
Volume 3, Issue 3(8), March 2014 
International Journal of Multidisciplinary 

Educational Research 
 

 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 

 
 
 
 
 
 
 
 
Published by 
Sucharitha Publications 
Visakhapatnam – 530 017 
Andhra Pradesh – India 
Email: victorphilosophy@gmail.com 
website : www.ijmer.in  



  



Editorial Board 
Editor-in-Chief 
Dr. Victor Babu Koppula 
Faculty 
Department of Philosophy  
Andhra University – Visakhapatnam -530 003 
Andhra Pradesh – India 
 

EDITORIAL BOARD MEMBERS 
 
Prof. S.Mahendra Dev 
Vice Chancellor 
Indira Gandhi Institute of Development Research 
Mumbai 
 
Prof.Y.C. Simhadri 
Director 
Institute of Constitutional and Parlimentary  
Studies, New Delhi & Formerly Vice Chancellor of  
Benaras Hindu University, Andhra University  
Nagarjuna University, Patna University 
 
Prof. (Dr.) Sohan Raj Tater  
Former Vice Chancellor 
Singhania University ,  Rajasthan 
 
Prof.K.Sreerama Murty 
Department of Economics 
Andhra University - Visakhapatnam 
 
Prof. K.R.Rajani 
Department of Philosophy  
Andhra University – Visakhapatnam   
Prof. A.B.S.V.Rangarao 
Department of Social Work  
Andhra University – Visakhapatnam  
Prof.S.Prasanna Sree 
Department of English  
Andhra University – Visakhapatnam  
 
Prof. P.Sivunnaidu  
Department of  History   
Andhra University – Visakhapatnam  
Prof. P.D.Satya Paul 
Department of Anthropology   
Andhra University – Visakhapatnam  
 
Prof.  Josef HÖCHTL 
Department of Political Economy  
University of Vienna, Vienna & 
Ex. Member of the Austrian Parliament, Austria 
 
Prof. Alexander Chumakov 
Chair of Philosophy Department  
Russian Philosophical Society                   
Moscow, Russia                           
 
Prof. Fidel Gutierrez Vivanco 
Founder and President  
Escuela Virtual de Asesoría Filosófica 
Lima Peru 
 
Prof. Igor Kondrashin 
The Member of The Russian Philosophical Society 
The Russian Humanist Society and  Expert of the 
UNESCO, Moscow, Russia      
 
 

Dr. Zoran Vujisiæ 
Rector 
St. Gregory Nazianzen Orthodox Institute  
Universidad Rural de Guatemala, GT,U.S.A 
                     
Swami Maheshwarananda 
Founder and President  
Shree Vishwa Deep Gurukul  
Swami Maheshwarananda Ashram Education & 
Research Center  
Rajasthan, India 
 
Dr. Momin Mohamed Naser 
Department of Geography  
Institute of Arab Research and Studies 
Cairo University, Egypt 
 
I KETUT DONDER 
Depasar State Institute of Hindu Dharma 
Indonesia 
 
Prof. Roger Wiemers 
Professor of Education 
Lipscomb University, Nashville, USA 
 
Prof. G.Veerraju  
Department of Philosophy  
Andhra University 
Visakhapatnam   
Prof.G.Subhakar 
Department of Education   
Andhra University, Visakhapatnam  
 
Dr.B.S.N.Murthy 
Department of Mechanical Engineering 
GITAM University –Visakhapatnam  
 
N.Suryanarayana (Dhanam) 
Department of Philosophy  
Andhra University, 
Visakhapatnam   
Dr.Ch.Prema Kumar 
Department of Philosophy  
Andhra University, 
Visakhapatnam  
 
Dr.E. Ashok 
Department of Education  
North- Eastern Hill University, Shillong  
 
Dr.K.Chaitanya  
Postdoctoral Research Fellow 
Department of Chemistry 
Nanjing University of Science and Technology 
People’s Republic of China 
 
 
 



Dr.Merina Islam  
Department of Philosophy  
Cachar College, Assam 
 
 
Dr R Dhanuja 
PSG College of Arts & Science 
Coimbatore 
 
Dr. Bipasha Sinha 
S. S. Jalan Girls’ College 
University of Calcutta 
Calcutta 
 
 
 

Dr. K. John Babu 
Department of Journalism & Mass Comm 
Central University of Kashmir, Kashmir 
 
Dr. H.N. Vidya 
Governement Arts College  
Hassan, Karnataka 
 
Dr.Ton Quang Cuong 
Dean of Faculty of Teacher Education  
University of Education, VNU, Hanoi 
 
Prof. Chanakya Kumar 
University of Pune 
PUNE 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

© Editor-in-Chief, IJMER  
Typeset and Printed in India 

www.ijmer.in 
 
 
 
 
 

 
IJMER, Journal of Multidisciplinary Educational Research, concentrates 
on critical and creative research in multidisciplinary traditions. This 
journal seeks to promote original research and cultivate a fruitful dialogue 
between old and new thought.  



Volume 3    Issue 3(8)   March 2014 

S.No  Page 

1.  Web Knowledge Personalization Based on Ontology Model 

Apoorva A. Andhare and Nikita V.Mahajan 

1 

2.  Imbalanced Data Handled Using Filtereing and Classificatin 
Technique 

Priyanka U.Kekre and Sonali U.Nimbhorkar 

9 

3.  Analysis of The Effect of Beacon Order and Superframe Order 
Value on Beacon-Enabled IEEE 802.15.4 

Ganesh V. Awati and Dr.N.S.V.Shet 

16 

4.  Identification and Retrieval of Content Information from 
Structured and Semi Structured Web Pages 

Hemlata Kardas  and Dr. Akhil Khare 

20 

5.  Digital Video Watermarking Based on Quantization Index 
Modulation 

Shilpa P. Metkar and  Bhakti D. Kadam 

24 

6.  A Novel Technique for Embedding Watermark in HTML 
Document 

Jaiswal Raj J ,Patil Nitin N. and Ranu Soni 

30 

7.  Generalized Feed Forward Neural Network for Detection of 
Diabetic Retinopathy in Retinal Images 

Amol P. Bhatkar and  Dr. G. U. Kharat 

34 

8.  Generic OO Moduling and Quality Profiling – An Integrated 
Approach 

Priyanka Bhatewara Jain and  Dr. Akhil Khare 

40 

9.  Sketch Based Image Retrieval System Using Integrated EHD And 
HOG 

Miss. Asmita A. Desai and Mrs. Aparna S. Shinde 

44 

10.  Enhance Usability of Normal user Behaviour by Defining New 
Tehcnique for Geoinformation in Geosemantic Framework 

Abhiijt Manepatil and Prof. P.R.Barapatre 

48 

11.  Classification EEG Signals at Different Mental States Using AR 
Modeling Techniques 

Dr.Angal Y.S. and Deokar S.B. 

55 

12.  Remote Linux Installation Server 

Ms. Sandhyarani B Hulage and Ms. Mayura K Phadnis 

59 

13.  NIRCA: Network Intrusion Recognition and Countermeasure 
Assortment in Cloud Security 

Anil B. Pawar and Geetika Narang 

64 



14.  Speech Control of Teleoperated Mobile Humanoid Soldier 

Apurv Bhure, Pratik Bhartia ,Uday Bhanage and 
Prof.S.K.Kulkarni 

69 

15.  Designing Vision-Based Driver Fatigue Detection System in 
Vanets using Clustering 

Ms. Amruta. P Kamdi, Prof. Ashish. Sambare  
and  Ms. V. N. Katkar 

73 

16.  Parallel new Eclat Algorithm for Frequent Itemset Mining on 
CPU-GPU co-operative Environment 

Sarika S.Kadam and S.Deshmukh 

77 

17.  Compress-and-Forward Relaying with Polar Codes for LTE-A 
System 

L. Nithyanandan and N. Madhusudhanan 

83 

18.  On Delay Adjustment with Reduced Communication Latency in 
Distributed Virtual Environments 

Mr. Tushar A. Raut and Prof. Sudarshan S. Deshmukh 

88 

19.  Robust Blind RDWT-DCT based Color Image Watermarking 
Scheme 

Ms. Shailaja Deshmukh and  Prof. Sukhwinder Kaur 
Bhatia 

94 

20.  Two -Dimensional Graphical Representations for IUPAC Name 
using Syntax-Directed Translation 

Ms. Snehal H. Chaflekar and Ms. Mukta D. Khirwadkar 

100 

21.  A Survey on Facial Feature Extraction Techniques for Face 
Recognition 

Nehal Patel and Robinson Macwan 

103 

22.  Execution of Scatternets Using DSR Protocol for Bluetooth 
Network 

Sandeep Pawer,Bharatratna P.Gaikwad,Mukti Jadhav 
and Yogesh Rajput 

108 

23.  Handwritten Arabic Word Recognition using Zernike Moments 
and DCT Features 

Sanobar Khan and  Prof. Vanita Mane 

114 

24.  A Soft Computing Approach for Reactive Power Management in a 

Wind-Diesel-PV Hybrid System 

Asit Mohanty  and Meera Viswavandya 

120 

  



 

 
 

Editorial …….. 

Provoking fresh thinking is certainly becoming the prime purpose of International 

Journal of Multidisciplinary Educational Research (IJMER). The new world era we have 

entered with enormous contradictions is demanding a unique understanding to face 

challenges. IJMER’s contents are overwhelmingly contributor, distinctive and are creating 

the right balance for its readers with its varied knowledge.  

We are happy to inform you that IJMER got the high Impact Factor 2.735, 

Index Copernicus Value 5.16 and IJMER is listed and indexed in 34 popular 

indexed organizations in the world. This academic achievement of IJMER is only 

author’s contribution in the past issues. I hope this journey of IJMER more benefit to 

future academic world. 

In the present issue, we have taken up details of multidisciplinary issues discussed 

in academic circles. There are well written articles covering a wide range of issues that are 

thought provoking as well as significant in the contemporary research world.  

My thanks to the Members of the Editorial Board, to the readers, and in particular 

I sincerely recognize the efforts of the subscribers of articles. The journal thus receives its 

recognition from the rich contribution of assorted research papers presented by the 

experienced scholars and the implied commitment is generating the vision envisaged and 

that is spreading knowledge. I am happy to note that the readers are benefited. 

 My personal thanks to one and all. 

 

 

 

(Dr.Victor Babu Koppula) 

  



 



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

1 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

2 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

3 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

4 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

5 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

6 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

7 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

8 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

9 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

10 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

11 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

12 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

13 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

14 International Journal of Multidisciplinary Educational Research



IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

15 International Journal of Multidisciplinary Educational Research



Analysis of The Effect of Beacon Order and Superframe Order Value on  

Beacon-Enabled IEEE 802.15.4  

                           Ganesh V. Awati  

Department of Electronics and Communications 

National Institute of Technology Karnataka, 

Surathkal, Mangalore, India 

ganeshawati24@gmail.com 

Dr.N.S.V.Shet 

Associate Professor  

Department of Electronics and Communications 

National Institute of Technology Karnataka, 

Surathkal, Mangalore, India  

shet@nitk.ac.in 

 
Abstract—Superframe order value and beacon order value on 

IEEE 802.15.4 protocol determines the number of data packets 

that can be transmitted in each Superframe and also the length 

of the inactive period in each Superframe. This study uses 

NetSim simulation to analyze the impact of Beacon Order 

value and Superframe Order value to the performance of 

wireless networks based on IEEE 802.15.4 protocol. The 

performances of the network which have been evaluated are 

the average throughput and average delay. The impact of 

Beacon order is varied and Superframe order is fixed and 

Superframe order is varied and Beacon order is fixed is 
analyzed. 

Keywords-Superframe order, Beacon order, Beacon-enabled 

IEEE 802.15.4 

I.  INTRODUCTION  

The IEEE 802.15.4 standard [1] is originally designed for 

low rate wireless personal area networks. Its application in 

the fields of wireless sensor networks expand and diversify 

to include several application features. In fact, IEEE 

802.15.4 defines the characteristics of the physical and data 

link layers for Low Rate Wireless Personal Area Network 
(LR-WPAN). The standard allows the interconnection of 

wireless devices with low autonomy (battery powered) and 

does not require high bit rate. Two different device types 

can participate in IEEE 802.15.4 networks: full-function 

device (FFD) and reduced-function device (RFD). A 

personal area network (PAN) coordinator can be operated as 

FFD. Communication is established between the central 

PAN coordinator and the neighbor nodes with the help of a 

router [9]. IEEE 802.15.4 network can operate in beacon-

enabled mode or non-beacon enabled [2] mode. 

In beacon-enabled mode, Superframe is use for 
transmission of data packets on IEEE 802.15.4 standard 

[11]. Superframe is period of time between two consecutive 

beacons. Beacon is a sign being sent from a wireless node to 

another wireless node that is within its radio transmission 

range. Use of beacon signal is to synchronize the device, 

identify the Personal Area Network (PAN) and describe the 

Superframe structure. Superframe is divided into active 

period and inactive period. In inactive period node does not 

do anything. In active period it performs the process of 

connecting with other nodes and data transmission. The 

width of the active period depends on the Superframe order. 

The greater the Superframe order on the same beacon 
interval it will increase the width of the active period and 

vice versa. The effect of the value of Beacon order and 

Superframe order on the performance of network will be 

examined in this study using NetSim simulator.  

II. THE SUPERFRAME STRUCTURET 

 The structure of Superframe is determined by the 

PAN coordinator [8]. The coordinator can also switch off 

the use of a superframe by not transmitting the beacons. The 

superframe duration is divided into 16 concurrent slots. The 

beacon is transmitted in the first slot. The remaining part of 

the superframe duration can be described by the terms, 

CAP, CFP and Inactive. The superframe is used to provide 
vital statistics like synchronization, identifying the PAN and 

the superframe structure, to the devices connected in a 

Wireless PAN. This information is critical for the operation 

of the PAN in a Beacon enabled network [5-6] [12]. 

 

 
Fig 1. Superframe structure 

 

 Contention Access Period (CAP) is the time 

duration in symbols during which the devices can compete 

with each other to access the channel using CSMA-CA [13] 

and transmit the data. Contention Free Period/Guaranteed 

Time Slots (GTS) is the time duration for which certain 

low-latency application devices are given exclusive rights 

over the channel and the devices can directly start 
transmitting the data. There can as many as 7 slots assigned 

for GTS transmissions. These transmissions start 

immediately after the contention access period. Inactive 

Period is the time period during which the coordinator goes 
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to a power save mode and it would not interact with the 

PAN. Therefore, during this time, there will be no beacon 

transmissions. This implies that the devices also go to sleep 

mode for this duration. Superframe Duration is the total 

time duration of the CAP, CFP (GTS) and a Beacon. The 

Superframe duration doesn’t include the inactive period [1] 
[4]. 

 Synchronization is key for better throughput in the 

network. Every device in the network when ready to 

transmit data should compete for the channel. But to 

compete for the channel, they should know when the 

contention access periods start. And this is what the 

superframe structure or truly, the beacon transmission does. 

This information is embedded into the beacon, and the 

device receiving the beacon can extract this information and 

get ready to compete for the channel. Similarly is the case 

when a device wants to exclusively transmit in the GTS 

mode. It is the coordinator that would assign a device access 
to the GTS. 

 The structure of the superframe is determined by 

two parameters [5]. The Superframe Order (SO) and the 

Beacon Order (BO). The superframe order is the variable 

which is used to determine the length of the superframe 

duration. Similarly the Beacon Interval is determined by the 

variable BO. 
1 ≤ SO≤ 15 

1 ≤ BO≤ 15 

 For BO=15 shall indicate that there are no beacon 

transmissions [1]. Also for SO = BO, the beacon interval is 

same as the superframe duration indicating there is no 

inactive portion. Similarly, when BO is greater than SO, 

indicates there is an inactive portion present in the 

superframe.The beacon interval and the superframe duration   

given by following formulae. BO and SO are also use to 

define Duty cycle [7]. 

                      BI = aBaseSuperFrameDuration × 2BO 

                                 SD = aBaseSuperframeDuration × 2SO                  

                      Duty cycle = 2SO-BO 

Inactive part of superframe =  

                            aBaseSuperFrameDuration × ( 2BO  -  2SO ) 

 

III. SIMULATION SETUP 

 Many researchers analyzed IEEE 802.15.4 using 

different simulator. In this paper  IEEE 802.15.4 is analyzed 

using NetSim. There is one PAN coordinator and remaining 

FFDs are appointed as coordinator. The devices are 

deployed in a way such that there are no hidden devices in 

the network. There are four nodes and a PAN coordinator in 

the network. Transmission is point to point. Clear Channel 

Assessment mode is carrier sense only. The parameters 

which varied are BO and SO. The environmental properties 

are set as no path loss. Other PAN coordinator parameters 

are taken as default values. The simulation setup description 

is shown in Table1. After obtaining the simulation results 

the parameters Throughput and delay are analyzed. 

A.   Throughput 

      It is defined as an information in bit which is received 

successfully by the destination in an average time. Its unit is 

bps. 

B.    End to End delay 

It is the time elapsed when packet is sent from the source 

node and is successfully received by the destination node. It 

includes delays as delay for route discovery, propagation 

time, data transfer time and intermediate queuing delay. 

 

TABLE 1 

 

Parameter Value 

Channel frequency 2.4GHz 

Simulation time 100 seconds 

MAC protocol MAC 802.15.4 

Physical layer protocol PHY 802.15.4 

Traffic Type  Data 

Transmission Point to point 

Service type CBR 

Mean Inter Arrival Time 20000 Micro sec 

ACK request Enabled 

Application data type 1472 Bytes 

BO (variation) 1,2,3,4,5 

SO (variation) 1,2,3,4,5 

Retry limit 7 

Receiver Sensitivity -85dbm 

ED threshold -95dbm 

Transmitter power  100mw 

Transmitter range 100m 

  

IV. RESULTS AND DISCUSSION 

 The performance analysis of a wireless network 

can be viewed through an average throughput of the 
network and average delay. 

A. Beacon Order is varied and Superfrme Order is fixed. 

 In this case SO is set to 1. In Fig 2, Throughput is 
shown against Beacon Order. As the BO increase throughput 
is observed to be decreased. This happens because the larger 
values of the beacon order on the fixed superframe order 
cause the inactive duration of the node increase. The inactive 
duration of the node is the duration in which the node cannot 
transmit the packets. And hence greater the inactive period of 
the node greater will be the delay and it causes decrease in 
throughput.  
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Fig 2 Throughput vs BO 

 
In Fig 3, Delay is shown against BO. Higher delay is 

observed for larger values of BO. This is due to larger value 
of BO causes longer inactive period, which may cause the 
buffered packets to experence a longer sleeping delay. And 
hence  as BO increases, inactive period increases and delay 
increases. 

 
Fig 3 Delay vs BO 

B. Superframe order is varied and Beacon Order is fixed. 

 In this BO is set to 5. In Fig 4, Throughput is 

shown against Superframe Order. As the Superframe Order 

increases Throughput is observed to be increased. This is 
because larger number of superframe order means larger 

active period of superframe duration and hence the packet 

transmission is more due to which throughput is more. 

 

 
Fig 4 Throughput vs SO 

 In Fig 5, Delay is shown against SO. Higher delay 

is observed for lower values of SO. As the superframe order 

is low active period is less and node will be in sleeping 

mode for long time. Due to this delay is high for small 

values of SO. 

 

 
Fig 5 Delay vs SO 

 

V. CONCLUTION   

 This paper presented a performance evaluation of 

Beacon-enable IEEE 802.15.4 standard. The network 

parameters throughput and delay are examined. These 

network parameters are analyzed with respect to some 

important and variable protocol parameters as beacon order 

and superframe order. The analysis of simulation results 

provides that as BO increases the performance of IEEE 

802.15.4 gets degraded and as the SO increases the 

performance of IEEE 802.15.4 gets better.  
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Abstract: The web page is repository of 

information having large amount of data in 

various formats. This makes difficult to user to get 

relevant information from it. It must be satisfy the 

user need while retrieval of information. Hence 

there is necessity of flexible system that converts 

the web information to user friendly form. This 

can be done using various methodologies by 

processing the web page structure like entropy 

value computation, DOM tree construction, 

Content extraction which makes easy to user to 

search the relevant data which deals with various 

methods for processing the web page data by 

certain set of computations and algorithms. It also 

uses the wrapper systems based on information 

extraction (IE) or wrapper extraction system like 

manually constructed system, supervised and 

unsupervised system and semi supervised system. 

Depends on the type of system user can get 

relevant data from web page through constructing 

wrapper. 

Keywords: Entropy, Tag ratio, DOM tree, 

Context structure tree, Content extraction, 

Wrapper system. 

I. INTRODUCTION: 

The Web is perhaps the single largest data source 

in the world .The coverage of Web information is 

very wide and diverse. It has information which is 

of type required information by the user. Basically, 

the user interacting with the web pages for 

achieving his required information, which  causes 

difficulty to WWW to identify  actual contents  

from web pages. The rapid expansion of the 

Internet has made Web a popular place for 

disseminating and collecting information. Hence 

there is need of providing some techniques or 

methodology and information extraction (IE) tools 

by user to make easy of  gathering relevant data[5] 

.This paper deals with the extraction of data based 

on entropy value computation of features of data[1] 

and tag ratio calculations [4]for actual contents 

based on algorithm[5]. Obtaining the tree format of 

web pages and applying content extraction 

algorithm on it causes easy retrieval of data. This 

paper also has IE tools based on wrapper 

generation which provides the structured data 

format. It uses program that performs task of 

extraction is called as wrapper [6]. In the case 

where the information source is a Web server, a 

wrapper must query the Web server to collect the 

resulting pages via HTTP protocols, perform 

information extraction to extract the contents in the 

HTML documents, and finally integrate with other 

data sources. Among the three procedures, 

information extraction has received most attentions 

and some use wrappers to denote extractor 

programs. Therefore, we use the terms extractors 

and wrappers interchangeably. This technique is 

known as wrapper induction or information 

extraction which has capability to deal with semi 

structured documents for retrieval of actual data. 

This IE system processes the NLP data documents 

also for retrieval of data. 

 

II. APPROACHES USED FOR WEB 

PAGE INFORMATION 

RETRIEVAL: 

 

1.  Discovering Informative Content Blocks by 

calculating entropy value of features : 
Here in this technique first a page is 

partitioned into several blocks according to HTML 

tag <TABLE> in a Web page. After getting the 

blocks, features of each block are extracted. Here 

the feature corresponds to meaningful keywords 

except the stop words. Based on the occurrence of 

the features in the set of pages, the method 

calculates entropy value of each feature. According 

to the entropy value of each feature in a block, the 

entropy value of the block is defined. By analyzing 

the information measure, a method is proposed to 

dynamically select the entropy-threshold that 

partitions blocks into either content or non content. 

Content blocks are distinguished parts of the page, 

whereas non content blocks are common parts. 

Here the focus is on the problem of intra-page 

redundancy instead of the inter -page redundancy. 

This method is feasible to discover content blocks 

from web pages of the same site i.e the page 
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clusters. The limitation of this method is that it is 

based on assumption of knowing the page clusters 

[1] [7]. 

 

2. Compressed Structure Tree (CST) 
Web pages contains large amount of information 

that is not the part of main contents of the page. 

