, replicating the content from origin 
server to surrogate servers, implementing the replication 
algorithms, propagation, queuing, utility computation and 
pricing computation are computed dynamically via CDNsim 
[21], which provides a detailed implementation of the TCP/IP 

protocol, implementing packet switching, packet transmission 
upon misses etc.  

 
a. Performance of different content distribution schemes in 
terms of Average Replication Time: 

We experimented with 12 different size files; 100 KB, 750 
KB, 1.5 MB, 3 MB, 4.5 MB, 6 MB, 7.5 MB, 9 MB, 36 MB, 
54 MB, 72 MB, 128 MB and 8 surrogate servers. Fig. 3 shows 
the average replication time measured by different, individual 
surrogate servers for different file sizes of 100 KB, 750 KB, 
1.5 MB, 3 MB, 4.5 MB, 6 MB, 7.5 MB, 9 MB, 36 MB, 54 
MB, 72 MB, 128 MB when 8 surrogate servers are in the 
replication set. High variability of average replication time 
under Multiple and Sequential Multicast is identified for larger 
file sizes. Average Content replication time under EFRRA 
replication algorithm across different file sizes in an 8 
surrogate servers replication set is much more stable and 
predictable.  Hence, EFRRA with resilient fast replica for 
replication and tornado based collection and decoding 
outperforms most of the cases than sequential multicast, 
multiple unicast, Fast replica, Resilient Fast Replica(R-FR), 
Optimal Fast Replica (O-FR), and Tornado codes content 
distribution schemes. 

Average Replication Time Analysis
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     Fig. 3. Average Content Replication Times for various Content    
       distribution algorithms 

b. Performance of different content distribution schemes in 
terms of Maximum Replication Time: 

We experimented with 12 different size files; 100 KB, 750 
KB, 1.5 MB, 3 MB, 4.5 MB, 6 MB, 7.5 MB, 9 MB, 36 MB, 
54 MB, 72 MB, 128 MB and 8 surrogate servers. “Fig. 4,” 
shows the maximum replication time measured by different, 
individual recipient nodes for different file sizes of 100 KB, 
750 KB, 1.5 MB, 3 MB, 4.5 MB, 6 MB, 7.5 MB, 9 MB, 36 
MB, 54 MB, 72 MB,128 MB when 8 surrogate servers are in 
the replication set. High variability of maximum replication 
time under Multiple and Sequential Multicast is identified. 
Maximum File replication time under EFRRA replication 
algorithm across different file sizes in an 8 surrogate servers 
replication set are much more stable and predictable. 
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Maximum Replication Time Analysis
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    Fig. 4. Maximum Content Replication Times for various Content    
     distribution algorithms 
 
Hence, EFRRA algorithm with resilient fast replica for 

replication and tornado based collection and decoding 
algorithm outperforms most of the cases than sequential 
unicast, multiple unicast, Fast replica, Resilient Fast 
Replica(R-FR), Optimal Fast Replica (O-FR), and Tornado 
codes content distribution schemes. 
c. Performance of different content distribution schemes 
during Surrogate server Failure: 

The worst case delivery ratio of different content 
distribution schemes such as sequential unicast, multiple 
unicast, fast replica(FR), Resilient fast replica(R-FR), Optimal 
Fast Replica(O-FR), Tornado Codes and EFRRA Content 
Distribution algorithms when the number of simultaneous 
surrogate server failures in the CDN has been analyzed and its 
performance is shown in Fig. 5. The delivery ratio is defined as 
the ratio of the number of data packets successfully received by 
the recipient surrogate server to the number of data packets sent 
by the source surrogate server.  

From the delivery ratio analysis shown in Fig.5, we found 
that the delivery ratio of EFRRA algorithm is consistent during 
the surrogate server failure. Delivery ratio of traditional 
algorithms such as Fast Replica (FR), Resilient Fast Replica 
(R-FR), Optimal Fast Replica (O-FR), and Tornado Codes 
degrades gracefully with respect to surrogate server failure. It is 
also observed that delivery ratio of Sequential Unicast and 
Multiple Unicast content distribution algorithms are degrades 
drastically with respect to surrogate server failure. 

Delivery Ratio during Surrogate Server Failure
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Fig. 5. Delivery Ratio of Content Distribution Algorithms during Surrogate 
Server Failure. 

V. CONCLUSION AND FUTURE SCOPE 
In this work, we proposed a novel EFRRA algorithm to 

distribute the contents in the CDN. We have performed both 
analytical study and empirical study for analyzing the 
performance of the proposed EFRRA algorithm and compared 
its performance with other content distribution algorithms such 
as Sequential Unicast, Multiple Unicast, Fast Replica (FR), 
Resilient Fast Replica(R-FR), Optimal Fast Replica (O-FR), 
and Tornado Codes in terms of average replication time and 
maximum replication time. We also conducted simulation 
experiments using CDNsim and analyzed the performance of 
content distribution algorithms in terms of average content 
replication time, maximum content replication time and 
delivery ratio for large files. It is found that EFRRA algorithm 
outperforms other content distribution algorithms. In future, 
content distribution algorithms can be compared in terms of 
other parameters such as surrogate server utilization and 
optimized network bandwidth usage. 
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Abstract - Face recognition technology has been evolved as 
an enchanting solution to perform identification and the 
verification of identity claims. By advancing the feature 
extraction methods and dimensionality reduction techniques 
in the application of pattern recognition, a number of face 
recognition systems has been developed with distinct 
degrees of success. In this paper, we have presented a 
biometric face recognition approach based on Multilinear 
principal component analysis (MPCA) and Locality 
Preserving Projection (LPP) and the comparison of this to 
the existing Multilinear principal component analysis 
(MPCA) and Linear Discriminant Analysis (LDA). This 
approach consists of four major steps: 1) Face image 
preprocessing, 2) Dimensionality reduction using MPCA 3) 
Feature Extraction using LPP and 4) Face recognition using 
L2 similarity distance measure. Validation of this approach 
and its comparison with MPCA plus LDA is done with 
FERET and AT&T face databases. Experimental results 
show the effectiveness of MPCA plus LPP in comparison 
with MPCA plus LDA in performance.  
 

Keywords- Image Processing; Object Recognition; Face 
Recognition;  Image Compression;  Multilinear Systems. 

 
I. INTRODUCTION 

Biometrics is an automated method of recognizing a 
person based on their physical or behavioral 
characteristics. Various types of recognition are available 
commercially nowadays. Face recognition is the popular 
area of research in computer vision and the most 
successful applications of image analysis. It is the 
biometric identification of a human’s face and matching 
it against a library of known faces. There are two 
predominant approaches to face recognition, feature 
based and appearance-based. The geometric feature-
based approach uses properties of facial features such as 
eyes, nose, mouth, chin and their relations for face 
recognition descriptors. The appearance-based face 
recognition approach operates directly on image based 
representation.  The whole face region is the raw input to 
a recognition system and the facial features are processed 
holistically involving an interdependency between feature  

 
 
and configure of information[10]. The recognition of the 
face from a still or video clip can be  obtained  by  
identifying or verifying one or more persons in the scene  
using a stored database of faces. The solution includes the 
process of segmentation of faces (face detection)  from 
cluttered  scenes,  feature  extraction from the face 
regions, recognition or verification. In identification 
problems, the system reports the identity of an unknown 
face from a database of known individuals. In verification 
problems, the system confirm or reject the claimed 
identity of the input face[12]. The organization of the 
paper is as follows: Review of related researches is 
presented in Section 2. Description about the face 
recognition methods used in our research is presented in 
section 3. Methodology of the approach is presented in 
Section 4. Comparison of the two approaches is given in 
Section 5. The experimental results is bestowed in section 
6 and finally the conclusions are summed up in Section 7. 
 

II. REVIEW OF RELATED WORKS 
Many face recognition methods have been developed in 
the past few decades. Most common feature extraction 
methods are principal component analysis (PCA) [1], [6] 
and linear discriminant analysis (LDA) [2], [5], [7], [8]. 
Another linear technique which is used for face 
recognition is Locality Preserving Projections (LPP) [3], 
[4], which finds an embedding that preserves local 
information, and gains a face subspace that best detects 
the essential face manifold structure. PCA is a linear 
method for unsupervised dimensionality reduction. [26]. 
Kirby and Sirovich used PCA in 1987 in order to obtain a 
reduced image[27]. Turk, Pentland, Moghaddam and 
Starner extended the idea to eigenspace projections in the 
solution of face recognition[6]. PCA on tensor objects 
requires their reshaping into vectors in a very high-
dimensional space, which not only results in high 
computational and memory demands but also breaks the 
natural structure and correlation in the original data. 
Useful representations can be obtained from the original 
form and PCA extensions operating directly on the tensor 
objects rather than their vectorized versions are emerging 
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recently [11]. Mittal, N. and Walia, E. [17] introduced a 
fast PCA based face recognition algorithm. The 
efficiency of the proposed algorithm is verified using 
Indian face database, and the gained results prove an 
improvement in performance of the proposed algorithm 
as compared to the same with PCA method. Hossein 
Sahoolizadeh et al. [18] have presented a face recognition 
method on the basis of principal Component Analysis, 
Linear Discriminant Analysis and neural networks. The 
proposed method is investigated on Yale face database. 
Experimental results on this database demonstrated the 
effectiveness of the proposed method for face recognition 
with a decrease number of misclassification while 
comparing with earlier methods.  A two-dimensional 
PCA (2DPCA) is proposed in [28] that constructs an 
image covariance matrix using image matrices as inputs. 
However, linear transformation is applied only to the 
right side of image matrices so the image data is 
projected in one mode only, resulting in poor 
dimensionality reduction. A more general algorithm 
named generalized low rank approximation of matrices 
(GLRAM) was introduced in [31], which applies two 
linear transforms to both the left and right sides of input 
image matrices and results in a better dimensionality 
reduction than 2DPCA. GLRAM is developed from the 
perspective of approximation while the generalized PCA 
(GPCA) is proposed in [29] from the view of variation 
maximization, as an extension of PCA. Later, the 
concurrent subspaces analysis (CSA) is formulated in 
[30] for optimal reconstruction of general tensor objects, 
which can be considered as a generalization of GLRAM, 
and the multilinear PCA (MPCA) introduced in [11] 
targets at variation maximization for general tensor 
objects in the extension of PCA to the multilinear case, 
which can be considered as a further generalization of 
GPCA[26]. Wangmeng Zuo et al. [32] have depicted two 
LDA-based methods, post-processed Fisherfaces and bi-
directional PCA plus LDA (BDPCA+LDA). pFisherfaces 
utilizes 2D-Gaussian filter to smooth classical 
Fisherfaces, and BDPCA+LDA is a LDA accomplished 
in the BDPCA subspace. Then they introduced a 
combination framework where they merged these two 
LDA-based approaches. Two popular face databases, the 
ORL and the FERET, are being used to compute the 
efficiency of the combination framework. The outcome 
of the experiments revealed that the combination 
framework is superordinate to pFisherfaces, 
BDPCA+LDA, and other appearance-based methods in 
terms of recognition accuracy. Deng Cai et al. [19] have 
proposed an appearance based face recognition method, 
called orthogonal Laplacian face in which face data may 
be generated by sampling a probability distribution that 
has support on or near a sub-manifold of ambient space. 
This algorithm is based on locality preserving 
projection(LPP) algorithm. Experimental results on three 
face databases clearly demonstrated the efficiency of the 
proposed algorithm. A unique feature extraction 
technique is not felicitous when the dimensionality of 
face images attempts to reach its peek and therefore an 
analytical study made using the combination of two 

feature extraction methods on distinctly separate 
subspaces seems to be more effective in the performance 
of  face recognition. 
  

III. REOGNITION METHODS 
Image based face recognition techniques can generally be 
divided into two groups: 1) appearance-based that uses a 
holistic texture features which can be applied to either 
whole-face or particular regions in a face image, and 2) 
feature based, that uses geometric facial features like 
mouth, eyes, brows, cheeks etc. and the geometric 
relationships existing between them [15]. Few 
appearance-based methods are Principal Component 
Analysis (PCA), Independent Component Analysis 
(ICA), Linear Discriminant Analysis (LDA) and Locality 
Preserving Projections (LPP). Among these we have 
utilized the appearance-based recognition methods such 
as MPCA, LDA and LPP.  
 
A. MULTILINEAR PRINCIPAL COMPONENT 
ANALYSIS (MPCA) 
Principal Component Analysis (PCA) is the widely used 
technique in face recognition which is to reduce the 
dimensionality of a image set consisting of a large 
number of interrelated variables, by retaining most of the 
variations in the image set. This is accomplished by 
transforming to a new set of variables, called the 
principal components which  are uncorrelated but ordered 
so that the first few retain most of the variation present in 
all of the original variables. This method of linear algebra 
addresses single-factor variations in facial images. If 
factors like lighting, viewpoint,  expression, are also 
permitted to modify facial images, eigenfaces undergoes 
difficulty. Multilinear Principal Component Analysis 
(MPCA) is the extension of PCA that employs 
multilinear algebra and proficient of learning the 
interactions of the multiple factors[11].  
 
B.   LINEAR DISCRIMINANT  ANALYSIS (LDA) 
Linear Discriminant Analysis (LDA) is a classical 
supervised linear subspace learning method  for feature 
extraction and dimension reduction that has been very 
successful and applied in various applications. It aims to 
derive the most discriminative features and produces a 
class specific feature space based on the maximization of 
Fisher’s Discriminant Criterion, which is defined as the 
ratio of betweenclass scatter to withinclass scatter. 
Classical LDA projects the data onto a lower-dimensional 
vector space such that the ratio of the between-class 
distance to the within-class distance is maximized, thus 
achieving maximum discrimination. The optimal 
transformation can be obtained by applying the eigen 
decomposition on the scatter matrices[7]. 
 
C. LOCALITY PRESERVING PROJECTIONS (LPP) 
Locality Preserving Projection (LPP) is one of the linear 
approximations of the nonlinear Laplacian Eigenmap. 
The locality preserving quality of LPP is responsible to 
be of particular use in information retrieval applications. 
In order to retrieve audio, video, text documents under a 
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vector space model, then it ultimately needs to do a 
nearest neighbor search in the low dimensional space. 
Since LPP is intended to preserve only local structure, it 
is probable that a nearest neighbor search in the low 
dimensional space will produce similar results compared 
to that in the high dimensional space. This allows an 
indexing scheme to access quickly [3].  
 

IV. METHODOLOGY 
In face recognition problems, gallery and the probe are 
the two types of the data sets used. The gallery set 
contains the set of data samples of unknown identities 
and is used for training. The probe set is the testing set 
where the data samples of unknown identity are to be 
identified and classified by matching with corresponding 
entries in the gallery set. MPCA accepts tensor samples 
of the dimension for feature extraction[11]. However, in 
practice tensor object samples are of different 
dimensions. Therefore, the input tensors need to be 
normalized to standard dimensions and then 
preprocessing procedure is used to remove the noise, if 
required. The normalized tensor samples are then 
centered by subtracting the mean obtained from the 
gallery tensors. From the gallery set, a set of eigentensors 
is obtained with reduced dimensionality and each entry of 
a projected tensor feature can be viewed as a scalar 
feature corresponding to a particular eigentensor. Some 
of the small variation and noise are removed in the 
projection. MPCA is an unsupervised technique without 
taking class labels into account. Hence, variation captured 
in the projected tensor subspace includes both the within-
class variation and the between-class variation. A larger 
between-class variation to the within-class variation 
indicates good class separability. Hence the feature 
selection strategy selects eigentensors according to class 
discrimination power which is the ratio of  between-class 
variation over within-class variation. In classification[2], 
the distance between feature vectors is of importance as it 
determines the performance of the classification module. 
Distance between unknown probe image and gallery 
images stored in database are measured by any of the   
distance measures L1, L2, angle or  Mahalanobis 
distance.  

A. MPCA PLUS LPP APPROACH 
Image processing techniques such as normalization and 
resizing of the face images  are employed in 
preprocessing in order to improve the face image. Next, 
the feature extraction is achieved by merging the MPCA 
along with LPP to calculate the feature projection 
matrices. The feature projection matrices project the face 
images to lower dimension and generate the face feature 
vectors. While testing, the test face sample is mapped 
onto a feature matrix with the assistance of MPCA and  
LPP. The face recognition can be done by comparing the 
test feature matrix with the enrolled face features in the 
database using L2 distance. When processing a face, the 
features like variations in light, image quality, persons’ 
pose, facial expressions and more should be taken into 
account. To identify correct individuals successfully these 

variations must be related by some way  to provide a 
valid answer. Feature extraction or dimensionality 
reduction is a methodology to transform a high-
dimensional data set into a low-dimensional equivalent 
representation that assumes to retain most of the 
information regarding the underlying structure or the 
original physical phenomenon [16]. The main tendency 
of using feature extraction is its representation of data in 
a lower dimensional space that computes through a linear 
or non-linear transformation satisfying certain properties. 
MPCA is a multilinear subspace learning method that 
extracts features directly from multi-dimensional objects. 
MPCA receives the set of face image samples of the same 
dimensions as input for feature extraction. The resultant 
output of the MPCA is the dimensionally reduced feature 
projection matrix of face images. Locality Preserving 
Projection (LPP) is one of the linear approximation 
obtained from the nonlinear Laplacian Eigenmap [9]. The 
dimension reduced feature projection matrices of face 
image samples obtained using MPCA is then fed as an 
input to the LPP algorithm. The dimensional reduced 
feature matrices of the training sample images obtained 
using the MPCA and LPP techniques are stored in a 
database. While we are testing the face images, the 
aforesaid techniques are applied to generate the feature 
matrix and thereby a similarity measure is carried out on 
the sample face images. Various face recognition systems 
may use different distance measures while matching 
query images with the nearest database images. Our Face 
recognition approach used here is performed using L2 
distance measure. The L2 distance is computed between 
the face images present in the database and the query 
image for matching process. The similarity distance 
measure for a pair of face images is computed in which a 
threshold determines whether the face pair is classified as 
same or different. 
 
B.  MPCA PLUS LDA APPROACH 
The use of Linear Discriminant Analysis to perform 
feature extraction combined with the projected 
multilinear arrays produces the approach MPCA+LDA. 
The feature vector can be used directly for recognition, 
and a classical linear discriminant analysis (LDA) can 
also be applied to obtain an MPCA+LDA approach for 
recognition [23], similar to the PCA+LDA approach.  
MPCA+LDA extend PCA to use the entire face image as 
a tensor object inorder to preserve the relationship 
between neighboring pixels. LDA make use of class 
information in data and attempts to minimize the within 
class scatter and to maximize the between class scatter. 
When using the AR database, the recognition rate is 
proved to be better for full  image face.  
 

V. COMPARISON OF MPCA PLUS LDA WITH 
MPCA PLUS LPP 

The proposed approaches of MPCA+LDA and 
MPCA+LPP is tested using the FERET database [13] and 
AT&T database [21] of faces. Performance is measured 
by procedures applied to FERET facial images and 
AT&T facial images. In particular, all the images were 
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preprocessed using  normalization and then by resizing of 
the images. The images are divided into training set and  
test set. The training set is used to initialize and prepare 
the system to recognize the arbitrary images. The test set 
is the set of images used to evaluate the performance of 
the system once the training phase is completed. Here, in 
FERET database, we use nearly 80 images for training 
and 160 images for testing. In AT&T database, we use 
100 images for training and 200 images for testing 
process. The experiments were conducted using the L2 
distance measure. The common way to measure the 
biometric recognition accuracy is to compute the false 
acceptance rate (FAR) and false rejection rate (FRR). 
FAR is the percentage of incorrect acceptances.  FRR is 
the percentage of incorrect rejections. The accuracy 
measurement of the overall approach is computed as 100-
(FAR/FRR)/2. Genuine acceptance rate (GAR) is an 
overall accuracy measurement of the approach.  
 

VI. EXPERIMENTAL RESULTS 
The percentage of  accuracy  is given in the following 
table 1. 
 

Table 1: Accuracy rates on FERET and AT&T databases 

 
The comparative results are analyzed with the recognition 
rates of the feature extraction methods such as MPCA 
plus LDA and MPCA plus LPP by means of charts. The 
charts clearly shows that the recognition performance of 
the approach MPCA plus LPP is more efficient when 
compared to MPCA plus LDA. The face recognition 
results of MPCA+LPP is compared with MPCA+LDA 
based on the measures such as false acceptance rate, false 
rejection rate, genuine acceptance rate and recognition 
accuracy. The comparative result of each recognition rate 
is shown in the following chart. 
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VII. CONCLUSION 
Face Recognition is the active area of research  over the 
past two decades which have resulted in successful 

techniques for recognizing the facial images. In this 
article, the comparison of Face recognition approaches 
MPCA plus LDA and MPCA plus LPP is presented. The 
combined appearance based technique such as MPCA 
and LPP yield to produce a high face recognition rate 
compared to MPCA and LDA technique. Experimental 
results on FERET and AT&T database demonstrated the 
effectiveness of the proposed approach with improved 
recognition accuracy. In future, fusion of MPCA plus 
other face recognition approaches could be experimented 
and the comparitive analysis could be done to verify the 
performance of the approach. 
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Abstract—In this paper, Estimation of Distribution Algorithm 
(EDA) is used for Zone Routing Protocol (ZRP) in Mobile Ad-hoc 
Network (MANET) instead of Genetic Algorithm (GA). It is an 
evolutionary approach, and used when the network size grows 
and the search space increases. When the destination is outside 
the zone, EDA is applied to find the route with minimum cost and 
time. The implementation of proposed method is compared with 
Genetic ZRP, i.e., GZRP and the result demonstrates better 
performance for the proposed method. Since the method provides 
a set of paths to the destination, it results in load balance to the 
network. As both EDA and GA use random search method to 
reach the optimal point, the searching cost reduced significantly, 
especially when the number of data is large. 

Keywords-Mobile Ad-hoc Network, Zone Routing Protocol, 
Estimation of Distribution Algorithm, Genetic Algorithm 

I. INTRODUCTION 
A Mobile Ad-hoc Network (MANET) is a collection of 

mobile nodes that dynamically form a temporary network. It 
forms the temporary network without any support of 
infrastructure. So, in the network there are possibilities of lack 
of reliability and unwanted delay. Again, if the number of 
nodes grows, the linear search will become costly and the 
complexity will become high. In case of large number of 
nodes, a random search will be beneficial where the worst case 
will equal the linear search. Because of frequently changing 
topology, low transmission power and asymmetric links 
routing protocols, MANET have to face the challenge for 
routing. Zone Routing Protocol (ZRP) is a widely used 
protocol for MANET. In 1997, ZRP was first introduced by 
Haas [2]. It was proposed to reduce the control overhead of 

proactive routing protocols and to decrease the latency caused 
by routing discover in reactive routing protocols.  

Recently the scope of Genetic Algorithm (GA) has been 
extended to solve the ZRP problems. The GA has performed 
better in the sense of huge search space reduction, while 
guaranteeing the convergence of the solution. The GA is an 
adaptive heuristic search algorithm premised on the 
evolutionary ideas of natural selection and genetics [8]. The 
basic concept of GA is designed to simulate processes in 
natural system necessary for evolution. GA represents an 
intelligent exploitation of a random search within a defined 
search space to solve a problem. Estimation of Distribution 
Algorithms (EDA) [6], sometimes called Probabilistic Model-
Building Genetic Algorithms (PMBGA), are an outgrowth of 
GA. In a GA, for an optimum solution a population of 
candidate solutions to a problem is maintained as part of the 
search. This population is typically represented as an array of 
objects. Here GA plays an important role in optimizing the 
search. This is because GA calculates the fitness of each 
population and generates a better population using crossover 
and mutation. So, the chance of getting good solutions 
increases dramatically. But due to the trap of local optima and 
the widespread diversity of solutions situations may occur 
where GA never converge to the optimal point that is failed to 
find a path which is existing between zones. And in some of 
the cases, GA takes longer time than expected to find a path. 

This is the point where EDA works better than GA. Strictly 
speaking; GA and EDA are same apart from the crossover and 
mutation. There is nothing called crossover and mutation in 
EDA. Instead they use probabilistic model for generating new 
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population. This guarantees the better generation of population 
than earlier generation. Also EDA converges faster, even if 
there is no feasible routing path. Thus the point is beneficial in 
the sense of performance of reduction in time and number of 
generations over GA by EDA. Here we prove the above; that is 
EDA finds routing path to a destination with minimum time 
and cost then GA from source when the source and destination 
is in different zone and number of node involved  is large 
(about 100 to 1000 or more). 

As in the mid to late 1990s, laptops and 802.11/Wi-Fi 
wireless networking became widespread, for research MANET 
became a popular subject. Many protocols have been proposed 
for routing in MANET. These protocols can broadly be 
classified into two types: proactive and reactive routing 
protocols. On case of  proactive or table-driven protocol, by 
broadcasting routing updates in the network routes to all the 
nodes is maintain  such as Destination-Sequenced Distance 
Vector (DSDV), whereas for reactive or on-demand protocols a 
route to the destination is determined only when the source 
attempt to send a packet to the destination such as Dynamic 
Source Routing (DSR). Using routing tables, proactive 
protocols maintain the routing information from one node to 
the other. Whenever the source has to send any packet to the 
destination, using the routing tables, path to destination can be 
found incurring minimum delay. But it may result in a lot of 
wastage of the network resources if a majority of these 
available routes are never used. Usually reactive protocols are 
associated with less control traffic. In a dynamic network a 
node has to wait until a route is discovered and a route 
discovery is expensive [7]. Also this causes unnecessary 
wastage of network resources and also wastage of time [5]. 