Such irrelevant information in web page is called 

as Web Page Noise which can seriously harm web 

mining. This method proposes a novel feature 

weighting technique to deal with Web page noise 

to enhance Web mining. This cleaning technique is 

based on analysis of both layouts (structures) and 

contents of the Web pages in a given Web site. 

Thus firstly the method proposes a new data 

structure to capture and to represent common 

layouts or presentation styles in a set of pages of 

the Web site. This data structure is compressed 

structure tree (CST) . It then uses an information 

based measure to evaluate the importance of each 

node in the compressed structure tree. Based on the 

tree and its node importance values, the  method 

assigns a weight to each word feature in its content 

block. The resulting weights are used in Web 

mining. The method does not decide and physically 

remove the noisy blocks of a page. Instead, it 

assigns low weights to the features in those 

possibly noisy blocks. The advantage of this  

method is that there is no need to use a threshold to 

determine whether a block is noisy or not.[3] 

 

3. CETR-Content Extraction via Tag Ratios 
 CETR Algorithm: To design this 

algorithm they used style sheets and <div> or 

<span> tags for structural information. In the 

CETR algorithm it construct a tag ratio (TR) array 

with the contention that for each line in the array, 

the higher the tag ratio is for the line the more is 

the content-text within the HTML document which 

is represented as histogram. Tag Ratios (TRs) are 

the basis by which CETR analyzes a webpage in 

preparation for clustering. TRs, essentially, are the 

ratios of the count of non-HTML-tag characters to 

the count of HTML-tags per line. Before 

computing TR ratio script, remark and style tags 

are removed from the HTML document because 

this information would be treated as non-tag text by 

the algorithm and likely skew the results. Empty 

lines are also removed because their inclusion 

would potentially hinder the performance of the 

clustering procedure [4]. 

Example 1.  If Html page has following data: 

1. <div id="topnav"> 

3. <div id="author">James Smith</div> 

4. OKLAHOMA CITY - Police were told that. . . 

5. . . . The Oklahoman reported Sunday. <br><br> 

Jones had. . . 

 

4. Content-Extractor Algorithm  
To design content-extractor algorithm it uses 

the predefined ordered set of tags started with 

<TABLE>. Similar blocks across different web 

pages obtained from different web sites can also be 

identified using this algorithm. In a table occurring 

in a web page, each cell is considered as a block. 

Where tables are not available, blocks can be 

identified by partitioning a web page into sections 

that are coherent. Many times news articles written 

by global news agencies appear in many news 

papers. User wants only one of these several copies 

of articles. These copies of articles differ only in 

their non-content blocks, so by separating non-

content blocks from content blocks these same 

copies can be identified. As only unique articles are 

returned this will improve search results. Content 

block can be identified based on the appearance of 

the same block in multiple web pages. The 

algorithm first partitions the web page into blocks 

based on different HTML tags. The algorithm then 

classifies each block as either a content block or a 

non-content block. The algorithm compares a 

block, B, with the stored block to check whether it 

is similar to a stored one, if so then it is not 

necessary to store that block again. A block or 

web-page block B is a portion of a webpage 

enclosed within an open-tag and its matching close 

tag. The open and close tags belong to an ordered 

tag-set T that includes tags like<TABLE>, <TR>, 

<P>, <HR>, and <UL>. <TABLE> comes as the 

first tag in that list. The order of the tags is based 

on the observations of webpage design. For 

example, <TABLE> comes as the first partitioning 

tag since more instances of <UL> in <TR> <TD> 

which are sub-element of <TABLE>, than 

<TABLE>s coming inside <LI>. Algorithm 

partitions a web-page into blocks, based on the first 

tag in the list. It continues sub-partitioning the 

already-identified blocks based on the next tags in 

the list. Blocks may include other smaller blocks, 

and have features like text, images, applets, 

JavaScript, etc. Most, but not all, features are 

associated with their respective standard tags. For 

example, an image is always associated with the 

tag <IMG>. This algorithm eliminates redundant 

blocks depending upon the inverse block document 

frequency (IBDF) of a block. The IBDF is 

inversely proportional to the number of documents 

in which the block occurs. The blocks that occur in 

multiple pages are redundant blocks and block 

which appears in one page is a content block. To 

extract content block similarity between two blocks 

must be find out. For this block feature vectors of 

two blocks are used. These features are number of 

images, number of terms etc. If a feature is present 

in a block then its corresponding entry in the 

feature vector is one otherwise it is zero. Two 

blocks are identical if the similarity feature 

between two bocks is greater than a threshold 

value. [5] 
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5. K-Maximum informative block 

mining 
In this technique the specific regions of a page 

that users are interested in are referred as 

informative blocks (or referred to as IB). The set of 

these blocks and corresponding connecting 

structures form the informative structure (or 

referred to as IS) of the page. This technique works 

with ISs of individual pages, called intra-page 

informative structure. This technique automatically 

extracts and recognizes ISs of each page in a Web 

site according to the knowledge in the tree 

structures of pages. In this, first the useful features 

are extracted from the information of the original 

DOM tree. These features can be classified into 

two types of information: node information and 

structure information. Next, the method aggregates 

the node information to build the Information 

Coverage Tree (ICT). According to the ICT, a 

greedy algorithm is devised, i.e., k-maximum 

informative block mining algorithm (k-MIB), to 

extract sub trees that contain richer information. 

They form the skeleton set of the IS of a page. 

For search engines and crawlers, the IS 

mined by this method is useful for indexing, 

extracting, and navigating significant information 

from a Web site [2] [8]. 

 

 

III. TOOLS USED FOR 

INFORMATION EXTRACTION 

BASED ON IE SYSTEM: 

 

 
Fig.1. General IE system 

The IE tools are derived based on the type of 

IE systems which are used to build wrapper for 

information extraction are of different categories 

like manually constructed IE system, supervised 

and unsupervised IE system , semi supervised 

system. The general IE system is shown in fig 1. 

Used for generating wrapper for text mining. 

1. Manually constructed IE system: Here user 

requires programming background like Perl for 

generating wrapper such system is used in 

TSIMMIS, Minerva, Web-OQL, W4F and 

XWRAP. 
� TSIMMIS : It constructs the manual wrapper 

by using input as set of commands like 

{variable, source, pattern} form having 

specification in file in terms of variable as  list 

of variables to be hold i.e. data of interest 

located on page &  source as input text & 

pattern as how to couple the data objects. Here 

‘*’ pattern is used to discard data while ‘#’ is 

used to save variables. TSSIMMIS outputs 

Object Exchange Model that has retrieved 

information with format. Basically TSSIMMIS 

gives two functions like split for dividing input 

elements to individual elements and case is to 

handle irregular structure [6]. 

 

2. Supervised IE system: It takes input as set 

web pages labeled with GUI to generate 

wrapper to reduce cost of wrapper generation 

such tools are SRV, RAPIER, WHISK, WIEN, 

STALKER, Soft Mealy, No Dose and DEByE. 

� SRV: It is top down relational algorithm which 

takes input as documents to tokenize it and 

using extraction rules it labels it by means of 

target extraction. These rules are logical which 

relay on features. The features are of two types 

one is simple which maps tokens to discrete 

values like length, character type, orthography 

and part of speech. And relational feature maps 

token to another token like contextual token to 

input tokens. As in given example if we want 

to rate score of it, will give single numerical 

word occurs in html list tag [6]. 

 

3. Semi supervised IE system: These systems 

are targeted for record-level extraction tasks. 

Since no extraction targets are specified for 

such systems, a GUI is required for users to 

specify the extraction targets after the learning 

phase. Thus, user’s supervision is involved. 

The systems are IEPAD,OLERA,Thresher. 

� Thresher: The GUI built here is in the 

Haystack browser. The user specifies semantic 

contents by highlighting them and labeling 

them. It uses DOM tree to create wrapper and 

this allows building the RDF classes and 

predicates to node of wrapper [6]. 

 

4. Un-supervised IE system: It do not use 

labeled target extraction and no user 

interaction for generating wrapper. It is used to 

generate record level and page level extraction. 

These are Dela,RoadRunner,Depta tools used 

in this system. 

� Roadrunner: RoadRunner encodes original 

database contents to HTML code by extract 

the data by deciding it. It generates the 

wrapper for set of HTML pages for HTML 

code. This system uses ACME method for 

comparison of HTML pages to generate 

wrapper. ACME does comparison of matched 

tokens and mismatched tokens based on string 

mismatching and tag mismatching. The 

RoadRunner uses UFRE (union free regular 

expression) for reducing complexities. This 

technique uses two modules like Classifier for 

analysis of pages for build them to same 
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clusters based on similarity and Labeler for 

finding attribute name for pages [6]. 

 
IV. CONCLUSION  

The paper concludes that the extraction of 

relevant data can be made possible and easier 

through set of processes, method or 

algorithms. The feasibility of extraction of 

information is based on characteristic of 

information extraction system also so as to use 

the proper tools to get proper information. The 

content is core part from user point of view so 

that the paper mentions the  proper algorithms 

should be used like computation of tag ratios 

to set of web pages makes possible to retrieve 

the relevant data. The content extraction 

algorithm can be used for retrieving actual 

content blocks from web pages reducing the 

irrelevant blocks using DOM tree. To reduce 

the unwanted data can use CST methods to 

build CST tree. The entropy value computation 

is based on the information measure. This 

paper also helps to build wrapper for 

information gathering for many types of IE 

systems. The IE systems are of different types 

like supervised and unsupervised IE system; 

Semi supervised IE system based on user need 

data like only textual, GUI based data or html 

format data etc. So, this system enables user to 

retrieve the data as per the methodology 

mentioned in the paper. 
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Abstract- Nowadays, due to advent in emerging technologies 

and networking services, it has become extremely important to 
protect and authenticate the digital data (images, audio and 
video) which is used for processing and distribution. A 
watermarking technique based on 3-D Discrete Cosine 
Transform (DCT) and Quantization Index Modulation (QIM) for 
video security, authentication and copyright protection is 
discussed in this paper. Video watermarking embeds a 
permanent message signal in a video sequence in order to protect 
the video from illegal copying. The presented watermarking 
algorithm works in frequency domain utilizing the concept of 
QIM. The binary watermark is transformed into its bit planes. 
The first four Most Significant Bit planes are extracted and 
embedded into video frames. Blind watermark extraction is 
adopted using Inverse QIM and Minimum Distance Decoder. The 
proposed algorithm is evaluated for robustness and various 
attacks like JPEG compression, noising, luminance modification, 
filtering and rotation.    

Keywords- Blind Watermark Extraction, Digital 
Watermarking, Minimum Distance Decoder, Discrete Cosine 
Transform (DCT), Quantization Index Modulation (QIM) 

 
I. INTRODUCTION 

 
Digital video is one of the popular multimedia data 

exchanged on the internet nowadays. Due to the rapid advent 
of networking services and internet, digital videos have 
become easily accessible and replicable. New emerging 
technologies are capable of producing illegal copies of video 
and making them available to people. Hence, it has become 
very necessary for creators and owners of the video to protect 
their copyright. Also, digital videos are very susceptible to 
attacks like frame dropping, frame averaging, filtering, 
noising, etc. In this context, digital watermarking provides 
most efficient solution to protect and authenticate any form of 
digital data and to prevent its unauthorized access. 
Watermarking protects digital data by embedding a permanent 
message signal i.e. watermarks into the host signal.   

Watermarks can be classified as visible and invisible. A 
visible watermark is a visible translucent image laid on the 
primary image. It holds right on the primary image allowing 
primary image to be viewed. Invisible watermark is overlaid 
image which cannot be seen but which can be algorithmically 
detected. Watermarking systems are of two types- blind and 
non-blind. Blind watermarking systems do not require original 
data at the detector side while non-blind systems require 
original data at the receiver. Here, we have proposed robust 
and blind video watermarking system. 

This paper is organized as follows. Section II briefs about 
literature survey for watermarking techniques. Section III 
explains watermark embedding and extraction process. 
Experimental results are discussed in Section IV. Section V 
concludes the paper. 

 
 

II. L ITERATURE SURVEY 
 
A number of watermarking techniques are proposed in 

li terature, which exploit different ways of embedding 
watermarks. These techniques can be classified as spatial 
domain and frequency domain [1]. The spatial domain 
watermarking techniques embed the watermark by modifying 
the pixel values of the host video frames directly. In transform 
domain technique, the watermark is inserted by altering the 
transformed domain coefficients. The inverse transform is 
finally applied to get watermarked domain. Discrete Cosine 
Transform (DCT), Discrete Wavelet Transform (DWT), and 
Discrete Frequency Transform (DFT) are the three methods of 
transform [2]. 

I. J. Cox et al presented a secure algorithm in which a 
watermark is constructed as an independent and identically 
distributed Gaussian random vector that is imperceptibly 
inserted in a spread-spectrum-like fashion into the perceptually 
most significant spectral components of the data [3]. C. T. Hsu 
and J. L. Wu proposed an image authentication technique by 
embedding digital “watermarks” into images. In this approach, 
watermark is embedded with visually recognizable patterns 
into the images by selectively modifying the middle-frequency 
parts of the image [4]. M. A. Suhail and M. S. Obaidat 
proposed a watermarking algorithm based on discrete cosine 
transform (DCT) and image segmentation. The image is first 
segmented in different portions based on the Voronoi diagram 
and feature extraction points. Then, a pseudorandom sequence 
of real numbers is embedded in the DCT domain of each 
image segment [5]. B. Chen and G. W. Warnell has considered 
the problem of embedding one signal (e.g. a digital 
watermark), within another “host” signal to form a third, 
“composite” signal. The embedding is designed to achieve 
efficient tradeoffs among the three conflicting goals of 
maximizing information-embedding rate, minimizing 
distortion between the host signal and composite signal, and 
maximizing the robustness of the embedding. They introduced 
new classes of embedding methods, termed quantization index 
modulation (QIM) and distortion-compensated QIM (DC-
QIM) and convenient realizations in the form of dither 
modulation. QIM is “provably good” against arbitrary 
bounded and fully informed attacks, and achieves provably 
better rate distortion-robustness tradeoffs than spread spectrum 
and low-bit(s) modulation methods [6].   
 

III. PROPOSED METHOD 
 
The proposed method works in uncompressed as well as 

compressed domain. The system block diagram is as shown in 
Fig. 1. The algorithm can be divided into three steps- 
Watermark Bit Stream Formation, Watermark Embedding and 
Watermark Extraction. 
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Fig. 1. System Block Diagram 
 

 
 
 
 

 
 

Fig. 2. Watermark Bit Stream Formation 
 

A. Watermark Bit Stream Formation: 
The original binary watermark image is transformed into 

its eight bit planes using bit plane slicing technique as each 
image pixel can be represented using 8 bits. The higher-order 
bits (especially the top four) contain the majority of the 
visually significant data. The other bit planes contribute to 
more subtle details in the image. Then, the first four most 
significant bit planes are separated and bit stream of ‘1’s and 
‘0’s is formed in order to embed the watermark into host video 
frames. The process of watermark bit stream formation is as 
shown in Fig. 2.    

 
B. Watermark Embedding: 
 
I. Pre-processing (Pseudo 3-D DCT)  

In the embedding process, first we take several successive 
raw frames as a group. In our approach, we take four frames as 
a group (GOP). Each frame in the group is divided into 8×8 
sized blocks. These blocks are transformed into DCT domain 
using 2-D DCT. Next, the DC value of each block located in 
the same position of successive frames for a group is 
transformed into DCT domain using 1-D DCT. This process is  
 

                                     
(a) Original Binary Watermark 

 

                                
     (b) Bit Plane 7    (c) Bit Plane 6      (d) Bit Plane 5      (e) Bit Plane 4 
 

Fig. 3. Watermark 1 and Extracted Bit Planes  
 

                                      
(a) Original Binary Watermark 

 

                                    
     (b) Bit Plane 7     (c) Bit Plane 6   (d) Bit Plane 5     (e) Bit Plane 4 

 
Fig. 4. Watermark 2 and Extracted Bit Planes  

 

 
known as pseudo 3-D DCT which reduces computation 
complexity [7]. After the transforming process, we obtain a 
new DC value and three AC values. The sum of all absolute 
AC values with weight is obtained using (1), 

                   �����, �	 = � ���, �, �	|����, �, �	|
�

���
                �1	 

where, �����, �	, ���, �, �	 and ����, �, �	 denote the sum of 
all AC values, the corresponding weight value, and the �th AC 
value corresponding to the �th block of successive frames 
within the �th group, respectively. By repeating the process for 
all the blocks, we get a sequence of sums for every block. 

 
II. Threshold Estimation: 

After computing �����, �	, we calculated the threshold ���	which is dependent on characteristics of video and 
number of bits to be embedded. The formula used for 
calculating the threshold is derived from the concept of 
probability distribution. Steps for the calculation of threshold 
are: 
1. Calculate the Mean and Standard Deviation of �����, �	. 
2. Apply the formula of Gaussian kernel to �����, �	as in (2), 
 

              ������, �	 = 1
√2��� � �!"#�$,%	 &	' �('⁄                 �2	 

where, µ=Mean  
            σ=Standard Deviation 
3. Calculate the probability of every ������, �	 value. 
4. Calculate the threshold probability. 

The threshold probability is calculated for each group 
considering the number of bits to be embedded in the group. 
The *+,-.ℎ��	 is calculated as per (3), 

 

*+,-.ℎ��	 = 1 − 1��-�+ ,� -�. ., -� ��-�22�2 �3 4 56*
1��-�+ ,� -�,7� �3 4 �+4��  

 (3) 
5. Calculate value of R using (4), 

                              *+,-.ℎ��	 ≥ � *+,-�., �	
9

:�;
                         �4	 

where, *+,-�., �	 denotes the probability value of ������, �	. 
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                      (a) Original Video Frames of                     (b) Original Watermark              (c) Watermarked Video Frames of            (d) Extracted Watermark 
                                            News                                                                                                               News 

 
Fig. 5. Result of Proposed Algorithm in Uncompressed Domain 

 

                                          
 
                        (a) Original Video Frames of               (b) Original Watermark             (c) Watermarked Video Frames of            (d) Extracted Watermark 
                                             Cars                                                                                                              Cars 

 
Fig. 6. Result of Proposed Algorithm in Compressed Domain 

 
6. Calculate the threshold ���	using (5), 
 

  ���	 = = + 512
= × �,A10 C512= D × �,A10�E4F����		       �5	 

where, E4F����	 is the maximum sum value in the �����, �	. 
 
III. Quantization Index Modulation: 

Once the threshold is calculated, we calculated the 
quotient G��, �	with the help of (6) and (7), 

 

         . = 1��-�+ ,� H�,7� �3 4 �+4��
1��-�+ ,� -�. ., -� ��-�22�2 �3 4 56*        �6	 

                       G��, �	 = +,�32 J�����, �	
. K                            �7	 

Next, utilize quantization index modulation to embed 
watermark bits [6], [8]. Here, we are using a simple case of 
QIM for embedding only one bit information using two 
quantizers G₀ and G₁. The embedded value determines the 
selection of quantizers with step size ∆. We have used the 
calculated threshold as ∆. The host signal is quantized using 
(8), (9) and (10). 
                           G��	 = G� − 2�	 + 2�,    � = 0,1                  �8	 

where,      G�	 =  P Q!
RS ,        2₀ =  −�P 4⁄ 	, 2₁ = �P 4⁄ 	 

If the watermark bit is 0, 

        G₀�	 = G� + P 4⁄ 	 − P 4⁄ = P T + P 4⁄
P U − P 4⁄     �9	 

 
If the watermark bit is 1, 

      G₁�	 = G� − P 4⁄ 	 + P 4⁄ = P T − P 4⁄
P U + P 4⁄    �10	 

where, ⌊.⌋ denotes rounding to the nearest integer.  

Modify G��, �	 to �,2G��, �	 using QIM. According to G��, �	 and watermark bit to be embedded, we modified �����, �	 to �,2���, �	as per (11) and (12), 
 �����, �	 = �����, �	   Yℎ�3 G��, �	� �Z�3 432 �� = 0                                               Yℎ�3 G��, �	� ,22 432 �� = 1 �����, �	 = ���[��, �	  Yℎ�3 G��, �	� �Z�3 432 �� = 1                                             Yℎ�3 G��, �	� ,22 432 �� = 0 
                                                                                              (11) 
Applying weights to modulate �����, �	, 
 

�,2���, �	 = � ���, �, �	|����, �, �	| + ����, �, �	\��, �	
�

 

                                                                                              (12)  
where, \��, �	 denotes the difference between �,2G��, �	 and G��, �	. ����, �, �	and ����, �, �	 denote the �th AC value of 
the �th block in the frames of �th group and the corresponding 
embedding weight respectively. By repeating the above 
procedure until all watermark bits are embedded, the 
embedding process is completed. 
 
C. Watermark Extraction: 

The extraction process is inverse of the embedding 
process. The watermarked video sequence is divided into 
several groups consisting of four frames in a group. Apply 
pseudo 3-D DCT to obtain a new DC and three AC values as 
done while embedding. Calculate the sum of AC values as ����F��, �	. Then, we computed the quotient G�F��, �	 using 
(13) as, 

                                G�F��, �	 = ����F��, �	
.                           �13	 

After computing G�F��, �	, watermark bits are extracted using 
inverse quantization index modulation. The detector used for 
QIM is Minimum Distance Detector. The signal detected is 
given by (14), 
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                                 ^[ 
 ^ > 3 
 �F > �	 > 3

The decoder needs to choose the nearest reconstruction 
point to the detected signal ^[. This is implemented according 
to minimum Euclidean distance rule. The decoded mess
is defined using (15), 

 �_ 
 4+A��3₀, ₁ ‖^[ 0 G�
By repeating the above procedure until all the bits are 

extracted, the extraction process is completed.
The extracted watermark bit stream gives the first four bit 

planes of binary watermark. We have to recombine them with 
the remaining four Least Significant Bit planes to reconstruct 
the watermark completely. 
 

IV. RESULTS 
 
A. Experimental Setup: 

We have used six videos (frame size 176
type in uncompressed domain and three videos (frame size 
320×240) in compressed domain for evaluating the 
performance. The 32 frames of each video for uncompressed 
domain and 16 frames of each video for compressed domain 
are used for embedding and extraction of watermark.

The binary watermarks used are of size 36×22 and 30×40 
for uncompressed and compressed domain testing.
original binary watermarks (watermark 1 and 2) and extracted 
bit planes are shown in Fig. 3 and Fig. 4 where (a) shows 
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Fig. 7. Results for JPEG Compression 
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Fig. 8. Results for Salt & Pepper Noise attack 

	 3                      �14	 
The decoder needs to choose the nearest reconstruction 

. This is implemented according 
to minimum Euclidean distance rule. The decoded message bit 

G��^′	‖             �15	 
By repeating the above procedure until all the bits are 

extracted, the extraction process is completed. 
The extracted watermark bit stream gives the first four bit 

nes of binary watermark. We have to recombine them with 
the remaining four Least Significant Bit planes to reconstruct 

We have used six videos (frame size 176×144) of QCIF 
domain and three videos (frame size 

240) in compressed domain for evaluating the 
performance. The 32 frames of each video for uncompressed 
domain and 16 frames of each video for compressed domain 
are used for embedding and extraction of watermark. 

binary watermarks used are of size 36×22 and 30×40 
for uncompressed and compressed domain testing. The 
original binary watermarks (watermark 1 and 2) and extracted 
bit planes are shown in Fig. 3 and Fig. 4 where (a) shows 

original binary watermark and (b),
planes 7, 6, 5 and 4 respectively.
 
B. Parameter Setting: 
In (1), the weights ���, �,
embedding weights ����, �, �	
1/3, 1/2 respectively. We have embedded 
group in uncompressed domain and 1200 bits in compressed 
domain. 
 
C. Performance Measure: 
 For measuring the performance, quality of watermarked 
frames and extracted watermark, we have used the following 
measures: 
 The PSNR and MSE judge the quality of watermarked 
video frames as compared to original video frames. The PSNR 
and MSE are calculated using (16) and (17),
 

                   *�1= 
 10�,A
255

E�b

                     E�b 

∑ |���, de,f

g
 
where, ���, d	 and A��, d	 denote  the original frame and 
watermarked frame. H and W denote the height and width of 
frames. 
 

60 70 80 90 100

0.004 0.006 0.008 0.01 0.02

 

 

original binary watermark and (b), (c), (d), (e) are extracted bit 
4 respectively. 

� �	, � 
 1,2,3 are set to 1. The 
	, � 
 1,2,3 in (12) are set to 1/6, 

1/3, 1/2 respectively. We have embedded 396 bits in each 
in uncompressed domain and 1200 bits in compressed 

For measuring the performance, quality of watermarked 
frames and extracted watermark, we have used the following 

The PSNR and MSE judge the quality of watermarked 
video frames as compared to original video frames. The PSNR 

d using (16) and (17), 

255 @ 255

E�b
                                   �16	 

� d	 0 A��, d	|�

@ �
                         �17	 

denote  the original frame and 
atermarked frame. H and W denote the height and width of 
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For measuring the robustness of extracted watermark, we 
have used normalized correlation given by (18), 

 

                             1� = ∑ ∑ ���, d	�h ��, d	f �i�;e �$�;∑ ∑ j���, d	k�f �i�;e �$�;
               �18	 

 
where, ���, d	 denotes the original watermark and �h ��, d	 
denotes the extracted watermark. 
 
D. Experimental Results: 
 

TABLE I Performance of Proposed Algorithm 
 

 
 
 

Video 
Name 

 
 

Execution 
Time 

(seconds) 

 
Average PSNR 

of original 
frames and 

watermarked 
frames(dB) 

 
Average 
MSE of 
original 

frames and 
watermarked 

frames 

 
 
 

Normalized 
Correlation 

News 9.8692 39.4824 10.9713 0.9540 

Foreman 10.3239 35.1123 29.0377 1.00 

Salesman 9.9398 43.8452 4.1361 0.9047 

Suzie 9.7809 44.6283 2.8485 0.9493 

Grandma 10.0473 49.4568 0.9758 0.8809 

Trevor 9.9880 36.4466 28.5314 0.9211 

Cars 14.9532 35.3601 23.3747 0.9935 

Xylophone 15.9251 34.3666 31.7358 1.00 

 Centaur 15.0993 49.3053 0.8936 1.00 

 
TABLE II Performance of Proposed Algorithm for various attacks 

 

 

We have implemented the proposed algorithm on 
MATLAB version R2012a. 

Fig. 5 and Fig. 6 shows the result of proposed algorithm 
in uncompressed and compressed domains where (a) and (b) 
shows original video frames and original watermark 
respectively, (c) is watermarked video frames; (d) is extracted 
watermark. The basic performance of the algorithm is shown 
in Table I indicating the watermark embedding and extraction 
time, average PSNR and MSE of frames and Normalized 
Correlation for extracted watermark. It is seen that average 
PSNR and NC values are well acceptable. The proposed 
method works satisfactorily for uncompressed as well as 
compressed domain videos with the exception that the 
execution time required for compressed domain videos is more 
due to the applied compression schemes like JPEG, MPEG to 
the frames. In the proposed method, we have used 
probabilistic method for threshold estimation which works 
acceptably well.  

The quality of extracted watermark also depends on the 
number of watermark bits embedded in each group. If we 
embed less number of bits in each group, the quality can be 
enhanced further. In that case, if we embed first two MSB 
planes in the video frames, the quality of extracted watermark 
improves. The quality of extracted watermark can also be 
improved by reducing the block size. If the block size is 
reduced to 4×4, the watermark can be extracted more 
efficiently but the time required for execution of algorithm 
increases considerably. 

To evaluate the performance of proposed method against 
robustness, we have used attacks like luminance modification 
i.e. brightening and darkening of pixels, filtering, noising, 
rotation and scaling (Table II). We also have tested the 
performance against the JPEG compression attack.  Fig. 7 
shows the normalized correlations of extracted watermarks for 
JPEG compression ratios ranging from 40 to 100. From this 
figure we can conclude that the proposed watermarking 
scheme withstands with the JPEG compression attack. For 
luminance modification of frames, either brightening or 
darkening, the quality of extracted watermark is well 
acceptable. 

For filtering attacks like median, wiener and average 
filtering, watermark is satisfactorily extracted for the mask 
size of 3×3 and 5×5, but the quality degrades for mask size of 
9×9. If gaussian filtering is applied to video frames with 
neighborhood of 3×3 and sigma value varying from 0.1 to 3, 
then it is seen that watermark is extracted up to sigma value of 
2. Salt & Pepper noise is added to the video frames with 
intensity varying from 0.001 to 0.05. It can be seen from Fig. 8 
that NC values of extracted watermark are good for the 
intensity of noise up to 0.03 but degrades after that. For all 
attacks, increasing the intensity of attack significantly affect 
the extracted watermark reducing its quality drastically. For 
the attacks like frame averaging, rotation and cropping, the 
algorithm is vulnerable. 

 
V. CONCLUSION 

 
 In this paper, we have proposed a watermarking technique 
for video authentication based on pseudo 3-D DCT and 
quantization index modulation. It is found that the proposed 
algorithm works acceptably well in uncompressed and 
compressed domains. If robustness of the system is 
considered, it can withstand with attacks like luminance 
modification, JPEG compression, filtering and certain amount 
of noise but fails for geometric attacks like frame cropping, 
tilting and frame averaging. 

 
 
 
 

Type of 
Attack 

Uncompressed Domain Compressed Domain 

 
Normalized 
Correlation 
of Extracted 
Watermark  

 
Extracted 
Binary 

Watermark 

 
Normalized 
 Correlation  
of Extracted 
Watermark 

 
Extracted 
Binary 

Watermark 

 
Luminance  

Modification 
(Brightening) 

0.9421 
 

0.9639 

  
 

Luminance  
Modification 
(Darkening) 

0.9542 
 

0.9935 

 
 

Median 
Filtering 0.9613 

 
1.00 

 
 

Wiener 
Filtering 

 
0.9752 

 
0.9867 

 
 

Rotation and  
Scaling  0.9621 

 
0.9742 

  
 

Average  
Filtering 0.9814 

 
0.9865 

 
 

Gaussian  
Filtering 0.9689 

 
1.00 
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Future work aims to improve robustness of system for 
different attacks like frame averaging, cropping and tilting. 
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Abstract  

 

Web pages has become a popular way to getting 

information from internet. How to protect the integrity of a 

web page is an imperative problem? Watermarking is one 

of technique which are used for providing integrity for web 

pages. In this paper text watermarking is used for web 

pages, direct implementation of text watermarking to the 

web document can detract the invisibility and robustness of 

embedded watermark. This problem can be solved by 

using Unicode based we document protection technique. 

Watermark generation and watermark recognition this 

two process are used. Watermark generation is to 

generating HTML tags for word which is used for 

watermark in document and that tags for whole word. 

HTML tags for letters that is presented in the word 

inserting separate in the whole HTML document. 

Watermark recognition process is used to detect the word 

which is used for watermark.   

 

Keywords: HTML Tags, Text Watermarking, Unicode. 

 

I. INTRODUCTION  

 

We define a watermarked work as a work that when 

input to a detector results in a positive detection. With 

this definition of watermarked works, the effectiveness 

of a watermarking system is the probability that the 

output of the embedder will be watermarked. In other 

words, the effectiveness is the probability of detection 

immediately after embedding. This definition implies 

that a watermarking system might have an effectiveness 

of less than 100%. Although 100% effectiveness is 

always desirable, this goal often comes at a very high 

cost with respect to other properties.  

 

Digital Watermarking 

 

Digital watermarking requires elements from many 

disciplines, including signal processing, 

telecommunications, cryptography, psychophysics, and 

law. In this paper, we focus on the process of 

embedding and retrieving watermarks in formatted text 

documents. An effective watermark should have several 

properties, listed below, whose importance will vary 

depending upon the application. 

 

 Robustness: The watermark should be reliably 

detectable after alterations to the marked 

document. Robustness means that it must be 

difficult (ideally impossible) to defeat a 

watermark without degrading the marked 

document severely—so severely that the 

document is no longer useful or has no 

(commercial) value. 

 Imperceptibility or a low degree of 

obtrusiveness: To preserve the quality of the 

marked document, the watermark should not 

noticeably distort the original document. 

Ideally, the original and marked documents 

should be perceptually identical.  

 Security Unauthorized: Parties should not be 

able to read or alter the watermark. Ideally, the 

watermark should not even be detectable by 

unauthorized parties.  

 Fast embedding and/or retrieval: The speed of 

a watermark embedding algorithm is important 

for applications where documents are marked 

“on-the-fly” (i.e., when they are distributed). 

The large bandwidth necessary for video also 

requires fast embedding methods. However, 

since ownership disputes will likely take 

weeks or months to resolve, a watermark 

recovery algorithm may emphasize reliable 

detection over speed.  

 No reference to original document: For some 

applications, it is necessary to recover the 

watermark without requiring the original, 

unmarked document (which would otherwise 

be stored in a secure archive).  

 Multiple watermarks: It may also be desirable 

to embed multiple watermarks in a document. 

For example, an image might be marked with a 

unique watermark each time it is downloaded.  

 Unambiguity: A watermark must convey 

unambiguous information about the rightful 

owner of a copyright, point of distribution, etc.  

 

Text Watermarking 

Many paper documents (e.g., contracts, wills, etc.) are 

more valuable than multimedia like sound clips and 

images. Digital libraries and archives distribute 
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copyrighted articles, journals, and books in electronic 

form. Watermarking of text documents provides a 

means of tracing documents that have been illegally 

copied, distributed, altered, or forged. Raw text, such as 

an ASCII text file or computer source code, cannot be 

watermarked because there is no “perceptual headroom” 

in which to embed hidden information. However, final 

versions of documents are typically formatted (e.g., 

PostScript, PDF, RTF), and it is possible to hide a 

watermark in the layout information (e.g., word and line 

spacing) and formatting. 

 

II. Related Work  

 

Zhao and Lu [3] proposed to alter the case of HTML 

tags in HTML 4.01 or prior versions, which cannot only 

embed watermark but also avoid increasing the 

document size. But there are obviously two drawbacks: 

one is that the latest W3C standard pointed out the next 

version of HTML tags is casesensitive and must be 

lowercase and the other is any tag loss will cause whole 

watermark unrecoverable. 

  Katzenbeisser et al. [1] proposed STC (Space-

Tab Coding) technique. In this technique, watermark is 

embedding by adding space and by adding tab into web 

document because by adding space and tab on web 

document does not affect on display. The watermark 

should not be placed in perceptually insignificant 

regions of the image (or its spectrum), since many 

common signal and geometric processes affect these 

components. The problem then becomes how to insert a 

watermark into the most perceptually significant regions 

of the spectrum in a fidelity preserving fashion. 

  I-Shi Lee and Tsai [12] embed some special 

space codes in the HTML text to embed watermarks 

into the web page. The codes, replacing the space code 

ASCII 0x20, appear as white spaces in HTML text as 

well, there are ASCII CODE such as &#32 and &#160 

etc that are used in this technique. There is no change or 

doesn’t impact on display. However, its robustness is 

low when we added special space and loss may lead to 

the watermark detection failure. Data hiding by using 

steganography concept is a good way for secret 

communication. It is convenient to use the web page as 

a communication channel by hiding secret messages in 

the HTML file of a cover web page, due to high 

accessibility on the Internet. An advantage here is that 

the secret message cannot be destructed illegally unless 

the HTML file modified and the website publishing the 

web page is intruded. About hiding data in the HTML, 

protects a Java applet in an HTML file from being 

copied by hiding a special 8-character string with a 

secret key within the Java applet. We hide binary data in 

HTML files using various properties of tags like 

attributes for bit encoding. According to Zunera Jalil et 

al., the process of embedding unique information into a 

digital text document is called Digital Text 

Watermarking [5].  

An unlawful reproduction and redistribution of 

information content and copyright violations can be 

escape by applying text watermarking methods on text 

documents. There are many watermark techniques 

available for image, audio and the video but very few 

watermark techniques for text documents. Whenever 

information can exchange over the internet text is a 

highly adopted medium. It is necessary to protect text on 

internet that is e-papers, websites, letters, legal 

documents, etc is the plain text. Text protection is the 

need of the day by using digital watermarking solution.  

Young-Won Kim et al new word-shift 

algorithms define for insert a watermark [9]. For an 

efficient inter word space patterning, the algorithm uses 

the novel concepts of word classification and inter-word 

space statistics. All the words in a text document are 

classified depending on some features. Then adjacent 

words comprise a segment and the segment is classified 

depending on the class labels of the words within the 

segment. The same amount of information is inserted 

into each of the segment classes. The information is 

encoded by modifying statistics of inter-word spaces of 

the segments belonging to the same class. Since a large 

number of segments belonging to the same class would 

be available, the information can be encoded by 

adjusting statistical values of inter-word spaces.  

Daojing Li and Bo Zhan [13] proposed in 

DWTC, Generation process of watermark in dual 

watermarking on web document using threshold 

cryptography scheme which enrich to high robustness, 

watermark slices is needed when we recover the original 

web documents. Embedding watermark on web 

document using the dual watermarking scheme based on 

threshold cryptography, the characteristics of vertical 

layers of web document that does not affect while 

displaying the web documents which bring to 

conclusion that means watermark invisibleness. The 

detection process used when some layers of watermark 

slices is missing then we want to read backup 

watermark slices from the head of previous layer that 

also brings to conclusion that means enhance the 

watermark robustness. The embedding process can be 

done in both directions that are vertical and horizontal 

for double watermark segment; this can be viewed as a 

dual watermarking scheme. In designing of 

watermarking schemes, invisibleness and robustness are 

main issues. DWTC is designed for web page 

watermarking with high invisibleness and robustness. 

 

III. Embedding Watermark in HTML document  

 

The HTML document protection using unicode consists 

of three processes that is watermark generation process, 

watermark Embedding process and watermark 

recognition process. 

 

A. Watermark Generation Process 

Step  1 : Enter the text message which is used  for 

watermark in HTML document. 
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Step 2 :  Text message is convert into unicode. 

Step 3 :  Unicode is convert into HEX digit. 

Step 4 :  This HEX digit will be used to generate the tag 

by using HTML tag coding as shown in table 1. 

 

TABLE I. HTML TAG coding  

 

HEX 

digit 

Tags  HEX 

digit  

Tags  

0 <b></b> 8 <em></em> 

1 <bdo></bdo> 9 <br></br> 

2 <dl></dl> A <hr></hr> 

3 <dt></>dt B <sub></sub> 

4 <col></col> C <sup></sup> 

5 <rp></rp> D <i></i> 

6 <rt></rt> E <u></u> 

7 <li></li> F <wbr></wbr> 

 

Step 5 : HTML tags is generated character by character.  
 

B. Watermark Embedding Process 

The tag that is generated by watermark generation 

process should be embedded into web document. The 

benefit of HTML tag coding technique is that the 

display and content of HTML document will not be 

changed. Tags is insert in HTML document arbitrary  

 

C. Watermark Recognition Process 

Step 1 :  Browsing HTML document . 

Step 2 :  Reading the HTML document line by line if 

any line contains “></” then pass the string to 

getTagsTounicode method.  

Step 3 : In getTagsTounicode method comparing  string 

with some HTML tags which are shows in above table if 

matching with HTML tags then generating respectively 

HEX digit and  go to Processcode method otherwise 

inserting “ n”. 

Step 4 : In Processcode method this HEX digit is 

convert into Unicode.   

Step 5 : If document contains watermark then it shows 

the original message otherwise it do not display any 

message. 

 

I. TENTATIVE RESULTS 

 

All the processes that discussed in above section are 

implemented successfully using JAVA. Fig. 1 show the 

watermark generation process. The input of watermark 

generation process is text message. First, text is 

converted into Unicode and then into HEX digit. Now, 

according to HEX digit the Cryptogram Watermark is 

occurred character by character for the word “water”. 

Thus the watermark is generated from HTML tag as 

input and cryptogram text as output of embedding 

phase. 

 
 

Fig 1 : Watermarking Generation Process 

 

Fig. 2 shows the watermark recognition process. In this 

process watermarked web document is browsed and the 

result shows the original text message and HEX digit of 

character with is embedded into the web document.  

 
 

Fig 2 : Watermark Recognition Process 
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Fig 3. Comparison between HTML Document  

 

Fig. 3 shows the comparison of web documents with 

respective their sizes i.e. prior to watermarking and after 

applying Watermark. X-axis represents the different 

web documents and Y-axis represents the size of 

document in kb. 

 

Conclusion and future work: 

With the explosive development of internet, more and 

more texts need to be protected. In this paper, a new 

technique for HTML document protection is proposed. 

The scheme embeds the cryptogram watermark in the 

web document. The watermarking information is first 

converted into HTML tag coding before it is embedded 

in the HTML document. All this operations make the 

scheme performance excellent on robustness criteria. 

We have demonstrated proposed technique on various 

web documents and analyzed the results. This technique 

has high invisibility and robustness. The performance of 

above technique has a promising prospect of wide use 

fields of the HTML document protection. 
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ABSTRACT- The emerging scenario in the 
developing world suggests diabetic retinopathy 
may soon be a major problem in the clinical world 
[1].  

Hence, detection of diabetic retinopathy is 

important. This paper focuses on Generalized 

Feed Forward method to detect diabetic 

retinopathy in retinal images. In this paper the 

authors present the Generalized Feed Forward 

Neural Network as a classification method to 

classify retinal images as normal and abnormal. A 

necessary tool for the reliable evaluation and 

comparison of medical image processing 

algorithms is a database including a selected set of 

high quality medical images which are 

representatives of diabetic retinopathy and have 

been verified by experts. The 

DIARETDB0(DRIVE) database containing 130 

retinal images. 

 In the Generalized Feed Forward (GFF) 

Neural Network method, the different features of 

these retinal images were extracted, and the Train 

N Times method was used to train the network to 

find best feature subset. The training recognition 

rates by the GFF NN were 100% for normal 

retinal images and 87.64% for abnormal retinal 

images. 

The testing recognition rates were 100% 

for normal retinal images and 81.81% for 

abnormal retinal images. 

The cross validation recognition rates 

were 66.67% for normal retinal images and 100% 

for abnormal retinal images. 

 Keywords: Generalized Feed Forward 

(GFF), Retinal images database DIARETDB0, 

train N times. 

1.INTRODUCTION 

Diabetes is a disease that affects blood 

vessels throughout the body, particularly in 

the kidneys and eyes. When blood vessels in 

the eye are affected, the condition is referred 

to as diabetic retinopathy (DR). Diabetic 

retinopathy is a major public health problem 

and a leading cause of blindness in the World. 

It is caused by changes in the blood vessels of 

the retina. 

Diabetic retinopathy is a micro 

vascular complication that may occur in 

patients with diabetes. The occurrence of 

diabetic retinopathy will result in the 

disturbance of visual capability and can 

eventually leads to blindness. The longer a 

person has untreated diabetes; there is higher 

chance of developing diabetic retinopathy as 

it may be converted into vision loss. Along 

with diabetes, high blood sugar levels in long 

periods can affect small vessels in the retina. 

Diabetic retinopathy becomes symptomatic in 
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its later stage. In the first stage, diabetic 

patients may not be aware of having infected 

by the disease [2].Therefore early detection of 

diabetic retinopathy is very important to avoid 

vision loss. Diagnosis of diabetic retinopathy 

is usually conducted by the ophthalmologist 

by employing retinal images of patients. 

Ophthalmologist can obtain retinal images 

from patients to be diagnosed by using a 

fundus camera. From the image, symptoms 

will be identified manually by an 

ophthalmologist. Therefore more time is 

required to diagnose more number of patients.  

A computerized screening system can 

be used for fully automated mass screening 

[3].Such systems screen a large number of 

retinal images and identify abnormal images, 

which are then further examined by an 

ophthalmologist. This would save a 

significant amount of workload and time for 

ophthalmologists, allowing them to 

concentrate their resources on surgery and 

treatment. Normal structures of retina are the 

optic disk, macula, and blood vessels. The 

characteristic features of diabetic retinopathy 

are microaneurysms, hemorrhages and 

exudates [4]. From the set of parameters like 

vessel ratio, ratio of exudates area to the total 

area of the images are distributed into 

different groups like normal, severe, mild and 

abnormal diabetic retinopathy etc.  

This paper explores method by which 

a computer can detect diabetic retinopathy 

using several features like Fast Fourier 

Transform (FFT) along with statistical 

features like Entropy, mean, standard 

deviation, average, Euler number, contrast, 

correlation, energy. Such features can 

contribute to classify images into normal and 

abnormal images by using generalized feed 

forward neural network.  

Neural network can be used 

effectively in data classification [5]. 

2. DATABASE ACQUISITION 

In order to conduct the experiment for 

detection of retinal images, DIARETDB0 

database was used. The current database 

consists of 130 colour fundus images of 

which 20 are normal and 110 contain signs of 

the diabetic retinopathy (abnormal). The 

images were taken in the Kuopio university 

hospital. The images were dedicatedly 

selected, but their distribution does not 

correspond to any typical population, Images 

were captured with few 50 degree field of- 

view digital fundus cameras with unknown 

camera settings. (Fig.2). The images contain 

an unknown amount of imaging noise and 

optical aberrations (dispersion, transverse and 

lateral chromatic, spherical, field curvature, 

coma, astigmatism, distortion).Variance over 

the visual appearance of different retinopathy 

findings can, thus, be considered as maximal. 

However, the data correspond to practical 

situations, and can be used to evaluate the 

general performance of diagnosis methods. 

The general performance corresponds to the 

situation where no calibration is performed 

(no correspondence to the real world 

measurements), but where images correspond 
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to commonly used imaging conditions. The 

data set used here is referred to as “calibration 

level 0 fundus images” DIARETDB0 

database containing 130 images. 

The whole database was divided into 

three parts for training, testing and cross 

validation. 

2.1 FEATURE EXTRACTION 

Detection of retinopathy involves 

clinical recognition of dilation of blood 

vessels, presence of exudates, lesions or any 

other such abnormality in the retinal images. 

Fundus image not only provides anatomical 

information of the retina in eye, but also the 

information of these pathological features. In 

a healthy retinal image, the features observed 

are network of blood vessels, macula and the 

optic disc. Any change due to diabetic 

retinopathy or other disease will cause 

variation in these salient features which 

makes it easy to diagnose the disease. Fig. 2 

shows a healthy gray level fundus image 

while Fig. 3 shows the retinal image affected 

with diabetic retinopathy. 