Hybrid protocols combine features of both reactive and 
proactive routing protocols. The ZRP is a hybrid protocol. It 
consists of proactive Intra-zone Routing Protocol (IARP), 
reactive Inter-zone Routing Protocol (IERP), and the Border-
cast Resolution Protocol (BRP). ZRP works well both for 
table-driven protocols and on-demand protocols. But it 
provides short latency for finding new routes. Decision on the 
zone radius has significant impact on the performance. In ZRP, 
the actual problem comes when the destination is outside the 
zone. In this case, it makes use of Route Discovery with IERP, 
BRP and uses linear searching on the nodes. This process is 
time consuming and searching complexity arises as number of 
node involves increases [5] [7]. 

In order to detect new neighbor nodes and link failures, the 
ZRP relies on a Neighbor Discovery Protocol (NDP) provided 
by the Media Access Control (MAC) layer. NDP [9] transmits 
“HELLO” beacons at regular intervals. Upon receiving a 
beacon, the neighbor table is updated. Neighbors, for which no 
beacon has been received within a specified time, are removed 
from the table. If the MAC layer does not include a NDP, the 
functionality must be provided by IARP. Route updates are 
triggered by NDP, which notifies IARP when the neighbor 
table is updated. IERP uses the routing table of IARP to 
respond to route queries. IERP forwards queries with BRP. 
BRP uses the routing table of IARP to guide route queries 
away from the query source. 

Recently GA has been used in MANET to find the 
optimized solution [1] [3] [4] [7]. A large amount of work has 
been done on the application of GA or evolutionary algorithms 
to communications networks. 

Our objective is to use ZRP as an application in EDA, and 
compare the performance with the method used by the GA. 

II. LITERATURE REVIEW 

A. Zone Routing Protocol 
The ZRP is based on the concept of zones [2]. For all the 

nodes in the zone, a routing zone is defined separately. The 
routing zone is based on the radius r which is then expressed in 
hops. Thus, the nodes included in the zone of a node are a 
maximum of radius r away from the node. In Fig. 1, the routing 
zone of S includes all the nodes from A to I but not K, as it 
resides further than the radius r. It should however be noted 
that the zone is defined in hops, not as a physical distance. 

There are two types of nodes in a zone. The nodes residing 
with an exact distance of radius r are the peripheral nodes, and 
all the other nodes within the circles are interior nodes. The 
nodes are connected with each other bidirectional, if there is a 
routing path within the nodes. Intermediate nodes can be used 
to reach another node, based on the objective function. For 
example, in Fig. 1, we can reach node H from S by two 
possible ways; however only one route is chosen based on the 
objective criterion. A detail of ZRP can be found in [2] for 
further reading. 

B. Genetic Algorithm 
GA [8] is an evolutionary approach to reach to an optimal 

point in a search space. For larger search space, GA becomes 
more meaningful and it reduces the searching time, explores in 
various dimensions within the search space using different GA 
techniques, like crossover, mutation etc. Although there are 
possibilities to trap in the local optima, there are several ways 
of getting out of it using crossover and thus reach global 
optima.  

 

Figure 1.  Routing zone of S with r = 2. 
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The outline of basic GA with description is given below: 

1. [Start] Generate random population of n chromosomes 
(suitable solutions for the problem) 

2. [Fitness] Evaluate the fitness f(x) of each chromosome x in 
the population  

3. [New population] Create a new population by repeating 
following steps until the new population is complete 

(a) [Selection] Select two parent chromosomes from a 
population according to their fitness (the better fitness, 
the bigger chance to be selected).  

(b) [Crossover] With a crossover probability cross over 
the parents to form new offspring (children). If no 
crossover was performed, offspring is the exact copy of 
parents. 

(c)  [Mutation] With a mutation probability mutate new 
offspring at each locus (position in chromosome).  

(d) [Accepting] Place new offspring in the new 
population. 

4. [Replace] Use new generated population for a further run 
of the algorithm. 

5. [Test] If the end condition is satisfied, stop, and return the 
best solution in current population.  

6. [Loop] Go to step 2. 

As we can see from the GA outline, the crossover and 
mutation are the most important parts of the algorithm. The 
performance is influenced mainly by these two operators. 
Detail of GAs can be found in [8]. 

C. Estimation of Distribution Algorithm 
In EDAs [6], the problem specific interactions among the 

variables of individuals are taken into consideration. It is the 
most recent adaptation of evolutionary approaches. It is starting 
to be widely used as a promising alternative of GA. The 
evolving process of EDA is the same as GA apart from 
crossover and mutation. Instead, EDA uses probabilistic 
distribution. The probability distribution is calculated from a 
database of selected individuals of previous generation. The 
pseudo code of EDA can be formulated as follows: 

1. [Start] ←0D Generate M individuals (the initial 
population) at random. 

2. [Fitness] Evaluate the fitness f(x) of each chromosome x in 
the population. Repeat steps 3 to 5 for l = 1, 2 … until the 
stopping criteria met. 

3. [Selection] ←−
se
lD 1  Select N <= M individuals from Dl –1 

according to selection method. 

4. [Estimation] ( ) ( )←= −
se
ll DXpXp 1 Estimate probability 

distribution of an individual being among the selected 
individuals. 

5. [New Population] ←lD  Sample M individuals (the new 
population) from pi (x). 

The easiest way to calculate the estimation of probability 
distribution is to consider all the variables in a problem as 
univariate. Then the joint probability distribution becomes the 
product of the marginal probabilities of n variables, i.e., 

( ) ( )∏ −
=

n

i ii xpxp
1

.                                (1) 

D. Univariate Marginal Distribution Algorithms 
In UMDA [6], it is assumed that is there is no interrelation 

among the variables of the problems. Hence the n-dimensional 
joint probability distribution is factorized as a product of n 
univariate and independent probability distribution. That is:  

( ) ( ) ( )∏ −− ==
n

i i
se
ii xpDXpXp

11 .                         (2) 

The pseudo code for UMDA is as follows: 

1. D0 ← Generate M individuals (the initial population) at 
random. 

2. Repeat steps 3 to 5 for l = 1, 2… until stopping criteria 
met. 

3. ←−
se
lD 1 Select N ≤ M individuals from Dl–1 according to 

selection method. 

4. Estimate the joint probability distribution 

( ) ( ) ( )∏ −− ==
N

i i
se
ii xpDXpXp

11 .              (3) 

5. Dl ←Sample M individuals (the new population) from 
pl(x). 

In UMDA the joint probability distribution is factorized as 
a product of independent univariate marginal distribution, 
which is estimated from marginal frequencies: 

( )
( )

N

DxX
xp

N

j

se
iiij

ii

∑ − −=
= 1 1δ

                  (4) 

with ( ) 11 == −
se
iiij DxXδ , if in the jth case of se

iD 1− , Xi = xi; 0 
otherwise. 

III. PROPOSED METHOD 
We choose a random network with maximum chromosome 

length N, and applied ZRP to determine different zones with a 
radius of r, where r is the maximum distance of a node from 
the central node of a zone. This gives us simplified form of a 
route from the source node to the destination node using border 
nodes. Using this route as a chromosome, we create the 
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population and apply GA and EDA. The GZRP uses the 
popular encoding scheme and the minimizing fitness function. 

 
S B1 B2 … … Bn D 

Where, S = Source, Bi = Border node, D = Destination. 

Figure 2.  Chromosome formation 

Here, all the nodes belong to different zones. The initial 
population is created randomly, containing the individuals of 
the above chromosome format. The minimizing fitness 
function would be the one with finding the shortest route from 
the source to the destination. The function can be given as 
follows: 

⎩
⎨
⎧

=
otherwise

existsjnodetoinodefromlinktheif
Iij 0

1
             (5) 

Thus, we choose the objective function as the cost of two 
interconnected nodes multiplied by Iij. In case of GA, we 
apply one-point crossover and mutation to get rid of stacking 
in local optima and increase the diversity of solutions. The 
point is chosen randomly, and crossover is applied between 
the two randomly selected individuals. Mutation operator then 
flips the randomly selected genes of the newly formed 
chromosome with the partial route from the mutation point. 

In case of EDA, we use the same encoding scheme and the 
fitness function. As there is no crossover and mutation in EDA, 
the only challenge was to compute the probabilistic distribution 
of chromosome. The problem in this case is trivial. All the 
chromosome lengths are not the same, from the source node to 
the destination nodes. So, we apply the technique of continuous 
EDA domain, where the probabilistic model is generated using 
the mean and standard deviation. Thus the random function 
used in this case is the normal distribution function. In both the 
experiments, we use two terminating criterion, namely, 
maximum number of round in a single run and the converged 
solutions. Whenever we reach a converged solution, the 
program terminates, and if the program cannot converge to an 
optimal solution, we stop the run after a fixed number of 
iteration. 

IV. EXPERIMENT AND RESULT ANALYSIS 
In our proposed method, we use the maximum number of 

iteration in a single run as 1000. The network length varies 
from 100 to 1000. The sub-population size used in EDA is 50 
percent of the main population. The mutation factor is used as 
90 percent, meaning a high probability of mutation chance for 
each individual. As we want to apply our method to ZRP, we 
do not use any benchmark data set of networks; rather try to 
handle the situation of dynamically formed network. Thus we 
increase the network size from 100 to 1000 with the increment 
of 100 nodes each time. Then we run the program for each set 
10 times and used the average of the solution. 

Figure 3 shows the performance of GA and EDA in terms 
of required number of Generations. This figure gives a clear 
view that, for the above parameter settings, EDA outperforms 

GA when the network grows in size. For the simplicity in 
implementation, we considered only the cost of the routing 
path in a zone. 

 
Figure 3.  Required number of generation to find the converged value for the 

same network size using GA and EDA. (figure caption) 

 

Figure 4.  Converged values determined by GA and EDA. 

 

Figure 5.  Average fitness values determined by GA and EDA of 50 
individual runs. 

In Figure 4 the best value of the 50 individual runs is taken 
to measure the performance against the average number of 
generations. Here it can be seen that GA performs better when 
the network size is small. In this case, when the network size 
grows more than 400 EDA performs better by resulting in a 
lower converged value for large size network.  Thus our 
approach of applying EDA to solve ZRP proved to perform 
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better than GA. Figure 5 states the average fitness values (in 
this case the optimal routing path cost) in each generation by 
EDA and GA. 

Again, as our objective function was minimizing, the lower 
values of EDA indicates better solutions over GA. Also we are 
obtaining a set of routing path from source to destination from 
generation. As the network is generated randomly the same 
routing path is not used as the shortest path from source to 
destination which results in low traffic and load balance in the 
network. 

V. CONCLUSION 
Evolutionary approaches are not guaranteed to find the 

optimal solutions but they can minimize the cost significantly 
and are proved effective in larger search space. EDA is a 
growing field in evolutionary approaches and becoming 
popular day by day. Our contribution opens a new scope of 
applying EDA in such a field like ZRP, where GA is already 
applied. In this study, we only consider UMDA. In future we 
can extend our work to apply population based incremental 
learning (PBIL) algorithm [6] and Compact Genetic 
Algorithm (CGA) [6] both of which are forms of EDA. Then 
we can decide the best EDA approach to solve ZRP. Again, 
the path rediscovery can be solved in case of a break down in 
the network by EDA and GA. Thus, we can again compare the 
performance in this aspect. 
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Abstract—Security assessment is crucial in web application 
development environment. The Rapid Application Development 
(RAD) process makes the application extremely short and makes 
it difficult to eliminate the vulnerabilities. Here we study how 
web application risk assessment technique such as risk rating 
process can be applied to web application. We implement our 
proposed mechanism the application risk assessment 
methodology using Open Web Application Security Project 
(OWASP) model for the security assessment of web application. 
The study led to quantifying different levels of risk for Geospatial 
Weather Information System (GWIS) using OWASP model.    

Keywords-Security assessment;Rapid Application Development; 
Risk rating. 

I. INTRODUCTION  
Web application security assessment is a crucial part in the 

application development cycle. The distributed nature of web 
and application architecture creates difficulties in analyzing the 
application [1]. The Rapid Application Development (RAD) 
process makes the application extremely short and makes it 
difficult to eliminate the vulnerabilities. In the process most of 
the applications are becoming vulnerable to attack. Although 
organizations have many traditional precautions in their 
network such as firewalls, they are no longer sufficient to 
protect the application across the internet. Firewalls alone can’t 
protect the application from the external threat, but firewalls 
are integral part of the network security. To withstand web 
application against the evolving threat techniques, 
organizations must assess their web applications so that they 
understand the risk they are dealing with. For example, agency 
providing data access to their users via the web application 
must test the web application and calculate or rate the risk. This 
approach provides, to understand the vulnerabilities associated 
with the application. Most of the cases this can be achieved by 
scanning the sites with legacy tools which will detect the 
number of vulnerabilities present in the site. This will give the 
opportunity to rectify the coding techniques to eliminate the 
vulnerabilities. 

Knowing the vulnerabilities alone will not help the 
management to improve the security of the application. Rating 

the risk of the application by considering the different factors 
associated with application will give more clarity and edge to 
secure the application in a better way. By following this 
approach, organization can estimate the severity of the 
application and make an informed decision about the risk. Also 
the risk factors will priorities the issues in the application in a 
better way than the random approach. The areas having more 
risk can be immediately looked into, than the next prioritized 
zone. In this paper, a modest attempt has been made to 
implement Web Assessment Methodology (WAM) to the 
Geospatial Weather Information System (GWIS) application 
and risk factor has been derived by using Open Web 
Application Security Project (OWASP) risk rating 
methodology. 

II. APPLICATION TESTING FRAMEWORK  
Software testing has gone evolutionary process. The global 

software testing market value is $13 billion [2]. Generally 
software development is up to 40% of a typical software 
product release budget, but testing of the software is about 
40% of the development budget. Hence testing phase is very 
important for any software or application for resulting to 
higher quality software. Software testing is the process used to 
identify the correctness, completeness, security, and quality of 
the developed software programs. It is the process of the 
technical investigation to reveal the quality related information 
about the product or application. Testing furnishes criticism of 
the application for further improvement of the application in 
several contexts. There are three fundamental approaches for 
the automotive tests of web application [3]. Black box, white 
box and gray box provide the different approaches for 
assessing the security of web applications. White box and 
black box are the terms used to describe the point of view a 
test engineer takes when designing the test cases. Black box 
takes the external view of the application and white box takes 
internal view. That is the application is tested from the inside 
using its internal application programmatic interface 
(generally the API) in the white box testing, and the 
application is tested using its outward facing interface 
(generally GUIs) with the black box testing. Gray box testing 
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is combination of both white box and black box testing. It 
allows security analysts to run automated and manual 
penetration test against a target application.  Table 1 shows a 
comparative statement on testing technologies. 

 
TABLE I.  TESTING TECHNOLOGIES: A COMPARISONS 

 
Pros Cons 
Manual: Penetration or security acceptance by small set of 
people using known tools and scripts 
Generates well 
targeted tests for 
specific application 
functions. 

1. Limits testing to experts which 
may lead to bottlenecks. 
2. Can lead to a high error rate 
with recurring costs 
3. Limits application coverage 
due to time constraints. 

Automated: Specific tests for individual function, built by 
the code developer. Quality assessment teams build tests 
from end user perspective. 

Offsets expenses with 
improvements in 
quality, reduced 
effort for acceptance 
and iterative 
development 
processes. 

Requires greater overhead to 
create and maintain than manual 
testing. 
 

Black box or System: Looks only at system 
input and output, modifying normal user input to make the 
application behave in unintentional ways. 
Uses established 
automated test tools 
that require minimal 
application 
knowledge to use. 
 

Possible only when application 
components are ready for testing. 

White box or Source: Assesses individual 
components for specific functional errors, often in 
combination with code scanning tools and 
peer reviews. 
Uses tools that have 
established 
integrations with 
developer IDEs, 
enabling the well-
defined discovery of 
flaws in tested 
functions. 

Does not uncover requirement 
and design flaws. May not 
uncover vulnerabilities to attacks 
involving multiple components or 
specific timing not covered by 
unit testing.  

Gray box (Using application defined framework): 
Combines black- and white-box testing to create tests 
unavailable via commercial tools. 

Provides the most 
comprehensive 
method by combining 
system and unit level 
testing. 
 

Requires that a framework be 
specified during the inception 
phase and design activities. 
Require   much effort to build the 
test framework to build the 
application. 

 
Selection of particular testing methodology depends on 
number of factor(s), such as time allotted to the assessment, 
access to the internal application resources and goals of the 
test [3]. 

 
Application security is the use of software, hardware and 
procedural methods to protect applications from external 
threats. Security measures built into application and sound 
application security procedures minimize the likelihood of the 
attack. Security is becoming an increasingly important concern 
during development as applications become more frequently 
accessible over network. As a result applications are vulnerable 
to a wide variety of threats. Application security can be 
enhanced by rigorously defining enterprise assets, identifying 
what each application does with respect to these assets, creating 
security profile for each application, identifying and 
prioritizing potential threats, and documenting adverse events 
and the actions taken in each case. This process is known as 
threat modeling [4]. 

III. GEOSPATIAL WEATHER INFORMATION SYSTEM 
Geospatial Weather Information System (GWIS) is a web 

based tool for capturing, storing, retrieving and visualization 
of the weather climatic data. The GWIS contains historical 
climatic data for nearly hundreds of land stations country 
wide. The database is provided with both climatic daily and 
monthly data. Daily data has been nearly for 150 ground 
stations country wide and covering temperature, rainfall, 
humidity details. The climatic monthly data has for wide range 
of land stations around 3000 countrywide. Daily data is being 
captured from different sources after then arranged in GWIS 
format for storing in the database. The source for monthly data 
is Global Historical Climatology Network (GHCN). It is used 
operationally by National Climatic Data Centre (NCDC) to 
monitor long-term trends in temperature and precipitation. The 
mission of GWIS is to integrate the weather related 
information from different available sources and organize the 
data in structured GWIS format. The application tool is 
designed to cater the research needs of various application 
scientists working on different themes. 

IV. RISK ASSESSMENT METHODOLOGY 
Performing web application assessment is a difficult task 
because of its complex application architecture. The task 
should be like any other software testing process – with a 
methodology, testing procedures, a set of helpful tools, skills 
and knowledge [5]. In general, risk model involves several 
factors such as asset information based on their importance in 
business, likely threats to these assets, associated 
vulnerabilities (both technical and non-technical), severity 
levels of the vulnerability, business impact factors such as 
company reputation. These factors weightage depends on the 
organization structure, its goals, the impact on its application 
business etc.  Some models may give more weightage to 
technical factors and some may give weightage to financial 
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factors, but overall it depends on the strategy of the 
organization and its goals. 
 
There are number of risk assessment models namely CVSS, 
OWASP, CENZIC, AS/NZ, OCTAVE, NIST, NISA, ISO 
1799 and ISO 27001 for assessing the risk associated with the 
application. In addition to these models there were number of 
other testing techniques available for web application testing 
[6, 7, 8], analysis [9], and reverse engineering [10, 11]. Huang 
et al,2003 [12] proposed a WAVES (Web Application 
Vulnerability and Error Scanner) – black box testing 
framework for automated web application security assessment. 
Scott and Sharp, 2002 used an application proxy to abstract 
Web application protection strategy [13]. Huang et al, 2004 
describe the bounded model checking (BMC) for verifying the 
web application code for automatic patching of vulnerable 
code with run time guards allowing both verification and 
assurance occur without users intervention [14]. Again Huang, 
2004 proposed a holistic approach to ensure the web 
application security by static analysis and runtime protection 
[15].  In addition to these some more white box techniques 
that protect the web application at the development time rather 
than the deployment phase [16]. In all these listed models and 
techniques the general assessment framework involves:  

 Identifying assets, possible threats and 
vulnerabilities. 

 Estimating the risk. 
 Determining the severity of risk. 
 Deciding the priority list to eliminate the 

vulnerabilities. 
 Finally, Customizing risk model with given 

inputs. 

The ultimate objective of any model is to quantify the risk of 
the application at different levels by taking several factors 
such as asset information, likely threats, associated 
vulnerabilities, impact of the application. It also provides 
useful mechanism for organizations to prioritize their business 
risks with common remedial practices for effective security 
practices. Risk assessment process involves steps in 
identifying asset information, possible threat and 
vulnerabilities of the application. The process ultimately 
determines the overall risk factor involved with the application 
and will help the organization to eliminate the vulnerabilities 
of the application.  

A. Identifing  assets, possible threats and countermeasures 
The first step for an organization to assess the  network for 

security vulnerabilities is to understand the assets that make up 
the network. This step, known as discovery, involves 
identifying all of the servers, workstations, devices, services, 
and applications running on the network. 

B. Assest classification 
Asset classification starts with identification of assets of 
organization. OCTAVE-S model illustrates asset identification 
as “identification of business process assets”. Most of the 

cases it is always better to talk to the people who can better 
understand the organization policy and goals to classify the 
asset category. Asset is information, capability, an advantage, 
a feature, a financial or a technical resource that should be 
defended from any damages, loss or disruption. The damage to 
an asset may affect the normal functionality of the system as 
well as the individuals or organizations involved with the 
systems. Normally in the web application technology assets 
are database server, application server, and web server.  
 

C.  Threat Classification 
Threat is a specific scenario or a sequence of actions that 
exploits a set of vulnerabilities and may cause damage to one 
or more of the system’s assets [17]. When vulnerability is 
identified, it requires at least one of the attack technique to 
hack the application. Figure 1 shows the common threat areas, 
security concerns of application. However specific threats to 
individual application may differ from one application to 
other. 

 
Figure 1.  Web application security concern areas [18] 

 
There are several attack techniques available and documented 
commonly referred as classes of attack. Web Application 
Security Consortium (WASC), 2004 created and documented 
threat classification with detailed information about the 
possible classes of attacks (table 2) which is quite useful 
information for application developers, security auditors, 
professionals and vendors [19].  
 

TABLE II.  WASC THREAT CLASSES 
 

Threat 
Classes 

Description Attack 

Authentic
ation 

Checks the 
identity of user 
and/or service of 
application 

Brute Force 
Insufficient 
authentication 
 

Authorizat
ion 

Checks the user 
and/or service 
permission to 
perform a request 
action 

Credential session 
 prediction 
Insufficient 
authorization 
 

Client side 
attacks 

Checks for a 
chance to abuse or 

Content spoofing, 
Cross site scripting 
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exploitation of 
web site user 

Command 
execution 

Exploit the 
vulnerability 
through remote 
command 
methods. 

Buffer overflow 
LDAP injection 
OS commanding 
SQL injection 
SSI injection 
Xpath injection 

Informatio
n 
disclosure 

technique to 
acquire system 
specific 
information such 
as software , 
version, patch 
level etc. 

Directory indexing 
Information leakage 
Path traversal 
Predictable  resource 
location. 

 

D.  Finding out vulnerabilities  
Because of the multiple technologies involved in the web 
application, it’s very difficult to discover the vulnerabilities 
present in the site. For this, tester has to run battery of tests 
and use various strategic techniques to discover the 
vulnerabilities. This process includes,  

 Discovering any existing vulnerabilities, 
 Verify the discoveries, 
 Document the verified discoveries in a standard 

template. 

Manual testing is a cumbersome method and almost a difficult 
task for discovering the application flaws. Discovering 
vulnerabilities present in the application often needs a strong 
testing tool for scanning the web site. Recently, automated 
security testing tools are developed for scanning the total 
application with easy to use interface. Such projects are 
WebSSARI (Web Application Security Analysis and Runtime 
Inspection) for testing vulnerabilities in PHP code [20]. 
However, such white box testing techniques fail to adequately 
consider the runtime behavior of web applications [21]. The 
main reason for this is web application is a combination of 
presentation layer, application layer and database layer. In 
other words, white box testing techniques will not give 
appreciated results to discover the vulnerabilities because their 
inability in handling user input through the interfaces (GUIs). 
There is other approach for finding vulnerabilities of web 
application, a black box testing technique. Huang et al, (2005) 
presented a web application security scanner (WAVES)- an 
automated software testing platform for the remote, black box 
testing [22]. Barton et al, (2000) presented a web application 
security assessment framework based on a security scoring 
vector [23]. 