 
   Figure2: Fundus Image of a healthy eye. 

           
Figure3: Fundus image affected with    diabetic 
retinopathy 
 

In this experiment, we extracted 09 

features. The extracted features include: 64 

point FFT, Entropy, mean, standard deviation, 

average, Euler number, contrast, correlation, 

energy. By using these features generalized 

feed forward neural network used to 

differentiate retinal image as normal or 

abnormal.  

3. GENERALIZED FEED FORWARD      
    NEURAL NETWORKS  

Generalized feed forward networks are a 

generalization of the MLP such that 

connections can jump over one or more 

layers. In theory, a MLP can solve any 

problem that a generalized feed forward 

network can solve. In practice, however, 

generalized feed forward networks often solve 

the problem much more efficiently. A classic 

example of this is the two spiral problem. 

Without describing the problem, it suffices to 

say that a standard MLP requires hundreds of 

times more training epochs than the 

generalized feed forward network containing 

the same number of processing elements. In 

this neural network, each layer has an 

associated learning rule and learning 

parameters. The transfer functions that are 

available within the various Axon 
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components. Each one of these axon 

components applies a static map to the data it 

receives. The map can be linear or nonlinear, 

or it can normalize the input to the PE. Back 

propagation is the most common form of 

learning. 

 

Figure4: Generalized feed forward network with 
two hidden layers & one output layer. 
Here authors trained neural network with 
following specifications. 
Generalized FF neural network with 02 
hidden layers having transfer function 
TanhAxon with learning rule Momentum. 
Maximum Epochs used 1000. 
 
4. OVERVIEW OF CLASSIFIER   
      SYSTEM 

 
We employed generalized neural 

network for the diagnosis purpose of diabetic 
retinopathy using features extracted from the 
retinal images. The fundus photographs will 
be collected from data repositories. These 
photographs were taken with a fundus camera 
during mass screening and then scanned by a 
flat-bed scanner and saved as image files. The 
image files were then analyzed using the 
algorithms described in the following section: 
The block diagram of the proposed system is 
shown in figure (1).  
It consists of eight modules: Retinal Fundus 

Image input, Graphical User Interface (GUI), 

Preprocessing, Feature Extraction, Parameter 

Acquisition, Modular feed forward Neural 

Network Classifier, Graphical User Interface 

(GUI) and Results (Detection). Here input is 

the retinal images from DIARETDB0 

(DRIVE) Database [6] and after extracting the 

image features Neural Network is trained 

using GFF classifier to detect images as 

normal or abnormal. 

 

 

 

      

      

      

      

      

      

      

      

      

      

 

 

 

Figure1: Proposed System 

 

 

5. RESULTS  

The GFF NN was used to test the 

proposed feature vector of retinal images. The 

neural network is exhaustively designed using 

one hidden layer with single neuron. Then 

progressively numbers of neurons are 

increased. Same process is repeated with two 

hidden layers. Various parameters are 

changed progressively to set optimal neural 

Retinal Fundus 
Image 

 
Preprocessing 

Feature 
Extraction 

Modular feed 
forward 

Neural Network 

Parameter 
Acquisition 

 

Results 
(Detection) 

Graphical User 
Interface (GUI) 

Graphical User 
Interface (GUI) 
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network with best results and least 

complexity. It is observed that with 01 hidden 

layer the classification accuracy is 100% on 

trained and tested data and 66.67% for cross 

validation for normal images. The 

classification accuracy is 87.64% on trained 

and 81.81 tested data and 100% for cross 

validation for abnormal images. 

The experimental results are shown in 

following tables. 

Table1: The Generalized feed forward networks 
recognition results of training dataset 
Output / 
Desired 

o1(Abnormal) o2(Normal) 

o1 78 0 
o2 11 15 
 
Table2: The Generalized feed forward networks 
recognition results of training dataset based on the 
performance. 

Performance o1 o2 
MSE 0.095448355 0.099684091 
NMSE 0.773310417 0.80762781 
MAE 0.22977014 0.21008573 
Min Abs Error 0.001950476 0.001199427 
Max Abs Error 0.87496414 1.007684818 
r 0.676033943 0.657924065 
Percent Correct 87.64044944 100 

 
MSE: The average of the square of the difference between 
the desired response and the actual system output (the error). 
 
 
 
Table3: The Generalized feed forward networks 
recognition results of testing dataset 
Output / 
Desired 

o1(Abnormal) o2(Normal) 

o1 9 0 
o2 2 2 
 
Table4: The Generalized feed forward networks 
recognition results of testing dataset based on the 
performance. 

Performance o1 o2 
MSE 0.13384948 0.136303662 
NMSE 1.028207369 1.047059948 

MAE 0.299704933 0.278514406 
Min Abs Error 0.046038103 0.002318288 
Max Abs Error 0.69334265 0.769416641 
r 0.518680518 0.623306164 
Percent Correct 81.81818182 100 

 
Table5: The Generalized feed forward networks 
recognition results cross validation  dataset 
Output / Desired o1 o2 

o1 10 1 
o2 0 2 
 
Table6: The Generalized feed forward networks 
recognition results on cross validation dataset based 
on the performance. 

Performance o1 o2 
MSE 0.128436271 0.114265649 
NMSE 0.723524328 0.643696491 
MAE 0.251332959 0.225466629 
Min Abs Error 0.008264996 0.002289012 
Max Abs Error 0.840410061 0.875072813 
r 0.529434931 0.599468027 
Percent Correct 100 66.66666667 

 

6. DISCUSSION & CONCLUSION 

This paper proposes a GFF NN classifier 

system for Detection of retinopathy using 

neural network. We have implemented GFF 

NN for detection of diabetic retinopathy. 

Features based on the FFT, entropy, 

correlation, contrast etc were extracted as the 

inputs to this classifier. The Train N Times 

training method was used to train the neural 

network. System obtained relatively high 

accuracy of 100% for normal images for 

training and testing data. An attempt will be 

made to find an appropriate neural network 

which will be most suitable for diagnosis of 

diabetic retinopathy in various retinal images. 
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Abstract-Object oriented and process oriented paradigms can bring 

into a single frame to refine and abstract module ,resulted in object 

process methodology(OPM).Software metrics would play a vital 

role and will apply in near phases (design and 

implementation).Quality profile is an important factor for software 

profiling , depends on software metrics. As software quality is an 

important and popular concept to increase the level of software 

quality.OPM (object process methodology) a collaborative 

environment, can be a fruitful solution which can fit and relies on 

generic modeling, with bi-model, textual and visual approach, and 

brings integration in between object oriented and process oriented 

paradigms into a single frame. This research paper unfolds reviews 

results in the field of generic moduling systems. The object of such 

kind of modeling systems is to provide prototyping and profiling 

with commercial mode and agent based user modeling systems. The 

Generic moduling environment (GME) plays a vital role for an 

integrated approach. We will try to approach model-driven 

engineering principle for model transformation, because it plays a 

first class artifacts role in our work approach. This paper proposes 

a generic structure for moduling. 

 

Keywords- Object Process Methodology, Generic Moduling and 
Quality Profiling. 

 

I. INTRODUCTION 

 

Among different strategies and methodologies, one common 

feature is to capture existing process and represent new 

process adequately. The generic structure possesses two main 

feature suitable for modeling: one is that it can represent a 

process in various concerns and multiple layer of abstraction, 

on the other hand second one is that it lowers the barriers 

between process representation and model analysis. It 

embedded, verify and validate the model. The generic 

modeling method is illustrated by an order fulfillment process 

in supply chain networks also. OPM occurs when designing 

occurs through collaborative efforts of many designers [1]”. 

These collaborative modeling, apply to a subset of efforts, 

focuses on the architecture and design of processes and 

systems, by using modeling methodology. The paper Focuses 

light on the requirements from a modeling environment, and 

specifies architecture, based on Object –Process- 

Methodology [2]. 

  The concepts of modeling have been known and 

implemented in fields like systems modeling, CAD/CAM, 

software development, business process and in engineering 

fields. Three guidelines help evaluate, compare and define 

system modeling solutions for the common set of problems: 

 

A. Concurrency: The shared systems is a platform  to work 

for the same systems, based on a single integrated and 

consistent model that defines it, throughout the development 

phase .Model should be available in real-time to get the most 

up-to-date view of a systems. 

 

B. Communication: Communication should be multiway 

regardless of their physical whereabouts. 

 

C. Security: The secure development protects the model  

from unauthorized external entities and by modelers. 

 

OPM provides a modeling environment, used for a large 

variety of modeling purposes. Holistic bimodal approach of 

OPM help in development and evolution of systems, whose 

single model is, represented both visually and in natural 

language. One of the specialties of OPM is, it integrates the 

Object Oriented and Process - Oriented paradigms into a 

single frame of /for reference, combined with built - in 

refinement and abstraction mechanisms. This makes OPM 

ideal models for business process due to structure - behavior. 

The good example of  complex systems , which is most 

beneficial and is an integrated application  of OPM[24],that is 

actually a generic reverse engineering process (Captures 

available alternatives)  at different applications levels of an 

Enterprise Resource Planning (ERP) systems.  

 

OPM model is a set of interrelated Object Process Diagrams 

(OPDs), challenge arises in OPM development is the 

maintenance of the integrity of the OPM model, that is 

manipulated by more than one modeler (at the same 

time).OPD contains detailed description, refines entities 

(Object /Processes).As any of the entity is refined, other entity 

/entities were directly connected to it, abstract OPD are 

brought into newly created OPD, and the modeler can add 
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entities into sub process. When more than one modeler 

specifies the same entity, they are bound to contradict; each 

change in a common entity can potentially influence other 

OPDs. 

 

 
 

 
Figure 1 illustrates an example of integrity maintenance problem.  

 

Two modelers are working on refined two different OPDs 

(SD1 and SD2) and all three OPDs share a common entity 

(Object X), type was determined in SD as “char [25]”.Here 

modeler A wishes to changes the type of Object x in SD 1 to 

“date”, at the same time modeler B wishes to changes the type 

of Object X in SD2 to “time”. Now modelers have to 

compromise the integrity of the OPM model .Such situations 

can be avoided when integrity and completeness of an OPD 

set developed. Standard development process is an important 

requirement for collaboration system modeling (such as spiral 

model).Each step in the process is based on refinement and 

modifications of the output of the last step [4].As noted, 

security is a major aspect in multi-user environments. 

One of our goals is to protect the OPM model from 

unauthorized changes. If the permissions of the both modeler 

A and B are set to “Refine” on OPD SD, then only both 

modelers can refine the processes and the connected Objects, 

but not commit to changes that may affect each other. Our 

paper specifies an implementation – independent model, 

embedded in OPM, with advantage of refinement ability. 

 

II. LITERATURE REVIEWED 

 

The current software industry offers variety of collaborative 

products in a number of domains, includes joint activity tool 

(Example – instant messaging, content sharing tools and audio 

communication ) like NetMeeting[5],collaborative electronic 

presentations and meeting like lotus 

sometime[6],collaboration activities in ERP systems like 

SAP[7],and collaborative content management such as 

Documented[8]. 

In our research paper we will focus on the collaboration in the 

domain of formal engineering artifacts, includes business 

process modeling, systems modeling, anthologies, software 

coding and CAD/CAM. A collaborative business process 

modeling tool, combines web discussion forums with MS 

VISIO drawing tool, is a new approach to the capturing of 

Business Process Models [9]. 

Prominent systems include CVS [10] (for collaborative 

software coding), a large scale open-source project, provides 

user friendly and collaborative environment to a team of 

developers. Team SCOPE [11] is actually a groupware 

solution, interfaces with development environments. 

Collaborative Ontology engineering tools take a different 

approach, example Onto Edit [12] uses client-server 

architecture to support a collaborative engineering process. 

The model under construction can be duplicated through the 

client programs, and a locking mechanism enforces the model 

integrity. The users can lock a sub tree of the ontology 

(specified as a tree) and can be edited it without interferences. 

Ontology classes may have relations between them, and 

working on a class does not influences any related class.OPM 

cannot operate under these assumptions, and require different 

approach. In the field of systems modeling, Poseidon for UML 

[13] is in a process of upgrading to team support edition; this 

edition will include version control, multi-user support and 

client-server architecture. Rational Rose [14] and Citlera [15], 

UML-based tools, base their collaborative features on 

standard version control software. Concurrency can be 

achieved by breaking the systems modules into separate file, 

handled through the customary check-in/check-out 

mechanism. An example of a distributed model management 

systems SoftDdoc [16], supports collaborative software 

development, whose model description are shared and 

managed through a middleware. 

Extensive research and numerous projects, served in [1], 

concern with collaboration in the CAD/ CAM domain. Some 

research opportunities were identified, including conceptual 

design modeling and sharing of data. One another project [17] 

for computer-aided sequential control design tool deals with 

modeling problems and based on client- server architecture. 

   

III. OBJET PROCESS METHODOLOGY: 

OPM is a holistic approach for the development of systems 

and to the study, integrates the object oriented and process 

oriented paradigms into a single frame of reference. Each 

system exhibits and co-exists and behavior (two major 

aspects) in the same OPM model without highlighting. Most 

challenging systems are those in which structure and behavior 

are intertwined. Due to structure behavior integration, OPM 

provides a concrete basis for modeling complex systems.  

Three built - in refinement/abstraction mechanisms are built 

into, OPM. They enable presenting the system elements 

without losing the comprehension of a system. Unfolding and 
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folding is second pair of refinement and abstraction 

mechanisms.  

 

A. OPCAT: OBJECT- PROCESS CASE TOOL-OPCAT’- is 

an integrated system engineering environment; supports OPM 

based system development and evolution. OPCAT has been 

goes under continuous development as an academic project 

(since 1996). It is designed to support the entire SDLC 

(system development life cycle) through OPM, OPCAT, 

supports a bimodal graphical-textual view of the system under 

development, enabling OPM accessibility to heterogeneously 

skilled users engaged in SDLC. Basically the environment 

provides for many phases of SLC (System life cycle), 

including system specification, design documentation and 

code generation [21], automatic analysis and potentially any 

programming language, generation of various UML diagrams, 

including class, use case, collaboration and state chart and 

animated simulation of the OPM model. A major function 

currently not supported by OPCAT is collaborative concurrent 

development of a single system. 

B. PROBLEM SPECIFICATION- A major challenge of 

collaborative OPM development is provision of reliable 

parallel OPM modeling. Science OPDs in the OPD set are 

interconnected is nature. OPDs can share common entities like 

Object, processes states; each change in a common entity 

influences other OPDs. Therefore, a method for maintaining 

the integrity of an OPD set must be developed. Following 

OPM conventions [2], we label OPDs hierarchically by SD 

(For system diagram, the root), SD1, SD2, SD1.1, SD2.3.1 

etc. A refinement relation between   OPDs (from SD1 to SD2) 

exists if and only if SD1 contains a refined (unfolded) version 

of the same entity in SD2. A commonality relation between 

OPDs SD1 and SD2 exits if and only if SD1 and SD2 share at 

least one common entity.  

To analyze the integrity problem, we extend the 

definition of the system Map hyper graph [2], in which each 

mode represents an OPD. The edges of the SM are of two 

kinds of labeled edges: directed and undirected respectively. A 

directed edge represents a refinement (unfolding) relation, 

such that the edge is directed from the source OPD, in which 

the refined entity (object/ process) is more abstract, to the 

definition OPD, in which things are more refined. The label 

indicates (1) the entity that is being refined and (2) the 

refinement type (unfolding).  

 

IV. CONCLUSION: 

The OPCAT architecture delivers system modeling features 

that meet the requirements of modern environments. It allows 

them of modelers to design a shared OPM model. The client-

Server paradigm enables real time modeling by eliminating 

risks of losing the model perfections.  The architecture also 

takes care of the interconnectivity of OPM. Additional 

advantages are security, central logging and backup facilities. 

On the same hand disadvantages include server is the 

bottleneck of the system, creating scalability and performance 

problems. Second disadvantage is that users need to be 

connected to the server to allow for online updates, while 

engaged in OPM system development.  The approach we are 

following here opens the door to full - scale adoption and 

application of refinement activities. The new modules can be 

developed by using UML are as workflow and peer-to-peer 

management.  
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Abstract—In today’s world, the most admired research area 
in Digital image processing is  image retrieval system which is 
supported by content. The image describe the content as text, 
sketch and shape that can be describe the image. Here we present 
various image retrieval methods which is used as sketch content. 
Because of huge enhance  in sizes of  image database and  it’s 
immense employment in variety of applications, the essence of  
Sketch Based Image Retrieval (SBIR) system development arose. 
The retrieval system using sketches can be essential and effective 
in our daily  life such as Medical diagnosis, digital library, search 
engines, crime prevention, geographical information, photo 
sharing sites and  remote sensing systems. 

Keywords—EHD,HOG,IntegratedEHDand HOG,Sketch,Image 

          database 

I.  INTRODUCTION  

The use of images in human communication is hardly new - 
our cave-dwelling ancestors painted pictures on the walls of   

their caves, and the use of building plans and maps to  transmit 
information almost few years ago. But now a day’s observed 

incomparable expansion in   the number, accessibility and 
consequence of images in all areas. Images now participate 

 in various areas like journalism, medicine, education, 
advertising. 

With the advent of digital cinematography an ever 
increasing number of digital images is being produced. The 
media, businesses,   and government agencies, even individuals 
all need to organize their images somehow. Different people 
might categorize or describe the same image differently, 
leading to crisis retrieving it again. It is also sustained when 
dealing with very large databases. 

This paper introduces the existing methods, which represent 
implementation & design of descriptor and a possible solution, 
which can overcome the problems & challenges related with 
the development of SBIR, which based on free hand sketches. 
In the content based system, on the basis of content or feature 
(like color, texture, shape, sketch etc.), the search will analyze 
the retrieving preferred image from a large set of images. 

 The idea behind built up image retrieval system 
supported by content is to retrieve the image based on sketches  
in oftenly used database. In these systems, the user provided 
drawing   surface where you can  draw the sketches,  based on 

these sketch system  retrieve the  image.  We can call to mind 
with the help of sketches. So the sketch based system make 
convenient to retrieve data or images based on sketches that 
even illiterates, who do not know to write text can also use of 
system effectively. 

Introducing this image retrieval system into search engines 
makes corporate world even other users bit more efficient in 
retrieval of data effectively.  

 

II. LITERATURE REVIEW 
In this section the previous work related to sketch based 

image retrieval system is presented.  

In previous papers the Edge Histogram Descriptor (EHD) 
and Histogram   of  Oriented  Gradient  Descriptor (HOG) 
works individual.  

This system gives the image retrieval result  is not so much 
accurate. There  is some  advantages and disadvantages  work 
with individual descriptor.  

A. EHD (Edge Histogram Descriptor) concept 
In EHD method, find the edges in image and these  edges  are 
used to store the feature value. A convinced area of the image 
is to restrict the edge division, this image  is divided into 4 x 4 
sub – images as shown in Fig. 1[2]. An edge histogram 
generated for each sub-image to characterize sub-image edge 
distribution. 

 
Fig. 1 Sub-image & image-block [2] 

 
The sub-image is more divided into small square blocks 

called image-blocks. For  categorize different  edge types[2]. 

Edge Types : There  are different  5 types of edges 
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Fig. 2 Types of Edges 

 
In each sub-image for each edge type count the total 

number of edges, after the extraction of edges as a feature 
vector  from  image-blocks. There are five types of edges, for 
each sub-image  classify  five  histogram bins. While there are 
4 x 4 = 16 sub-images,   total 16 x 5 = 80 bins are generated for 
the edge histogram. 

For the histograms bin values can be generated from the 
local histogram. 

 Advantages of EHD: 

1. From the local histogram bins, semi global and global 
histogram generated to improve the retrieval 
performance. 

2. Without feature extraction process extra histogram 
information can be  directly gained from the local 
histogram bins. 

 Disadvantages of EHD: 

1. The expansion is too difficult and robust descriptor is 
emphasized. 

2. Not provide invariant opposite rotation, translation 
and Scaling . 

 

B. HOG (Histogram Of Oriented Gradient   Descriptor)  
Concept 
Gradient is at which intensity of image change as per 

direction. Here consider gradient at low to high level, in HOG 
occurrences of gradient count. In these descriptor, first the 
image is converted into small  sections, which is connected to 
each other, called as cells. Pixels within the cells declare 
gradient directions & edge orientations.  

 Advantages of HOG: 

1. HOG based retrieval is much better than EHD based 
retrieval. 

2. It is used for large database. 

3. For information poor sketch problem can be solved by 
HOG. 

 Disadvantages of HOG: 

1. Humans are highly expressed that including a parts 
based model with a better degree of   confined spatial 
invariance.  

 All the above descriptors (or algorithms) are used for 
feature extraction or to get the feature vector of the SBIR 
system. 

III. OUR  PROJECT 
In our project for enhancing the efficiency of individual 

methods we try to integrate the EHD and HOG method. There  
is trying to overcome the drawback of EHD and HOG  
methods individuals. 

In this section basic block diagram of our system is 
presented. Basic blocks and their functions are described. 

 
Fig. 3 Block Diagram of System 
 

A. The Feature Vector  Generation Subsystem 
Feature vector is position at which particular value is stored 

or interesting point of image. 

This  sub-system consist of descriptor vectors, which 
signify the content of the image. There are three descriptor 
vectors that is Edge Histogram descriptor (EHD), Histogram of 
Oriented Gradients (HOG), Scale invariant feature transform 
(SIFT). 

 The function of descriptor is Preprocessing of free 
hand sketches, Compression of free hand sketch with gallery of 
images, Retrieval of matched images from the database. 

 In this  system, we get the required image based on  
sketch  image. We discover images via some features of image. 
This Histogram characteristic is represent the feature 
composition of an image. 

B. EHD & HOG Descriptor 
This  descriptor  extract the edges and gradients as a feature 

vector of the image and store. 

C. Feature  Extraction 
This block extract the feature vector from  EHD and HOG 

descriptor combine this feature vector and give it to the 
retrieval subsystem. 

D. The Retrieval Subsystem 
When the feature vectors are generated, then retrieval 

process can start. The Retrieval subsystem is used just to 
retrieve the matched image to the free hand sketch. Minkowski 
distance, and the classification-based retrieval is used for 
retrieval the distance based search. 
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E. The Database Management Subsystem 
In Database Subsystem the large set of  images and their 

descriptors are stored and essential  mechanism for successive 
processing is provided. This   block  consist of the storage of 
feature  vector, the retrieval of image, and the data 
manipulation of the system. 

Feature vectors, information & images provided by the 
storage module to the database.  

F. The Display Subsystem 
Since the drawings are based on retrieval. The displaying 

subsystem provided the drawing surface for user to draw the 
sketches. And also provide the screen for retrieval of matched 
images[1]. 

 
     Fig. 4 The user interface 

 
The Display subsystem that is user  interface  can be seen in 
Fig.4 and our program has been written in Java. 

IV. TESTS AND RESULTS 
The system is tested with large database to obtain a more 

accurate result. 

 
Fig.5 Edge Table From EHD Descriptor of Database 

 

 
  Fig.6 Sketch Based Image Retrieval  

 

A. Testing And Used Metrics 
We can calculate the sketch based system effectiveness  

that is Precision and Recall of the system. Thus we can 
conclude which method works efficiently. 

Precision = Q / P 

Q = No. of images display with similar shape 

P = No. of images displayed 

The systems comparative effectiveness is called as 
‘Precision’. 

Recall = Q / Z 
Z = No. of images with similar shape in database 
The systems complete accuracy is called as ‘ Recall’. 

We compared our system with previous system, based on  
standard precision value, we can find our system retrieve better 
image  than the previous systems (Shown in Table I). so our 
system is more efficient than the other systems. 

TABLE I 
SKETCH-BASED SYSTEM EFFECTIVENESS 
Method EHD HOG Integrated EHD & 

HOG 
Average Precision 65%to75% 70%to80% 80%  to  90% 

 

V. CONCLUSION 
This paper presents the different techniques used to perform 

implement, design & test a sketch based image retrieval 
system. From our experiments HOG is more effective than the 
EHD. 

 In our project EHD and HOG method work parallel 
and to implement the new searching technique and improving 
the quality of searching image. So this system represents the 
integration of EHD & HOG which retrieve the images more 
efficiently than the previous systems. 
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Abstract—    

Current GIS applications requires some pre-

knowledge to handle it because of its more detailed 

and hierarchical organization due to which normal 

human being cannot handle it easily and with an 

appropriate manner. In order to fulfill the gap 

between capturing geo-information and normal user 

this system build a bridge that helps for both system 

and user understand each other in an efficient way. 

The only and the major problem of the GIS related 

applications is that they does not answers users for 

their spatial question at a real time. That means the 

common user who doesn’t know how to use these 

software’s? Thus faces many problems during make 

use of it. That means these tools are not user friendly. 

The way, in which the GIS software’s works is 

complex to Identify, understand and requires specific 

training of GIS skills because of the complex 

functionality. Our paper focuses on these problems of 

GIS Software’s and try to make them functioning 

according to users spatial thinking and there spatial 

questions. In order to do that a semantic framework 

for designing a question-answers based user interface 

that combines several levels of ontology’s to help the 

process of extracting the core spatial concepts and 

translating them into a set of equivalent 

computational or operational GIS tasks. System focus 

on input as the normal human thinking about a geo-

information i.e. spatial thinking and system covert 

that into machine readable form and through 

Geosemantic structure that will help to providing an 

exact output according to users need. 

 

Index term — GIS, Geo-information,  Semantic, 

Geosemantic,  Spatial thinking, patial questions 

I.  Introduction 

Normal spatial thinking of any user is that natural way of 

thinking about the geo-information. Geo-information is 

an information about geographical details. Human is 

always curious about that unknown information. He/she 

always try to find out what is happing where? Through 

the geo-information. Some web tools related to geo-

information helps user to find their answer. But normal 

user doesn’t know how to use that tool. Normal user has 

its normal question with its natural thinking like “What is 

current temperature of New Delhi?”, “Today will be 

raining or not?” these are the normal users spatial 

questions. The characteristic of geo graphic information 

system is to ask a questions and get the result in spatial 

format. That helps to user to visualize a things in an easy 

way. 

 

This system covey a message that helps normal user for 

understanding of geo graphical information. System 

deals with a data mining terms that helps to build a 

relevant result with the help of system architecture 

defined in this paper. In this system some methods and 

techniques are used to evaluate a user’s questions, Such 

as stop word removal, Stemming, Tokenization where 

this techniques helps to evaluate a user’s question in an 

appropriate machine understandable form. Ontology 

framework defines a certain rules and regulations. 

Ontology plays a vital role for defining a relationship of 

things with real word by integrating them in to a one 

common platform using knowledge organization OWL 

files provides a system to define an object with a 

meaningful way which provides a relationship with a real 

world object. Where protégé tool helps to develop OWL 

files. Finally system can map these object with the 

geographical information, geographical services. This 
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geoinformation provided by certain GIS tools such as 

ArcMap, Google map etc. 

 

Application should be designed in a way so that user can 

execute any service with minimum key strokes. User 

should be free from by following some pre-defined 

methods, syntax and predefined rules and regulation to 

finds out required geographical information. System’s 

different modules are communicating with one another 

on the following scenarios 

i. From User Question layer module  to 

semantic layer module  

ii. From semantic layer module to 

implementation layer module. 

iii. From implementation layer module to answer 

extraction module. 

User Interfaces for this system interacts with user while 

giving Spatial Questions as input to the system, while 

giving determining previous reports and answers.      

Hardware Interfaces for this system interacts with 

secondary storage memory while reading OWL Ontology 

Files for semantic analyzing. System also interacts with 

secondary storage memory while accessing GIS API or 

tools. 

 

I. LITERATURE SURVEY 

As the technology grows up with new system, new 

methods and new models. It’s all main aim is that to 

provide an easy way to handle that thing. User should 

become very familiar, friendly with the developed 

system that’s the main of every technology. So that there 

will be more interaction between the user the computer. 

Computer can understand the users need and works 

according to that and provide a better solution to the 

user. 

 

In web technology as the beginning to the web at the 

starting era of the web technology the very first step was 

web 1.0 were data, records, things were seen over the 

web from the anywhere in the world that’s just a staring 

era of web technology. Where user can only view 

contain, only see the paragraphs and stable images. That 

was known as the static era. In that there were no 

interaction between the user and the data presented over 

web. User only see contain but cannot modify, cannot 

comment on that. User were not allowed to puts its view 

against the contain of web. That the main drawback of 

web 1.0. 

So to overcome the drawback of the web1.0 new 

technology were invented in web technology that is Web 

2.0 which we are using in today’s web. In web 2.0 data 

presented over the web come up with the dynamic web 

pages. Which provide the more interaction between the 

user and the computers. Where user can deal with the 

web of the data. The data become more interactive to the 

user so user can easily deal with the system. User can 

easily handle the web relates thing in its own way. It give 

a more efficient way to the user to interact, to understand 

the web things in an easy manner. But their need to be 

more required to exist more interaction user and the 

computer. 

 

To make a more and well interaction between the users 

and the computer the new technology Web 3.0 (Semantic 

Web) were invented by a Tem bernals lee who was the 

inventor of the WWW. In with he defines a structure to 

the web of data. Which provides a common platform for 

the data which will going to upload on the web. Which 

come up with the RDF (Resource Description 

Framework) structure which describes the each sentence 

in a tuples that is object-predicates-subject. RDFS gives 

the more hierarchical structure about the object-

predicates-subject. Which helps to link each word in to a 

real world things. So each word get certain meaning with 

the real world object that can help to find out it in an 

easy manner and we will get the exact result(exact 

meaningful  word) according to users request. XML is 

used to manage the thing in to a user defined tags so that 

each word will de get unique identification over the 

document that document over the web will be uniquely 

identify by the URL. Ontology provides the particular 

meaning to the web of data. Ontology makes a 

hierarchical structure of the data by linking them with the 

class, subclass. With the certain syntax presented to 

define ontology. 

So, we come to know that semantic web technology 

can defines the web of data in a well manner that can be 

easily understand by the user. It is also known as 

intelligent web. Where machine can itself understand the 

data and provide an exact result according to users need. 

That will helps user to deal with the data presented over 

web. Which provides the easier way for user to handle 

the web in an efficient way. Now, we are applying this 

semantic concept with the Geoinformatic relates 
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information so which will come to know that 

Geosemantic technology. Which is the combination of 

Geo related concepts, structures and the sematic 

technology concepts.  

Geosemantic technology provides the concepts of spatial 

thinking which is the normal users thinking related to the 

geographical information. Spatial thinking is the 

structure were user’s point of related to the GIS, 

Geoinformation etc. 

 

Development of intelligent geographical information 

systems. User acceptance criteria of any GIS software in 

which user compares the analysis of geographical 

information with other production processes in which a 

user can only accept an end-product if it meets certain 

quality requirements. Defined approach of this paper 

suggest some acceptance criteria for GIS software’s on 

the basis of some important points such as (1) the data 

requirements, sensitivity and error propagation in 

models. (2) Data collection, level of resolution and 

quality; and (3) the use of basic analytical functions of 

the geographical information system. Conclusion is that 

the intelligent geographical information system would 

present a range of alternative strategies—better methods, 

more data, different data, different models, well model 

calibration, or better spatial resolution—and their costs 

by which the user's aims could reasonably be achieved. 

Design of a geographical information system for a 

heterogeneous scientific community.            Accepted 

approach of this paper basically focuses on the study of 

user needs for a geographical information system (GIS) 

within the community of scientists in the Natural 

Environment Research Council (NERC).Which Includes 

a description of the user needs study is followed by a 

discussion of the relevant characteristics of spatial data 

structures and how these match the functionality 

identified as needed and in the form of the ideal user 

interface, need for GIS training facilities. At the end 

Based upon this analysis the author defines, a conceptual 

design for a NERC GIS is described, together with a 

review of the commercial GIS on offer and of the 

literature, and a consideration of both the rapid evolution 

of technology and those constraints imposed by-other 

decisions by the Council. 

Ontology-driven geographic information integration: A 

survey of current approaches. In this paper the authors 

Agustina Buccella, Alejandra Cechich, Pablo Fillottrani 

analyzes and compares the  geographic information 

integration, focusing on those using ontology’s as 

semantic tools to represent the sources, and to facilitate 

the integration process.  The authors describe the need of 

Integrating different information sources is a growing 

research areas particularly in GIS Application 

Software’s. They  focuses our attention towards the GIS 

(Geographic Information Systems) on the Web which is 

leading to the proliferation of different geospatial 

information repositories and the subsequent need to 

integrate information across repositories to get consistent 

information and to overcome them they suggest  concept 

of ontology’s to be included in the integration processes 

of GIS in to the web 

Observation-Driven Geo-Ontology Engineering This 

paper the author Krzysztof Janowicz studied some 

research trends that surfaced over the last years such as 

Big Data, Linked Data, Smart Dust, Digital Earth, and e-

Science  etc. further he described that these trends  

addresses different visions and need  yet they are having  

common problems in some areas such as How do we 

manage massive amounts of heterogeneous data, derive 

knowledge out of them instead of drowning in 

information, and how do we make our findings 

reproducible and reusable by others? For solving these 

problems he suggested the solution that these trends 

require a radical paradigm shift in ontology’s. Author 

also describe the  concept of global ontology’s developed 

top-down, to a high number of local ontology’s that are 

driven by application needs and developed bottom-up out 

of observation data. Author also focuses on point that 

existing ontology engineering frameworks are not well 

suited for this new perspective and thus he proposed an 

observation-driven ontology engineering framework 

which conclude that how its layers can be realized using 

specific methodologies, and relate the framework to 

existing work on geo-ontology’s .  

 

II. IMPLEMENTATION DETAILS 

 

The basic ideas of  designing a question-based user 

interface that integrates different levels of ontologies 

(spatial concept ontology, domain ontology and task 

ontology) to guide the process of extracting the core 

spatial concepts and translating them into a set of 

equivalent computational or operational GIS tasks. We 
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also list some typical spatial questions that might be 

posed for spatial analysis and computation. The principle 

introduced in this paper could be applied not only to 

desktop-GIS software but also to web map services. 

For convenient understanding of the system we are 

dividing our system is in to four categories 

Preprocessing, Reasoner, Ontology Rules and Answer 

Extraction which are explained in details. 

 

 

 

 

 

 

 
 

 

User question:   

User is the most important part of any system so as here, 

we developing our system according to user’s point of 

view. We are making our system in a way that user can 

easily interact with that and get the appropriate result 

according to his/her request. We cannot predict what 

type of user will approaches to our system. User may be 

knowledgeable person or any unknowledgeable person. 

In our system we are making our system for users 

convenient. Here user can deal with the geographical 

information so before user going to interact with the 

geographical system before start using geospatial 

services. User thinking on that how to interact with that 

in our system it is related to geographical information. So 

user think on geographical related information i.e. how to 

use? What is happening where? etc. So according to the 

users thinking on geo related some questions are arrives 

is user mind. He/she thinking on geographical 

information in his/her own natural language. This is a 

spatial thinking of a user.  

 So that first input or data set for our system is that 

user natural thinking in the form of natural/general 

questions. These questions are further handle by the 

other parts of system which described in detail below. 

 

1. Preprocessing  

Preprocessing is the first step in a system which takes the 

user input in the form of natural language and evaluate 

that input in to an appropriate format give to the next 

step of system which is Reasoner.  Preprocessing 

perform the basic operation on users input question. 

Which make that input into a machine understandable 

form. Certain steps involved in the Preprocessing which 

are described below. 

 

Stop word removal: in this whole sentence in the form 

of questions will be filtered out. So that only useful and 

meaningful words will be sorted out from a process of 

stop word processing. Stop word removal sorted those 

words and removed that from original question given 

from a user. Typically stop word lists contain words that 

don’t carry as much meaning, such as determiners and 

prepositions Words like the, is, at, which, and on. Due to 

stop word removal process we get only main required 

worlds which are really useful for answering to the user’s 

question. By using this process we are improving the 

answering performance of system. The word in a whole 

query of users question where words are preceded by the 

plus sign (+) defined as the stop words. We are using this 

stop word removal process because that words are not 

indexed in webpages and thus are not used in search 

engine queries. At the end stop word removal module 

gives us an only definite words which is useful for 

further execution process.  

Stemming: A stemming is a process of linguistic 

normalization, where variant forms of a word are 

reduced to a common normal form. We can use a 

stemming for increasing a performance of the system to 
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provide an exact result from a system. Variables having a 

ending part or any suffix taking of it is known as a 

Stemming. For example –ion, –ions, –ive, –ed, –ing. We 

search through this suffix by using a stemming structure 

where we are using certain rules and regulations to find 

out stemming part. 

Stemming is a process of removing prefixes and suffixes 

from words. By using stemming process we can combine 

word forms to avoid mismatches that may be occurs 

during a searching time. Which make a system more 

understandable according to user’s point of view.  

 

Tokenization: Firstly we are having a raw state which is 

our systems inputs comes from user’s minds in the form 

of natural language. By using a tokenization process 

without changing its meaning whole text, it is segmented 

into sequential manner of words and sentences which 

represent a token. A token is an instance of a sequence of 

characters in some text that are grouped together as a 

useful semantic unit for processing. 

 

2. Reasoner: 

Protégé tool:  Once we got the token of user’s natural 

language spatial thinking question. We are providing that 

token to the protégé tool. We are having tokens in the 

sequential, hierarchical forms so by using that sequence 

protégé tool makes an OWL structure of that token. That 

is a Web Ontology language. OWL is an ontology 

language formally defined for the Semantic Web where it 

provides a meaning to the data represented on it. This 

OWL provides a classes, properties, individuals and data 

values which will be stored as a Semantic web 

documents. That document contain a RDF(Resource 

Description Framework) structure where it provides a 

common platform for the integration of data. With a 

RDFS structure each token within a sentence can be map 

with a real world object. In that it make a relationship 

between current object and existing object. Which makes 

a whole data presented over web in a suitable formant by 

linking them together with the meaningful related 

existing object.  (XML). This protégé tools helps to load 

and save OWL and RDF ontology that allows us to 

define, edit, and visualize classes according to tokens. 

Which execute reasoners such as description logic 

classifiers. 

Knowledge base: This system can solve a difficult 

problem in to an appropriate manner. Knowledge based 

system is a productive Artificial Intelligence system. It 

adds powers to the solution and concentrates on effective 

solution. It provides a knowledge based processing 

approach. 

 

3. Ontology Rules : 

Ontology share a similarities between different 

structures. It describes instances or objects, concepts, 

attributes and relationship in between classes and objects. 

Where rules are the statements in the form of conditions 

where relationship is defined like if then etc. by defining 

rules we are making a relationship between classes and 

subclasses. Here the objects are classified by classes and 

is-a-subclass defines a further classification between 

object and relationship between them with the help of 

taxonomy. 

 

4. Answer Extraction:  

Whatever the object extracted from OWL files that are 

provided to a GIS tools which provides us a geographical 

information. According to that object, according to user’s 

questions exact objects are filtered out and due to which 

exact query will be given to a GIS tool so that exact 

result will be generated according to user’s request. That 

answer in the form of any GIS service which will going 

to show to a user. Here is the definite result comes from 

a normal users point of view, from the normal users 

natural thinking about geoinfromation. This is a form of 

Geosemantic concept 
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This algorithm explain a step by step process of an 

execution. When user provides a question in the form of 

natural language by the process of stopword removal, 

stemming, tokenization whole question will be filtered.  

Token file store a sequence of words. Through which 

token words are relate with a particular meaning. That is 

a data file that contain more information related to that 

object e.g. Distance→Km, Height→ft etc. where 

ontology provides a hierarchical structure. That can be 

handle with the procedural program.  

 

III. RESULTS 

A. Data set & Result set 

Data Set: Our system deals with the normal user’s 

behavior. Spatial natural thinking of the any type of user 

having some natural, normal questions in mind so he/she 

directly provided with the platform where he/she directly 

throw a questions, whatever comes in his/her mind by 

spatial thinking and system can understand this natural 

human behavior and evaluating that questing defining 

into an appropriate format so that machine can 

understand and which gives an exact results according to 

the uses need. 

 

So we are having data set with the natural human minds 

questions related to the spatial thinking.  

Geographical related information required to search the 

answer for users question that can be provided through a 

different GIS tools like Archmap, Google map etc. 

 

We are putting user’s spatial thinking question into 

machine understandable form that can be done through 

an Ontology tool like protégé. Which define a data in in 

OWL form which contain RDF (Resource description 

framework) and XML structure. Which help to define a 

data in a format that machine can compile and 

understand. And the appropriate result will be created in 

a result set. 

 

Result set: 

Our systems main is to produce a result according to the 

users need and where user get exact result with its natural 

behavior by natural thinking. Here any normal user can 

easily deal with the geographical functionality in its own 

way. Our result will satisfies a usability functionality of 

system where user feels that system is easy to use. 

Enjoyable, our final result is user’s satisfaction. Actual 

result in the form of exact GIS service which is requested 

by a user.  

IV. CONCLUSION  

The contribution of this work is to provide a better 

platform for any normal user according to his/her spatial 

thinking in a natural way that can be easily handle by 

system which leads to generate exact result according to 

user’s request. Normal questions that comes in user’s 

mind that can be handle well that uses a semantic and 

Geosemantic framework for designing new GIS user 

interface. 

 

In Future work our topic leads to generate a new concept 

on artificial intelligence in area of geoinformation. Our 

framework has different ontology structure that useful in 

further research and improvement on spatial reasoning in 

web. Which will leads to develop a more powerful data 

over web. This proposed system leads to development 

into Intelligent GIS application.  
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Abstract—The purpose of work describes in this paper is to 
analyze Normal, Epileptic and Alcoholic electroencephalogram 
(EEG) signals. EEG is a representative signal containing 
information about the condition of brain but it is difficult to find 
subtle changes in these signals with help of linear techniques or 
by the naked eye. The properties of measured EEG are computed 
by applying power spectral density (PSD) estimation for selected 
representative EEG samples. This work deals with a comparative 
study of the PSD obtained from  normal, epileptic and alcoholic 
EEG signals using fast Fourier transform(FFT) by Welch’s 
method, auto regressive(AR) method by Burg's method & Yule- 
walker method. Gaussian Mixture Model (GMM) Classifier is 
used for classification of EEG signal and Graphic User Interface 
(GUI) provided to demonstrate and present results in both 
numerical and graphical images. 
 

 Keywords: Electroencephalogram, Alcoholic, Epileptic, Auto 
Regressive model, Fast Fourier Transform, Power spectral density. 

 

I. INTRODUCTION  
Electroencephalography (EEG) is deals with measurement 

of electrical activity produced by the firing of neurons in the 
brain. But identification and evaluation of these signals are 
limited as there is no definite criteria is evaluate by expert, 
visual interpretation of EEG signal  is very subjective and does 
not lend itself for statistical analysis. The mathematical 
analysis of EEG signal increases understanding of human brain 
functions also aids medical professionals by providing a detail 
about brain activity being observed. Number of research group 
have proposed methods to quantify the information content of 
EEG like Fourier transform(FFT),chaos theory wavelet 
transform, entropy,subband wavelet entropy. Simulation based 
on EEG signal model helps to demonstrate effectiveness of 
quantitative analysis method or EEG feature extraction [4]. 

The EEG is used in the evaluation of brain disorders  and it 
is  mostly used to show the type and location of the activity in 
the brain during a seizure. The common classification of EEG 
signal contains four frequency bands: delta (<4Hz), theta (4-
8Hz), alpha (8-14Hz), and beta (14-30Hz).In most of studies 
properties of measured EEG are computed by PSD estimation 
for selected samples [4] [2]. The sample of which PSD is 
calculated is assumed to be stationary. Parametric power 
spectrum estimation methods such as auto regressive (AR) 

reduces the spectral leakage problem that occur in fast Fourier 
transform (FFT) method.  

  Hasan Al-Nashash used adaptive Marko process 
amplitude modeling to show accurate simulation of EEG signal 
[9].Abdulhamit subasia, M.kemal kiymik, Ahmit Alkan have 
studied artificial neural network (ANN) with AR for detecting 
epileptic seizure [8].Result for GMM classifier having good 
accuracy and sensitivity is studied by Chattopadhyay S , Bairy 
M[1].Result of different EEG signals analysis with AR 
modeling is provided by A.R.Allen, C.M.Lin, O.faust, 
R.U.Acharya [4]. 

 

II. DATABASE AND PROPOSED METHODOLOGY 
         EEG recording of normal and alcoholic subject were 
obtain from the University of California, Irvine Knowledge 
Discovery in Databases (UCI KDD) archive and these signals 
were recorded with a sampling frequency of 256 Hz. Epileptic 
data were obtain from EEG database available from the Bonn 
University with a sampling frequency of 173.61 Hz. Above 
datasets are recorded with 128 channel system with 12 bit A/D 
resolution [4][1]. 
EEG signals plots for different states are shown in fig. 1. 
 

 
Fig 1. EEG signals A) normal, b) epileptic c) alcoholic 
 
  The proposed method uses different parametric and 
non-parametric PSD estimation techniques for feature 
extraction and GMM classifier to classify EEG signal 
accordingly the pictographic interface i.e Graphic User 
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Interface (GUI) use to facilitate consumers to access the 
program. The corresponding block diagram is shown in 
fig.2. 
 

 
 

Fig.2 Block diagram  
 

III. SPECTRAL ANALYSIS OF EEG SIGNALS 
Here power spectral density is carried by two methods that 
is non-Parametric method and parametric method. In non-
parametric method power spectrum is estimated by Fourier 
transforming the estimated autocorrelation sequence where 
as parametric method is based on order model used for 
process in order to estimate the power spectrum. 
 
. 
Non-parametric method (FFT) by Welch’s method 
 
Advance version of the Periodogram is labeled as the 
Welch's method. The FFT-based methods like the Welch's 
method are defined as one of the most popular classical 
techniques. Welch's method is based on the idea of using 
Periodogram that converts a signal from the time domain to 
the frequency domain. The time sequences are allowed to 
divide into 8 segments with 50 overlapping among them 
after which a data window is applied to each sequence 
which produces set of averaged modified Periodogram. A 
Rectangular window will be applied on the blocks of data 
and modified Periodogram of this windowed data is then 
achieved through PSD estimation. The set of modified 
Periodogram are averaged to get the power spectrum 
estimate. 
The data sequence )(nxi   given by:  

x(n)=x(n+iD) n=0,1,2,..,M-1and i=0,1,2,.,L-1                (1)                                                
where iD  starting point for ith  sequence. 
Therefore the resulting modified periodograms is: 
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The average of these modified periodograms is Welch power 
spectrum and is given by 
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FFT method is not a good spectral estimator as its variance is 
high and does not decrease along increasing data length also it 
causes spectral leakage effect due to windowing. 