 
Today there are several automated tools, works on a black box 
testing framework that automates the process of web 
application security testing and finally result the 
vulnerabilities present in the application. The tools analyses 
any web applications or sites and scans them for exploitable 
vulnerabilities such as Blind SQL Injection, Cross site 

scripting, and Directory traversal, etc. Lot of commercial and 
open source tools are available for the application assessment.  
There are several free and open source projects in the category 
of web application assessment tools, such as Burp proxy, 
Grabber, Penetra, Paros, SPIKE Proxy, WebScarab, Wapiti, 
NESSUS and W3AF. Commercial assessment tools includes 
the list of AppScan, Webinspect, BiDiBLAH, Cenzic, 
Acunetix , , Wikto, Nikto, etc. In general all these automated 
tools generates following feature set at high level: 

 Vulnerability discovery and listing 
 Automated auditing as well as manual 

auditing capabilities 
 Extensive view options 
 Extensive reporting options 
 Exposed APIs 
 Remediation recommendations 

Identifying vulnerabilities across the site is a major endeavor. 
Today’s enterprise consists of several system servers, 
application servers, database servers via several networking 
circuits with varying speeds. The point is, it is not possible to 
simply install network or system scanners and scan the total 
application. This is because, it is not possible to get the 
required coverage with in the desired time frame with a single 
scanner. For this reason we cannot simply stop the assessment, 
knowing that the site consists of 70 percent network 
vulnerabilities that have not been remediated. Enterprise level 
assessments are still required. Instead of simply dropping 
scanners onto network, the process should leverage 
organizations vulnerability management, its investment in 
security, patch, and configuration management technologies. 
Vulnerability scanners are responsible for detecting network 
hosts, discovering available applications, and ascertaining 
vulnerabilities. Vulnerability softwares generally run on 
network devices or on a company own application assets. For 
this type of application assessment, single type of vulnerability 
scanner is sufficient for scanning the application.  
 

TABLE III.  VULNERABILITIES BY PATTERNS 

 
However, larger sites may require multiple vulnerability 
scanners to support the assessment needs. The reason is the 
specific tools are effective in some of the areas and may not be 
good at other functional areas. For this reason, the GWIS 

No Vulnerability Patterns Number of 
Instances 

1 Blind SQL Injection  2 
2 Login page SQL Injection  2 
3 Unencrypted login request 1 
4 Application Error 1 
5 Inadequate account lockout 1 
6 Permanent cookie contains 

sensitive session information  
1 

7 Session information not updated  1 
8 Unencrypted password parameter 3 
9 Unencrypted viewstate parameter 7 
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application has been scanned with multiple scanners namely 
AppScan, CENZIC, and Nessus tools. The consolidated list of 
vulnerabilities observed is shown in table 3. Discovering the 
vulnerabilities after a systematic scanning as mentioned above, 
verification has to be done with proper documentation using a 
standard template. Figure 2 shows the vulnerability 
documentation using AppScan template for GWIS.  The blind 
SQL injection is categorized in to high sever vulnerability, 
occurs in application level. This vulnerability is dangerous in 
exploiting the application to view, modify or delete database 
entries. This kind of detailed template helps the developer and 
designer to address the vulnerability immediately with the 
remediation procedures. 

 

 
 

Figure 2.  Vulnerability documentation template 

V. ASSESSMENT MODELS 
There are many assessment models for rating risk 

associated with the applications. Each one of them has their 
own merits and differs by what they measure. But there is no 
standardization of web application security assessment 
process. One of the issues with the assessment is, there is no 
standard metric to measure the application security. For 
example OWASP measures the application security by 
categorizing the risk in the scale of 1-10, and divide the scale 
in 3 bands, that is low, medium and high [24].  

 
The (OWASP) covers many projects over application security 
aspects, such as documentation, tools, models etc. Open Web 
Application Security Project (OWASP) risk model quantifies 
risk in the scale of low, medium and high. The model rates the 
risk by taking input parameters such as attacker capability, 
vulnerabilities of the application and impact of a successful 
exploit on the business. The Common Vulnerability Scoring 
System (CVSS) provides similar risk rating approach to 
communicate characteristics and impacts of application 
vulnerabilities. CVSS works on Base, Temporal, and 
Environmental metrics for the application assessment [25]. 
The Operationally Critical Threat, Asset, and Vulnerability 
Evaluation (OCTAVE) defines risk based strategy assessment 
and planning technique for the security [26]. Cenzic also 
provides the application security scored called as Hailstorm 
Application Risk Metric (HARM) based up on quantitative 
score of risk quantified as a numeric number. It also considers 
the base risk, impact areas of the application, risk factors such 
as attack complexity, attack boundaries, detection precision, 
and asset weights in quantifying the risk. For a given 
application the HARM score is calculated using a series of 
proprietary equations [27] (Cenzic, 2008). Huang et al. 

proposed a WAVES (Web Application Vulnerability and 
Error Scanner) – black box testing framework for automated 
web application security assessment [28]. But it is true that no 
model will fit into everyone’s need perfectly. The choice of 
model purely depends on the suitability of the model, business 
aspects, the technical aspects of application, and the type of 
metric etc. The study follows the integrated OWASP approach 
for estimating and rating the risk factor, because of the model 
suits to the requirements of GWIS environment. 

 

VI. INTEGRATED  OWASP RISK ASSESSMENT 
METHODOLOGY 

OWASP risk rating methodology is a simple approach for 
calculating and rating the risk associated with the application. 
It is an integrated approach of several existing models for 
representing the overall severity of the application. The system 
is not entirely quantitative rather the system is formulated, to 
rely on a base qualitative ranking of risk into number of 
categories.  

 
In a nut shell, this risk rating calculation is the process of 
gathering details about the threat agent involved, attacker 
ability of skills, motive, the opportunity, the size of attacker 
domain, and vulnerability factors associated with the 
application, such as ease of discovery of the vulnerabilities, 
ease of exploit, awareness of the vulnerability and finally 
intrusion detection. One critical observation in this model is 
severity of the vulnerability which is most important 
parameter in estimating the risk is missing. In the general 
sense, severity of the vulnerability of the application carries 
more weightage and dictates the risk associated with the 
application. Hence another factor called severity of the 
vulnerability is included in the vulnerability factors. 
Therefore, 
 

   Risk = Likelihood * Impact  
Where  
Likelihood = Chances of vulnerabilities for being   
                     exploited by the  attacker.                        
Impact       = Impact of successful attack. 

 
There are number of factors associated to calculate the 
likelihood value. They are threat agent factor and vulnerability 
factors. Further these factors are divided into the sub factors 
for calculating the threat agent factors and vulnerability 
factors. 
 

A. Likelihood calculation 
Likelihood is a rough estimate of how likely particular 
vulnerability is uncovered and the same is exploited by the 
attacker. There are two major components in estimating the 
chances for a successful attack. The first one is the capability 
of threat agent factor and second one is vulnerability factor. 
Threat agent factor deals with the capability of the group, their 
skill level, motivation and size of the group. 
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There are two major components in estimating the chances 
for a successful attack. Maximum the capability levels of the 
group means, maximum are the chances for exploiting the 
vulnerabilities in the application. Vulnerability factor consider 
the variety of factors related to the vulnerability presence in 
the application. Once the application having the vulnerabilities 
means, there are more chances of exploiting the application 
depending on factors such as ease of exploitation, awareness 
of the particular vulnerability, detecting the same with 
mitigation techniques etc. 

 

B. Threat agent factors 
 

The objective of threat agent factor is to estimate the 
likelihood of successful attack. The general threat agent 
factors are skill levels of the attacker group, the motivation of 
group to succeed in the attack, the resources of attacker group, 
generally the infrastructure and facilities of the group, and the 
size of the group. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

C. Vulnerability factors 
This section deals with the finding out the vulnerabilities 

present in the application and rating attributes related to the 
vulnerabilities of the GWIS. But the most tedious part in risk 
assessment is, finding out the vulnerabilities present in the 
application. Vulnerabilities are generally flaws in the 
applications.  These can be best discovered by deploying 
automated legacy testing tools on the application.  For 
example, GWIS is scanned with Appsec automated tool that 
crawls the application for vulnerabilities discovery. OWASP 
risk rating methodology considers ease of discovery, ease of 
exploiting, awareness and intrusion detection as vulnerability 
factors in estimating the likeliness of uncovering the 
vulnerability that may be exploited by the attacker. However, 
an important factor missing in the OWASP approach is the 
severity factor of the vulnerability present in the application. 
Hence in the revised model, severity factor is included in the 
vulnerability factors.  
 

 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
                                                                                

 
 

 Threat agent factors Vulnerability factors 

Name of Vulnerability 
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Blind SQL Injection  9 4 9 6 3 9 3 8 9 

Login page SQL Injection  9 4 9 6 3 9 3 8 9 

Unencrypted login 
request 

6 4 4 2 2 9 4 1 6 

Application Error  3 9 4 2 3 9 2 1 3 

Inadequate account 
lockout  

3 9 4 2 4 9 6 8 3 

Permanent cookie 
contains sensitive session 

information  

3 4 4 6 4 9 4 3 3 

Session information not 
updated  

6 4 4 6 3 9 3 1 3 

Unencrypted password 
parameter 

6 4 4 6 6 9 5 1 3 

Unencrypted view state 
parameter 

4 4 1 6 7 9 8 1 3 

TABLE  IV.  LIKELIHOOD FACTORS OF GWS
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There is a proof of concept for the SQL injection, the 

vulnerability requires more skill levels for the exploitation. 
Similarly, ease of exploitation and severity levels also 
maximum for SQL injection. Hence the skill level to exploit 
the SQL injection score is 9.The attacker will learn the 
structure of the SQL query, and then use this knowledge to 
thwart the query by injecting data that changes the query 
syntax into performing differently than indented. Therefore 
ease of exploitation is maximum. The remaining factors scores 
of threat agent and vulnerability factors are shown in table 4. 

D. Estimating impact 
Impact calculation is about estimating the impact of 

successful attack to GWIS application. It is a measure of 
vulnerabilities associated technical factors present in the 
application and the impact of the application, if the 
vulnerabilities are exploited by the attacker. There are several 
factors for estimating the impact feature. OWASP considers 
technical impact and business impact for deriving the impact 
of the application. 

 
The scoring system does not consider more than one 

vulnerability, if the application has more than one number of 
similar types of vulnerability. For example, GWIS consists of 
two instances of blind SQL injections and seven unencrypted 
view state parameters. But finally the scoring has given only 

 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
for one blind SQL injection, and one unencrypted view state 
parameter, as the type of vulnerability is same. But when 
particular type of vulnerability is addressed, total number of 
instances is taken care. This is because of the reason that, each 
vulnerability provides equal chance of opportunity for 
exploiting the application. 
 

E. Technical impact 
 
The primary objective of technical impact is to calculate the 
magnitude of impact if the vulnerabilities are exploited from 
the application. The technical impact factors are further 
divided into four classes namely confidentiality, integrity, 
availability and accountability. The objective of information 
security systems is to protect confidentiality, integrity, 
availability. Thus technical impact factors plays major role in 
the application risk assessment. The technical impact is the 
estimate of sum of these technical factors by giving suitable 
weightages to the individual factors.  
 

F.  Business  impact 
The ultimate objective of risk assessment is to quantify the 
impact of business, if the vulnerabilities are being exploited by 
the attacker.  
 

 Technical impact factors Business impact factors 
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Blind SQL Injection 9 7 5 9 1 5 5 5 

Login page SQL Injection  9 7 5 9 1 5 5 5 

Unencrypted login request 6 5 1 7 3 4 2 5 

Application Error  2 3 1 7 3 4 2 3 

Inadequate account lockout  2 3 1 7 3 4 2 3 

Permanent cookie contains 
sensitive session information  

2 3 1 7 3 4 2 3 

Session information not 
updated  

2 3 1 7 3 1 2 3 

Unencrypted password 
parameter 

2 1 1 7 3 1 2 3 

Unencrypted view state 
parameter 

1 1 1 1 1 1 2 3 

TABLE V.  IMPACT FACTORS OF GWS
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Sometimes it is also known as business impact which plays 
major role in calculating the overall risk rating process. For 
example, GWIS is an application indented to disseminate the 
weather related data to the given users through the application. 
Here the main business assets are weather repository, related 
financial transactions and meta data sets. OWASP consider 
four important factors to estimate the business impact of the 
application, namely financial damage, damage of reputation, 
non-compliance and privacy violation of the application, if the 
application is being hacked. Financial damage is minimal from 
the business point of view, but reputation damage is more 
because of the organizational aspect. The reputation damage 
also affects the further business of the GWIS.  The non-
compliance and privacy violation of the application is 
medium. The impact scores for each of the vulnerabilities 
present within the application are added together, resulting in a 
total for the application score. This process of adding together 
vulnerability scores must be sensitive because of different 
category of scores. Therefore calculating the GWIS score is 
the act of summing up the score for each vulnerability and 
corresponding factors. Table 5 shows the impact factors of 
GWIS. Finally risk is calculated by multiplying the likelihood 
with impact values, which is derived in the process. The 
resultant value is then categorized with the table to rate the 
severity of the risk as given in table 6. Likelihood and impact 
is estimated to calculate an overall severity for the risk. The 
final risk values are categorized in to low, medium, and high 
in the scale of 0 to 9 (table 6). 

 
TABLE VI. RISK CATEGORIZATION VALUES 

 
Likelihood and Impact levels 

0 to < 3 Low 
3 to < 6 Medium 
6 to 9 High 

 

VII. EXPERIMENTAL RESULTS 
The GWIS application has been scanned thoroughly for the 

vulnerabilities across the presentation, business,  
and database layers of GWIS. Nine vulnerability patterns are 
found including total 20 instances. The likelihood and impact 
scores are calculated against each vulnerability of the 
application, and the final scores are derived as shown in table 
7 to 10. 
 

Table VII. Threat agent factors of GWIS application 
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Table VIII. Vulnerability factors of GWIS 
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Table IX. Technical impact factors of GWIS 
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Table X. Business impact factors of GWIS 
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The overall score of likelihood and impact of GWIS are 
5.0333 and 3.51385 respectively (table 10). 
 

TABLE XI.  LIKELIHOOD AND IMPACT SCORES  
 

 Score Risk category 
Likelihood 5.0333 Medium 

Impact 3.51385 Medium 
     

VIII. RESULTS AND DISCUSSIONS 
The OWASP model provides the open framework for 

security accuracy assessment of web application security. In 
order to experiment with OWASP open source model, the 
study has been chosen the GWIS application to implement 
security assessment. During the assessment phase, the 
application flaws are completely assessed with variety of tools 
for finding out vulnerabilities of the application. The found 
vulnerabilities are billed with threat agent factors, 
vulnerability factors to find out the likelihood and impact 
levels on technical and business functions. Now it is combined 
them together to get final severity risk rating for the GWIS. 
Final severity risk levels are obtained from overall risk 
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severity matrix (table 11) by inputting likelihood and impact 
levels of GWIS. 

 
Table XII. Overall risk severity matrix of OWASP 

Overall Risk Severity 

 
Im

pa
ct

 HIGH Medium High Critical 

MEDIUM Low Medium High 
LOW Note Low Medium 

 LOW MEDIUM HIGH 
 Likelihood 

The integrated OWASP model gives an innovative approach 
for the study of security assessment of GWIS application.  The 
study has produced excellent results in assessing the security 
of GWIS application by rating the risk factor associated with 
GWIS.  

  
It has produced two main factors, one is the likelihood and 
other is impact factor. It is clearly noted that, the likelihood 
and impact factors are not static ones and will change from 
time to time depending on the application design principles 
and business rules. That is why technical factors and business 
factors are completely different. But understanding the 
business context of the vulnerabilities is crucial in assessing 
the risk of GWIS. Considering threat agent factors, 
vulnerability factors, technical impact factors, and business 
impact factors of GWIS application, the scores are varying 
between 0 to 9 depending on the values of threat agent 
capability, vulnerabilities, technical impact, and business 
impact on the GWIS. The objective of deploying OWASP 
model is to quantify the risk face by the GWIS.  The 
vulnerability score helps the GWIS to better understand the 
application severity, progress towards security goals such as 
protecting assets, rectifying the risk levels. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
To explain the different categories of risk generating factors of 
GWIS application, blind SQL injection and login page SQL 
injection are causing major risk to the GWIS. Figure 3 shows 
blind SQL injection and login page SQL injection are resulting 

maximum risk against threat agent factor, vulnerability factor, 
technical impact and business impact. The final outcome of 
overall risk also because of the severity levels of these two 
vulnerabilities against both likelihood and impact factors of 
GWIS. Since the vulnerabilities can be exploited remotely, the 
ease of exploit is relatively high, and hence it has been given 
the high rating for the ease of exploit with corresponding 
severity levels.   
 

 
Figure 3: Risk factors of GWIS 
 

Also the vulnerabilities can be exploited using multiple 
methods with different outcomes scores. To execute the high 
risk value vulnerabilities such as, blind SQL injection and 
login page SQL injections, technical and business impact 
factors are set to HIGH.  
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 Similarly, to exploit the rest of the vulnerabilities the 
likelihood and impact factors are given in table 3 and 4. As 
shown in table 10 likelihood of GWIS is MEDIUM, and the 
technical impact is MEDIUM and hence severity level is 

Vulnerability Patterns Risk Resource  
Requirement 

Effort to Exploit Number of 
Instances 

Blind SQL Injection  High Low Medium 2 
Login page SQL Injection  High High Medium 2 
Unencrypted login request Medium Low High 1 

Application Error  Low High Low 1 
Inadequate account lockout  Low Low Medium 1 
Permanent cookie contains 

sensitive session information  
Low High Low 1 

Session information not 
updated  

Low High Low 1 

Unencrypted password 
parameter 

Low High Low 3 

Unencrypted viewstate 
parameter 

Information
al 

High Medium 7 

TABLE XIII.  VULBERABILITIES BY PATTERN & PRIORITY 
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medium (table 11). Similarly likelihood is MEDIUM and 
business impact is LOW, so from pure business point of view, 
the risk factor is LOW. But on the whole, likelihood and 
impact levels of GWIS are MEDIUM and MEDIUM 
respectively. Therefore the overall severity of the risk is 
MEDIUM. To minimize the risk levels of the GWIS, it is 
crucial to fix the most sever risk  generating vulnerabilities 
first such as, blind SQL injection and login page SQL 
injection vulnerabilities in the GWIS. Similarly the other 
vulnerabilities also should be fixed to further reduce the risk of 
GWIS in as per the priority list given in table 13. In figure 4 
the total number vulnerabilities found in GWIS are depicted 
severity wise. Out of 20 vulnerabilities, 4 vulnerabilities are 
high severing levels, 1 is of medium severity, 8 are of low 
severe levels and rest of them is informational. 

 
 

Figure 4: Issue severity gauze for GWIS  
 
Twenty unique issues are detected in GWIS, across 10 
sections of the regulations. Table 14 shows compliance scan 
results related issues of GWIS application according to 
OWASP threat class categorization. 
 

TABLE XIV.  COMPLIANCE SCAN RESULTS 
 

Section   No. of 
Issues 

Cross site scripting (XSS) flaws  - 

Injection flaws  4 

Malicious file execution  - 

Insecure direct object reference  1 

Cross site request forgery (CSRF)  
 

- 

Information leakage and improper 
error handling  

9 

Broken authentication and session 
management  

6 

Insecure cryptographic storage  4 

Insecure communications 4 

Failure to restrict URL access  - 

 
The remediation task is designed to address the vulnerabilities 
present in the GWIS application. The remediation tasks 
generally address the weakness of application that are found 
during the assessment of application. There are different types 
of vulnerabilities, some requires immediate remediation and 
some may require some software / hardware resource to 
rectify the same. Existing code should be checked for these 
vulnerabilities, as these flaws are being actively targeted by 
attackers.  
 

Development projects should address these 
vulnerabilities in their requirements documents and design, 
build and test their applications.  Project managers should 
include time and budget for application security activities 
including developer training, application security policy 
development, security mechanism design and development, 
penetration testing, and security code review. But all 
vulnerabilities pose some risk to the application that could 
result in a loss of system control by compromising the 
valuable database. The research framework entails that, there 
are various types of threats a distributed application faces. 
Those covers information disclosure, infrastructure 
vulnerabilities, session management flaws, insecure 
configuration, authorization flaws, encryption flaws, 
invalidated input,  SQL injection, corss site scripting, HTTP 
response splitting, LDAP injection, and XPath injection. As 
more and more applications are web based, web application 
security exploits are becoming the attack patterns for hackers. 
Exploits embedded in http or https packets sail past perimeter 
security systems and potentially attack an organization's 
critical databases. Given the complexity of today’s web 
applications, these exploits are difficult to uncover and protect 
against. Countermeasures using a combination of open-source 
tools, automated scanners, and manual testing enumerate 
vulnerabilities across all the threat class domains. Risk 
assessment helps companies to proactively deal with security 
by providing structure and rationale for the security of web 
application. Threat models help capture security flaws at an 
early stage, thereby reducing the cost of fixing the flaws after 
the application has been deployed.  Despite the advantages, a 
number of security challenges to implementing three-tier 
architecture exist. A full 3-tier implementation would have a 
server running a web server that connects to a mid-tier server 
or other servlet engines and database connectors. This 
arrangement will have access to all the layers of application. 
Application security is the use of software, hardware, and 
procedural methods to protect applications from external / 
internal threats. Security measures built in to applications and 
sound application security procedures minimize the likelihood 
to manipulate application. Actions taken to ensure application 
security are sometimes called as countermeasures. These 
include firewall, router, encryption/decryption, anti-virus 
programs, spyware detection/removal programs, and biometric 
authentication systems. 
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Application security can be enhanced by rigorously 
defining enterprise assets, identifying what each application 
does with respect to these assets, creating a security profile for 
application, identifying and prioritizing potential threats, and 
documenting adverse events and the action taken in each case. 
This process is called as threat risk modeling. The results of the 
research provide the security assessment of GWIS application, 
identifying weaknesses and recommending security 
improvements. In the process, the study presented threat risk 
modeling, standard vulnerability management by calculating 
the risk associated with each layer with common remediation 
initiatives. The study led to quantifying different levels of risk 
for GWIS by using OWASP approach. 
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Abstract
The benefits of remote monitoring and control have long been
realized in the industrial sector for uses in automation as well as
increase of safety/security standards. This led to the emergence
of the Remote Monitoring and Control System (RMACS) [1]. In
this paper we have developed an integrated Wireless RMACS for
monitoring, controlling and accessing the performance of
remotely situated device parameters such as Temperature,
Pressure, Humidity and Level on real time basis. This paper
explores the feasibility of tapping into the short message service
component of existing mobile communications network
infrastructure, particularly the GSM (Global System for Mobile
communication) [2] network to act as a medium for the
communication of control signals. From the Wireless RMACS,
which is proposed in set up the temperature, pressure, humidity,
level could be sufficiently recorded from the remote location, and
whenever it crosses the set point the ARM LPC2148 Processor
will sends as SMS to a user(s) mobile phone. The user can
control the system through his mobile phone. The properly
designed Wireless RMACS enable the achievement of truly
mobile monitoring, control and other industrial processes; as well
as security and safety applications.

Key words:
RMACS, Automation, GSM, ARM LPC2148, Mobile phone, SMS.

1. Introduction

In recent years industrial automation and control systems
are an integral part of an industry. Extrapolating
automation history forward is an interesting challenge.
Today, growth is coming from global expansion and
services. A new surge of growth will come through new
technology (Wireless) [3], production at the lowest cost for
global distribution, and fast time-to-market. A Wireless
Industrial Automation communications segment, at the
present time, presents a mixture of standardized and
proprietary technologies.

Recently, there has been much interest in remote

monitoring and control in the field of the Industrial
automation.  There has also been much interest in
wireless communication [4] in industrial sector for uses in
automation as well as to increase the safety and security
standards. There is a great deal of benefits for process
plants to adopt the wireless communication to control
systems. Currently the common conditions of use of
SCADA systems [5] only allow for control and
supervision to take place when the operator and the plant
being observed are in the same general vicinity. It led to
the emergence of the wireless remote monitoring and
control systems. This contribution develops the systematic
design methods for the design and implementation of
Remote Monitoring and Control system (RMACS) over
the wireless communication. This is the main objective
and focus of the present research work.

RMACS is on-line real-time monitoring and
controlling the field equipment and transmitting the real
time picture and test data to the terminal to forecast or
diagnose [6]. The RMACS is a effective method to obtain,
analyze, transmit, manage and feedback the remote goal
information and it combines the most advanced science
and technology field of satellite positioning technology,
communication technology, Internet technology and other
areas, and it is the comprehensive usage of instrumentation,
electronic technology, modern communications technology,
computer software and so on.

The use of mobile phones or handsets has grown
exponentially over the years [7]. As the number of mobile
phone users increased, the technology and infrastructure
supporting the handsets have also evolved to cope with the
traffic created by the number of users. On top of that, the
demands of mobile phone users have also changed, and the
average mobile phone of today can do many things that
would have never been dreamt of 10 years ago.

Voice telephony has always been the primary use
of the mobile handset; however, ‘texting’ or text messages
were introduced to operate over mobile phone networks and
maximize bandwidth utilization. The dominant mobile
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phone network in the world today is GSM. It is a digital
mobile communication network, which developed, rapidly
in recent years. This network has coverage in most urban
areas and offer support for the SMS [8] that allows users to
communicate with each other by sending short text
messages to each other at minimal cost. The maximum
length of the messages cannot exceed 150 alphanumeric
Latin characters. This is enough to send short alert
messages or commands to remote system.  In the world of
automation and control, several methods have thus far been
employed to attain remote monitoring and control of
various processes. These attempts have met with varying
levels of success.

The primary aim of this paper is to propose the
concept of a Remote Monitoring and Control System
(RMACS) using the combination of a Embedded ARM
Processor (ARM7 TDMI-S LPC2148) [9] and a GSM
communications module linked by a serial
communications port. Using this the process parameters
could be efficiently recorded from the remote location and
whenever these parameters crosses the set point, the ARM
processor will send an SMS alert to a user(s) mobile phone.
The user can control the system through the mobile phone
enables the achievement of truly mobile monitoring,
control and other industrial process; as well as security and
safety applications.
The benefits of this paper are:

 Flexibility / modularity in control by the use of an
ARM processor.