 
Parametric Method: 
 
The parametric methods assume the signal to be a stationary 
random process. This process is modeled as the output of a 
filter with white noise input. These methods estimate the PSD 
by estimating the parameters of the linear system that 
hypothetically generates the signal. In AR model method, 
there are poles present in the z domain and all the zeros are at 
the origin [4][5]. 
There are two methods 
1. Yule-Walker method 
2. Burg’s method. 
 
1) Yule-Walker method 
The Yule-Walker method block estimates the PSD of the input 
using the Yule-Walker AR method. This method which is also 
known as the autocorrelation method which calculates the AR 
parameters by forming a biased estimate of the signal's 
autocorrelation function and resolve the least squares 
minimization of the forward prediction error which resulted in 
the following equation, 
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The biased form xxr of the autocorrelation estimate is given 
by: 
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Thus corresponding PSD estimate will be 
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wp̂ is estimated minimum mean square error for the pth-

order predictor  calculated by 
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Yule-Walker method has a small variance but has a very huge 
bias also. Hence Yule-Walker method is not suitable for data 
with unknown characteristics [4][2]. 

 
2) Burg’s Method 
 
       On the contrary to other AR estimation techniques, the 
Burg method refrains from calculating the autocorrelation 
function but estimates the reflection coefficients directly. The 
main advantages of the Burg method are resolving closely 
spaced sinusoids with low noise levels in signals and short 
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data records estimation, where the AR power spectral density 
estimates are very close to the true values. Also, the Burg 
method ensures a stable AR model and is computationally 
efficient. PSD using Burg’s methods )( fP BU

xx is obtained 
through the following equation [5][4] 
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Where )(ka p
   estimates of the AR parameters obtained from 

Levinson-Durbin recursion and 
pE

  reflection coefficients in 
an equivalent lattice structure. 

IV. PLACEMENT OF ELECTRODE 
   During measurement EEG electrodes are attached to the 
patient’s scalp and the resulting potential differences are 
record to standardize the locations from which the potential 
differences were measured, a system of electrode placement 
was provided, called the International 10–20 System. Often 
the earlobe electrodes called A1 and A2, connected 
respectively to the left and right earlobes, are used as the 
reference electrodes. For setting a larger number of 
electrodes using the above conventional system, remaining 
the electrodes are placed in between the above electrodes 
with equidistance between them [3]. 
 
         

 
Fig.3 Conventional 10-20 EEG electrode positions for the 
placement of 21 electrodes 

V.  RESULT 
The algorithm used for detection of state of EEG signal is 
implemented using MATLAB and the result for Burg’s 
method for alcoholic state is shown below. 
 

 
 

Fig.4  PSD using burg’s method for alcoholic state 
 

Program is generated such that it will show PSD using Burg’s 
method also generate file indicating spectral analysis methods 
name with is detected state accurately. Above figure is plot for 
PSD for alcoholic state reading using burg’s method. Program 
will generate burg_alcoholic.mat file. Also generate text file 
named timeDomain_Alcoholic showing readings values. Thus 
we can find easily brain state by inspecting PSD plot and 
observing files.   

 

VI. CLASSIFIER 
      Classifier is used to classify EEG data accordingly into  
three different class labels.GMM is used  here as it provide 
classification sensitivity of 99.6%, accuracy of 98.6 % and   
specificity of 98.3%  . One of the important characteristics of 
GMM is its ability to form smooth approximations for any 
arbitrarily-shaped densities. As the actual data has a multi-
model distribution, GMM thus provides a useful tool to model 
the characteristics of the data. Another useful characteristic of 
GMM is the possibility of employing diagonal covariance 
matrix instead of full covariance matrix. Hence the amount of 
computational time and complexity is reduced significantly 
[1]. 
  

VII. GRAPHIC USER INTERFACE (GUI) 
The Graphic User Interface (GUI) presents a 

straightforward and user friendly platform with components 
such as pull down  menus, dialog boxes, toggle buttons, check 
boxes radio, drop down list boxes, toolbars, sliders etc that  
ease the inconvenience with comparison to text base interface. 
So it is nothing a pictographic interface that facilitates 
consumers to access the program. GUI using MATLAB 
software helps to demonstrate and present our results in both 
numerical and graphical images. A screen shot of the GUI for 
the normal conditions is as shown below, same GUI can be use 
for diagnosis of other mental states. 
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Fig. 3 Screen shot of GUI for normal states. 
 
  

VIII. CONCLUSION 
  Electroencephalogram (EEG) signal can be effectively used 
to diagnose different mental conditions such as energetic, 
alcoholic and epilepsy. By analysis of EEG signals & study in 
medical field we find out more information about the mental 
state of the patients. The changes in EEG signals might be 
quite prominent as in the case of an epileptic patient or an 
alcoholic subject. The alcoholic EEG is more complex than 
the epileptic signal. After comparative study, good result  
obtained by Burg’s method which is one of the Auto 
Regressive Modeling to represent the power distribution in the 
frequency domain. 
This study can be seen as the ground work for more 
complicated EEG signal classification. This signal 
classification is another step towards an automated system 
which is capable of diagnosing different mental states based 
on EEG signals. Such a system would considerably improve 
clinical workflows for the reason that it frees up trained 
personal from routine jobs. 
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Abstract-Installing linux remotely using PXE 

based environment is highly adaptable in todays 

world to avoid manual installation .In this project 

kickstart plays an important role as all booting 

information ,kernel parameters are mentioned in 

it which are needed for  installation. This system 

is based on client server model as one server 

going to install Linux operating system on many 

clients. This paper discusses network booting 

methods using PXE/DHCP/TFTP setups. It 

suggests new approach for installing linux on 

remote machines. 

                        I.MOTIVATION 

In  todays  networked world  dealing with 

enterprise desktop computer individualy is not 

affordable for any organization .Installation 

headache  will be more with increasing number of 

machine to supervise. Remote installation provides 

many advantages over stand alone installation [1].  

1.1 Fewer errors during installation: Because RIS 

installation uses either preconfigured disk images or 

answer files to install and configure the operating 

system, there is minimal user interaction during the 

setup process. This reduces the number of errors that 

are introduced during setup 

. 

1.2 Greater consistency: By using the same disk 

image or answer file to install and configure the 

operating system, you can ensure that all of the 

computers in your organization are set up exactly the 

sameway. 

 1.3 Shorter installation time: RIS installation is 

faster than interactive installation because the 

operating system and applications are preinstalled 

and preconfigured on the disk image and require 

only minimal configuration after the disk image is 

copied to a destination computer. In addition, you 

can speed up the installation process by using the 

fully automated installation features of RIS. Instead 

of prompting end users or administrators for 

configuration information, the Setup program reads 

configuration settings from an answer file. 

1.4 Lower support costs: By minimizing errors 

during the setup process, increasing the consistency 

of the computers in your organization, and reducing 

the amount of time an administrator needs to spend 

setting up a computer, you can reduce the overall 

support costs in your organization. 

RIS is more complex and requires more upfront 

configuration and planning than other automated 

installation technologies. This is because RIS relies 

on several operating system services and protocols, 

as well as specialized hardware that supports the 

PXE specification. However, RIS installation is an 
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efficient deployment technology if you have a high-

speed network and you need to install clean 

operating systems and preconfigured applications 

onto a large number of computers with minimal end 

user or administrator interaction. 

1.5 High speed network connectivity: The 

computers on which you are installing an operating 

system must all be connected to a reliable, high 

speed network. Wide area networks (WANs) that are 

connected with analog modems or Integrated 

Services Digital Network (ISDN) do not have 

sufficient bandwidth to support RIS installation. 

                    II.SYSTEM OVERVIEW 

The proposed architecture implementation 

provides base for disk recovery and provide 

centralized approach for installing linux operating 

system using properly configure PXE and kickstart 

setups .The architecture provides configuration of 

the network servers like HTTP ,DHCP,TFTP,FTP to 

export the installation tree for the version and variant 

of  redhat enterprise  linux to be installed.After 

complete installation of  Operating system 

postinstallation configuration is done automatically 

such as client side configuration for repository etc. 

 

Kickstart: Red Hat Linux comes with a system for 

automatic installation called Kickstart. Instead of 

answering all the installation questions manually, 

including all the details of package selection, we can 

put answers and list of packages into a file which 

will automatically be read by the installation 

program at startup[3]. This can be very useful for 

installing a specific known configuration on a 

collection of machines, such as a grid cluster or a 

Beowulf cluster. It is also fairly easy to copy files or 

run shell scripts non-interactively to customize the 

installation.  

Kickstart files can be kept on a single server 

system anad read by individual computers during the 

installation.This installation method can support the 

use of a single kickstart file to install linux on 

multiple machines,making it ideal for network and 

system administrators. e.g.script for creating a 

special account like Student account is written in 

kickstart file so no nead to create that account 

manually. Like that  script can be written for various  

purposes[3]. 

PXE Boot: A common problem faced by IT 

managers is to ensure that client systems in their 

enterprises can boot appropriate software images 

using appropriate configuration parameters[2]. 

These selected boot images and configuration 

parameters must be acquired from selected servers in 

the enterprise as dictated by the needs of the 

particular environment, the capabilities or mission of 

the user, the resources available within the client, 

etc. Furthermore, these clients should boot 

consistently and in an interoperable manner 
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regardless of the sources or vendors of the software 

and the hardware of both client and server 

machines.This goal can be accomplished only 

through a uniform and consistent set of pre-boot 

protocol services within the client that ensure that 

network-based booting is accomplished through 

industry standard protocols used to communicate 

with the server. In addition, to ensure 

interoperability, the downloaded Network Bootstrap 

Program (NBP) must be presented with a uniform 

and consistent pre-boot operating environment 

within the booting client, so it can accomplish its 

task independent of, for example, the type of 

network adapter implemented in the system. This 

capability is useful in enhancing the manageability 

of the client machine in several situations; for 

example: 

2.1  Remote new system setup. If the client does 

not have an OS installed on its hard disk, or the 

client has no hard disk at all, downloading an NBP 

from a server can help automate the OS 

installation and other configuration steps. 

2.2 Remote emergency boot. If the client machine 

fails to boot due to a hardware or software 

failure, downloading an executable image from a 

server can provide the client with a specific 

executable that enables remote problem notification 

and diagnosis. 

2.3 Remote network boot. In instances where the 

client machine has no local storage, it can 

download its system software image from the server 

in the course of normal operation. 

 PXE embodies three technologies that will 

establish a common and consistent set of pre-boot 

services within the boot firmware of  systems[6]: 

1 A uniform protocol for the client to request the 

allocation of a network address and 

subsequently request the download of an NBP from 

a network boot server. 

2 A set of APIs available in the machine’s pre-boot 

firmware environment that constitutes a 

consistent set of services that can be employed by 

the NBP or the BIOS. 

3 A standard method of initiating the pre-boot 

firmware to execute the PXE protocol on the 

client machine. 

In summary, using the capabilities described 

above, a newly installed networked client machine 

should be able to enter a heterogeneous network, 

acquire for itself a network address from a DHCP 

server, and then download an NBP to set itself up. 

This sets the stage to enable IT managers to 

customize the manner in which their network client 

machines go through a network-based booting[7]. 

 

DHCP server Configuration: Dynamic Host 

Configuration Protocol (DHCP) automatically 

assigns IP addresses and other network 

configuration information (subnetmask, broadcast 

address, etc) to computers on a network. A client 

configured for DHCP will send out a broadcast 

request to the DHCP server requesting an address. 

The DHCP server will then issue a "lease" and 

assign it to that client. The time period of a valid 

lease can be specified on the server. DHCP reduces 

the amount of time required to configure clients and 
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allows one to move a computer to various networks 

and be configured with the appropriate IP address, 

gateway and subnet mask. For ISP's it conserves the 

limited number of IP addresses it may use. DHCP 

servers may assign a "static" IP address to specified 

hardware. Microsoft NetBios information is often 

included in the network information sent by the 

DHCP server.  

The initial phase of this protocol piggybacks 

on a subset of the DHCP protocol messages to 

enable the client to discover a Boot Server, that is, a 

server that delivers executables for new system 

setup.The client may use the opportunity to obtain an 

IP address, which is the expected behavior, but it is 

not required. Clients that do obtain an IP address 

using DHCP or BOOTP must implement the 

protocol as specified in RFC 2131, even though not 

all possible messages and states of that protocol are 

described or mentioned in this protocol 

specification. The points at which this protocol 

piggybacks or otherwise interacts with the standard 

DHCP protocol are also noted. 

The second phase of this protocol takes 

place between the client and a Boot Server, and uses 

the DHCP message format simply as a convenient 

format for communication. This second phase of the 

protocol is otherwise unrelated to the standard 

DHCP services. 

 

HTTP server configuration: Hyper Text Transfer 

Protocol  is used to fetch url of booting image stored 

at the server side. The HTTP configuration files are 

located under the "/etc/httpd" directory, with the 

main configuration file being the 

"/etc/httpd/conf/httpd.conf" file. The default 

document root is "/var/www/html". Any files or 

directories below this point will be visible using a 

browser once you configure the firewall.It is 

accessible on port no 80. 

 

TFTP/FTP server configuration: The Trivial File 

Transfer Protocol(TFTP) is normally used only for 

booting remote workstations.The tftp-server package 

provides the server for TFTP,which allows users to 

transfer files to and from a remote machine.TFTP 

provides very little security,and should not be 

enabled unless it is expressly needed. 

Many networking equipment manufacturers 

allow us to backup live configurations of their 

devices to centralized servers via the TFTP protocol. 

TFTP can be used with great versatility as a network 

management tool and not just for saving files. TFTP 

servers can be used to upload new configurations to 

replacement devices after serious hardware failures. 

They also can be used for uploading new versions of 

software to be run as network devices. Finally, they 

can be used to upload even partial configurations 

such as files containing updated access control lists 

(ACLs) that restrict access to networks and even the 

regular application of new passwords.  

 TFTP may not be an application used 

regularly in a home, but it will become increasingly 

important in an expanding small office/home office 

(SOHO) environment which is why the topic is 

covered here.  

Thus in the summary flow of proposed 

system starts from proper server configuration.After 

configuration of server DHCP and PXE boot comes 
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into picture.After that Kicstart Installations and other 

server such as HTTP,TFTP configurations.If there is 

no proper installation on client machine then system 

restarts from DHCP stage. 

             III.CONCLUSION 

In Project we are going to configure a server 

in  a  such a way that it will install Linux operating 

system on number of remote machine connected in 

LAN. To perform simultaneous installation we 

configure the server with DHCP, HTTP ,  FTP 

server as well as pass the path of the kickstart file to 

the client machine.                                                                                                                                          

                           IV.FUTURE WORK 

If  client system does not have enough 

memory to install Linux or machine is Diskless then 

machine must boot remotely and share servers 

diskspace or remote desktops memory to boot 

properly. 
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     Abstract—Cloud safety is one of most imperative 

issues that have concerned a lot of research and 

development struggle in past few years. Predominantly, 

invaders can explore susceptibilities of a cloud system 

and cooperation virtual machines to deploy further 

large-scale Distributed Denial-of-Service (DDoS). DDoS 

attacks usually involve primary stage actions such as 

multistep misuse, low-regularity susceptibility scanning, 

and cooperating identified susceptible virtual machines 

as automatons, and finally DDoS attacks through the 

bargained automatons. Within the cloud system, 

especially the Infrastructure-as-a-Service (IaaS) clouds, 

the recognition of automaton exploration attacks is vastly 

difficult. This is because cloud users may install 

susceptible applications on their virtual machines. To 

prevent susceptible virtual machines from being 

bargained in the cloud, I propose a multiphase 

distributed susceptibility recognition, measurement, and 

countermeasure selection mechanism called NIRCA, 

which is built on attack Grid-based logical models and 

reconfigurable virtual network-based countermeasures. 

The proposed framework influences OpenFlow network 

programming APIs to build a monitor and control plane 

over dispersed programmable virtual switches to 

importantly get better attack recognition and reasonable 

attack penalty. The system and security assessment 

display the competence and efficiency of the proposed 

solution. 
 

Index terms—Network Security, Cloud Computing, 

Intrusion Recognition, Attack Grid, Automaton Recognition. 

 

INTRODUCTION 

Modern studies have shown that users drifting to the cloud 
deliberate security as the most important factor. A Modern 
Cloud Security Alliance (CSA) survey shows that among all 
security issues, abuse and despicable use of cloud computing 
is deliberated as the top security threat [1], in which invaders 
can exploit susceptibilities in clouds and utilize cloud system 
resources to deploy attacks. In outdated data centers, where 
system administrators have full control over the host 
machines, susceptibilities can be noticed and patched by the 

system administrator in integrated manner. Hoover, patching 
known security holes in cloud data centers, where cloud users 
frequently have the pleasure to control software installed on 
their achieved VMs, may not work meritoriously and can 
violate the Service Level Agreement (SLA). Furthermore, 
cloud users can install susceptible software on their VMs, 
which principally contributes to loopholes in cloud security. 
The encounter is to launch effective susceptibility/attack 
recognition and reply system for accurately identifying 
attacks and reducing the impact of security breach to cloud 
users. In [2], M. Armbrust et al. addressed that protecting 
Business continuity and services availability from service 
outages is one of the top concerns in cloud computing 
systems. In a cloud system where the infrastructure is shared 
by potentially millions of users, abuse and despicable use of 
the shared infrastructure benefits invaders to exploit 
susceptibilities of the cloud and use its resource to deploy 
attacks in more efficient ways [3]. Such attacks are more 
effective in the cloud environment since cloud users usually 
share computing resources, e.g., being linked through the 
same switch, sharing with the same data storage and file 
systems, even with potential invaders [4]. The similar setup 
for VMs in the cloud, e.g., virtualization methods, VM OS, 
installed susceptible software, networking, etc., attracts 
invaders to compromise multiple VMs. In this article, I 
propose NIRCA: Network Intrusion Recognition  and 
Countermeasure Assortment in Cloud Security to launch a 
defense-in-depth intrusion recognition framework. For better 
attack recognition, NIRCA incorporates attack Grid 
methodical procedures into the intrusion recognition 
processes. I must note that the design of NIRCA does not 
intend to improve any of the existing intrusion recognition 
algorithms; indeed, NIRCA works a reconfigurable virtual 
networking methodology to discover and counter the attempts 
to compromise VMs, thus preventing automaton VMs. In 
general, NIRCA includes two main phases: (1) deploy a 
lightIight mirroring-based network intrusion recognition 
agent (NIRCA-A) on each cloud server to imprisonment and 
analyze cloud traffic. A NIRCA-A periodically scans the 
virtual system susceptibilities within a cloud server to 
establish Scenario Attack Grid (SAGs), and then based on the 
harshness of identified susceptibility towards the 
collaborative attack goals, NIRCA will decide whether or not 
to put a VM in network assessment state. (2) Once a VM 
enters assessment state, Deep Packet Assessment (DPI) is 
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applied, and/or virtual network reconfigurations can be 
deployed to the inspecting VM to make the potential attack 
behaviors prominent. NIRCA significantly advances the 
current network IDS/IPS solutions by employing 
programmable virtual networking methodology that allows 
the system to construct a dynamic reconfigurable IDS system. 
By using software switching techniques [5], NIRCA 
constructs a mirroring-based traffic capturing framework to 
minimize the interference on users’ traffic compared to 
outdated bump-in-the-wire (i.e., proxy-based) IDS/IPS. The 
programmable virtual networking architecture of NIRCA 
enables the cloud to establish assessment and quarantine 
modes for suspicious VMs according to their current 
susceptibility state in the current SAG. Based on the 
collective behavior of VMs in the SAG, NIRCA can decide 
appropriate actions, for example DPI or traffic filtering, on 
the suspicious VMs. Using this methodology, NIRCA does 
not need to block traffic flows of a suspicious VM in its early 
attack stage. The contributions of NIRCA are presented as 
follows: 

  

• I devise NIRCA, a new multi-phase distributed network 
intrusion recognition and avoidance framework in a virtual 
networking environment that captures and inspects suspicious 
cloud traffic without disturbing users’ applications and cloud 
services. 

• NIRCA incorporates a software switching solution to 
quarantine and inspect suspicious VMs for further 
investigation and protection. Through programmable network 
methodologies, NIRCA can improve the attack recognition 
probability and improve the resiliency to VM exploitation 
attack without disturbing existing normal cloud services. 

• NIRCA employs a novel attack Grid methodology for attack 
recognition and avoidance by correlating attack behavior and 
also suggests effective countermeasures. 

• NIRCA optimizes the implementation on cloud servers to 
minimize resource consumption. Our study shows that 
NIRCA consumes less computational overhead compared to 
proxy-based network intrusion recognition solutions.  

The rest of paper is organized as follows. Section II presents 
the related work. System models are described in Section III, 
Section IV describes system design and implementation. The 
proposed security measurement, mitigation, and 
countermeasures are presented in Section V and Section VI 
evaluates NIRCA in terms of network performance and 
security. Finally, Section VII describes future work and 
concludes this paper. 

 

LITERATURE SURVEY 

Cloud users can install susceptible software on their VMs, 
which principally contributes to loopholes in cloud security. 
The challenge is to establish an effective susceptibility/attack 
recognition and response system for accurately identifying 
attacks and minimizing the impact of security breach to cloud 
users. In a cloud system where the infrastructure is shared by 
potentially millions of users, abuse and despicable use of the 
shared infrastructure benefits invaders to exploit 
susceptibilities of the cloud and use its resource to deploy 
attacks in more efficient ways. Such attacks are more 
effective in the cloud environment since cloud users usually 

share computing resources, e.g., being connected through the 
same switch, sharing with the same data storage and file 
systems, even with potential invaders. The similar setup for 
VMs in the cloud, e.g., virtualization techniques, VM OS, 
installed susceptible software, networking, etc., attracts 
invaders to compromise multiple VMs. 

Disadvantage 

 No recognition and avoidance framework in a 
virtual networking environment. 

  Not accuracy in the attack recognition from 
invaders. 

PROPOSED SYSTEM: 

In this article, I propose NIRCA (Network Intrusion 
recognition and Countermeasure selection in virtual network 
systems) to establish a defense-in-depth intrusion recognition 
framework. For better attack recognition, NIRCA 
incorporates attack Grid analytical procedures into the 
intrusion recognition processes. I must note that the design of 
NIRCA does not intend to improve any of the existing 
intrusion recognition algorithms; indeed, NIRCA employs a 
reconfigurable virtual networking methodology to detect and 
counter the attempts to compromise VMs, thus preventing 
automaton VMs. 

ADVANTAGES OF PROPOSED SYSTEM: 

The contributions of NIRCA are presented as follows: 

 I devise NIRCA, a new multi-phase distributed network 
intrusion recognition and avoidance framework in a 
virtual networking environment that captures and inspects 
suspicious cloud traffic without disturbing users’ 
applications and cloud services. 