 Global coverage through the use of the GSM
network.

 Extremely low cost device adapted for different
applications.

 Scalable, Robust and Reliable.
 Provides password security.
 Efficient and cheap means of communication by

use of SMS.
 True mobility using mobile phone sets.

2. Hardware implementation

The Block diagram of the hardware implementation of the
entire system is as shown in the Figure 1. All the major
subsystem blocks are shown with their inter connections to
each module .The block diagram consists of Sensors,
ARM TDMI-S LPC2148 Processor, GSM MODEM,
Signal conditioning unit, MAX232 Level converter and
inverter, Controlling devices, Mobile phone, Line driver
ULN2003 and Relay set and Personal computer. In this
application, the system was set up to monitor and control
the process parameters and ensure that it was within safe
operating limits. The detailed descriptions of the
components used in the system are explained below.

The system uses an ARM 7 processor to measure and
control all operations can be attached to several I/O

devices which will in most cases be either of the two:
 Sensory inputs for process control or

safety/security monitoring
 Actuators on the outputs to exert control over

various aspects of a process.

RS-232

Figure 1: The Block diagram
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GSM MODEM to provide communication
capabilities to the system operated by issuing a string of
commands from either the system via the processor or
from the user via SMS [11] over mobile handsets. By
coupling the two devices, a cost effective, flexible and
modular system is achieved. Since, the devices run on
relatively low power and the GSM MODEM being a
wireless communication module, not only does the system
grant mobility to the user, but also the system itself may be
operated on a mobile platform in future modifications.

Various Sensor parameters are continuously
being monitored by this system. The Sensor output is
typically being ‘signal conditioned’ by means of an
Op-Amp etc, which will be able to provide the signals with
the right amount of voltages to be properly detected by the
ARM processor.

The data logging is achieved continuously by
the ARM 7 to the PC via the MAX232 (level converter and
inverter). This data is received by the software running on
the PC and continuously updates a database.

3. Components or Subsystems Description

3.1 ARM7 TDMI LPC2148 Processor

The NXP (founded by Philips) LPC2148 is an
ARM7TDMI-S based high-performance 32-bit RISC
Microcontroller with Thumb extensions 512KB on-chip
Flash ROM with In-System Programming (ISP) and
In-Application Programming (IAP), 32KB RAM, Vectored
Interrupt Controller, Two 10bit ADCs with 14 channels,
USB 2.0 Full Speed Device Controller, Two UARTs, one
with full modem interface. Two I2C serial interfaces, Two
SPI serial interfaces Two 32-bit timers, Watchdog Timer,
PWM unit, Real Time Clock with optional battery backup,
Brown out detect circuit General purpose I/O pins. CPU
clock up to 60 MHz, On-chip crystal oscillator and
On-chip PLL. Due to their tiny size and low power
consumption, LPC2148 are ideal for applications where
miniaturization is a key requirement, such as access
control and point-of-sale. Serial communications
interfaces ranging from a USB 2.0 Full-speed device,
multiple UARTs, SPI, SSP to I2C-bus and on-chip SRAM
of 8 kB up to 40 kB, make these devices very well suited
for communication gateways and protocol converters, soft
modems, voice recognition and low end imaging,
providing both large buffer size and high processing power.
Various 32-bit timers, single or dual 10-bit ADC(s), 10-bit
DAC, PWM channels and 45 fast GPIO lines with up to
nine edge or level sensitive external interrupt pins make
these microcontrollers suitable for industrial control and
medical systems.

3.2 Sensors

Sensors are used for process monitoring and for process
control. These are essential elements of safe and profitable
plant operation that can be achieved only if the proper
sensors are selected and installed in the correct locations.
In this paper the sensors are used for the measurement of
temperature, pressure, humidity and level.

3.2.1 PT100 Temperature Sensor

PT100 [12] is the common abbreviation for the most
common type of resistance temperature sensor used in
industry. It has a specified resistance of 100.00 ohms at
0°C and is made of Platinum which has an accurately
defined resistance vs. temperature characteristic. PT100
sensors were originally made with platinum wire wound
on a ceramic former but are now made more cheaply by
depositing a platinum film onto a ceramic substrate. PT100
elements are specified over a temperature range of -200°C
to 850°C; however the actual operating temperature is
determined by the construction of the probe into which
they are incorporated. Typical low cost probes are made by
soldering the PT100 to PVC or silicon insulated copper
wires. Obviously these are limited by the maximum
temperature of the insulation.

3.2.2 MPX10 Pressure Sensor

The MPX10 [16] series devices are silicon Piezoresistive
pressure sensors providing a very accurate and linear
voltage output-directly proportional to the applied pressure.
These standard, low cost, uncompensated sensors permit
manufacturers to design and add their own external
temperature compensation and signal conditioning
networks. Compensation techniques are simplified because
of the predictability of Motorola’s single element strain
gauge design.

3.2.3 SY-HS-220 Humidity Sensor

SY-HS-220 [17] Humidity Sensor module consists of a
SY-HS-2 sensor and an integrated circuit to provide a
linear DC voltage output for 20-95% RH. These modules
convert the relative humidity to the output voltage. It
operates supply voltage 5V. The features of this are wide
humidity operation range, linear DC voltage output, High
reliability and long-term stability, easy operation, high
sensitivity and low hysteresis.  They are specifically
designed for use in appliances and controllers.
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3.2.4 Float level Sensor
Level sensors detect the level of substances that flow,
including liquids, slurries, granular materials, and powders.
All such substances flow to become essentially level in
their containers (or other physical boundaries) because of
gravity. The substance to be measured can be inside a
container or can be in its natural form (e.g. a river or a
lake). The level measurement can be either continuous or
point values. Continuous level sensors measure level
within a specified range and determine the exact amount of
substance in a certain place, while point-level sensors only
indicate whether the substance is above or below the
sensing point. Generally the latter detect levels that are
excessively high or low. Float-type sensors [18] can be
designed so that a shield protects the float itself from
turbulence and wave motion. Float sensors operate well in
a wide variety of liquids, including corrosives. When used
for organic solvents, however, one will need to verify that
these liquids are chemically compatible with the materials
used to construct the sensor.

3.3 Signal Conditioning unit
Any instrumentation measurement systems consist of
various units starting from sensors to data representation
units. Among that signal conditioning is a vital process.
This system consists of Amplifiers, Filters, ADC, and
DAC etc. The process instrumentation consists of signal
conditioning and processing units for very low frequencies.
During study of these signals, noise interference is a major
problem and complex.

Various Sensor parameters are continuously
being monitored by the system. The sensor output is
typically being ‘signal conditioned’ by means of an
operational amplifier etc, which will be able to provide the
signals with the right amount of voltages to be properly
detected by the ARM processor.

 The signals from sensors are processed by
using ARM7 TDMI LPC2148 processor. The processing
unit consists of Amplifier LM324, ADC and a comparator
circuit for processing the signals from the sensor. ARM7
TDMI LPC2148 processor includes built in ADC and
Comparator.

3.4 GSM MODEM
A GSM modem is a specialized type of modem, which
accepts a SIM card, and operates over a subscription to a
mobile operator, just like a mobile phone. From the mobile
operator perspective, a GSM modem looks just like a
mobile phone. A GSM modem can be a dedicated modem
device with a serial, USB or Bluetooth connection, or it
may be a mobile phone that provides GSM modem
capabilities. A GSM modem could also be a standard GSM
mobile phone with the appropriate cable and software
driver to connect to a serial port or USB port on computer.

Any phone that supports the "extended AT command set"
for sending/receiving SMS messages, as defined in the
ETSI GSM 07.05 Specification can be supported by the
Now SMS/MMS Gateway. In the proposed system we
have used SIMCOM SIM300 GSM module.

SIM300 [19] is a Tri-band GSM/GPRS engine
that works on frequencies EGSM 900 MHz, DCS 1800
MHz and PCS1900 MHz. SIM300 provides GPRS
multi-slot class 10 capability and support the GPRS coding
schemes CS-1, CS-2, CS-3 and CS-4.With a tiny
configuration of 40mm x 33mm x 2.85 mm , SIM300 can
fit almost all the space requirement in your application,
such as Smart phone, PDA phone and other mobile device.
The physical interface to the mobile application is made
through a 60 pins board-to-board connector, which
provides all hardware interfaces between the module and
customers’ boards. The SIM300 is designed with power
saving technique, the current consumption to as low as
2.5mA in SLEEP mode. The SIM300 is integrated with the
TCP/IP protocol，Extended TCP/IP AT commands are
developed for customers to use the TCP/IP protocol easily,
which is very useful for those data transfer applications.

3.5 Mobile Phone
A mobile phone also known as a wireless phone, cell
phone, or cellular telephone is a little portable radio
telephone. Mobile Phone can serve as powerful tool for
world-wide communication.  The Mobile Phone is a
natural choice, since it is a communication resource
generally available by people, which makes them
practically always contactable and capable to send
commands to operate the parameters in the industries.

The use of mobile phones or handsets has
grown exponentially over the years. As the number of
mobile phone users increased, the technology and
infrastructure supporting the handsets have also evolved to
cope with the traffic created by the number of users. On
top of that, the demands of mobile phone users have also
changed, and the average mobile phone today can do many
things that would have never been dreamt of 10 years ago.

The mobile phone can be used to communicate
over long distances without wires. It works by
communicating with a nearby base station (sometimes
called a "cell") which connects it to the main phone
network. As the mobile phone moves around, if the mobile
phone gets too far away from the cell it is connected to,
that cell sends a message to another cell to tell the new cell
to take over the call. This is called a "hand off," and the
call continues with the new cell the phone is connected to.
The hand-off is done so well and carefully that the user
will usually never even know that the call was transferred
to another cell. Since a cell phone allows you to be
anywhere, and to move around while calling, they became
very popular.
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3.6 MAX 232 Level Converters

Since the RS232 is not compatible with today’s
Microprocessors and Microcontrollers, we need a line
driver or voltage converter to convert RS232’s signals to
TTL voltage levels. One example of such a converter is
MAX 232 from Maxim corp. The MAX232 converter
converts from RS232 voltage levels to TTL voltage levels
and vice versa. One advantage of the MAX232 chip is that
it uses a +5v power source, which is the same as the
source voltage for the microcontroller. In other words,
with a single +5v power supply we can power both the
microcontroller and MAX232, with no need for the dual
power supplies that are common in many older systems.
The MAX 232 has two sets of line drivers for transferring
and receiving data.

3.7 Line Driver (ULN 2003)
The ULN2003 [20] is a monolithic high voltage and high
current Darlington transistor arrays. It consists of seven
NPN Darlington pairs that feature high-voltage outputs
with common-cathode clamp diode for switching inductive
loads. The collector-current rating of a single darlington
pair is 500mA. The Darlington pairs may be paralleled for
higher current capability. Applications include relay
drivers, hammer drivers, lamp drivers, display drivers
(LED gas discharge), line drivers, and logic buffers. The
ULN2003 has a 2.7kilo ohms series base resistor for each
Darlington pair for operation directly with TTL or 5V
CMOS devices. The features are 500mA rated collector
current (Single output), High-voltage outputs: 50V, Inputs
compatible with various types of logic, Relay driver
application.

3.8 Controlling Devices
The devices used to control the industrial process
parameters are

 Fan (Temperature)
 Valve (Pressure)
 Alarm (Humidity)
 Bulb (Level)

3.9 Personal Computer
A Personal computer is a programmable machine that
receives input, stores and manipulates data, and provides
output in a useful format. A personal computer may be a
desktop computer, a laptop, a tablet PC, or a handheld PC.
The most common microprocessors in personal computers
are x86-compatible CPUs. Software applications for
personal computers include word processing, spread sheets,
data bases, Web browsers and e-mail clients, games, and
myriad personal productivity and special-purpose software
applications. Modern personal computers often have
high-speed or dial-up connections to the Internet allowing

access to the World Wide Web and a wide range of other
resources.  Personal computers may be connected to a
local area network (LAN), either by a cable or a wireless
connection.

The data logging is achieved continuously by the
ARM7 TDMI LPC2148 processor to the personal
Computer via the MAX232. This data is received by the
software running on the PC and continuously updates a
database by using Visual Basic and also we can generate
reports and graphs automatically. Focusing on the client
requirements, the following capabilities have been
provided in the software.

 Monitoring – This is the main feature of the
system where extracted information is presented
for the operator in near real-time. Monitoring has
been divided in two sections.

 Full graphical data representation – In this
section, the user is able to monitor the plant in a
very user friendly manner where details are
represented in dynamic graphical interfaces in
personal computer.

 Text base data representation – In this section,
the near real time details are represented in tables
without graphical objects.

4. Software development
The flowcharts depicting the monitoring and the
control process are shown in Figure.2 and Figure.3.

Fig. 2 The Flowchart for control process
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Fig. 3 The flowchart for monitor process

5. Results and discussion
The results obtained by using the proposed system are
discussed in this section. Figure 4 shows the measurement
and control of Temperature, Pressure, Humidity and Level
in the graphical representation. Figure 5 shows the log data
in a tabular form. Figure 6 shows the details of current
data values and high limits of sensors. Figure 7 shows the
status of the parameters in the mobile phone.

Fig. 4 Graphical Representation of Temperature, Pressure, Humidity and
level measurement.

Fig. 5 Log data for industrial process parameters

Fig. 6 Current data and High limit values of sensors

Fig. 7 Status of the Process Parameters in the Remote Mobile Phone User
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6. Conclusion

The solution has provided a low cost custom built
monitoring and controlling system. The use of a ARM
Processor, GSM module, Sensors and actuators provide
exciting possibilities. However as far as the industrial
applications are concerned this can be viewed as a low
cost, customized wireless RMACS system. Thus this
solution can be customized to suit any other industrial
requirement related to monitoring and controlling provided
industrial sensors are in use.

In the paper low cost, secure, ubiquitously
accessible, auto-configurable, remotely controlled solution
for automation of process parameters has been introduced.
The approach discussed in the paper is novel and has
achieved the target to control process parameters remotely
using the SMS-based system satisfying user needs and
requirements. GSM technology capable solution has
proved to be controlled remotely, provide security and is
cost-effective as compared to the previously existing
systems. Hence we can conclude that the required goals
and objectives of RMACS have been achieved.
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Abstract 
Service Oriented Architecture has gained a universal 
acceptance as a strategy for developing new applications in 
dynamic environments through self contained, reusable and 
configurable services. By adherence to the web services 
standards stack, these services can interoperate with other 
services and can also be transformed into a composition of 
services. The behavior and operation of a service has to be 
closely monitored for an efficient delivery to the client. 
Ranking and selection of the services among various service 
providers have become an important factor for a successful 
business solution. Quality of Service (QoS) determines the 
quality and usability of a service and is determined after 
analyzing the QoS attributes collected from various sources. 
Hence it has become our research motivation for transfer 
and reception of QoS data. In this paper, we propose an 
adaptive and reliable service delivery framework, which 
adopts a Fuzzy-Bayesian Network (FBN) approach through 
which the web services can be ranked and selected 
automatically. Also this framework offers reliability and 
availability aspects of QoS demand. 
 

Keywords : Web service selection, QoS, Fuzzy-Bayesian 
Network (FBN), Web Services ranking 

 
1. Introduction 
 

The QoS specification in Web Services has become the 
need of the day. The service consumers aim to have a good 
service performance with relatively low waiting time, high 
availability and reliability to successfully use the service. 
Also the service providers are formulating their efforts to 
achieve high throughput guarantees with low response time 
using dynamic capacity allocation, resource allocation and 
load balancing in order to cater to a large volume of clients 
with assured QoS. In the present architecture each of the 
input requests are manually mapped to a pre-specified 
category of the provider at the registry. The service 
consumer has little knowledge about the QoS attributes 

associated with that particular category and the run-time 
evaluation of QoS metrics is not available To bridge the gap 
between the Web Services layer and the underlying QoS 
aware transport methodologies, a suitable framework may 
be developed which enables the efficient service selection. 
 

This framework should allow both the clients and 
service providers to specify their requests and service offers 
with QoS properties. It should also map the QoS 
requirements from the Web service and application layer 
onto the underlying networking layer thereby achieving an 
overall boost in the QoS across different layers as that of the 
Internet model. For this a well defined set of QoS indices 
are used which includes non-runtime data like cost and run-
time data as availability, execution time, mean response 
time, trustworthy, performance, capacity. The cost is a 
measure of the price involved in requesting the service, 
which is based on volume of data and execution time is the 
guaranteed max (or average or min) time taken between the 
arrival of service request and catering of the request. The 
capacity represents the limit of concurrent requests for 
guaranteed performance. For some of the QoS metrics it is 
not dependable to rely on the service provider’s 
advertisement as it may have a biased version favoring their 
own service. So the QoS data has to be adjudged in a neutral 
way and this leads to the development of an independent 
framework which not only relies on service provider but 
also considers other indices.  
 

The rest of the paper is organized as follows, the section 
2 discusses the survey of literature, section 3 describes the 
design and architecture of the proposed framework and 
section 4 deals with the Fuzzy-Bayesian Network. In section 
5 we provide the implementation and experimental results. 
Section 6 discusses the possible future work and it 
concludes. 
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2. Related Work 
 

With the widespread use of Web Services the QoS have 
became the significant factor in selecting a best service 
among the providers and it constitutes the differentiating 
point for a group of services. QoS generally refers to 
nonfunctional properties of Web services such as price, 
performance, reliability, integrity, availability, accessibility, 
interoperability, security, etc. [1]. Certain traditional 
approaches [2] make use of QoS policies and a weighing 
system to judge through the attributes. This approach is 
applicable only when there is a relatively small set of 
services and attributes. Since all the services cannot be 
weighed through a common attribute thereby limiting this 
approach to a smaller set of services. Also rule based model 
proposed by Patel et.al [3] is too restrictive and provide a 
condensed set of alternatives for service execution. Menasce 
[4] in his research has highlighted the need for QoS 
definition, specification and evaluation in WS from the 
perspective of both service provider and service user. W3C 
[5] has summarized the key requirements of QoS for Web 
services. Recently, several research works have dealt with 
the definition of QoS languages for WS-based applications. 
Ludwig [6] in his work have discussed about the QoS 
languages and the service level agreements(SLA) that are to 
be initiated between the service consumer and service 
providers for proper operation of the system after satisfying 
the QoS requirements. Hewlett-Packard (HP) has proposed a 
Web Services Management Language (WSML) and 
framework and IBM have developed a Web Service Level 
Agreement (WSLA) language.  
 
 

In a SOA environment the QoS data of the service 
providers continuously change during the lifetime of a 
service. There is no mechanism that periodically updates the 
QoS data into the registries. Al-Masri et al.[7] have stated 
that about 53% URL’s of the Universal Business 
Registries(UBR) are invalid and they cannot be validated 
with a valid WSDL document. This means that the metadata 
information collected at the time of registration of a service 
in the registry, has been modified and not yet been reported 
to the registry for proper updation. Since the information 
contained in the UBR are not accurate, it utilized more 
resources when performing the binding of web services and 
wasted a considerable time in trying to communicate with 
either non functional or poorly functioning web services. 
The clients should know the revised QoS information to 
choose the appropriate service accordingly.  
 

Various query based and monitoring based 
methods exist [8-10] for obtaining the QoS values of the 
services. The former periodically queries the service and 
actively request for the QoS information whereas the later 
utilizes a monitoring engine that runs on the service 
provider side as a middleware or acts as a central proxy. Lin 
et.al.[11] have formalized the service selection for a Web  

 
 
service composition as a fuzzy constraint satisfaction 
problem. Each QoS criteria has five fuzzy sets describing its 
constraint levels: Poorly Acceptable (PA), Almost 
Acceptable (AA), Acceptable (A), Very Acceptable (VA), 
and Extremely Acceptable (EA). The overall QoS 
preference of a user is then represented by a fuzzy 
expression which is composed of a group of fuzzy sets 
connected by the and logical operator. They have introduced 
necessary definitions for mapping a Web service dynamic 
composition to a fuzzy constraint satisfaction problem 
(FCSP) and finding its solution through NP-hard [12]. 
Xiong et.al. [13] modeled QoS based service selection as a 
fuzzy multiple criteria decision making problem (FMCDM). 
QoS criteria are evaluated by a set of linguistic expressions 
L1 = {Very Poor (VP), Medium Poor (MP), Poor (P), 
Medium (M), Good (G), Medium Good (MG), Very Good 
(VG)}. Similarly, the weights of QoS criteria are expressed 
by a set of linguistic expression L2 = {Very Low (VL), Low 
(L), Medium (M), High (H), Very High (VH)}. These 
linguistic expressions are mapped to fuzzy set membership 
functions to yield the results. Agarwal et.al [14] suggested 
that user preferences can be defined as a set of fuzzy If-
Then rules. The If part contains membership functions of 
various QoS criteria of a Web service and the Then part is 
one of the membership functions of a special concept 
representing the rank of the Web service. In each rule, fuzzy 
concepts like fast, medium, slow or cheap, medium, 
expensive are used to express imprecise values of QoS 
properties and these fuzzy concepts are modeled as 
membership functions. 
 
3. Proposed Framework 
 

In this paper we propose to create a reliable 
architectural framework that can manage faults and can 
adapt itself to provide a reliable service. This framework 
decouples the clients from the service providers and takes 
care of the service execution after due consideration of all 
QOS issues. Presently the web service clients are typically 
hardwired with the service providers and does not adapt 
dynamically in case of service failures. Unavailability of a 
service is handled only with a manual intervention during 
failures and fixing them accordingly. This involves service 
stoppage which directly hinders the performance of the 
system. The proposed framework addresses this issue by 
acting as a layer in between the web service clients and the 
web service providers and dynamically reconfigures itself to 
respond to the faults so that the business processes can 
continue in the event of service failures. By virtue of using 
SOA and XML based web services, this framework is 
multiplatform enabled along with multi protocol support 
that can bridge various interfaces, thereby removing the 
difficulty of integrating mobile and wireless sensor network 
clients with this framework. The clients submit their 
requests to the framework and during runtime the 
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framework will select on behalf of the clients the most 
appropriate service available or its equivalent compatible 
service depending on the QOS parameters. As shown in Fig. 
1, the modules of the proposed framework include a Service 
Controller (SC), 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Service Processor (SP), Service Registry (SR) and a 

Service dispatcher (SD) which holds a QoS and QoE 
repository. All the requests from the clients are routed 
through this framework to the services located in the 
servers. The clients search for the available services through 
this framework, get the WSDL and start communicating 
with the desired service. The role of SP is for registering and 
configuring all the available and compatible services from 
various service providers. Contractual relationships are 
established with the service providers and after due testing, 
the services are registered and configured into this 
framework. All the available services are stored in SR that 
acts as a private UDDI registry. The SR also holds 
additional information like the number of retries in case of a 
service access failure and the list of equivalent services 
available with other service providers.  
 

The SC acts as an admission authority that blocks the 
unauthorized SOAP messages from the clients. The clients 
authenticate themselves by their physical hardware address 
which has been previously registered with the SC. The list 
of all registered clients and their respective hardware 
addresses are stored in the SC which are validated during 
service requests and only authorized clients are permitted to 
invoke service requests. The SC also holds a connection 
manager which holds a multiple connection links with the 
client routed through different Internet Service Providers 
(ISPs). In our experimental study each client is connected 
with three different links, a Virtual Private Network(VPN) 
link, a Multi Protocol Labeled Switching (MPLS) link and a 

regular Internet link.  In case of failure of any of the link the 
other takes control over thereby offering the client a reliable 
connection path. The route redirector acts as a cache and 
redirection router in case of any link failure to re-route the 
reply through any of the available clients. Since all the 
clients are interlinked together, the reply for Client-2 can be 
redirected and pushed through Client-4 in case of failure of 
connectivity between Client-2 and the server. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The service dispatcher (SD) is responsible for the transfer of 
request from the service consumer to the service provider. It 
makes use of the Fuzzy-Bayesian Network algorithm for 
efficient judging of the QoS and QoE values. These values 
are collected from the repositories and continuously 
monitored for the dynamic changes. The services are ranked 
accordingly and the service requests from the clients will be 
directed to the available provider for service invocation. 
 
4. Fuzzy-Bayesian Network Approach 
 

Fuzzy sets were derived from the concepts proposed by 
L.A. Zadeh. Bayesian network is a model of uncertain 
knowledge representation and reasoning based on the 
probability and graph theory and was proposed by J. Pearl 
[15].Fuzzy Bayesian networks (FBN) represent a machine 
learning model comprising of variables which are 
simultaneously fuzzy and uncertain. A FBN is a Bayesian 
network which has fuzzy variables [16]. In the proposed 
work, Y represents the services and X represents the QoS 
metrics. By the Bayesian equation [17], if X  and Y are 
events, and P(Y)>0, then the conditional probability of X , 
given Y is, 
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XYP
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Assume that {Yi, i € n}is a countable unit of events. Let Y 
be another event and suppose that we know P(Yi) and 
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P(X│Yi) for each i ∈ n. Accordingly the total probability 
formula is, 

P(Y)= )Y¦()( i
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Bayesian equation is 

)(

)(
)X ¦( j

j

ij
i XP

YXP
YP =  

)Y¦()(

)Y¦()(
)X ¦(

i
1

i
j

j

n

i
i

ji
i

XPYP

XPYP
YP

∑
−

=   

for i=1 to n, j=1 to m 
Assuming that E1, E2, ….. En are events in the experiment, 
the multiplication rule of probability is given by  

),....,E¦().....E¦()( 121121 −NN EEEPEPEP . 