 NIRCA incorporates a software switching solution to 
quarantine and inspect suspicious VMs for further 
investigation and protection. Through programmable 
network methodologies, NIRCA can improve the attack 
recognition probability and improve the resiliency to VM 
exploitation attack without disturbing existing normal 
cloud services. 

 NIRCA employs a novel attack Grid methodology for 
attack recognition and avoidance by correlating attack 
behavior and also suggests effective countermeasures. 

 NIRCA optimizes the implementation on cloud servers to 
minimize resource consumption. Our study shows that 
NIRCA consumes less computational overhead compared 
to proxy-based network intrusion recognition solutions. 
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SYSTEM ARCHITECTURE: 

 

 

 

 

 

 

 

Fig.1.    Architecture within one cloud server cluster. 

ALGORITHM: 

1. Alert Correspondence Algorithm 

Algorithm 1  

Alert  Correspondence  

Require: alert ac, SAG, ACG 

1: if (ac is a new alert) then 

2: create node ac in ACG 
3: n1 ← vc ∈  map(ac) 

4: for all n2 ∈  parent(n1) do 

5: create edge (n2.alert, ac) 

6: for all Si containing a do 

7: if a is the last element in Si then 

8: append ac to Si 

9: else 

10: create path Si+1 = {subset(Si, a), ac} 

11: end if 

12: end for 

13: add ac to n1.alert 

14: end for 

15: end if 
16: return S 

2. Countermeasure Selection Algorithm  

Algorithm 2 Countermeasure Selection 

Require: Alert,G(E, V ), CM 

1: Let vAlert = Source node of the Alert 

2: if Distance to Target(vAlert) > threshold then 

3: Update ACG 

4: return 

5: end if 

6: Let T = Descendant(vAlert) ∪  vAlert 

7: Set Pr(vAlert) = 1 

8: Calculate Risk Prob(T) 
9: Let benefit[|T|, |CM|] = ∅  

10: for each t ∈  T do 

11: for each cm ∈  CM do 

12: if cm.condition(t) then 

13: Pr(t) = Pr(t) ∗  (1 − cm.effectiveness) 

14: Calculate Risk Prob(Descendant(t)) 

15:benefit[t, cm] = ΔPr(target node). (7) 

  16: end if 

  17: end for 

18: end for 

19: Let ROI[|T|, |CM|] = ∅  
20: for each t ∈  T do 

21: for each cm ∈  CM do 
22:ROI[t, cm] = benefit[t, cm] cost.cm + intrusiveness.cm 
23: end for 

 

 

 

 

 

 

 

 

 

 

 

 

 

24: end for 

25: Update SAG and Update ACG 
26: return Select Optimal CM(ROI) 

MODULES: 

 NIRCA-A 

 VM Profiling 

 Attack Analyzer 

 Network Controller 

MODULES DESCRIPTION: 

NIRCA-A 

 The NIRCA-A is a Network-based Intrusion Recognition 
System (NIDS) agent installed in each cloud server. It scans 
the traffic going through the bridges that control all the traffic 
among VMs and in/out from the physical cloud servers. It 
will sniff a mirroring port on each virtual bridge in the Open 
v Switch. Each bridge forms an isolated subnet in the virtual 
network and connects to all related VMs. The traffic 
generated from the VMs on the mirrored software bridge will 
be mirrored to a specific port on a specific bridge using 
SPAN, RSPAN, or ERSPAN methods. It’s more efficient to 
scan the traffic in cloud server since all traffic in the cloud 
server needs go through it; hoIver our design is independent 
to the installed VM. The false alarm rate could be reduced 
through our architecture design. 

VM Profiling 

Virtual machines in the cloud can be profiled to get precise 
information about their state, services running, open ports, 
etc. One major factor that counts towards a VM profile is its 
connectivity with other VMs. Also required is the knowledge 
of services running on a VM so as to verify the authenticity 
of alerts pertaining to that VM. An attacker can use port 
scanning program to perform an intense examination of the 
network to look for open ports on any VM. So information 
about any open ports on a VM and the history of opened ports 
plays a significant role in determining how susceptible the 
VM is. All these factors combined will form the VM profile. 
VM profiles are maintained in a database and contain 
comprehensive information about susceptibilities, alert and 
traffic. 

Attack Analyzer 

 The major functions of NIRCA system are performed by 
attack analyzer, which includes procedures such as attack 
Grid construction and update, alert Correspondence and 
countermeasure selection. The process of constructing and 
utilizing the Scenario Attack Grid (SAG) consists of three 
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phases: information gathering, attack Grid construction, and 
potential exploit path analysis. With this information, attack 
paths can be modeled using SAG. The Attack Analyzer also 
handles alert Correspondence and analysis operations. This 
component has two major functions: (1) constructs Alert 
Correspondence Grid (ACG), (2) provides threat information 
and appropriate countermeasures to network controller for 
virtual network reconfiguration. NIRCA attack Grid is 
constructed based on the following information: Cloud system 
information, Virtual network topology and configuration 
information, Susceptibility information 

Network Controller 

 The network controller is a key component to support the 
programmable networking capability to realize the virtual 
network reconfiguration. In NIRCA, I integrated the control 
functions for both OVS and OFS into the network controller 
that allows the cloud system to set security/filtering rules in 
an integrated and comprehensive manner. The network 
controller is responsible for collecting network information of 
current Open Flow network and provides input to the attack 
analyzer to construct attack Grids. In NIRCA, the network 
control also consults with the attack analyzer for the flow 
access control by setting up the filtering rules on the 
corresponding OVS and OFS. Network controller is also 
responsible for applying the countermeasure from attack 
analyzer. Based on VM Security Index and severity of an 
alert, countermeasures are selected by NIRCA and executed 
by the network controller. 

CONCLUSION AND FUTURE WORK 

In this paper, I presented NIRCA, which is proposed to detect 

and moderate shared attacks in the cloud virtual networking 

environment. NIRCA utilizes the attack grid model to 

conduct attack recognition and prediction. The proposed 

solution investigates how to use the programmability of 

software switches based solutions to improve the recognition  

accuracy and defeat victim exploitation phases of 

collaborative attacks. The system performance evaluation 

demonstrates the feasibility of NIRCA and shows that the 

proposed solution can significantly reduce the risk of the 

cloud system from being exploited and harmed by internal 
and external attackers. NIRCA only investigates the network 

IRS approach to counter automaton explorative attacks. In 

order to get better the recognition  accuracy, host-based IRS 

solutions are needed to be incorporated and to cover the 

whole range of IRS in the cloud system. This should be 

investigated in the future work. Additionally, as indicated 

in the paper, I will investigate the scalability of the proposed 

NIRCA solution by investigating the decentralized network 

control and attack analysis model based on current study. 
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Abstract 

A mobile humanoid robot platform which is able to 
understand human’s speech commands in teleoperation 

environments. For service in unstructured environments, the 

robot must operate efficiently under active auditory perception 

system to ensure a coordinated human-robot system. First, the 

speech-based teleoperation control is introduced, with the 
cameras mounting on the robots, transmitting the video to the 

user through the wireless network, while the user sends speech 

commands to drive the robot to fulfil the desired task through 

the same communication channel. The project describes 

opportunities for military applications of human-machine 
communication by voice. Finally, the event-based speech 

teleoperation is experimentally implemented and verified using 

a human-like mobile robot. 

Introduction 

In recent years, intelligent machines play more and 

more important role in human life. For example, the 3D 

motion analysis system helps clinicians and engineers in the 

prevention, diagnosis and treatment of people with physical 

disorders. Besides, humanoid robots serving potential evokes 

much interest. Particularly, intelligence service robots are the 

main type of the humanoid robot that has been studied. To 

serve a human being, it is necessary to develop an active 

auditory perception system for the robot system that can 

execute various tasks in everyday environments under the 

natural human speech. Moreover, to adapt to more 

complicated and varied environments, the robot is equipped 

with more and more sensors, and in order to unify the 

coordinates of them, e.g. the typical hand-eye calibration. 

More importantly, the robot needs to be operated at a high 

speed with stability. The active auditory perception is very 

essential for robots to be able to interact with humans and 

their environments. When the human and the robot work 

together, there are two extremes for initiative in the 

interaction. Firstly, the robot can be seen as a tool for 

accomplishing specific tasks by human commands. The 

obvious human-robot interface is teleoperation. The human 

gives commands and the robot carries out the requested 

actions. Secondly, a robot may work largely autonomously, 

with a human acting as a supervisor, intervening only when 
things go wrong.  

In autonomous robots, the capability of navigation 

is essential to sense the surroundings, perceive the working 

environment, plan a trajectory and execute proper reaction 

using the information. For many robotic applications, as the 

tasks to be performed by robots grow more complex, an 

interactive interface incorporating communication technique, 

such as natural language dialogue, can provide a more 

intuitive and flexible means of coordinating human-robot 

activity. Several recent systems have been developed that 

permit natural-language human-robot interaction. Due to the 

possibilities offered by the network technology and the new 

tools that offer new possibilities to manage the remote 

environment, a voice- based teleoperation scheme that allows 

interaction with the remote environment in a more 
comfortable and flexible way is presented. 

We describe opportunities for military applications 

of human-machine communication by voice and discusses 

issues to be addressed in bringing the technology into real 
applications.  

Voice processing establish a natural dialogue 

between a human and the robot in the remote environment in 

such a way that a non-qualified user of the system can 

manage the robot through a semantics that represents the 

environment and its relationship with the robot. The built 

robot described in the project allows the operator to interact 

with the remote environment through natural language 

recognition. We know natural language interfaces are not 

adequate for all kinds of robotic commands. There exist 

languages or human-friendly interfaces which are not natural 

but which are more suitable for particular applications. 

Specifically, in the application presented in the project, it is 

shown that natural language input can be an efficient 

technique for high level commands and other input interfaces 

are more appropriate for low level commands. Speech 

recognition and natural language processing becomes a 

powerful tool for human-computer communication. 

However, it is well-known that the network delay and packet 

dropouts can degrade the system performance or even cause 

instability of control systems. Therefore, how to handle the 

network induced delays and packet dropouts for the speech-

based teleoperation has attracted much attention. Moreover, 

to our best knowledge, under the realistic commands 

transmission environment, the proposed voice control 

approach in these works cannot be applied to the remote 
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teleoperation. Therefore we introduce the speech-based 

teleoperation control of a mobile humanoid robot under a 

general network conditions . 

To validate our system, we design many tasks for the robot to 

complete. The robot can move around in environments and 

perform physical tasks, such as searching objects and sending 

live video and audio information, providing kinds of 
information for the users after modifying.  The user, on the  

Block diagram and System overview:- 

other hand, is busy with his/her ordinary activities while 

communicating with the robot. In the project, we enhance the 

efficiency of the service robot by developing speech control 

scheme. The cameras mounted on the robots transmit the 

video to the user through the network, and while the user 

sends speech commands to drive the robot fulfil the desired 
task through the same communication channel. 

 

 

 

Figure 1:- Block Diagram 

The structure of the mobile humanoid robot is 

divided into three modules: the control module, the motion 

module and the information accessing unit module, as shown 

in figure 1.  

The control module is comprised of Arm processor 

with many necessary boards, such as a speech processing kit, 

authorization unit. The authorization unit is used for the 

authentication of valid user as the security levels are high in 

military. The speech processing kit is used for the conversion 

of the voice signal into digital signal. This digital signal is 

given to the processor for converting it into code to be send 

onto the motion side. 

The motion module consists of an Arm processor, 

two motors and the corresponding motor drivers and many 

other important sensors, gun unit and Global Positioning 

System module. The motion side work on the commands 

received from the control side on which the motion side 

processor commands the motors, gun and sensors to work. 

There are various command received such as, go forward, 

backward, turn left, right and check status of the soldier. The 

sensors mounted in the robot can be temperature, heartbeat  

etc. By checking the output of the sensors and comparing it 

with the predefined threshold the processor analyse the 

condition of the solider and then take it location from the 

Global Positioning System and send it to the valid mobile 

number using Global System for Mobıle Communıcatıon 

Module (GSM). 

This robot is driven by four independent wheels. For 

getting the live feed of the battle field and locate the soldier 

wireless camera is been mounted on the robot. For 

communication between the control and the motion side 

wireless medium is been used. As the difficulty of wiring 

between the control and motion side is removed and a 

teleoperated soldier is formed. 
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1. A microphone picks up the signal of the speech to be 

recognized and converts it into an electrical signal. A modern 

speech recognition system also requires that the electrical 

signal be represented digitally by means of an analog-to-

digital conversion process, so that it can be processed with a 

digital computer or a microprocessor.  

 

2. This speech signal is then analysed to produce a 

representation consisting of salient features of the speech. 

The most prevalent feature of speech is derived from its short-

time spectrum, measured successively over short-time 

windows of length 20–30 millisecond overlapping at 

intervals of 10–20 milliseconds. Each short-time spectrum is 

transformed into a feature vector, and the temporal sequence 

of such feature vectors thus forms a speech pattern. 

  

3. The speech pattern is then compared to a store of phoneme 

patterns or models through a dynamic programming process  

in order to generate a hypothesis (or a number of hypotheses) 

of the phonemic unit sequence. (A phoneme is a basic unit of 

speech and a phoneme model is a succinct representation of 

the signal that corresponds to a phoneme, usually embedded 

in an utterance.) A speech signal inherently has substantial 

variations along many dimensions.  

 

4. The processor compares the commands from user with the 

stored commands by comparing their corresponding digitally 

generated code, if the command matches the desired 

commands it will transmit the same using zigbee module 

using serial communication the zigbee module will modulate 

the signal and transmit it over air interface. 

 

5. The command is “forward” if it matches the stored 

command, the controller will send a character “F” to the robot 

using zigbee module the robot system will receive the 

command using zigbee module, the processor will capture the 

data and accordingly follow the programming, as their will 

be separate function written in program for each command so 

that the robot can perform the desired task for that particular 

command. 

 

6. When the command for checking the status of soldier is 

given to processor then it will get data from sensor. The data 

from sensor is processed and status of the soldier is decided 

on the basis of data. This data is also provided to control unit 

using zigbee module. The alert message can also be send to 

military hospital using Global System for Mobıle 

Communıcatıon module.   

 
  

Table 1: Various Commands  

Figure 2:-Work Flow 
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Figure 3: Front View of Motion Side  

 

Figure 4: Top View of Motion Side  

Conclusions and future works 

The paper presents a teleoperated speech controlled 

mobile robot structure. It incorporates teleoperation and 

voice control for a mobile robot. Voice control method makes  

the robot more intelligent and user-friendly. The speech-

based control system also has the potential to provide other 

benefits beyond those addressed in the study. Certain tasks, 

such as menu navigation can be extremely time consuming 

and detrimental to the Soldier’s situation awareness of his 

surroundings when a hand controller is used. For example, 

having to use up-down keys on the hand-held controller for 

menu navigation is much more demanding than speech-based 

control of these tasks. Now that we have a basic structure for 

the teleoperation control of the robot, another focus area will 

be to introduce gestures, because gestures are one of the 

important parts of the Natural Language. Humans normally 

use gestures such as pointing to an object or a direction with 

the spoken language, i.e., when the human speaks with 

another human about a close object or location, they normally 

point at the object/location by using their fingers. There are 

also researches going on to introduce speech recognition 

interface with gestures recognition, called multi-modal 

communication interface. 
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Abstract - A transport Ad-Hoc Network (VANET) may be a 
sort of Mobile ad-hoc network, to supply communication 
among close vehicles. Large no. of automobile accidents is 
caused as a result of driver fatigue. To deal with the 
matter we tend to propose a vision-based driver fatigue 
detection System in VANET using clustering. A clustered 
network structure is usually recommended owing to its a 
lot of utilization of network resource associated higher 
communication quality within which the motive force and 
different vehicles area unit then alerted by operational an 
in-vehicle alarm and causation alert messages containing 
corrective actions via wireless technology provided by 
VANET. We propose a method for driver face and eye to 
measure PERCOLS. The result can detect the driver face 
and eyes accurately. 
 
Index Terms - Vanets, Clustering, V2V, Eye Tracking 
 

I.  INTRODUCTION 

 Vehicular Ad Hoc Networks (VANETs) have 
received increasing attention from the research and industrial 
communities recently many valuable applications such as 
entertainments, Congestion Control, and accident avoidance 
have been envisioned or planned in VANETs. 

Vehicle-to-Vehicle (V2V) and Vehicle-to-
Infrastructure (V2I) are two major types of communications in 
VANET. VANETs allow vehicles to connect to roadside units 
(RSUs), which are fixed infrastructure that are equipped with 
powerful computing devices and installed at different 
locations in a city. They can connect with each other via a 
wired network and with passing by vehicles through wireless 
communications. Each vehicle equipped with an on Board 
Unit (OBU) can either transmit hop  by hop to the destination 
using V2V communication or transmit to a Roadside Unit 
(RSU) using V2I  will be possible directly when in range, or 
across multiple hops. Such hybrid design is very important to 
realize various types of applications. 

 Clustering in vehicular Ad-hoc Network is one of 
the control scheme used to organize media access and make 
VANET global topology less dynamic. Most VANET 
clustering algorithm is derived from Mobile Adhoc Networks. 

In cluster based routing vehicle near to each other 
form a cluster. Each cluster has their one cluster head. Which 
is responsible for inter and intra-cluster management function 
Intra-cluster node communicate each other using direct link. 
Whereas inter -cluster is communicate via cluster head .In 
cluster based routing the formation of clusters and selection of 
cluster head is an important point. In VANET due to high 
mobility dynamic cluster formation is a towering process. The 
design of a system able to monitor the drowsiness level of a 
driver in an ordinary vehicle is presented. In which the 
environment can continuously monitor what’s happening in it 
and vehicles can communicate each other exchanging its 
relative positions and potentially dangerous conditions, such 
as the presence of an uncontrolled vehicle. 

  As we know large numbers of automobile accidents 
are caused due to driver fatigue, to address this problem we 
are proposing a clustering technique which uses V2V 
communication. The system includes driver fatigue detection 
System to avoid accident. 

II. RELATED WORK 

B. Ramakrishnan, Dr. R. S. Rajesh, R. S. Shaji [1] 
created a new cluster model for efficient communication 
among the VANET nodes communication. The result show 
the outperform the existing VANET model in terms of cluster 
creation, Head creation and head switching time on a highway 
vehicular environment. 

Shuhua Jiang and Hsi-Lu Chao [2] Uses a linear 
cooperation framework for accident detection in a cluster-
based VANET two efficient algorithms to do alarm detection, 
native detection and international detection. The cooperative 
detection algorithm can be applied to highway or local traffic 
systems for accident avoidance.  
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    Alshaqaqi , Belal , Baquhaizel, Abdullah Salem, 
Ouis, Mohamed El Amine, Boumehed,   Meriem, Ouamri, 
Abdelaziz ,Keche, Mokhtar [3] proposes an algorithm to 
locate , track ,and analyses the driver face and eyes to measure 
PERCLOS. Their aims is to warn a driver if is in a drowsy 
state. 

 Marco Javier Flores, Jose Maria Armingol, and 
Arturo de la Escalera [4] Proposes a drowsiness alert system 
which based on computer vision and Artificial intelligence. 
They uses in-car camera to detect and monitor various feature  
Of human face such as head movement etc. state of the 
driver’s eye in real time they check for both daytime and 
nocturnal situation .which prevent driver falling asleep while 
driving.  

 Alexandra Branzan Albu, Ben Widsten, Tiange 
Wang, Julie Lan, and Jordana Mah [8] Monitoring the driver 
fatigue for real time detection of sleep onset , sleep onset is 
the most critical consequence of fatigue driving. Their 
approach is to monitor a real time event detection technique. 
Further they show the tracking in real time of single visual 
cue. The experimental result shows the hardware Consist of 
webcam Connected to a laptop. The Experimental result 
shows that the proposed approach work well for in-vehicle 
Environment. 

 D.Jayanthi, M.Bommy [9] proposes a nonintrusive 
prototype computer vision system for real time monitoring of 
a driver’s vigilance, which based on a hardware system of a 
driver’s images using an active IR illuminator and for 
monitoring the fatigue level of a driver they implement a 
software algorithm which based on the six parameters i.e. 
PERCLOS, eye closure duration, blink frequency, face 
position and fixed gaze. 

Liling Li, Mei Xie, Huazhi Dong [10] proposes a 
driver fatigue detection method, by establishing the 
appearance model AAM ,on the basis of human face detection 
locate the position of the eye accurately. Which calculating the 
ratio of eye's height and width. 

Shifeng Hu, Zuhua Fang, Jie Tang, Hongbing Xu 
[11] Proposes driver fatigue eye features detection algorithm 
based on openCV image processing and computer vision 
development platform which implements eye localization and 
state detection via template matching method and Hough 
variant round transform from rough to accurate thought. 

 

III. PROPOSED METHODOLOGY 

 A. Cluster Formation 
 Cluster based Routing in VANET particularly useful 
for applications that require better routing and scalability to 

hundreds or thousands of vehicles. Vanet is characterized by 
vehicles with relatively high mobility and has become a 
promising field of research for safety Traffic Management 
System. Static and dynamic cluster heads are responsible for 
coordination among the nodes within their clusters, and 
between the clusters. 
  Static clusters are formed around the static sources 
located at the road signals, street corners called static cluster 
head. Dynamic clustering attempts to partition a number of 
nodes into multi-hop clusters. During the creation of Vanet 
cluster, cluster member select one member to be the cluster 
head. The cluster head may be any vehicle in the cluster which 
broadcasts the alert message. 
 
B. Scenario design for V2V Communication: 
   On below of the situation is of V2V communication 
wherever the road has been style and on it street road the 
nodes can create that represent a vehicle. Wherever some 
general nodes are created that represent a bunch of car to 
create a cluster. This vehicle node then communicates with 
one another to send and alert messages. 

   
C. The Proposed Drowsiness (Driver Fatigue) Detection 
System: 

 The system proposed in this paper is able to perform 
real-time processing of capturing an image in order to infer the 
driver level of fatigue by determining the number of frames in 
which driver’s eyes are blink. Successively, processing system 
output is sent to an alarm system that will activate an alarm 
when an index, computed by mean of PERCLOS parameter. 
The overall Flow Chart of the Driver fatigue detection is 
shown in fig 
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The Above system consists of 4 parts (a) Dividing in to frames 
(b) Face Detection (c) Eye Detection (d) Drowsiness 
Detection. In addition there is 1 external hardware 
components namely Camera. 
 
A.  Hardware required: The external hardware required for 
capturing the image is Camera. 
 
B. Dividing in to Frames: Convert it in to series of 
frames/images which are then processed. 
 
C.  Face Detection: The face detection function takes one 
frame at a time from the frame provided by the frame grabber, 
and at each and every frame it tries to detect the face of the 
vehicle driver. This is achieving by the Haar cascade. 
 
D.  Eye Detection: Once the face detection function is 
detected of the vehicle driver. The eye detection function tries 
to detect the driver eyes. This is done by Haar cascade. 
 
E.  Drowsiness Detect: once detecting the driver eyes. The 
drowsiness detection function detects the vehicle driver is 
drowsy or not is think about by checking the state of the eyes. 
whether it is closed or open. Or proportion of blink rate i.e. 
PERCLOS 
 
F.  Alarm: As drowsiness is detected, an in-vehicle alarm is 
generated to alert the vehicle’s driver. 
 
 
 

Procedural steps for Eye detection: 
 
 
Step 1: First initialize two objects Capture and Haar Cascade. 
These are the two important classes. 
 