If the prior probability P(Yi ) and the prior conditional 
probability P(Xj │Yi) is known then, P(Yi │X j)can be 
derived from the Bayesian Equation. According to the 
derivations of the fuzzy subset [18,19,20,21], any function 
µÃ which maps the domain U to the closed interval [0,1], 
(µÃ:U→[0,1]) ascertains a fuzzy subset Ã. The function µÃ 
is a membership function of the fuzzy subset and so µÃ (u) 
is the membership grade of u for Ã and its scalar probability 
is: 

)()()( xPxxxAP
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Using the above equation the fuzzy Bayesian equation can 
be expressed as, 
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5. Implementation and Experimental Results 
 
The proposed framework was implemented in C# and 
performed on 4 servers acting as service providers. The 
servers had an Intel Quad Core processor with 8GB RAM 
running on a Windows2008 operating system. One of them 
acted as the Service Dispatcher that monitors and hosts the 
QoS and QoE repositories. 16 clients were connected to this 
framework each located over a distance of 200Kms from the 
servers. The clients were composed of Intel Core2Duo 
processor with 2GB RAM having Windows XP operating 
system. The clients and servers were connected on a MPLS-
VPN framework with a backup VPN connectivity and a 
redundant Internet line from different ISPs. This 
experimental setup is created to simulate an e-business 
environment with the clients and offices spaced in different 
locations. The QoS metrics of cost, availability, execution 
time, mean response time, trustworthy, performance and 
capacity are measured and they represent the inter-
organizational transactions only. Suitable Fuzzy Bayesian 
rules were created and the model was tested in the Matlab 
was shown in Fig.2  

 
6. Conclusion 
 
The quality and eventually the performance of a SOA 
system depends upon the selection of a suitable service from 
the available services after giving due consideration on the 
QoS requirements. Since the components of a typical SOA 
application are built by integration from various service 
providers in a distributed environment, the QoS 
requirements change in runtime. In fact the quality  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
also relies on the underlying support systems and on the 
network resources. In this paper we analyzed the Web 
services selection based on the Fuzzy-Bayesian Network 
model and the experimental results showed a considerable 
increase in performance and reliability. This work may open 
up the doors towards a broader analysis which may include 
many other approaches along with FBN model to improve 
the selection of Web services. 
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Abstract-This paper introduces the 

concept of parallel rhotrix – rhotrix 

multiplication, algorithm design and analysis 

based on the idea of parallelization of 

matrix–matrix multiplication with Cannon 

algorithm. 

Keywords: Rhotrix, rhotrix blocking, alignment 
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1. INTRODUCTION 

Rhotrices multiplication was first introduced 

and defined by Ajibade[1], and later Sani [2] 

gave an alternative row-column multiplication 

of higher dimensional rhotrices. Their work was 

basically an idea that offers exercises for 

mathematical enrichment with sets of objects 

which are in some ways between 2-dimensional 

vectors and 2x2-dimensional matrices as in [1], 

and for those objects which are in some ways 

between nxn-dimensional matrices and (2n-1) x 

(2n-1) dimensional matrices as in [3]. 

In this paper our interest is based on n-

dimensional rhotrix operation and its 

multiplication. The name rhotrix come up as a  

 

result of the rhomboid nature of the arrangement of 

some mathematical arrays, which can simply  

be seen as the combination of matrices. A rhotrix R 

is called a real rhotrix if all its entries belong to the 

set of Real Numbers. On the other hand a rhotrix R 

is called an integer rhotrix if all its entries belong to 

the set of Integer Numbers. 

Rhotrix is a matrix like array of n- dimensional 

form of rhomboid nature. The major difference 

between matrix and Rhotrix is the arrangement 

and the introduction of concept of a heart (h). 

  ( )

a

b h R d

e

   

Fig 1: Rhotrix Representation 

Rhotrix can be split into two forms of matrices: 

the main entries and the heart as shown in the 

figure below. 

a d

b e

 
 
 

           ( )h R    

where h(R) is the heart of the rhotrix. 

Fig 2: Rhotrix main entries and the heart 
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2. HIGHER-DIMENSIONAL RHOTRICES 

Ajibade[1] further added that, the dimension of 

rhotrices can be expanded in size but would 

always be of odd dimension, he further proved 

that an n-dimensional rhotrix Rn will have |Rn| 

entries where |Rn| = (1/2)(n2+1).  n-dimensional 

rhotrix can be represented as shown in figure 3. 

11

21 11 12

31 21 22 12 31

tt-2 1 2 t-1t-1 2 1 t-2t

t-1t-2 t-1t-1 t-2t-1

tt

a

c

a

. . . . . . .

. . . . . . . . .

. . . . . . .

a a a

a c a

a

n

t t t t

a a

a c c a

R

c c   



  

Figure 3: General representation of n-

dimensional rhotrix (adopted from [3]) 

Where t=(n+1)/2, so that if n=3, then t=2. If 

n=5, t=3 and if n=7, t=4.  In this case the 3
rd

, 5
th

 

and 7
th

 dimensional rhotrices are given in 

figure4: 

11

3 21 11 12

22

a

R a c a

a

  

11

12 11 12

5 31 12 22 12 13

31 22 23

33

a

a c a

R a c a c a

a c a

a



11

21 11 12

31 21 22 12 13

7 41 31 32 22 23 13 14

42 32 33 23 24

43 33 34

44

a

a c a

a c a c a

R a c a c a c a

a c a c a

a c a

a

  

 

  

 

We define the main rows and columns of rhotrix Rn 

depicted in figure 3 as: 

,1 1,1 1,1

,2 1,2 1,2

,3 1,3 1,3

, 1, 1,

. . .

. . .

. . .

. . . . . .

. . . . . .

. . .

t t

t t

t t

t t t t t

a a a

a a a

a a a

a a a









and 

1,1 1, 1 1,

2,1 2, 1 2,

3,1 3, 1 3,

,1 , 1 ,

. . .

. . .

. . .

. . . . . .

. . . . . .

. . .

t t

t t

t t

t t t t t

a a a

a a a

a a a

a a a









 

Respectively, the rows and columns of Rn, i.e. those 

containing the values clk are similarly defined 

likewise. 

3. MULTIPLICATION OPERATION OF 

RHOTRICES 

Multiplication operation denoted by “o” can be 

defined in many ways, but in this paper we 

restrict our idea based on B. Sani‟s [3] concept 

of row-column multiplication of high 

dimensional rhotrices.  Representing the  n-

dimensional rhotrix in figure 3 above by Rn = 

(aij,clk) where aij and clk represent the aij and clk 

elements respectively, with i,j=1,2,3,4,……,t 

and l,k=1,2,3,4,…..t-1. 

The general idea of multiplying any two 

rhotrices of the same dimension still remain the 

same with that which is obtainable in the matrix 

row-column multiplication method where the 

set of elements aij multiply each other and 

elements clk also do likewise. Thus, the 

multiplication of any two rhotrices say Rn and 

Qn can defined as 

n nR Q = 1 1, 1 1 2 2, 2 2( ) ( )i j l k i j l ka c b d =

1
( ), ( )
1122 1122221 221

t t
ab cd
ijij lklkij lk
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Figure 6a: Blocking process of an eight dimensional rhotrix with main entries a and hearts d 
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The blocking process from figure 6a and 6b above was obtained in similar manner as that of matrix blocking 

method performed using cannon algorithm.  The eight dimensional rhotrix above was blocked into sixteen 

partitions comprising of rhotrix main entries and the heart elements denoted by a, b and d, e. Those elements 

outside the blocks are mapped to their corresponding elements with the same index number thereby allowing 

them to belong to the same partitioned block.  

 

 

 

 

 

 

 

 

 

Figure 6b: Blocking process of an eight dimensional rhotrix with main entries b and hearts e 
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Two rhotrices R (A) and R (B) are considered to illustrate multiplication as shown below: 

 

 

 

Figure 7a: Example of blocking process of an eight dimensional rhotrix, R (A) 

Figure 7b: Example of blocking process of an eight dimensional rhotrix R (B) 
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1 2 2 5 2 3 7 2

3 1 3 3 1 3 1 2

2 3 2 2 6 1 7 5

1 7 1 4 6 1 3 2

3 2 1 7 3 7 5 3

1 4 1 5 3 1 2 4

2 1 1 5 2 1 3 1

1 2 5 4 1 7 1 1

A

        
        
        
        
        
        

  
        
               
 
        
        
        

                       

Figure 8a: Block of matrices of main entries of 

rhotrix R (A)  

       

3 1 1 4 1 2 1

7 1 1 4 2 5 4

5 2 1 4 7 1 1

1 3 4 1 1 2 2

7 5 1 5 1 1 3

3 5 7 7 1 2 3

1 2 2 3 3 3 3

D

        
        
        
        
        

         
 
        
               
 
  

   

  Figure 8b: Block of matrices of heart entries of 

rhotrix R (A) 

1 2 1 2 2 1 3 1

1 5 1 3 1 2 4 3

3 1 1 2 6 2 4 2

2 2 4 4 1 1 5 6

3 1 3 1 5 3 3 1

3 2 1 1 2 1 1 1

1 2 1 3 1 5 1 1

2 1 4 4 4 1 1 5

B

        
        
        
        
        
        

  
        
               
 
        
        
        

                        

Figure 8c: Block of matrices of main entries of 

rhotrix R (B)    

       

2 3 2 1 1 2 2

2 3 1 4 3 1 3

4 3 2 5 1 4 2

4 1 2 7 2 3 7

1 3 4 3 2 1 2

1 1 2 2 4 2 4

2 3 2 1 3 1 3

E

        
        
        
        
        

         
 
        
               
 
  

 

Figure 8d: Block of matrices of heart entries of 

rhotrix R (B) 

 

 

 

 

00 00 00

00 00 00

1 2 1 2 3 12

3 1 1 5 4 11

3 1 2 3 8 12

7 1 2 3 16 24

C A B

H D E

     
         

     

     
         

     

 

  

00 00 01 10

00 00 00 00

3 12 2 5 3 1

4 11 3 3 2 2

3 12 16 12 19 24

4 11 15 9 19 20

8 12 1 4 4 3

16 24 1 4 4 1

8 12 20 7 28 19

16 24 20 7 36 31

C C A B

H H D E

     
          

     

     
       
     

     
          

     

     
       
     

 

 

00 00 02 20

00 00 02 20

19 24 2 3 3 1

19 20 1 3 3 2

19 24 15 8 34 32

19 20 12 7 31 27

28 19 1 2 1 3

36 31 2 5 1 1

28 19 3 5 31 24

36 31 7 11 43 42

C C A B

H H D E

     
          

     

     
       
     

     
          

     

     
       
     

 

 

 

00 00 03 30

00 00 03 30

34 32 7 2 1 2

31 27 1 2 2 1

34 32 11 16 45 48

31 27 5 4 36 31

31 24 1
2 3

43 42 4

31 24 2 3 33 27

43 42 8 12 51 54

C C A B

H H D E

     
          

     

     
       
     

   
        

   

     
       
     

 

 

After the first shift 

Computation at Process P00, C00 and H00    

 

 

 

 

   

After the first alignment 

After the second shift 

 

 

 

 

   

After the third shift 
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4. BLOCK RHOTRIX OPERATIONS 

Rhotrix computations involving scalar algebraic 

operations on the rhotrix elements can be 

expressed in terms of identical operations on 

submatrices of the original rhotrix.  

In this view, an n x n  rhotrix A can be regarded 

as a q x q array of blocks Ai,j (0 ≤ i, j < q) such 

that each block is an (n/q) x (n/q) subrhotrix. 

We perform q
3
 rhotrix multiplications, each 

involving (n/q) x (n/q) matrices requiring (n/q)
3
 

additions and multiplications. 

5. RHOTRIX-RHOTRIX 

MULTIPLICATION: CANNON’S 

ALGORITHM PATTERN 

 Consider n dimensional rhotrices An and 

Bn partitioned into p blocks Ai,j and Bi,j 

(0 ≤ i, j <  √p ) each.  

 Process Pi,j initially stores Ai,j ,Bi,j and 

Di,j, Ei,j and computes block Ci,j and 

Hi,j,of the resulting rhotrix.  

 Computing subrhotrix Ci,j requires all 

subrhotrices Ai,k, Bk,j and Di,k, Ek,j for 0 ≤ 

k <√p.   

 Every process in the i
th

 row requires all 

subrhotrices, the all-to-all broadcast can 

be avoided by scheduling the 

computations of the processes of the i
th

 

row such that, at any given time, each 

process is using a different block Ai,k 

and Di,k  by systematically rotating these 

blocks among the processes after every 

submatrix multiplication so that every 

process gets a fresh Ai,k, and Di,k after 

each rotation.   

 If an identical schedule is applied to the 

columns of B and E, then no process 

holds more than one block of each 

matrix at any time. 

 

 

 

6. COMMUNICATION STEPS IN 

CANNON'S ALGORITHM 

Applying the block row-column operation using 

the cannon‟s algorithm method for rhotrices 

with main entries Ai,j , Bi,j and with 

corresponding hearts Di,j , Ei,j , we consider 

cannon‟s matrix multiplication algorithm from 

the point of view of process Pi,j. The processes 

are organized into a 2-D mesh, and each process 

has a block of A, B, D and E needed for 

computing C and H respectively. Figure 9a 

depicts the first block multiplication step. After 

each block multiplication process Pi,j sends its 

block of A to the process on its left and receives 

a new block of A from the process on its right.  

Similarly, it sends its block of B to the process 

above it and receives a new block of B from the 

process below it. Figure 9b, 9c and 9d shows 

the second, third and final block rhotrix 

multiplication respectively. Summing the results 

of all block rhotrix multiplications yields Ci,j 

and Hi,j.   

 

A. First Alignment 

 

 

 

 

 

 

 

 

Figure 9a: First block rhotrix multiplication step.  A, B 

and D, E after initial alignment 

 

Blocking and Job Assignment Operation 
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B. Second Alignment 

 

 

C. Third Alignment 

 

 

 

First, align the blocks of A, D and B, E in such a way 

that each process multiplies its local submatrices: 

 Shift sub matrices Ai,j  and Di,j to the left 

(with wraparound) by i steps.  

 Shift sub matrices Bi,j and Ei,j up (with 

wraparound) by j steps. 

 Perform local block matrix multiplication. 

 Next, each block of A, D moves one step left 

and each block of B, E moves one step up 

(again with wraparound). 

Perform next block multiplication; add to partial 

result, repeat until all the √p blocks have been 

multiplied. 

D. Final Alignment 

 

Figure 9d: Final block rhotrix multiplication step 

Figure 10a row-column block rhotrix multiplication 

requiring all-gather operation 

 

 

 

Figure 9b: Final block rhotrix multiplication step.  
Sub-rhotrix location after first shift 
 

Figure 9c: Final block rhotrix multiplication 

step.Sub-rhotrix location after second shift 

 

 

 
Figure 10b row-column block rhotrix multiplication 

requiring all-gather communication 
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7. BLOCK RHOTRIX ALGORITHM 

The block rhotrix multiplication algorithm for n x n 

matrices with a block size of (n/q) x (n/q)  

   procedure RHOTRIX_MULT (A, B, C, D, E, 

H)  

   begin  

      for i := 0 to t - 1 do  

          for j := 0 to t - 1 do  

              begin  

       {Initialize all elements of Ci,j 

and Hk,j to zero} 

           C[i, j] := 0; 

          H[i, j] := 0; 

          for k := 0 to t - 1 do  

         {Receive message from slave 

process (worker) i,j} 

Ci,j := Ci,j + Ai,k x Bk,j;  

   Hi,j :=  Hi,j + Di,k x Ek,j;  

     endfor; 

   endfor; 

      {Write C and H to output file}  

                end RHOTRIX_MULT 

8. CONCLUSION 

In this paper we discussed the basic concept of 

higher dimensional rhotrices multiplication and 

parallel algorithms for multiplying two n-

dimensional rhotrices R(A) and R(B) has been 

proposed. The parallel rhotrix multiplication 

algorithms proposed is based on the 

conventional serial algorithm. The idea of 

matrix operations has been used in solving 

product of n x n rhotrices. 
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ABSTRACT 
The Widespread of Insect Vector Diseases to 

humans is causing substantial morbidity and economic loss 
to our nation. The year 2006 is likely to go down as one of 
the worst years in terms of public health, which has 
witnessed a high incidence of Insect Vector Diseases such 
as Malaria, Chikungunya, Dengue, Lymphatic Filariasis, 
And Japanese Encephalitis.  This stressed the need to track 
the relevant information about these diseases. The reliable 
and quickly retrievable clinical data on disease wise is a 
need of the hour with which planners can prepare their 
strategies to control and curb the diseases. From the 
aforesaid point of view this particular data warehouse 
(DWH) going to be handy to the planners. 

 
Key Words: Insect Vector diseases, Chikungunya, 
Malaria, Dengue, Lymphatic Filariasis & Japanese 
Encephalitis, Clinical data, Data warehouse 

 
1. Introduction 

The epidemic diseases are a threat to the society 
starting from the stone age to till date. Even though we have 
good past experience about epidemic diseases but the 
problems are not handled in a proper way. The control of 
these diseases involves control of three living beings and 
their environment viz. man-the host, mosquito-the vector 
and the deadly pathogen-the parasite. Since the vector and 
the pathogen are highly adaptable, much of the emphasis is 
on man i.e. bringing the awareness in public related to the 
insect vector diseases. 

The National and International efforts over these 
Insect Vector Diseases control were highly successful in late 
1950’s and the early 60’s. However, due to various reasons 
the control programs received setbacks all over the world 
and today it has come back with vengeance. Present 
epidemic of Chikungunya in India after a gap of 30 years, is 
the largest ever in the world, with over 1.3 million people 
affected. For other mosquito borne diseases there has been a 
threefold increase in Japanese Encephalitis since 2001. 
Malaria infects 2 million Indians annually. It is time to 
address the research on these lines to explore, where the 
system fails in combating these diseases. 

 
2.  Origin of the Research Problem 

 The widespread of Insect Vector diseases to 
human is causing substantial morbidity and economic loss 
to our nation. The year 2006, is likely to go down as one of 
the worst years in terms of public health, which has 
witnessed a high incidence of Insect Vector diseases such 
as Malaria, Chikungunya, Dengue, Japanese Encephalitis. 
The WHO regional office for South-East Asia has reported 
1.3 million cases from 152 districts in 10 states/provinces 

of India, out of which 7,52,245 were from Karnataka alone. 
Impact on disease spread includes socio-economic aspects, 
clinical attendance and barriers to health care and lack of 
awareness to control the diseases. This stressed the need to 
track the relevant information, the various aspects and data 
about these diseases.  

 
3. Significance of the Work  

The epidemic diseases are a great threat to India 
and there is a need to construct the data warehouse for 
prevention, early detection and to take control measures. 
There is a need to aware the public about epidemic diseases. 
The information given by data warehouse is useful to the   
researchers, academicians, doctors, health workers and 
Govt. servants including common man. This data keeps us 
aware and forearmed to prevent such attacks in future. 

 
4. Objectives  

This work is proposed to be undertaken with the 
following objectives: 
 Persons at the helm of affairs at central Government in 

general and State Government in particular are worsely 
in need of disease wise clinical data to equip 
themselves with corrective cum counter strategies. The 
reliable and quickly retrievable clinical data on disease 
wise is a need of the hour with which planners can 
prepare their strategies to control and curb the diseases 
from this point of view this particular data warehouse 
going to be handy to the planners. 

 This data warehouse is for the future use of the 
researchers, academicians, Doctors, Health workers and 
Govt. servants including common man. This data keeps 
us aware and forearmed to prevent such attacks in 
future. 

 The data warehouse and analysis reports will be made 
publicly available for further research.  
 

5. Data Warehouse 
Data Warehousing is a buzz-phrase that has taken 

the information systems’ world by storm. A data warehouse 
(DWH) can be looked at as an “informational database” that 
is maintained separately from an organization’s operational 
database. But that would fall short of the full technological 
implications of the DWH term. The process of transforming 
data into information and making it available to the user in a 
time bound manner to make a difference is known as data 
warehousing. 

 
In order to serve the decision making process of the 

management the data warehouse has to supply the following 
primary functionality: 

 The DWH is a reflection of the business rules of the 
enterprise – not just of a specific function or business 
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unit-as they apply to strategic decision support 
information. 

 It is the collection point for the Integrated, Subject-
Oriented strategic information that is handled by the 
data acquisition process. 

 It is the historical store of strategic information, with 
the history relating to either the data or its relationships. 

 It is the source of stable data regardless of how the 
processes may change. This requires a data model that 
is not influenced by the operational processes creating 
the data. 

Additionally the data warehouse provides as 
functionality for the support of ad hoc queries. 

 
5.1 The Clinical Data Warehouse       

A clinical data warehouse or CDWH is a facility 
that houses all electronic data collected at a clinical center. 
For any modern clinical institute, it is necessary to separate 
operational data from informational data by creating a 
clinical data warehouse. A growing number of technologies 
for integrating and performing structured analyses of data 
from disparate sources are competing to win the day for 
healthcare organizations. 

A CDWH is therefore a DWH tailored for the 
needs of users in a clinical environment, combining 
information from a variety of legacy health-care databases 
and cleansed operational data to form a centralized data 
repository to answer the informational needs of all clinical 
users. 

Data warehouse in clinical context have 
traditionally been administrative in nature, focusing on 
patient billing and patient-care management, organizational 
aspect of hospitals that were optimized using data 
warehouse technology not much different than 
contemporary enterprises. Technology however evolved 
quickly and more complex areas of clinical data 
management could be tackled. The information technology 
supported collection process of clinical data has had a long 
history, and the promise of a new technology leveraging 
these collections put physicians, nurses and clinical 
researchers right next to the administrators on the map.  

 
5.2 Extraction, Transformation and Loading -
Three Stage Method  

As data warehouse data are highly aggregated, very 
complex relationships are constructed from various data 
sources. The process that is responsible for exactly that 
transformations is called Extraction Transfer and 
Loading(ETL) process and handles getting data out of one 
data store[extraction], modify it [transfer], and inserting it 
into a different data store[loading]. 

Data are extracted from operational databases, 
legacy systems and external data sources, transformed to 
match the DWH schema, and loaded into the data 
warehouse database. Generally ETL is a complex 
combination of processes and technology that consumes a 
significant portion of the data warehouse development 
resources and time. Further importance is placed on the ETL 
process due to the fact that it is not a one-time event, but 
staged periodically. Typical periodicity shows in monthly, 
weekly, or daily updates, depending on the purpose of the 

data warehouse. ETL also changes as the data warehouse 
evolves, so ETL processes must designed for ease of 
modification. 

Once the scope had been set, the relevant data has 
to be identified from the raw source data available, to 
formalize the approach of this task, a method which 
transforms data from the raw data to the source of DWH has 
three steps which are as follows: 

• First stage data is the raw data from operational 
database. 

• Second stage data is transformed, cleansed and 
normalized from stage 1 data. 

• Third stage data is further transformed from stage 
2, optimized for final fact data representation. 

“Data stage” software is an ETL Tool selected to 
implement data warehouse.  

 
5.2.1 Stage 1- Raw Data 
  Data collected from the Ministry of Health and 
Family Welfare, Hyderabad, Andhra Pradesh. This stage 
data is considered as raw source data, which are of table 
format. Data about all the five diseases such as Dengue 
Table, Malaria Table, Chikungunya Table, Japanese 
Encephalitis Table, and Filariasis Table are of the same 
format. Description of the sample table is as follows. 
 
Dengue Table (District Name   Character 
           Year      Number 
           Total Blood Samples 
   Collected  Number 
           Confirmed Cases  Number 
           Number of Deaths  Number) 
 
5.2.2 Stage 2 - Refined data  

Based on the tables from Stage 1 certain design 
decisions had to be made before any data modeling could 
commence. Questions like  
    What are the central facts?  
    Which are the dimensions should be focused?  

Parallel to the modeling process, steps were taken 
to get an  idea of what information could be derived from 
the data available. Stage one tables are used to construct text 
files. The description of data files are as follows:  
 
Disease Table 
No. of records: 6  
  
 We have taken five Mosquito Borne Diseases such 
as Malaria, Dengue, Chikungunya, Lymphatic Filariasis, 
and Japanese Encephalitis. Description of the table as 
follows. 
 
Disease Table (S. No   Number, 
          Disease Id  Character, 
          Disease Name Character) 
(S. No=0, No disease) 

District Table 
No. of records : 23 (Total number of districts in Andhra 
Pradesh)  
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 Description of the table as follows. 

District table (District Id  Character, 
          District Name Character) 
 
Case–year Table 
No. of records:  Number of confirmed cases of a disease in 
a particular year varies based on the disease and district. 

We have constructed 9 text files; each contains 
data for a single year i.e. from 2000 to 2008. 
 
Case Year Table (Case Id   Character, 
  District Id  Character, 
  Disease Id  Character, 
  Blood Samples  
     Collected or Not  Logical, 
  Year   Number, 
  Disease Status  Logical) 
 
Later we combine all the 9 text files into a single text file 
called CASE_ENTIRE_YEAR text file. 
 
Case–District-2009 Table 
 Total No. of Records:  33601 

We have constructed 23 text files for 23 districts 
each contain data for  the year 2009. (These tables are for 
the current year updation.) 

 
Case District 2009(Case Id  Character, 
     Disease Id  Character, 
     Blood Samples Logical, 
     Year   Number, 
     Disease Status  Logical) 
 
Later we combine all the 23 districts text files into a single 
text file called CASE_HISTORY text file. 

Death Table 
No. of records: 1200  
 
Death table (Case Id  Character, 
        District Id        Character, 
        Disease Id  Character, 
        Blood Samples 
          Collected or not Logical, 
        Year  Number, 
        Disease Status Logical, 
        Death Id  Character) 
 

5.2.3 Stage3-LoadingStage(Clinical Warehouse 
creation) 
 

Data from all the text files was extracted and stored 
in an Oracle file, while transforming primary keys are to be 
specified in the oracle table. 

 

Fig: 1 

Data from all the Case tables from 23 districts for a 
single year (for example 2009 data) are combined using link 
collector into another sequential file by using Round Robin 
Algorithm. 

 

 

 

  

:         :              

            

 

Case_2009 Job 

 

  Fig: 2 

The resulted sequential table is then transformed to Oracle 
table with the same attributes. 

Data from all the Case-year tables for 9 years 
(2000 to 2008) are combined using link collector into 
another sequential file by using Round Robin Algorithm. 

Case _ 
Chittoor

Text files for all           
Districts 

Case _ 
entire_year 

Case – id       
District – id      
Disease – id      
Blood – 
samples    
Year               
Disease_ 
status   

     Text file 

Case_ 
Kadapa 

Case_ 
Hyderab
ad

Link  

Collector 
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Case_History Job 

 

 Fig: 3 

The resulted sequential table is then transformed to 
Oracle table with the same attributes. 

Fact 1 Table   
Hash file 1:  To find the death count we apply query on the 
Death table  
 
Query applied:   
 
  Select Count (*), District_id, Disease_id, Year  
         From Death_table   
         Group by District_id, Disease_id, Year; 

Hash file 2:   To find case count we apply query on the 
Case table 
 
Query applied :  
 
 Select Count (*), District_id, Disease_id, Year  
       From Case_table   
      Group by District_id, Disease_id, Year;  
 
Hash file 3: To find total blood samples collected we apply 
query on the Case table 
 

Query applied:  
 Select Count (*), District_id, Year  
        From Case_table   
        Where blood_samples = ‘y’  
        Group by District_id, Year;  
 

 
 
   Fig: 4 
Fact 2 Table 
Hash file 4:    To find Distinct District_id, Disease_id from 
Case table 
Query applied: 

 Select distinct District_id, Disease_id, Year  

        From Case_table; 

 

        Fig: 5 
 

All the 4 Hash tables, Oracle District table and 
Disease table are combined and transformed to create final 
fact table. In the transformation process we apply the 
following queries on the Oracle Disease table and District 
table to include the names of the Disease and Districts in the 
final fact table. 
Query applied on Disease table: 
  Select Disease_tb. Disease_id, Disease_tb.Disease _name  
            From   pro.Disease_tb Disease_tb  
            Where Disease_tb. Disease_id=:1; 

 

 

Case _ history 

Case _ 
2000_ 
year 

Case – id    
District – id      
Disease – id      
Blood – 
samples      
Year             
Disease - status  

Text files for 2000 to 
2008 years data 

Text file  

Case_ 
2001_ 
year 

Case_ 
2008_ 
year 

Link 
collector 
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Query applied on District table: 

Select District_tb.District_id, District_tb. District _name              
 From pro.District_tb, District_tb                          
 Where District_tb.District_id =:1; 
Final Fact   Job: 

                                     
                         Fig: 6 

5.2.4 Data Model:  
 Data modeling technique we used is Star schema. 

The advantage of Star schema is that it is easy to 
understand, easy to define hierarchies, reduces the number 
of physical joins, and requires low maintenance and simple 
Meta data. The actual data model for this data warehouse is 
as follows. 

 

 

5.3 Reporting Tool:    
Data Stage ETL Tool is used to create data 

warehouse .The final fact table produced from ETL Tool 
will be given to the  Reporting Tool, which will  produce 
Reports . Reporting Tool we used is Business Objects.     
Requested sample query: 

 

    Fig: 7 

Sample Report produced : 

  

   Fig: 8 
Conclusions  
 Modern tools now come in handy to address the 
issues on the disease surveillance, control, monitoring and 
evaluation, where should health care centers to be situated 
and what services should they offer. Monitoring and 
evaluation are an essential part of the health programme as 
well as other programmes related to development. Hence, 
there is a need to sensitize the public about epidemic 
diseases. This stressed the need to construct the data 
warehouse for prevention, early detection and to take 
control measures. This data keeps us aware and forearmed 
to prevent such attacks in future. 
 The work is concentrated towards to build the data 
warehouse. Due to the time limitation, the current history 
file is constructed only based on the data from 2000 to 2009. 
This data to be extend regularly with the availability of the 
next year data. This data warehouse is for the future use of 
the researchers, academicians, Doctors, Health workers and 
Govt. servants.  
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Abstract---

Human disease diagnosis is a complicated process and requires 
high level of expertise. Any attempt of developing a expert system 
dealing with human disease diagnosis has to overcome various 
difficulties. This paper describes a project work aiming to 
develop a expert system for diagnosing of heart disease using 
neural network technique. Now a days neural network are being 
used successfully in an increasing number of application areas.  
This project includes the detailed information about patient and 
preprocessing was done. The Support Vector Machine (SVM) 
and Radial Basis Function (RBF) have been applied over the data 
for the experiment.  This research project focuses on the research 
and development of a web-based clinical tool designed to improve 
the quality of the exchange of health information between health 
care professionals and patients. Practitioners can also use this 
web-based tool to corroborate diagnosis. The proposed system is 
experimented on various scenarios in order to evaluate it’s 
performance. In all the cases, proposed system exhibits 
satisfactory results. 

Keywords – Neural Network, Support Vector Machine (SVM),  
RBF (Radial Basis Function), Symptoms, Medicine.

I. INTRODUCTION
Expert systems(ES) are artificial intelligence-base computer 
programs that have received a great deal of attention during 
years.  These programs have been used to solve an impressive 
array of problems in a variety of fields.  The part of the expert 
system that stores the knowledge is called the knowledge base.  
The part that holds the specifics of the to-be-solved problem is 
call the global database.  The part that applies the knowledge 
to the problem is called the inference engine. Expert systems 
typically have friendly user interface to enable inexperienced 
users to specify problems for the system to solve and to 
understand the system’s conclusion.

Although, there are many computer based diagnosis 
systems are developed for medicine. [1-3], however the 
number of expert system for human heart diagnosis domains 
are still very few [4].

The Need for Expert Systems
Expert systems are necessitated by the limitations associated 
with conventional human decision-making processes, 
including:
1. Human expertise is very scarce.
2. Humans get tired from physical or mental workload.
3. Humans forget crucial details of a problem.
4. Humans are inconsistent in their day-to-day decisions.
5. Humans have limited working memory.
6. Humans are unable to comprehend large amounts of data 
quickly.
7. Humans are unable to retain large amounts of data in 
memory.
8. Humans are slow in recalling information stored in 
memory.
9. Humans are subject to deliberate or inadvertent bias in their 
actions.
10. Humans can deliberately avoid decision responsibilities.
11. Humans lie, hide, and die.

The proposed methodology uses neural network for 
classifier.  The performance of proposed methodology was 
evaluated with two different neural network techniques.  
Moreover, we compared our result with Support Vector 
Machine and Radial Basis Function with original medicines 
provided by the doctor. We obtain 97% accuracy from the 
experiments made on the data set containing 300 samples.  
This classification is the highest so for with our data.The 
paper is organized as following, in Section 2, a brief overview 
on previous related works and in section 3, introduction of 
Support Vector Machine and Radial Basis Function is 
described. Section 4, the proposed methodology and preparing 
Data for underlying neural network.  Section 5, Experimental 
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.analysis and how the coding is done with patients as well as 
medicine data is described.  Section 6, Discussion and result 
of first five patients medicine given by the expert system and  
is compared with the original medicine. Finally, we concluded 
this paper in Section 7.

II. BACKGROUND

A. Related Works
Up to now, various classification algorithms have been 

employed on Turkoglu’s valvular heart disease data set and 
high classification accuracies have been reported in the last 
decade [5-10]. Turkoglu’s valvular heart disease data set was 
obtained from Firat Medical Center. A detailed description for 
the data set will be given in the next section.

The valvular heart disease data set was firstly utilized in [5] 
where Turkoglu et al. fulfilled an expert diagnosis system 
which uses backpropagation artificial neural networks (BP-
ANN) classifier. The performance evaluation of the realized 
system was evaluated by classification accuracy and the 
correct classification rate was about 94% for normal subjects 
and 95.9% for abnormal subjects. Later, Turkoglu et al. 
suggested an intelligent system for detection of heart valve 
disease based on wavelet packet neural networks (WPNN) [6]. 
The reported correct classification rate was about 94% for 
abnormal and normal subjects. Recently, Comak et al. 
investigated the use of least-square support vector machines 
(LS-SVM) classifier for improving the performance of the 
Turkoglu’s proposal [7]. They intended to realize a 
comparative study. Classification rates of the examined 
classifiers were evaluated by ROC curves based on the terms 
of sensitivity and specificity. The application results showed 
that according to the ROC curves, the LS-SVM classifier 
performance was comparable with ANN, but the training time 
of LS-SVM is shorter than that of the ANN and it can always 
converge the same solution while ANN cannot. According to 
these results, LS-SVM’s training time is about 13 times 
shorter than ANN’s training time. This is an important 
difference. Because, LS-SVMs are trained only depending on 
support vectors, not by whole training data set. In addition, 
LS-SVM can overcome the overfitting much successfully than 
ANN.

More recently, Uguz et al. performed a biomedical system 
based on Hidden Markov Model for clinical diagnosis and 
recognition of heart valve disorders [8]. The fulfilled 
methodology was also used the database of Turkoglu et al. In 
the presented study, continuous HMM (CHMM) classifier 
system was used. Single Gaussian model was preferred to 
determine emission probability. The methodology was 
composed of two stages. At the first stage, the initial values of 
average and standard deviation were calculated by separating 
observation symbols into equal segments according to the 
state number and using observation symbols appropriate to 
each segment. At the second stage, the initial values of 
average and standard deviation were calculated by separating 
observation symbols into the clusters (FCM or K-means 
algorithms) that have equal number of states and using 
observation symbols appropriate to the separated clusters. The 
implementations of the experimental studies were carried out 
on three different classification systems such as CHMM, 

FCM–K-means/CHMM and ANN. These experimental results 
were obtained for specificity and sensitivity rates 92% and 
94% for CHMM, 92% and 97.26% for FCM–K-
means/CHMM), respectively. Finally, Sengur et al. 
investigated the use of principal component analysis (PCA), 
artificial immune system (AIS) and fuzzy k-NN to determine 
the normal and abnormal heart valves from the Doppler heart 
sounds [9]. For reducing the complexity, PCA was used. In the 
classification stage, AIS and fuzzy k-NN were used. To 
evaluate the performance of the methodology, a comparative 
study was realized by using a data set containing 215 samples. 
The validation of the method was measured by using the 
sensitivity and specificity parameters; 95.9% sensitivity and 
96% specificity rate was obtained. Sengur et al. also 
investigated the use of Linear Discriminant Analysis (LDA) 
and Adaptive neuro-fuzzy inference system (ANFIS) for 
clinical diagnosis and recognition of heart valve disorders 
[10]. The validation of the method is measured by using the 
sensitivity and specificity parameters. 95.9% sensitivity and 
94% specificity rate was obtained.

III. ORGANIZATION TO EXPERT SYSTEM

To diagnose the heart failure cause different popular 
methods used are MRI, Doppler and Expert System. MRI can 
provide clear three dimensional images of the heart.   Doppler 
technique has gained much more interest since Satomura first 
demonstrated the application of the Doppler effect to the 
measurement of blood velocity in 1959[11].  However the
factor such as calcified disease or obesity often result in a 
diagnostically unsatisfactory.  Doppler techniques assessment 
and therefore, it is sometimes necessary to assess the 
spectrogram of the Doppler Shift signals to elucidate m the 
degree of the disease [12].  Many studies have been 
implemented the classify Doppler signals in the pattern 
recognition field [13-14].

Expert system is a intelligent program which olds the 
accumulated knowledge of one or more domain experts.  
There are many types of expert system currently exist.  
MYCIN expert system is used in medical field for diagnosis of 
blood disorders.  DESIGN ADVISOR is another expert 
system used in processor chip design to give advice to 
designer about component placement, minimizing chip size 
etc.  PUFF expert system is also used in medical system for 
diagnosis of respiratory condition of patient.  PROSPECTOR 
expert system is used by geologists to identify sites for drilling 
or mining.  DENDRAL expert system is used to identify the 
structure of chemical compounds.  LITHIAN expert system 
gives advice to archaeologists to examiner stone tools.  Expert 
system having three main components knowledge base, 
inference engine and user interact.  Knowledge base is the 
collection of facts and rules which describe all the knowledge 
about problem domain.  The inference engine is used to 
choose the appropriate facts and rules to apply during user 
query.  Where as user interface takes the user query in a 
readable form and passes it to the inference engine.  It then 
displays the result to the user.   Based on much more useful 
but it has some limitation like limited domain, no current 
updation, no system self learning, no common sense, expert 
needed to setup and maintain.  But even though it is used 
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.world wide because they are not always available, can be used 
anytime anywhere, human experts are not 100% reliable or 
consistent.  Expert may not good for explanation of decisions 
and cost effective.  While using the expert system some legal 
and ethical issues we need to follow to set the 
responsibility.[15]

A. Support Vector Machine : 

Support Vector Machines(SVMs) are a state of the art pattern 
recognition techniques whose foundation stem from statistical 
learning theory.  However, the scope of SVMs goes beyond 
pattern recognition because they can also handle two more 
learning problems i.e. regression estimation and density 
estimation.  An SVM is a general algorithm based on 
guaranteed risk bounds of statistical learning theory i.e. the so 
called structural risk minimization principle.  It is a learning 
machine capable of implementing s set of functions that 
approximate best the supervisor’s response with an expected 
risk bounded by the sum of the empirical risk and Vapnik –
Chevonenkis (VC) confidence.  Recent advances in statistics, 
generalization theory, computational learning theory, machine 
learning and complexity have provided new guidelines and 
deep insights into the general characteristics and nature of the 
model building/learning/fitting process [16]. Some researchers 
have pointed out that statistical and machine learning models 
are not all that different conceptually [17,18]. Many of the 
new computational and machine learning methods generalize 
the idea of parameter estimation in statistics. Among these 
new methods, Support Vector Machines have attracted most 
interest in the last few years. 

Support vector machine (SVM) is a novel learning 
machine introduced first by Vapnik [19]. It is based on the 
Structural Risk Minimization principle from computational 
learning theory. Hearst et al. [20] positioned the SVM 
algorithm at the intersection of learning theory and practice: 
‘‘it contains a large class of neural nets, radial basis function 
(RBF) nets, and polynomial classifiers as special cases. Yet it 
is simple enough to be analyzed mathematically, because it 
can be shown to correspond to a linear method in a high 
dimensional feature space nonlinearly related to input space.’’ 
In this sense, support vector machines can be a good candidate 
for combining the strengths of more theory-driven and easy to 
be analyzed conventional statistical methods and more data-
driven, distribution free and robust machine learning methods. 

In the last few years, there have been substantial 
developments in different aspects of support vector machine. 
These aspects include theoretical understanding, algorithmic 
strategies for implementation and reallife applications. S VM 
has yielded excellent generalization performance on a wide 
range of problems including bioinformatics [21,22,23], text 
categorization [24], image detection [25], etc. These 
application domains typically have involved high-dimensional 
input space, and the good performance is also related  to the 
fact that SVM’s learning ability can be independent of the 
dimensionality of the feature space.
The SVM approach has been applied in several financial 
applications recently, mainly in the area of time series 
prediction and classification [26,27]. A recent study closely 

related to our work investigated the use of the SVM approach 
to select bankruptcy predictors. They reported that SVM was 
competitive and outperformed other classifiers (including 
neural networks and linear discriminant classifier) in terms of 
generalization performance [28]. In this study, we are 
interested in evaluating the performance of the SVM approach 
in the domain of heart disease in comparison with that of 
Radial Basis Function in neural networks. 

Let us define labeled training examples [xi, yi], an input 
vector n

i Rx  a class value   liyi ,.....,1,1,1  For the 

linearly separable case, the decision rules defined by an 
optimal hyperplane separating the binary decision classes is 
given as the following equation in terms of the support vectors  

where Y is the outcome, yi is the class value of the training 
example xi, and . represents the inner product. The vector x 
=(x1,x2,.,xn) corresponds to an input and the vectors xi, 
i=1,.,N, are the support vectors. In Eq. (1), b and i are 

parameters that determine the hyperplane. 

For the non-linearly separable case, a high-dimensional 
version of Eq. (1) is given as follows: 

The function K(x,xi) is defined as the kernel function for 
generating the inner products to construct machines with 
different types of non-linear decision surfaces in the input 
space.

B. Radial Basis Function (RBF) 

Radial basis function (RBF) networks were 
introduced into the neural network literature by Broomhead 
and Lowe [29]. The RBF network is similar to a general feed-
forward neural network trained using the back-propagation 
scheme. It has three layers of neurons, namely input, hidden 
and output. However it uses only one hidden layer, each 
neuron in which operates as the Gaussian transfer function, as 
against the sigmoid function [30]

Mathematically, the output y of an RBF network 
corresponding to input x is computed by the equation;
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Where wi is the connection weight between the ith hidden 
neuron and output neuron; w0 the bias.   φ||x-ci|| indicates a 
RBF which is normally Gaussian having following expression;
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 (Eq. A.2)

Where ci are centers of the receptive field; and σi the widths of 
the Gaussian function which indicates the selectivity of a 
neuron. 
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Figure 2. Schematic diagram of RBF
The major task of RBF network design is to determine 

centers. The easiest way to do so is to choose the centers 
randomly from the training set. Another approach is to use the 
k-means technique consisting of clustering the input training 
set into groups and choose the mean of each group as the 
center. Also, the centers can be treated as a network parameter 
along with wi and adjusted through error-correction training. 
After the center is determined, the connection weights wi

between the hidden layer and output layer can be obtained 
through ordinary back-propagation-based training [30].

IV. METHODOLOGY
A. Proposed methodology and implementation of 

with FFBP and RBF 

B. Preparing Data for underlying neural network: 
The data is collected from daily OPD session while 

doctor examining the patients. The symptoms and information 
about patients details like Previous History(p1), Present 
History(p2), Personnel History(p3), Physical Examination(p4), 
Cardio Vascular System(CVS), Respiratory Rate(RS), Per 
Abdomen(PA), Central Nervous system(CVS), ECG and 
Blood Investigation(BI). The main point is ECG from which 
the patient can easily diagnose whether the patient is having 
heart problem or not. 

All 300 patients data collected regarding heart 
disease and the data are prepared in different Excel Sheets
which contains codes of each individual disease, history and 
symptoms.  In one excel file 13 sub-sheets are taken for each 
field of information such as for Previous History (p1), for 
Present History the second sub-sheet and the name is given 
(P2), for Personnel History (P3) the third sub-sheet is taken, 
like this the data collection has 13 different sub-sheets for 
different fields. All the fields are taken under the supervision 
of the Cardiologist

The code is given to each symptoms, physical 
examination parameter or diseases in each sub-sheet for 
experimental work. On this data some pre-processing i.e. 
normalization, coding and decoding methods are applied for 
the expected output.

In table 1, the Previous History (P1) has represented 
with 1 to 18 different diseases of total 300 heart patients and 
represents the codes respectively from 1 to 18. The code 1 
which represents Hypertension, Code 2 represents Diabetes 
Mallitus like this it contains 18 different diseases.  Some of 
them are as shown in Table 1.

Code Name of Disease
1 Hypertension
2 Diabetes Mallitus
3 TB
4 Bronchial Asthama
5 Hyperthyroidism

Table 1 : Previous History of Patients
In table 2, Present History (P2) and the symptoms present in 
P2 are represented by Codes. The Code 1 which represents 
Chest Pain/Discomfort, Code 2 represents Retrosternal Pain 
like this it contains 29 different symptoms. Some of the 
symptoms are shown in table 2.

Code Symptoms
1 Chest Pain/Discomfort
2 Retrosternal Pain
3 Palpitation
4 Breathlessness
5 sweating
Table 2 : Present History of patients

In table 3, Personnel History (P3) and the information present 
in P3 are represented by codes for different bad habits. The 
Code 1 which represents Smoking, Code 2 represents Tobacco 
like this 4 different bad habits are taken and specified by 1 to 4 
codes.  Some of the personnel history parameters are given 
below.
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Code Personnel History
1 Smoking 
2 Tobacco
3 Alcohol
4 Nil

Table 3 : Personnel History
In table 4, Physical Examination (P4) and the information 
present in P4 are represented by codes for different physical 
parameters. The Code 1 which represents Consciousness, 
Code 2 represents Orientation like these 25 different physical 
parameters and specified by 1 to 25 codes for each parameter. 
Some are as shown below in table 4.

Code Physical Examination
1 Altered Consciousness
2 Orientation
3 Dyspnoea
4 Fever
5 Low Pulse Rate

Table 4 : Physical Examination
In table 5, Cardio Vascular System (CVS) and the information 
present in CVS are represented by codes for different 
symptoms. The Code 1 which represents Heart Sound, Code 2 
represents Normal Heart Rate like this 8 different symptoms 
and specified by 1 to 8 codes for each symptom. Some are as 
shown below in table 5.

Code Symptoms
1 Heart Sounds
2 Normal Heart Rate
3 Tachycardia
4 Bradycardia
5 Regular Heart Rhythm

Table 5 : Cardio Vascular System
In table 6, Respiratory System (RS) and the information 
present in RS are represented by codes for different 
symptoms. The Code 1 which represents Breath Sound
preserved, Code 2 represents Breath Sound Reduced like this 
5 different symptoms are found and specified as shown in 
table 6.

Code Symptoms
1 Breath Sounds Preserved 
2 Breath Sound Reduced 
3 Basal Crepts
4 No Abnormality Detected (NAD)
5 Ranchi

Table 6 : Respiratory System
In table 7, Per-Abdomen (PA) and the information present in 
PA are represented by codes for different symptoms. The 
Code 1 which represents Liver (Hepatomegaly), Code 2 
represents Spleen (Splenomegaly) like these 6 different 
symptoms have found and specified by 1 to 6 codes for each 
symptom. Some are as shown below in table 7.

Code Symptoms
1 Liver(Hepatomegaly)
2 Spleen (Splenomegaly)
3 Free Fluid Present 
4 Abdominal Distension
5 No Abnormality Detected (NAD)

Table 7 : Per Abdomen

In table 7, Central Nervous System (CNS) and the information 
present in CNS are represented by codes for different 
symptoms. The Code 1 which represents Consciousness, Code 
2 represents Orientation like this 5 different symptoms are 
found and specified by 1 to 5 codes for each symptom. Some 
are as shown below in table 8.

Code Symptoms
1 Consciousness
2 Orientation
3 Focal Deficit
4 No Abnormality Detected (NAD)
5 Restlessness

Table 8 : Central Nervous System

In table 8, Electro Cardio Gram (ECG) and the information 
present in ECG are represented through codes for different 
finding which points to different problems of heart. The Code 
1 which represents ST Elevation, Code 2 represents Anterior 
Wall like this 21 different heart findings are found and 
specified by 1 to 21 codes for each finding.  Some are as 
shown below in table 9.

Code ECG Point 
1 ST Elevation
2 Anterior Wall
3 Antero Septal
4 Inferior
5 Infero Posterior
Table 9 : Electro Cardio Gram (ECG)

In table 10, Blood Investigation (BI) and the information 
present in BI are represented through codes for blood 
investigation. The Code 1 which represents Cardiac Enzymes 
(High), Code 2 represents Blood Sugar Test like this 24 
different investigations has found and specified by 1 to 24 
codes for each investigation in all patient. Some are as shown 
below in table 10.

Code Symptoms
6 Lipid Profile normal
7 Lipid Profile Abnormal
8 Complete Blood Count Normal
9 Leucocytosis

10 Anaemia
Table 10 : Blood Investigation

In table 11, all the medicines names along with their codes i.e. 
MID which are prescribed by the doctor to the patients. The 
medicine sheet contains 52 different medicines which are 
prescribed by the doctor in different 300 stages. Some are as 
shown below in table 11.

Code Medicine Name 
1 Alprazolam
2 Amlodepine
3 Aspirin
4 Atenolol
5 Atorvastatin

Table 11 : Medicine Names
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In table 12, all Patients information such as previous history(P1), P2(Present History), P3(personnel History), P4(Physical 
Examination), CVS(Cardio Vascular System), RS(Respiratory System), PA(Per Abdomen), CNS(Central Nervous System), 
ECG(Electrocardiography) and BI(Blood Investigation) which contains all the represented codes that are present in the 
individual patients.

Sr. 
No.

Patient 
Name

Symptoms and Findings

Age P1 P2 P3 P4 CVS RS PA CNS ECG BT
1 A 55M 2 1,2,5,13 4 7,10 8 4 5 4 1,3 14

2 B 58 M 2 1,2,8 2 7,8,13,14 8 4 5 4 2 7

3 C 60M 8 5,7,13 4 1,6,12 8 4 5 4 9 14

4 D 60M 1,2 4,5 4 1,2,7,13,14 3,5 3 5 4 12 4

5 E 56F 1 15,16 4 6,9,12 8 4 5 4 10 2
Table 12 : collection of different details of the individual Heart Patients

In table 13, different 52 medicines were used by the doctor on total 300 patients.  All the medicines are prescribed by the doctor.  
In this table the medicines codes are used as the description given in the table 11.

Sr.    
No.

Patient 
Name MID  

1
MID  

2
MID  

3
MID  

4
MID  

5
MID  

6
MID  

7
MID  

8
MID  

9
MID  

10
MID  

11
MID  

12

MI
D  
13

1 A 2 3 5 6 14 17 19 21 23 25 26 27,29 36

2 B 2 3 5 6 14 16 17 21 23 25 26 27 28

3 C 1 5 6 14 25

4 D 3 5 7 10 11 13 14 17 19 30

5 E 5 14 15 19
Table 13 : All the Medicine codes provided by the doctor to the individual patients.

V. EXPERIMENTAL ANALYSIS
For further training of neural network process the proposed 
information is coded in binary form (0 or 1). If the symptom is 
present in the patients at particular position at that point it is 
defined by one (1) and if the symptoms or disease is not 
present at that position it is placed by Zero (0).  Suppose for 
example in the field P2 (present history) there are total 29 
symptoms present and the patient no 1 is having the symptom 

1,2,5 and 13 so these locations are defined by 1 (one) and all 
other symptoms are 0 (zero). In such a way all the fields are 
defined. All the parameter that we consider in medical 
prescription like Sr. No., ,age , P1, P2,P3,P4,CVS, RS, PA, 
CNS, ECG and BT are converted in binary number  where this 
is used in neural network for train the neurons for achieving 
better result.

The individual data of the patient no 1 is defined in binary form as :
Sr No           Age                            P1                                                    P2                                  P3
00000001   0110111        010000000000000000         11001000000010000000000000000      0001  
           P4                                          CVS          RS          PA         CNS                       ECG
0000001001000000000000000    00000001   00010     000010     00010      101000000000000000000
                         BT
000000000000010000000000;

Symptoms and Information Coding of the patient 1.

Using this sequence of binary format we were not getting 
appropriate result.  Therefore we have change the order of 
fields as per suggestion of the doctor because the doctors are 
prescribing the medicines on the basis of the ECG and blood 
investigation.  So the order of ECG is changed from field no. 9 
to field no. 1 and after ECG we have taken Blood 
Investigation and rest of the fields are same and at last age is 

placed.  Due of reshuffling of the fields we got satisfactory 
result upto 97%.   

For this expert system total 52 different medicine are 
prescribed by the Doctor and if the medicine is present at that 
position it is defined by one (1) and if it is absent at that 
position it is defined by Zero(0). Similarly for patient one the 
prescribed medicine are defined as :

0 1 1 0 1 1 0 0 0 0 0 0 0 1 0 0 1 0 1 0 1 0 1 0 1 1 1 0 1 0 0 0 0 0 0 1 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0;

Medicine Coding of the patient 1.
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MID Patient from A to I 
A B C D E F G H I

1 1 1 1 1 1 1 1 1 0
2 0 0 0 0 1 0 1 1 1
3 1 1 1 1 1 0 1 1 1
4 0 0 0 0 0 0 1 0 0
5 1 1 1 1 1 1 1 1 1
6 1 1 1 1 0 1 1 0 1
7 0 0 0 0 0 0 0 0 0
8 0 0 0 0 0 0 0 0 0
9 0 0 0 0 0 0 0 0 0

10 0 0 0 0 0 0 0 0 0
11 0 0 1 0 0 0 0 0 0
12 0 0 0 0 0 0 0 0 0
13 0 0 0 1 0 0 0 0 0
14 0 0 1 1 1 0 1 1 0
15 0 0 0 0 0 0 0 0 0
16 1 1 0 0 0 1 0 0 1
17 1 1 0 1 0 1 1 0 1
18 1 1 0 0 0 0 0 0 0
19 1 0 0 0 0 0 0 0 0
20 0 0 0 0 0 0 0 0 0
21 1 1 1 1 0 1 0 0 0
22 0 0 1 1 0 0 0 0 0
23 1 1 1 1 0 1 0 0 0
24 0 0 1 0 0 0 0 0 0
25 1 1 1 1 0 1 0 0 1
26 1 1 1 1 0 0 0 0 0
27 1 1 1 1 0 0 0 0 0
28 1 1 0 1 0 0 0 0 0
29 1 1 0 0 0 1 0 0 1
30 0 0 0 0 0 0 0 0 0
31 0 0 0 0 0 1 0 0 0
32 0 0 0 0 0 0 0 0 0
33 0 0 0 0 0 0 0 0 0
34 0 0 0 0 0 0 0 0 0
35 0 0 0 0 0 0 0 0 0
36 0 0 1 0 0 1 0 0 0
37 0 0 0 0 0 0 0 0 0
38 0 0 0 0 0 0 0 0 0
39 0 0 0 0 0 0 0 0 0
40 0 0 0 0 0 0 0 0 0
41 0 0 0 0 0 0 0 0 0
42 0 0 0 0 0 0 0 0 0
43 0 0 0 0 0 0 0 0 0
44 0 0 0 0 0 0 0 0 0
45 0 0 0 0 0 0 0 0 0
46 0 0 0 0 0 0 0 0 0
47 0 0 0 0 0 0 0 0 0
48 0 0 0 0 0 0 0 0 0
49 0 0 0 0 0 0 0 0 0
50 0 0 0 0 0 0 0 0 0
51 0 0 0 0 0 0 0 0 0
52 0 0 0 0 0 0 0 0 0

Table 14 shows the Result of the first nine patient after 
training using SVM

MID Patient from A to I 
A B C D E F G H I

1 0 1 1 1 0 1 1 1 1
2 0 0 0 0 0 0 0 0 0
3 1 1 1 1 1 0 1 1 1
4 0 0 0 0 0 0 0 0 0
5 1 1 1 1 1 1 1 1 1
6 1 1 1 1 1 1 1 1 1
7 0 0 0 0 0 0 0 0 0
8 0 0 0 0 0 0 0 0 0
9 0 0 0 0 0 0 0 0 0

10 0 0 0 0 0 0 0 0 0
11 0 1 0 1 0 0 0 0 1
12 0 0 0 0 0 0 0 0 0
13 0 0 0 1 0 0 0 0 0
14 1 1 1 1 1 0 1 1 1
15 0 0 0 0 1 0 0 0 0
16 1 1 0 0 0 1 0 0 0
17 1 1 0 1 0 1 1 1 1
18 0 0 0 0 0 0 0 0 0
19 0 0 0 0 0 0 0 0 0
20 0 0 0 0 0 0 0 0 0
21 1 1 1 1 0 1 1 1 1
22 0 1 0 0 0 0 0 0 0
23 1 1 0 0 0 1 0 0 0
24 0 1 0 0 0 0 0 0 0
25 1 1 1 1 0 1 1 1 1
26 1 1 0 0 0 0 0 0 0
27 1 1 0 0 0 0 0 0 0
28 1 0 0 0 0 0 0 0 0
29 1 0 0 0 0 1 0 0 0
30 0 0 0 1 0 0 0 0 0
31 0 0 0 0 0 1 0 0 0
32 0 0 0 0 0 0 0 0 0
33 0 0 0 0 0 0 0 0 0
34 0 0 0 0 0 0 0 0 0
35 0 0 0 0 0 0 0 0 0
36 0 1 0 0 0 1 0 0 0
37 0 0 0 0 0 0 0 0 0
38 0 0 0 0 0 0 0 0 0
39 0 0 0 0 0 0 0 0 0
40 0 0 0 0 0 0 0 0 0
41 0 0 0 0 0 0 0 0 0
42 0 0 0 0 0 0 0 0 0
43 0 0 0 0 0 0 0 0 0
44 0 0 0 0 0 0 0 0 0
45 0 0 0 0 0 0 0 0 0
46 0 0 0 0 0 0 0 0 0
47 0 0 0 0 0 0 0 0 0
48 0 0 0 0 0 0 0 0 0
49 0 0 0 0 0 0 0 0 0
50 0 0 0 0 0 0 0 0 0
51 0 0 0 0 0 0 0 0 0
52 0 0 0 0 0 0 0 0 0

Table 15 shows Result of the first nine patient after 
training using RBF
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MID Patient from A to I 
A B C D E F G H I

1 1 0 1 0 0 1 1 1 0

2 0 1 0 0 0 0 0 0 0

3 1 1 0 1 1 1 1 1 0

4 0 0 0 0 0 0 0 0 0

5 1 1 1 1 0 1 1 1 0

6 1 1 1 0 0 1 1 0 0

7 0 0 0 1 0 0 0 0 0

8 0 0 0 0 0 0 0 0 0

9 0 0 0 0 0 0 0 0 0

10 0 0 0 1 0 0 0 0 0

11 0 0 0 1 0 0 0 0 1

12 0 0 0 0 0 0 0 0 0

13 0 1 0 1 0 0 0 0 0

14 1 1 1 1 1 0 1 0 1

15 0 0 0 0 1 0 0 0 0

16 0 0 0 0 0 1 0 1 0

17 1 1 0 1 0 1 0 1 0

18 0 0 0 0 0 0 0 0 0

19 1 1 0 1 1 0 0 0 0

20 0 0 0 0 0 0 0 0 1

21 1 1 0 0 0 1 0 0 0

22 0 0 0 0 0 0 0 0 0

23 1 1 0 0 0 0 0 0 0

24 0 0 0 0 0 0 0 1 0

25 1 1 1 0 0 1 0 1 0

26 1 1 0 0 0 0 1 0 0

27 1 1 0 0 0 0 0 1 0

28 0 0 0 0 0 0 0 0 0

29 1 1 0 1 0 1 0 1 0

30 0 0 0 1 0 0 0 0 0

31 0 0 0 0 0 0 0 0 0

32 0 0 0 0 0 0 0 0 1

33 0 0 0 0 0 0 0 0 1

34 0 0 0 0 0 0 0 0 0

35 0 0 0 0 0 0 0 0 0

36 1 1 0 0 0 0 0 0 0

37 0 0 0 0 0 0 0 0 0

38 0 0 0 0 0 0 0 0 0

39 0 0 0 0 0 0 0 0 0

40 0 0 0 0 0 0 0 0 0

41 0 0 0 0 0 0 0 0 0

42 0 0 0 0 0 0 0 0 0

43 0 0 0 0 0 0 0 0 0

44 0 0 0 0 0 0 0 0 0

45 0 0 0 0 0 0 0 0 0

46 0 0 0 0 0 0 0 0 0

47 0 0 0 0 0 0 0 0 0

48 0 0 0 0 0 0 0 0 0

49 0 0 0 0 0 0 0 0 0

50 0 0 0 0 0 0 0 0 0

51 0 0 0 0 0 0 0 0 0

52 0 0 0 0 0 0 0 0 0

Table 16 Original medicine prescribed by the doctor.

VI. DISCUSSION OF FIRST FIVE PATIENTS 
RESULTS WITH DOCTOR:

Original Medicines given by doctor:
A) 1,3,5,6,14.17,19,21,23,25,26,27,29,36
B) 2,3,5,6,14,16,17,21,23,25,26,27,28
C) 1,5,6,14,25
D) 3,5,7,10,11,13,14,17,19,30
E) 3,14,15,19

Medicines given by the Expert system using SVM
A) 1,3,5,6, 16,1718,21,23,25,26,27,28,29
B) 1,3,5,6,16,17,18,21,23,25,26,27,28,29
C) 1,3,5,6,11,14,21,22,23,24,25,26,27
D) 1,3,5,6,13,14,17,2122,23,25,26,27,28
E) 1,2,3,5,14.

Medicines given by Expert System using RBF:
A) 3,5,6,14,16,17,21,23,25,26,27,28,29
B) 1,3,5,6,11,14,16,17,21,22,23,24,25,26,27,28,36
C) 1,3,5,6,14,21,25
D) 1,3,5,6,11,13,14,17,21,25,30
E) 3,5,6,14,15

A. Comparative studies of SVM and RBF methods for 
medical prescription for heart disease patient 

RBF networks and SVM both are examples of non-linear 
layered feed-forward networks and they are universal 
approximations. The basic comparison of RBF and SVM NN 
for the medical prescription for heart disease patient presented 
in table 14 and table 15.  

1) In both the NN model 250 data samples has given as 
input.

2) The SVM model takes 250 epochs to train it while 
RBF NN model takes only 225 epochs for the 
training of the model.

3) If the training performance error is compared SVM 
NN gives less as compared to RBF NN model.

So Medicines given by the expert system using SVM is 
not producing the appropriate result as compared with the 
RBF.  
B. So we have taken doctors opinion on the result of 
RBF as :
Patient A is having major heart attack for which the expert 
system has provided the medicine no. 1 which is anxiolytic 
and is given in almost all patients.  Medicine no. 16 is 
beneficial as it reduces the heart rate and thereby reduces 
workload and improves outcome.   Medicine no. 26 can prove 
useful as it prevents stress erosions/ulcer.  The medicine no. 
28 is sedative (sleep inducing drug) and is beneficial and if 
given may help improve outcome.
Patient B Medicine no 1 is alprazolam which is anxiolytic and 
is given in almost all patients and won’t affect the heart 
patient. Medicine no. 11 should not be prescribed as it is a 
diuretic and can cause fall in blood pressure/electrolyte 
imbalance. And is not appropriate and is wrongly given by the 
expert system.  Medicine no 22 is Antioxidant and if given is 
useful.   Medicine no. 24 is antibiotic and is given in presence 
of infection and dose not affects the cardiac outcome.    
Patient C, Medicine 21 is prescribed which has a cardiac 
remodeling effect and if given improves outcome.
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Patient D, Medicine no 1 is alprazolam which is used for its 
anxiolytic effect is given in almost all patients and wont affect 
the heart patient.    Medicine no. 6 has near to same action as 
medicine no. 3 which is already prescribed. Expert system has 
not given medicine no. 7 which is useful in this patient as 
patients clinical condition has poor heart pumping.  Medicine 
no. 19 is a antipyretic drug (to reduce fever) or as analgesic an 
if given wont affect the cardiac outcome.  Medicine no. 25 is 
anticlotting medicine which is wrongly given and it should be 
given in moderate to severe cases after assessing clinical 
condition of the patient.  
Patient E . Medicine no. 5 is not given by the expert system 
which has cholesterol reducing agent and plays important role 
for positive outcome. Medicine no. 6 has the same action as 
medicine no. 3 and is already prescribed.

Medicines given by expert system in few patients are 
comparatively less and in few patients additional.  The system 
has analyzed 125 sample data and is prescribing 97% accuracy 
in the medicines as prescribed by the doctor after his clinical 
assessment. In some cases it is justified but in some cases it 
depends on the Clinical condition. The additional medicines 
prescribed may prove beneficial or harmful and vice versa 
prescribing less medicines (which if essential) can affect the 
cardiac outcome. 

VII. CONCLUSION
In this paper, around 300 patient’s information is collected 
from Sahara Hospital, under supervision of Dr. Abdul Jabbar, 
(MD Medicine) Sahara Hospital, Roshan Gate, Aurangabad.  
The collected information is coded, normalized and entered 
into 13 different excel sub-sheets.  All the patients data is 
trained by using SVM and RBF. Around 50 samples were 
tested with these two techniques.  If the more data set is used 
for the training the NN model gives more robust results.  The 
analysis model by using SVM and RBF of ANN gives better 
result for medical prescription for heart disease patient.  
However, there are several techniques that can improve the 
speed and performance of the back propagation algorithm, 
weight initialization, use of momentum and adaptive learning 
rate.  It is found that the result of testing data by using SVM is 
not satisfactory but the medicines prescribed by the RBF are 
satisfactory as per the result verified by the doctor.  The 
diagnosis performances of this study shows the advantage of 
this system.  : it is rapid, easy to operate, non-invasive and not 
expensive.  The working prototype model in the field of heart 
diagnosis can use the system. It also helps for training 
begineer’s doctors and medical students who work in the field 
of heart diagnosis.  In future, this work may be extend using 
regression technique.
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Abstract— The goal is to develop a novel approach for 

cardiac disease prediction and diagnosis using intelligent 

agents. Initially the symptoms are preprocessed using filter 

and wrapper based agents. The filter removes the missing 

or irrelevant symptoms. Wrapper is used to extract the 

data in the data set according to the threshold limits. The 

classification is based on the prior and posterior 

probability of the symptoms with the evidence value.  

Finally the symptoms are classified in to five classes 

namely absence, starting, mild, moderate, serious. Using 

the cooperative approach the cardiac problem is solved 

and verified.  

 

Keywords- Traditional Chinese Medicine (TCM), Naïve 

Bayesian Classification (NBC), Bayesian Networks (BN).   

I. INTRODUCTION 

 

Intelligent agents are a new paradigm for 

developing software applications. More than this, 

agent-based computing has been hailed as „the next 

significant breakthrough in software development‟ 

(Sargent, 1992), and „the new revolution in 

software‟ (Ovum, 1994). Currently, agents are the 

focus of intense interest on the part of many sub-

fields of computer science and artificial intelligence. 

Agents are being used in an increasingly wide 

variety of applications, ranging from comparatively 

small systems such as email filters to large, open, 

complex, mission critical systems such as air traffic 

control. At first sight, it may appear that such 

extremely different types of system can have little 

in common. And yet this is not the case: in both, the 

key abstraction used is that of an agent.  

 

First, an agent is a computer system situated 

in some environment, and that is capable of 

autonomous action in this environment in order to 

meet its design objectives. Autonomy is a difficult 

concept to pin down precisely, but we mean it 

simply in the sense • that the system should be able 

to act without the direct intervention of humans (or 

other agents), and should have control over its own 

actions and internal state. It may be helpful to draw 

an analogy between the notion • of autonomy with 

respect to agents and encapsulation • with respect to 

object oriented systems. An object encapsulates 

some state, and has some control over this state in 

that it can only be accessed or modified via the 

methods that the object provides. Agents 

encapsulate state in just the same way. However, we 

also think of agents as encapsulating behavior, in 

addition to state. An object does not encapsulate 

behavior: it has no control over the execution of 

methods – if an object x invokes a method m on an 

object y, then y has no control over whether m is 

executed or not – it just is. In this sense, object y is 

not autonomous, as it has no control over its own 

actions. In contrast, we think of an agent as having 

exactly this kind of control over what actions it 

performs. Because of this distinction, we do not 

think of agents as invoking methods (actions) on 

agents – rather, we tend to think of them requesting 

actions to be performed. The decision about 

whether to act upon the request lies with the 

recipient. .  

An intelligent agent is a computer system 

that is capable of flexible autonomous action in 
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order to meet its design objectives. By flexible, we 

mean that the system must be: 

 responsive: agents should perceive their 

environment (which may be the physical 

world, a user, a collection of agents, the 

Internet, etc.) and respond in a timely 

fashion to changes that occur in it.  

 proactive: agents should not simply act in 

response to their environment, they should 

be able to exhibit opportunistic, goal-

directed behavior and take the initiative 

where appropriate, and Applications of 

Intelligent Agents  

 social: agents should be able to interact, 

when they deem appropriate, with other 

artificial agents and humans in order to 

complete their own problem solving and to 

help others with their activities.  

 

Hereafter, when we use the term „agent‟, it 

should be understood that we are using it as an 

abbreviation for „intelligent agent‟. Other 

researchers emphasize different aspects of agency 

(including, for example, mobility or adaptability). 

Naturally, some agents may have additional 

characteristics, and for certain types of applications, 

some attributes will be more important than others. 

However, we believe that it is the presence of all 

four attributes in a single software entity that 

provides the power of the agent paradigm and 

which distinguishes agent systems from related 

software paradigms – such as object-oriented 

systems, distributed sysems, and expert systems 

(see Wooldridge (1997) for a more detailed 

discussion). By an agent-based system, we mean 

one in which the key abstraction used is that of an 

agent. In principle, an agent-based system might be 

conceptualized in terms of agents, but implemented 

without any software structures corresponding to 

agents at all. We can again draw a parallel with 

object-oriented software, where it is entirely 

possible to design a system in terms of objects, but 

to implement it without the use of an object-

oriented software environment. But this would at 

best be unusual, and at worst, counterproductive. A 

similar situation exists with agent technology; we 

therefore expect an agent-based system to be both 

designed and implemented in terms of agents. A 

number of software tools exist that allow a user to 

implement software systems as agents, and as 

societies of cooperating agents. Note that an agent-

based system may contain any non-zero number of 

agents. The multi-agent case – where a system is 

designed and implemented as several interacting 

agents, is both more general and significantly more 

complex than the single-agent case. However, there 

are a number of situations where the single-agent 

case is appropriate.  

 

II. RELATED WORK 

 

Traditional diagnosis in TCM requires long 

experiences and a high level of skill, and is 

subjective and deficient in quantitative diagnostic 

criteria. This seriously affects the reliability and 

repeatability of diagnosis and limits the 

popularization of TCM. So the focal problem that 

needs to be solved urgently is to construct methods 

or models to quantify the diagnosis in TCM.[1] 

Recently, a few researchers developed some 

methods and systems to modernize TCM. But most 

of them are built incorporating totally or partially 

rulebased reasoning model, which are lack of the 

feasibility of implementing all possible inference by 

chaining rules and limits their practical applications 

in clinical medicines.An attraction tool for 

managing various forms of uncertainty is Bayesian 

networks (BNs) [2], [3] which is able to represent 

knowledge with uncertainty and efficiently 

performing reasoning tasks.Naive Bayesian 

classifier (NBC) is a simplified form of BNs that 

assumes independence of the observations. Some 

research results [4], [5], [6] have demonstrated that 

the predictive performance of NBC can be 

competitive with more complicated classifiers.In 

this study, a novel computerized diagnostic model 

based on naive Bayesian classifier (NBC) is 

proposed. Firstly, a Bayesian network structure is 

learned from a database of cases [7] to find the 

symptom set that are dependent on the disease 

directly.Secondly, the symptom set is utilized as 

attributes of NBC and the mapping relationships 

between the symptom set and the disease are 

constructed.To reduce the dimensionality and 

improve the prediction accuracy of diagnostic 
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model, symptom selection is requisite.Many feature 

selection methods, such as filters [8] and wrappers 

[9], have developed. But the dependency 

relationships among symptoms and the mapping 

relationships between symptom and syndrome are 

not considered in these methods, which are 

important to diagnosis in TCM.  

To lower the influences of irrelative 

symptoms, the mutual information between each 

symptom and disease is computed based on 

information entropy theory [10], which is utilized to 

assess the significance of symptoms.The paper [11] 

presents a multiagent system for supporting 

physicians in performing clinical studies in real 

time. The multiagent system is specialized in the 

controlling of patients with respect to their 

appointment behavior. Novel types of agents are 

designed to play a special role as representatives for 

humans in the environment of clinical studies. 

OnkoNet mobile agents have been used successfully 

for patient-centric medical problems solving 

[12].,emerged from a project covering all relevant 

issues, from empirical process studies in cancer 

diagnosis/therapy, down to system implementation 

and validation. In the paper [13], a medical 

diagnosis multiagent system that is organized 

according to the principles of swarm intelligence is 

proposed. It consists of a large number of agents 

that interact with each other by simple indirect  

communication.  

In the paper [14], a system called Feline 

composed of five autonomous agents (expert 

systems with some proprieties of the agents) 

endowed with medical knowledge is proposed. 

These agents cooperate to identify the causes of 

anemia at cats. The paper [39], also presents a 

development methodology for cooperating expert 

systems.In the paper [15], a Web-centric extension 

to a previously developed expert system specialized 

in the glaucoma diagnosis is proposed. The 

proposed telehealth solution publishes services of 

the developed Glaucoma Expert System on the 

World Wide Web.Each agent member of the CMDS 

system has problems solving capability and capacity 

(the notions are defined in [16, 17]). The capacity of 

an agent Agf (Agf U MDUAS)consists in the 

amount of problems that can be solved by the agent, 

using the existent problem solving resources.The 

cooperative medical diagnosis problems solving by 

the diagnosis system is partially based on the 

blackboard-based problem solving [18, 19]. The 

problem solving by the BMDS system is similar 

with the situations, when more physicians with 

different medical specializations plans a treatment 

to cure an illness that is in an advanced stage. 

Treatments known to be effective for the curing of 

the illness in a less advanced stage cannot be 

applied.  

From the entire discussions one can 

comprehend and  classify the medical agent-based 

IDSS research [20] into two categories, namely 

Clinical Management and Clinical Research. 

Clinical Management envelops all clinical systems 

that are designed to help the doctor with diagnosing 

and deciding on treatment for medical conditions. 

Clinical Research on the erstwhile envelopes 

systems that are used to research facts and 

connections in attempt to detect new trends and 

patterns; it covers systems for both diagnosing 

patients and treating them.  

 

 
III. PREPROCESSING AND CLASSIFICATION 

 

3.1  Filter agent  

 

Feature selection, as a preprocessing step to 

machine learning, is effective in reducing 

dimensionality, removing irrelevant data, in-

creasing learning accuracy, and improving result 

comprehensibility. In this work, we introduce a 

novel concept, predominant correlation, and 

propose a faster method which can identify relevant 

features as well as redundancy among relevant 

features without pair wise correlation analysis. The 

efficiency and effectiveness of our method is 

demonstrated through extensive comparisons with 

other methods using real-world data of high 

dimensionality.  

 

3.2  Wrapper agent  

 

In Wrapper based feature selection, the more 

states that are visited during the search phase of the 

algorithm the greater the likelihood of finding a 

(IJCSIS) International Journal of Computer Science and Information Security, 
Vol. 8, No. 5, August 2010 

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



feature subset that has a high internal accuracy 

while generalizing poorly. It removes the irrelevant 

attributes that are below the threshold value.  

 

3.3  Classifier agent  

 

The classifier agent uses the naïve Bayesian 

classification algorithm. Bayesian network 

algorithm is used to classify the collected attributes 

in to five classes (0-normal,1-starting,2-low,3-

mild,4serious). The mutual information between 

each symptom and disease is computed based on 

information entropy theory. F and C are symptom 

and disease. f, c are events of F and C. I(F,C)=�P(f, 

c)logP(f,c)/P(f)P(c) Suppose I0 is the prior entropy 

of C. I0 =�(P(c=1)logp(c=1)+p(c=0)logp(c=0))  

The significance of each symptom is calculated by 

S(F,C)=I(F,C)/I0. All the symptoms are evaluated 

and ranked by significance index S(F,C).  

 

Input  Attributes Documentation  

 

1 id: patient identification number  

2 ccf: social security number (I replaced this with a 

dummy value of 0)  

3 age: age in years  

4 sex: sex (1 = male; 0 = female)  

5 painloc: chest pain location (1 = substernal; 0 = 

otherwise)  

6 painexer (1 = provoked by exertion; 0 = 

otherwise)  

7 relrest (1 = relieved after rest; 0 = otherwise)  

8 pncaden (sum of 5, 6, and 7)  

9 cp: chest pain type  

   --Value 1: typical angina  

   --Value 2: atypical angina  

   --Value 3: non-anginal pain  

   --Value 4: asymptomatic  

10 trestbps: resting blood pressure (in mm Hg on 

admission to the hospital)  

11 htn  

12 chol: serum cholestoral in mg/dl  

13 smoke: I believe this is 1 = yes; 0 = no (is or is 

not a smoker)  

14 cigs (cigarettes per day)  

15 years (number of years as a smoker)  

16 fbs: (fasting blood sugar > 120 mg/dl) (1 = true; 

0 = false)  

17 dm (1 = history of diabetes; 0 = no such history)  

18 famhist: family history of coronary artery disease 

(1 = yes; 0 = no)  

19 restecg: resting electrocardiographic results  

         --Value 0: normal  

     --Value 1: having ST-T wave abnormality (T 

wave inversions and/or ST elevation or depression 

of > 0.05 mV)  

    --Value 2: showing probable or definite left 

ventricular hypertrophy by Estes' criteria  

20 ekgmo (month of exercise ECG reading)  

21 ekgday(day of exercise ECG reading)  

22 ekgyr (year of exercise ECG reading)  

23 dig (digitalis used furing exercise ECG: 1 = yes; 

0 = no)  

24 prop (Beta blocker used during exercise ECG: 1 

= yes; 0 = no)  

25 nitr (nitrates used during exercise ECG: 1 = yes; 

0 = no)  

26 pro (calcium channel blocker used during 

exercise ECG: 1 = yes; 0 = no)  

27 diuretic (diuretic used used during exercise ECG:     

1 = yes; 0 = no)  

28 proto: exercise protocol  

      1 = Bruce  

      2 = Kottus  

      3 = McHenry  

      4 = fast Balke  

      5 = Balke  

                  6 = Noughton  

               7 = bike 150 kpa min/min (Not 

sure if "kpa min/min" is what was written!)  

                8 = bike 125 kpa min/min  

                9 = bike 100 kpa min/min  

             10 = bike 75 kpa min/min  

             11 = bike 50 kpa min/min  

    12 = arm ergometer  

29 thaldur: duration of exercise test in minutes  

30 thaltime: time when ST measure depression was 

noted  

31 met: mets achieved  

32 thalach: maximum heart rate achieved  

33 thalrest: resting heart rate  

34 tpeakbps: peak exercise blood pressure (first of 2 

parts)  

35 tpeakbpd: peak exercise blood pressure (second 

of 2 parts)  

36 dummy  
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37 trestbpd: resting blood pressure  

38 exang: exercise induced angina (1 = yes; 0 = no)  

39 xhypo: (1 = yes; 0 = no)  

40 oldpeak = ST depression induced by exercise 

relative to rest  

41 slope: the slope of the peak exercise ST segment 

--Value 1: upsloping  

--Value 2: flat  

       --Value 3: downsloping  

42 rldv5: height at rest  

43 rldv5e: height at peak exercise  

44 ca: number of major vessels (0-3) colored by 

flourosopy  

45 restckm: irrelevant  

46 exerckm: irrelevant  

47 restef: rest raidonuclid (sp?) ejection fraction  

48 restwm: rest wall (sp?) motion abnormality  

0 = none  

       1 = mild or moderate  

      2 = moderate or severe  

       3 = akinesis or dyskmem (sp?)  

49 exeref: exercise radinalid (sp?) ejection fraction  

50 exerwm: exercise wall (sp?) motion  

51 thal: 3 = normal; 6 = fixed defect; 7 = reversable 

defect  

52 thalsev: not used  

53 thalpul: not used  

54 earlobe: not used  

55 cmo: month of cardiac cath (sp?) (perhaps "call")  

56 cday: day of cardiac cath (sp?)  

57 cyr: year of cardiac cath (sp?)  

58 num: diagnosis of heart disease (angiographic 

disease status)  

      --Value 0: < 50% diameter narrowing  

      --Value 1: > 50% diameter narrowing  

      (in any major vessel: attributes 59 through 68 

are vessels)  

59 lmt  

60 ladprox  

61 laddist  

62 diag  

63 cxmain  

64 ramus  

65 om1  

66 om2  

67 rcaprox  

68 rcadist  

69 lvx1: not used  

70 lvx2: not used 

71 lvx3: not used  

72 lvx4: not used  

73 lvf: not used  

74 cathef: not used  

75 junk: not used  

76 name: last name of patient  

      (I replaced this with the dummy string "name")  

 
 

IV. EXPERIMENTAL RESULTS 

 

 

Table: 1   Data Sets Used 

 

 

 

 

Table: 2  Preprocessed Results-Cleveland Data Set 

 

PID FILTER WRAPPER 

1 12 13 

2 10 12 

3 11 7 

4 14 10 

5 11 13 

6 12 12 

7 22 15 

8 11 12 

9 11 10 

10 9 10 

 

Table: 3  Preprocessed Results-Hungarian Data Set 

 

PID FILTER WRAPPER 

1254 10 12 

1255 9 11 

1256 8 11 

1257 7 10 

1258 12 13 

1259 11 10 

1260 13 12 

1261 11 10 

1262 10 12 

1263 13 13 

S.No. DATA SET NAME NO. OF INSTANCES 

1 CLEVELAND 303 

2 HUNGARIAN 294 

3 SWITZERLAND 123 

4 LONG BEACH 200 
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Table: 4  Preprocessed Results-Swiz Data Set 

 

 

 

PID FILTER WRAPPER 

3001 11 6 

3002 10 8 

3003 11 9 

3004 8 11 

3005 9 10 

3006 10 11 

3007 10 11 

3008 12 11 

3009 11 11 

3010 11 10 

 

 

 

 

Table: 5  Preprocessed Results-Longbeach Data Set 

 

PID FILTER WRAPPER 

1 11 13 

2 10 8 

3 11 12 

4 13 11 

5 14 6 

6 12 9 

7 11 10 

8 12 10 

9 6 11 

10 11 14 

 

 

 

 

 

 

Table: 6  Prior Probability of Symptoms 

 

 

SYMP 

TOM 

ABSEN 

CE 

START 

ING 

MILD MODE 

RATE 

SERI 

OUS 

PAINLOC 0.3 0.4 0.6 0.7 0.9 

PAINEXER 0.1 0.4 0.7 0.85 0.89 

RELREST 0.2 0.34 0.4 0.7 0.8 

PNCADEN 0.1 0.43 0.5 0.6 0.7 

CP 0.3 0.2 0.3 0.4 0.8 

TRESTBPS 0.3 0.4 0.45 0.5 0.76 

HTN 0.2 0.2 0.4 0.5 0.7 

CHOL 0.3 0.3 0.5 0.6 0.778 

SMOKE 0.23 0.4 0.45 0.5 0.8 

CIGS 0.14 0.4 0.4 0.5 0.9 

YEARS 0.15 0.3 0.4 0.466 0.8 

FBS 0.16 0.2 0.3 0.4 0.7 

DM 0.3 0.3 0.4 0.5 0.888 

FAMHIST 0.3    0.333 0.388 0.5 0.677 

RESTECG 0.1 0.12 0.2 0.3 0.55 

EKGMO 0.2 0.3 0.4 0.5 0.6 

EKGDAY 0.3 0.3 0.4 0.488 0.7 

EKGYR 0.2 0.3 0.395 0.4 0.9 

DIG 0.23 O.3 0.35 0.455 0.8 

 

 

 

TABLE: 7  CLASSIFICATION RESULTS  

 

 
S.NO

. 

DATA SET ABSE

N 

CE 

STAR

T 

ING 

MIL

D 

MOD

E 

RATE 

SER

I 

OUS 

1 CLEVELAND 164 55 36 35 13 

2 HUNGARIAN 188 37 26 28 15 

3 SWITZERLAN

D 

8 48 32 30 5 

4 LONG BEACH 51 56 41 42 10 
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Figure:  1     Preprocessed Chart for Cleveland Data Set 

 

 

 

Figure: 2      Classification Chart for all Data Sets 

 

 

V.  CONCLUSIONS AND FUTURE 

WORK 

 

In the current work, input symptom values are 

preprocessed using filter and wrapper approach.  

Retained symptom values are used to classify 

cardiac patients in to five classes viz. Normal, 

Starting, Mild, Moderate and Serious.  Classified 

values determines severity of the cardiac disease.  

Future work represents Heuristic seed selection to 

increase classification accuracy over the supervised 

naïve Bayesian classification.  In this approach five 

seeds are selected for five classes.  Future work 

represents diagnosis of cardiac patients using the 

co-operative elaboration algorithm.  It uses contract 

net protocol that allows autonomy and sharing 

among the agents to solve all cardiac problems.  

Diagnosis results will be accurate in all conditions 

and then intelligent based decision support system is 

used to retrieve the patient information from the 

database. 
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Abstract—This paper presents a new method for extracting text 
region from the document images employing the combination of 
gray level co-occurrence matrices (GLCM) and artificial neural 
networks (ANN). We used GLCM features quantitatively to 
evaluate textural parameters and representations and to 
determine which parameter values and representations are best 
for extracting text region. The detection of text region is achieved 
by extracting the statistical features from the GLCM of the 
document image and these features are used as an input of neural 
network for classification. Experimental results show that our 
method gives better text extraction than other methods.  

Keywords-component;Document segmentation, GLCM, ANN, 
Haralick features 

I.  INTRODUCTION  
The extraction of textual information from document 

images provides many useful applications in document 
analysis and understanding, such as optical character 
recognition, document retrieval, and compression. To-date, 
many effective techniques have been developed for extracting 
characters from monochromatic document images. The 
document image segmentation is an important component in 
the document image understanding.  

An efficient and computationally fast method for 
segmenting text and graphics part of document images based 
on textural cues is presented in [1]. The segmentation method 
uses the notion of multi scale wavelet analysis and statistical 
pattern recognition. M band wavelets are used which 
decompose an image into M x M band pass channels. 
Information from the table of contents (TOC) pages can be 
extracted to use in  

document database for effective retrieval of the 
required pages. Fully automatic identification and 
segmentation of table of contents (TOC) page from scanned 
document is discussed in [2].  

Character segmentation is the first step of OCR 
system that seeks to decompose a document image into a 
sequence of sub images of individual character symbols. 
Segmentation of monochromatic document images into four 
classes are presented in [3]. They are background, photograph, 
text, and graph. Features used for classification are based on 

the distribution patterns of wavelet coefficients in high 
frequency bands.  
 Probabilistic latent semantic analysis (pLSA) model 
is presented in [4]. The pLSA model is originally developed 
for topic discovery in text analysis using “bag-of-words” 
document representation. The model is useful for image 
analysis by “bag-of-visual words” image representation. The 
performance of the method depends on the visual vocabulary 
generated by feature extraction from the document image. 
Kernel-based methods have demonstrated excellent 
performances in a variety of pattern recognition problems. The 
kernel-based methods and Gabor wavelet to the segmentation 
of document image is presented in [5]. The feature images are 
derived from Gabor filtered images. Taking the computational 
complexity into account, the sampled feature image is 
subjected to Spectral Clustering Algorithm (SCA). The 
clustering results serve as training samples to train a Support 
Vector Machine (SVM).    
 The steerable pyramid transform is presented in [6]. 
The features extracted from pyramid sub bands serve to locate 
and classify regions into text and non text in some noise 
infected, deformed, multilingual, multi script document 
images. These documents contain tabular structures, logos, 
stamps, handwritten text blocks, photos etc. A novel scheme 
for the extraction of textual areas of an image using globally 
matched wavelet filter is presented in [7]. A clustering based 
technique has been devised for estimating globally matched 
wavelet filters using a collection of ground truth images. This 
work extended to text extraction for the segmentation of 
document images into text, background, and picture 
components.  

A classical approach in the segmentation of 
Canonical Syllables of Telugu document images is proposed 
in [8]. The model consists of zone separation and component 
extraction phases as independent parts. The relation between 
zones and components is established in the segmentation 
process of canonical syllable. The segmentation efficiency of 
the proposed model is evaluated with respect to the canonical 
groups.  
 It [9] presents a new method for extracting characters 
from various real-life complex document images. It applies a  
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multi-plane segmentation technique to separate homogeneous 
objects including text blocks, non-text graphical objects, and 
background textures into individual object planes. It consists 
of two stages - automatic localized multilevel thresholding, 
and multi-plane region matching and assembling. Two novel 
approaches for document image segmentation are presented in 
[10]. In text line segmentation a Viterbi algorithm is proposed 
while an SVM-based metric is adopted to locate words in each 
text line. 
 Gray-level co-occurrence matrices (GLCM) to 
quantitatively evaluate textural parameters and representations 
and to determine which parameter values and representations 
are best for mapping sea ice texture. In addition, it [11] 
presents the three GLCM implementations and evaluated them 
by a supervised Bayesian classifier on sea ice textural 
contexts. Texture is one of the important characteristics used 
in identifying objects or region of interest in an image, 
whether the image to be a photomicrograph, an aerial 
photograph, or a satellite image. Some easily computable 
textural features are presented in [12]. 

II. METHODOLOGY 

A. GLCM 
Gray level co occurrence matrix (GLCM) is the basis for 

the Haralick texture features [12]. This matrix is square with 
dimension Ng, where Ng is the number of gray levels in the 
image. Element [i,j] of the matrix is generated by counting the 
number of times a pixel with value i is adjacent to a pixel with 
value j and then dividing the entire matrix by the total number 
of such comparisons made. Each entry is therefore considered 
to be the probability that a pixel with value i will be found 
adjacent to a pixel of value j. 
 

 

Since adjacency can be defined to occur in each of four 
directions in a 2D, square pixel image (horizontal, vertical, left 
and right diagonals as shown in Figure 1, four such matrices 
can be calculated. 
 

           

        

 
Figure: 1 Four directions of adjacency as defined for calculation of the 

Haralick texture features.  

The Haralick statistics are calculated for co-occurrence 
matrices generated using each of these directions of adjacency. 
In our proposed system, based on the gray level occurrence 
matrix, 10 features are selected for text extraction. 

B. ANN 
An artificial neuron is a computational model inspired in 

the natural neurons. Natural neurons receive signals through 
synapses located on the dendrites or membrane of the neuron. 
When the signals received are strong enough (surpass a certain 
threshold), the neuron is activated and emits a signal though 
the axon. This signal might be sent to another synapse, and 
might activate other neurons. The complexity of real neurons 
is highly abstracted when modeling artificial neurons. These 
basically consist of inputs (like synapses), which are 
multiplied by weights (strength of the respective signals), and 
then computed by a mathematical function which determines 
the activation of the neuron. Another function (which may be 
the identity) computes the output of the artificial neuron 
(sometimes in dependence of a certain threshold). ANNs 
combine artificial neurons in order to process information. 

A single layer network has severe restrictions the class of 
tasks that can be accomplished is very limited. The limitation 
is overcome by the two layer feed forward network. The 
central idea behind this solution is that the errors for the units 
of the hidden layer are determined by back propagating the 
errors of the units of the output layer. For this reason the 
method is often called the back propagation learning rule. 
Back propagation can also be considered as a generalization of 
the delta rule for nonlinear activation functions and multi layer 
networks. 

A feed forward network has a layered structure. Each layer 
consists of units which receive their input from units from a 
layer directly below and send their output to units in a layer 
directly above the unit. There are no connections within a layer. 
The Ni inputs are fed into the first layer of Nh,i hidden units. 
The input units are merely “fan out” units no processing takes 
place in these units. The activation of a hidden unit is a 
function Fi of the weighted inputs plus a bias. The output of the 
hidden units is distributed over the next layer of Nh,2 hidden 
units until the last layer of hidden units of which the outputs are 
fed into a layer of No output units as shown in Figure 2. In our 
proposed method a one input layer, two hidden layers and one 
output layer feed forward neural network is used. 

 

 

 

 

 

 

 

    Ni                                                                                                                No                               

                             Nh,m-1                 Nh,m-2              Nh,1       

Figure 2. A multi layer networks with m layers of input 

III. PROPOSED SYSTEM 
The block diagram of the proposed text extraction 

from document images is shown in Figure 3, where Figure 
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3(a) depicts the Feature Extraction Phase while classification 
Phase is shown in the Figure 3(b). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(i)  
                                    

                   
                  (a)                                         (b) 

 
Figure 3: Our Proposed Text extraction method 

(a) Feature Extraction Phase (b) Classification Phase 

A. Preprocessing 
Image pre-processing is the term for operations on images 

at the lowest level of abstraction. The aim of pre-processing is 
an improvement of the image data that suppresses undesired 
distortions or enhances some image features relevant for 
further processing and analysis task. First, the given document 
image is converted into gray scale image. Then Adaptive 
Histogram Equalization (AHE) is applied to enhance the 
contrast of the image. AHE computes the histogram of a local 
window centered at a given pixel to determine the mapping for 
that pixel, which provides a local contrast enhancement. 

B. Feature Extraction 
Feature extraction is an essential pre-processing step to 

pattern recognition and machine learning problems. It is often 
decomposed into feature construction and feature selection. In 
our approach, GLCM features are used as a feature vector to 
extract the text region from the document images. In the 
following section gives the overview of feature extraction of 
the text region and the graphics /image part. 

The input to the feature extraction module is the document 
images having text and graphics/image part. A 20X20 non 
overlapping window is used to extract the features. The 
GLCM features are extracted from the text region and the 
graphics parts and stored separately for training phase in the 
classifier stage.  

The following 10 GLCM features are selected for the 
feature extraction phase. Let be the  the entry in a 
normalized GLCM. The mean and standard deviations for thr 
rows and columns of the matrix are 

 

           

            

                                                         (2) 

 

N is the number of gray levels in the image. 

1) Contrast 
       To emphasize a large amount of contrast, create weights 

so that the calculation results in a larger figure when there is 
great contrast. 

 
                                                            (3)                 

                                                                    
 

When i and j are equal, the cell is on the diagonal and (i-j)  
=0. These values represent pixels entirely similar to their 
neighbor, so they are given a weight of 0. If i and j differ by 
1, there is a small contrast, and the weight is 1. If i and j 
differ by 2, contrast is increasing and the weight is 4. The 
weights continue to increase exponentially as (i-j) increases.  
2) Cluster prominence 
       Cluster Prominence, represents the peakedness or 

flatness of the graph of the co-occurrence matrix with respect 
to values near the mean value. 

 
 

                                                                                                           (4) 

 

 
3) Cluster Shade 

           Cluster Shade represents the lack of symmetry in an 
image and is defined by (5).  

 
                                                                                                (5) 

 
 

4) Dissimilarity 
           In the Contrast measure, weights increase exponentially 
(0, 1, 4, 9, etc.) as one moves away from the diagonal. 
However in the dissimilarity measure weights increase linearly 
(0, 1, 2,3  etc.).  

 
                                                                                                (6) 

 
 

5) Energy 
          Angular second moment (ASM) and Energy uses each 
Pij as a weight for itself. High values of ASM or Energy occur 
when the window is very orderly.  

 
              (7) 

 

 
          The square root of the ASM is sometimes used as a 
texture measure, and is called Energy.  
                                                                                  (8) 

Document Image 

Preprocessing 

GLCM Feature 
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6) Entropy 

Entropy is a notoriously difficult term to understand; 
the concept comes from thermodynamics. It refers to the 
quantity of energy that is permanently lost to heat ("chaos") 
every time a reaction or a physical transformation occurs. 
Entropy cannot be recovered to do useful work.  Because of 
this, the term is used in non technical speech to mean 
irremediable chaos or disorder. Also, as with ASM, the 
equation used to calculate physical entropy is very similar to 
the one used for the texture measure.  

 
                                                              (9) 

 
 

 
1) Maximum Propability 

 
                                                                                              (10) 

2) Sum Entropy 

 
                                                      (11) 

 

3) Difference variance 

 
                                                                                                         (12) 

 

4) Difference entropy 

 
              (13) 

 

 
In the classification stage, the extracted GLCM features are 
given to the two layers feed forward neural network to classify 
text and non text region.   

IV. EXPERIMENTAL RESULTS 
The performance of the proposed system is evaluated in this 

section.  A set of 50 document images are employed for 
experiments on performance evaluation of text extraction. 
These test images are scanned from the newspapers and 
magazines. They are transformed into gray scale images and 
preprocessed by adaptive histogram equalization for feature 
extraction. Document image and the text extracted from the 
given input image are shown in Figure 4(a), 5(a) and 4(b),5(b) 
respectively.  

 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
    

                                             
Figure 4: (a) Input image 

       
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 4: (b) Segmented Result 

 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5: (a) Input Image 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5: (b) Segmented Result 
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In table 1, we present the feature vector for text samples of 

20x20 windows and Figure 6. Shows the Pictorial 
representations of feature set for sample text regions. In table 
2, we present the feature vector for non text samples of 20x20 
windows and Figure 7 Shows the Pictorial representations of 
feature set for sample non text regions.                

TABLE I.  FEATURE SET FOR TEXT REGION SAMPLES 

 
Feature 

set 
 
 

Sample 
Text 1 

Sample 
Text 2 

Sample 
Text 3 

Sample 
Text 4 

    

F1 4.6819 5.9833 4.9583 5.6819 
F2 227.69 254.88 222.69 191.23 
F3 -25.84 -24.57 -23.46 -18.05 
F4 1.2986 1.5277 1.3333 1.5652 
F5 0.2308 0.1573 0.2210 0.1274 
F6 2.5679 2.8408 2.6287 2.9532 
F7 0.4694 0.3777 0.4597 0.3319 
F8 1.8594 2.0552 1.8912 2.0778 
F9 1.8594 5.9833 4.9583 5.6819 
F10 1.4964 1.5856 1.4843 1.6306 

 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6: Pictorial representations of feature set for  
 Sample text regions 

TABLE II.  FEATURE SET FOR NON TEXT REGION SAMPLES 

 
 

Feature 
set 

 
 

Sample 
non Text 

1 

Sample 
non Text 

2 

Sample 
non Text 

3 

Sample 
non  Text 

4 
    

F1 0.8333 3.9083 1.1416 2.7263 

F2 35.725 64.613 27.882 88.857 

F3 -6.3919 1.1596 3.0661 -2.0649 

F4 0.4305 1.5611 0.6833 1.2152 

F5 0.4239 0.0335 0.1259 0.0560 

F6 1.5641 3.5657 2.3313 3.2723 

F7 0.6361 0.0611 0.2236 0.1166 

F8 1.2107 2.2177 1.6982 2.1497 

F9 0.8333 3.9083 1.1416 2.7263 

F10 0.8674 1.5356 1.0457 1.3863 

 

 

 

 

 

 

 
 

Figure 7: Pictorial representations of feature set for sample  

Non text regions 

V. CONCLUSION 
In this paper, we have presented a novel technique for 

extracting the text part based on feed forward neural network 
by using GLCM. The GLCM features are serving as training 
samples to train the neural network. The performance depends 
on the representation generated by feature extraction from the 
images. The experimental results indicate the proposed 
algorithm can effectively process a variety of document 
images with fonts, structures and components. When the 
method is used to select engines for document image 
recognition, it is preferable that the computation time is much 
faster with minimal error rate. 
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