Step 2: we also need Dispatcher Timer to capture the picture 
at every millisecond. 
 
Step 3: After capturing the image it convert it to gray frame.  
 
Step 4: After converted, faces will be detected. Each detected 
faces will be marked by red rectangular Box 
 
Step 5: After detecting face it detect the eyes of the driver. 
 

 

IV. RESULT 

             
Fig 3: Normal Face.  

 

Fig. 4 Face Detection 
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Fig. 4 Eye Detection 
 
 

V CONCLUSION 
 
 This paper proposes an approach for vision based 

driver fatigue detection system based on eye tracking in Vanet 
to avoid an accident for road safety. The system is to perform 
real-time processing of capturing an image in order to infer the 
driver level of fatigue by determining the number of frames in 
which driver’s eyes are blink Successively, processing system 
output is sent to an alarm system that will activate an alarm 
when an index computed by mean of PERCLOS parameter. It 
will even be useful for alternative vehicles as they will be 
alerted by messages regarding the vehicles there in a network. 
It will produce higher opportunities for the drivers on a main 
road in future. 
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Abstract- Extracting the frequent itemsets from a transactional 

database is a fundamental task in data mining field because of its 

broad  applications in mining  association rules, time series, 

correlations etc. The Apriori or Eclat  approaches are the 

commonly used generate-and-check approach to obtain frequent 

itemsets from a database with a given threshold value.  

Implementations take advantage of the GPU's massively 

multi-threaded SIMD (Single Instruction, Multiple Data) 

architecture which will employ a bitmap data structure to  

represent vertical transaction list ,to exploit the GPU's SIMD 

parallelism , and to perform the support counting operation. The 

implementation runs entirely on the GPU and eliminates 

intermediate data transfer between the GPU memory and the 

CPU memory, which can reduce computation time and improve 

overall performance . OpenCL  is a platform independent Open 

Computing Language for GPU computation. Thus, the aim of 

our approach is to develop efficient parallel new advanced Eclat 

strategy of Frequent Itemset Mining that utilize new-generation 

graphics processing units (GPUs)  to speed-up the process. 

 

Keywords: Eclat, Apriori, frequent Itemset,GPU, Bitmap, 

SIMD,  OpenCL . 

I.INTRODUCTION 

Frequent item set mining (FIM)[4] aims at finding 

common and interesting patterns from databases. Finding 

frequent item sets[16] in a set of transaction is a popular 

method for so-called market basket analysis, which aims at 

finding regularities in the shopping behavior of customer of 

super market, mail- order companies, online shop etc. 

Identification of item sets that are frequently bought together 

is tried. A FIM algorithm scans the database, possibly multiple 

times, and finds item-sets that occur in transactions more 

frequently than a given threshold. The frequency of items that 

present in a transaction  is called support. 

In this approach , we study whether we can adapt the 

existing CPU-based FIM algorithms to new-generation 

graphics processing units (GPUs). GPUs are multi-threaded 

many-core processors on which ,cores are virtualized, and 

GPU threads are executed in SIMD (Single Instruction, 

Multiple Data) and are managed by the hardware. Such a 

design simplifies GPU programming and improves program 

scalability and portability, since programs are oblivious about 

physical cores and rely on hardware for thread management. 

The Apriori algorithm[4] is not only applied in frequent 

itemset mining or association mining, but also in other data 

mining tasks, such as clustering , and functional dependency . 

FIM algorithms are optimized for the  location of the data in 

database. These characteristics may hurt the efficiency on the 

GPU since SIMD operations favor aligned and sequential data 

accesses . Apriori or EClat implementation on the GPU[1,2,3] 

is a quite challengeable,  a bitmap data structure is used to 

represent transactions in  GPU-based FIM implementations. 

Specifically, the bitmap stores the occurrences of items in 

transactions, and is efficient to be partitioned to SIMD 

processors. Furthermore, here is  utilization of  a lookup table 

to facilitate support counting, which is usually the most time 

consuming component in the FIM algorithm.  

A tremendous growth of data that needs to be 

processed in business applications and scientific research 

areas. Extracting information from large amount of data is 

necessary in making correct and effective decisions. Different 

methods have been developed to determine the characteristics 

and inter-relationships of data. Association rule learning, 

classification, clustering, and regression commonly need to 

mine data.  
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1. General Purpose GPU Computing 

A GPU,[1,5,6] is  a coprocessor to process an image, 

for games and  to support the CPU for graphics processing 

applications such as matrix multiplication , databases[7] , and 

distributed computing projects including Folding@home and 

Seti@home.. There are thousands of computing units in a 

GPU, each unit is a simplified core of CPU. The number of 

GPU cores is more than that of CPU cores, so GPU is suitable 

for parallel computing. General-purpose computing on 

graphics processing units (GPGPU) was proposed to provide 

non-graphic computing capabilities to CPU. The current 

GPGPU technologies include OpenCL[5,6] and CUDA[1,2,3] 

(Compute Unified Device Architecture).  

GPU is a high-performance computing device which 

does not only reduce the deployment cost but also saves on 

maintenance. GPU programming strategies can be classified 

according to either graphic APIs or GPU programming 

language. It is difficult for developers to use the graphic APIs 

since they need understand the graphic hardware and encode 

their data to graphic vectors. NVIDIA and ATI have been 

proposed as GPU programming language by CUDA and 

Stream  respectively.  CUDA can only be used on NVIDIA's 

GPU. Therefore, OpenCL was proposed in 2009 to deal with 

platform heterogenity. The program design with OpenCL not 

only can be executed on different brand GPU device but also 

on multi-core CPUs. 

While GPGPU programming frameworks greatly 

reduce the complexity of GPGPU computing, developers must 

carefully design and implement their algorithms in order to 

fully utilize the GPU architectural features. Furthermore, as a 

co-processor, the GPU relies on the CPU for memory 

allocation.  

 

Figure 1: The many-core architecture model of the GPU 

2.OpenCL: 

The GPU programming language[5,6] can be 

classified as graphic APIs (DirectX, OpenGL, etc.), GPU 

programming language (NVIDIA CUDA [9], ATI Stream 

[10], OpenCL [11], etc). Previously, GPU programming 

required developers with in-depth knowledge of graphics 

programming and hardware. In order to utilize the 

computation resources on GPU, developers 

had to encode data to a graphic vector, and then use the 

DirectX or OpenGL functions to perform rendering. After 

that, the rendered data had to be decoded. This procedure not 

only required graphic programming knowledge, but also 

depended on different GPUs. Recently, CUDA and Stream 

have been proposed by NVIDIA and ATI. Both of them 

provide C interface and allow developers to adapt the 

hardware, e.g., number of processing units, size of local and 

global memory. However, previous frameworks could only be 

used with the respective GPUs, e.g., CUDA could only be 

executed on NVIDIA's GPUs. 

In order to solve this situation, the Khronnos Group 

and many industry-leading companies created the OpenCL. 

OpenCL is an open and cross-platform parallel heterogeneous 

programming system. It provides a uniform programming 

environment for developers to write efficient and portable 

codes using a diverse mix of multi-core CPUs, GPUs, and 

other processors. 

The preliminary work of OpenCL(Open Computing 

Language) was finished by AMD, IBM, Intel, and NVIDIA 

while it was initially developed by Apple Inc. OpenCL is a 
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framework which allows C program development in 

heterogeneous platforms; that is, the framework can be applied 

in any system which is composed of different CPUs, GPUs, 

and other computing platforms. It is able to perform in 

different operating systems as long as the OpenCL library is 

installed. The CPU and GPU can then communicate with each 

other and work together by applying the appropriate C++ file 

for CPU and Kernel file for OpenCL on GPUs to perform 

parallel computation with GPU. 

 

3.Representing the data in Layouts 

          There are two layouts that algorithms usually employ 

to represent transaction databases : 1. horizontal layout  

2. vertical layout.  In the vertical layout, each item �� in the 

item base � is represented as ��: ��� , �	��
� and the initial 

transaction database consists of all items in the item base. 

 

Figure 2. Layouts for illustration of the data 

4. Eclat Algorithm 

   Eclat is a depth-first search algorithm which refers 

set intersection. Vertical database layout is referred for  

illustration.   i.e. all transactions are not listed explicitly but 

each item is stored together with its cover  and uses the 

intersection based approach to compute the support of an 

itemset. The support of an itemset A can be easily calculated 

by  cover’s  intersection of any two subsets Y, Z ⊆ A, such 

that Y U Z = A. Candidate generation of Eclat uses only the 

join step of Apriori , since the item sets necessary for the 

prune step are not available. Candidate Generation and support 

counting for frequent itemset mining using Eclat algorithm are 

entirely performed on GPU so as to increase the speed of 

process and enhance the performance.  

The algorithm is shown below: 

Input: D, K, i ⊆ I 

Output: F[I](D, K) 

1: F[I] :={} 

2: for all  i�  I occurring in D do 

3: F[I] := F[I] ⊆ {I ⊆ {i}} 

4: // Create Di 

5: Di: = {} 

6: for all j�  I occurring in D such that j>I do 

7: C := cover({i}) ∩ cover({j}) 

8: if |C| >= K then 

9: Di: = Di ⊆ {(j, C)} 

10: end if 

11: end for 

12: //Depth-first recursion 

13: Compute F[I ⊆ {i}](Di, K) 

14: F[I] := F[I] ⊆ F[I ⊆ {i}] 

15: end for 

In this algorithm each frequent item is added in the 

output set. After that, for every such frequent item i, the i-

projected database Di is created. This is done by first finding 

every item j that frequently occurs together with i. The support 

of this set {i, j} is computed by intersecting the covers of both 

items. If {i, j} is frequent, then j is inserted into Di together 

with its cover. The reordering is performed at every recursion 

step of the algorithm between line 10 and line 11. Then the 

algorithm is called recursively to find all frequent itemsets in 

the new database Di. 

 

II. LITERATURE SURVEY 

            Best known FIM algorithms are Apriori [4,8] & Eclat 

[4]. Apriori & Eclat iteratively generates K sized frequent item 

sets by joining frequent K-1 sized item sets. This step is called 

candidate generation. After generating each new set of 

candidates, algorithm scans the transaction database to count 

the no. of occurrences of each candidate. This step is called 

support counting. The primary difference between Apriori & 

Eclat is the way they represent candidate & transaction data & 

the order that they scan the tree structure that stores the 

candidates. 
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1] Sequential Implementation: 

           There has been much recent interest in implementing 

FIM algorithms. Ferenc Bodon implemented Apriori using 

trie-based data structure & candidate hashing[10], Christian 

Borgelt implemented Apriori in his work[16] using recursion 

pruning. The Borgelt Gelat is capable of detecting dataset 

characteristics & automatically choosing the best 

corresponding data representation (including Tidset, Bitset, 

Diffset..). 

            Eclat[16] traverses the prefix tree in depth first order. 

It extends an item set prefix until it reaches the boundary 

between frequent & infrequent item sets and then backtracks 

to work on the next prefix. Eclat determines the support of an 

item set by constructing the list of identifiers of transactions 

that contain the item set. It does so by intersecting 2 lists of 

transaction identifiers of 2 item sets that differ only by one 

item  & together form the item set currently processed. 

2] Message passing parallel implementation: 

           Ye et al. demonstrated a parallel Apriori Algorithm 

based on a revised Bodon implementation that achieved a 2x 

speedup with 8 processors[15]. Craus developed on MPI-

based parallel Apriori algorithm that distributed the 

transaction among computing nodes[17] .Another trie-based 

MPI implementation based on  Bodon’s algorithm was 

developed by Ansari et al[18]. 

3] GPU related implementations: 

         Fang  developed a GPU implementation of Apriori [1]. 

In this case, two versions of their GPU implementation, one 

based on the “pure bitmap” representation & another based on 

the “trie-based bitmap” representation were described. In their 

approach the candidates & vertical transactions are coded into 

bitmaps & manipulated on the GPU. They used an NVIDIA 

Getforce GTX 280 GPU to test their algorithm. Their method 

achieved a speedup of 2x-10x as compared with a CPU-based 

serial Apriori implementation. 

         Fan Zhang  developed GPApriori, a GPU 

implementation of frequent itemset mining(FIM)[2].In order 

to map Apriori algorithm onto the SIMD execution model 

,”Static bitset” memory data structure have been designed to 

represent input database, which improves upon traditional 

approach of vertical data layout. Support counting is 

performed parallely on GPU. GPApriori  performs better than 

CPU-based Apriori implementation. 

         Fan zhang  Developed new parallel frequent itemset 

mining algorithm called “Frontier Expansion”[3]. High  

performance on  a heterogeneous platform is achieved which 

consists of a shared memory multiprocessor and multiple GPU 

coprocessors.Frontier expansion is an improved data parallel 

algorithm derived from Eclat method. In this approach 4 

NVIDIA Tesla GPUs are used to achieve 6-30x speedup 

relative to sequential Eclat implementation executed on a 

multicore CPU. 

 

III. IMPLEMENTATION DETAILS 

1] Projected Algorithm :GPU-Eclat 

------------------------------------------------------ 

Input: A database D and a minimum threshold value. 

Output: a complete set of frequent itemsets . 

------------------------------------------------------ 

1. Start the CL program to be executed by the GPU. 

2. Load D from disk. 

3. Generate vertical Tidlist via scanning D and store it on CPU 

memory.   

4. Allocate memory space in GPU for Tidlist 

5. Stores array Tidlist into GPU memory  

6. Sort Tidlists according to bits position 

7. Split Tidlist according to sorted bitmap 

8. Generate trie containing the k-suffix of all the bitsets   

starting with that bit 

9.  Join all tries to generate candidate set 

10. Store candidate patterns in GPU  

11. Allocate memory space in GPU to save the results  

12. Perform launch kernel of CL Prog (on GPU) 

     a. Each processing unit (PU) of GPU  allocated a set of 

candidate item sets (CIs) 

     b. for each CI in CIs 

      i. PU compute the support of CI . 

     ii. If support of Candidate item set is greater than or equal 

to given threshold ,  then set “it is frequent” , else “it is  not  

frequent”. 

13. Wait until GPU finishes its program execution.  
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14.Retrieve the results from GPU and save them in CPU 

memory  

15. Repeat the process from step 8 to 14 until all the same 

level candidate patterns are done.  

16. Move to next level candidate set generation and perform 

Steps 8-15 until all candidates are generated and verified.  

------------------------------------------------------ 

 

Candidate Generation: 

Input : Database D 

Output: Candidate itemsets 

Step1 :Scan the database D and convert it into vertical 

transaction list. 

Step2: for all i⊆I 

Step 3: Di: = {} 

Step 4: for all j ⊆I occurring in D such that j>I do 

Step 5: C := cover({i}) ∩ cover({j}) 

------------------------------------------------------ 

Freq-Itemset Generation (Support Counting) 

---------------------------------------------- 

Input: Candidate trie, min. threshold 

Output: Frequent Itemset 

------------------------------------------------------ 

1://u represents a node at depth K ¡ 1 in the trie. 

2: for each u at depth K ¡ 1 do 

3: for each w that is a right sibling of u do 

4: //Join 

5: Union on the two (K - 1)-itemsets represented by 

u and w to obtain a candidate K-itemeset 

6: //Pruning 

7: (K - 1)-subset test on the candidate K-itemset by 

following the path of the trie with the same prefix 

8: end for 

9: end for 

------------------------------------------------------ 

2]Project Design 

      Experiments will be conducted to verify the performance 

of the approach on GPU. The languages will  be OpencL and 

C++ on visual studio while the operating system is  Microsoft 

Windows 7. Input data is from the IBM  data generator. 

3]System Architecture : 

 

....... 

 

........  ..... 

 

 

IV. CONCLUSION AND FUTURE WORK 

The   GPU-based implementations of EClat 

algorithm for frequent itemset mining has presented . The 

implementation employ a bitmap data structure to encode the 

transaction database on the GPU and utilize the GPU's SIMD 

parallelism for support counting. The implementation stores 

the itemsets in a bitmap, and runs entirely on the GPU. i.e. 

vertical transaction lists are represented using “bitset  

representation  ,operated using wide bitwise operations across 

multiple threads on a GPU. The previous evaluation results 

[1,2,3]show that both of   GPU- implementations are up to two 

orders of magnitude faster than optimized CPU-based 

implementations , considering improvements of the current 

implementations. For example, the bitmap representation of 

transactions is space inefficient for sparse datasets. So it is a 

challenging to  investigate the data compression techniques  & 

development of  a buffering mechanism between the GPU 

memory and the CPU memory . Future work will be  to 

explore other mining algorithms with GPU acceleration, for 

instance, FP-growth and classification. 
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Abstract—Deploying compress-and-forward relay nodes is a 
promising and better solution for LTE-A networks to meet the 
recent advancements and the requirements for the improvement 
of capacity and coverage extension. However, selecting a relay 
plays an important role in enhancing the benefit of the 
technology. In this paper, a compress-and-forward relay is 
proposed using polar codes which achieves better performance 
than turbo codes, but more importantly with less time 
complexity and reduces the processing delay. Simulation results 
proved a major improvement of the system performance in 
terms of block error rate and processing delay. 

Keywords- Compress-and-forward relay, block error rate, 
processing delay, time and space complexity, SCL-decoder. 

I.  INTRODUCTION 
Long Term Evolution (LTE)-Advanced is now the 

candidate technology of 3GPP community to fulfill the ever 
increasing data rate demands in cellular networks. As 
compared to the previous LTE Release 8, the LTE-Advanced 
Release 10 and beyond system introduces the deployment of 
relay nodes (RNs) in order to improve the capacity and also to 
enhance the cell edge throughput. Relaying is a key enabling 
technology and introduced in LTE-Advanced system to 
improve the performance in terms of capacity and network 
coverage expansion [1-3]. It has been identified as an efficient 
technique to provide cooperative diversity and the schemes 
such as Amplify-and-Forward (AF), Decode-and-Forward 
(DF), Compress-and-Forward (CF) and Demodulate-and-
Forward are normally used in practice [4-6]. The types of 
relay that were studied in 3GPP during the LTE Rel-10 
timeframe can be roughly separated by the layers within the 
protocol stack architecture that are involved in the relay 
transmission. Amplify-and-Forward relay is otherwise called 
as Layer 1 relay and is simple. In AF relaying scheme, the 
received signal at the relay is amplified along with the noise 
and interference with the desired signal and forwarded to the 
destination. AF scheme is simple and has short delay. In DF 
scheme, the received signal at the relay is decoded and 
forwarded to the destination. The processing delay is quite 
long in this scheme. The decode-and-forward relay is referred 
to as layer 2 relay [1,7]. Compress-and-Forward (CF) is one of 
the protocols in cooperative communication where the relay 
compresses and transmits the received signals to the 
destination. AF and CF based cooperation schemes can be 
observed as analog schemes, and DF based schemes can be 
viewed as digital cooperation schemes. DF based relay 
schemes are more complimentary, while for systems with 
relative poor backhaul links, AF or CF based cooperation 

schemes are more advantageous [8-10]. CF based relay is also 
known as Self-Backhauling or layer 3 relay [11,12]. 

Different coding schemes like LDPC, turbo codes, etc. for 
CF relaying scheme have been proposed in the literature [1]. 
In [2], it was proven that polar codes are highly capacity 
achieving codes for arbitrary symmetric binary-input discrete 
memoryless channels (B-DMC) with low encoding and 
decoding complexity. Channel polarization has then become 
universal to arbitrary discrete memoryless channels with the 
same order of construction complexity and error probability 
behavior. Moreover, polar codes are also proved to be 
optimal for lossy compression with respect to binary 
symmetric source, and then further extended to larger source 
alphabet [14-16]. 

Polar codes also contribute significantly to non-discrete 
input channels. By implementing polar codes as embedded 
codes at each expanded level, expansion coding scheme [14] 
achieves the capacity of additive exponential noise channel in 
high SNR region with low coding complexity. The 
performance of polar codes are relatively less analyzed, and 
they are mainly discussed on discrete channels, such as, 
binary memoryless channels (BMC), binary erasure channel 
(BEC) [14,17]. It performs better than turbo codes in terms of 
time and space complexity. The typical wireless 
communications channels are Additive White Gaussian Noise 
channel (AWGN) and Rayleigh channel. In this work, the 
performance of polar codes through compress and forward 
relaying on the Rayleigh channel is focused. 
 In this paper, a CF relaying system is considered 
which uses polar codes. A successive cancellation list 
decoding detector is used at the relay, which determines 
whether the relay will transmit information to the destination 
with selective cooperation or remain idle. Various practical 
factors are taken into account in the evaluations, such as 
block error rate (BLER) and processing delay.  

In the rest of the paper, Section II describes the proposed 
system model for LTE-Advanced. The concept of compress-
and-forward relaying scheme with selective cooperation is 
discussed in Section III. Simulation results of the proposed 
work are shown in Section IV and Section V concludes the 
paper.  

II. SYSTEM AND CHANNEL MODEL 
The basic relay channel, as shown in Fig. 1, consists of a 

source (S), a relay (R), and a destination (D). The message M, 
which is encoded to X and transmitted by the source, is 
received by both relay and destination. The relay produces an 
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estimation denoted by YQ, where YQ denotes the compressed 
version of the received signal X, which will then be mapped 
into YRD, the transmitted signal from the relay and transmits it 
to the destination. The coefficient hSR, represents the channel 
gain between the source and the relay. hRD,and hSD are defined 
correspondingly. X is the vector of bits applied into the 
channel by the source, and YSR and YSD are the channel outputs 
at the relay and at the destination, respectively. 
Correspondingly, XR is the vector of bits put into the channel 
by the relay and YRD is the observation at the destination. In 
this environment, the source can communicate with the 
destination using both direct link and indirect link (via relay 
node) with assumptions as mentioned in [13]. Assuming the 
relay works in half-duplex mode, which means that it cannot 
transmit and receive simultaneously in the same frequency 
band or in the same time slot. Half-duplex is a simpler and 
more realistic approach. Thus, in this paper, the compress and 
forward relaying scheme with selective cooperation is 
focused. 

  YSR      YQ 

                                  XR 

                                   YRD 

 

M  X                           YSD                               

       

Fig. 1. Basic Relay channel 

 The destination produces its estimation of the 
original message, 푀 by using the side information (i.e. the 
information received from both S and R).             
   

III. COMPRESS-AND-FORWARD-RELAYING BASED ON 
POLAR CODES 

In this section, the details of the proposed CF scheme 
based on polar codes are presented. The analysis of polar 
codes through compress-and-forward relaying with and 
without selective cooperation is discussed.  

A. Compress-and-forward relaying based on Polar codes 
The nested structure of proposed model consists of 

M information and frozen bits transmitted by the source.  푀  
denotes the corresponding estimate at the destination.  

The length of the code block can be represented by 
N=2n, n≥0. Initially, the source node encodes the information 
and frozen bits. When encoding the information at the source, 
A frozen set of bits FSR is selected and denoted by 

FSR   =   i ∈ 0, 1,……… N-1  : Z(WSR
(i)) ≤ δN   .    (1)     

           Where Z(WSR
(i))  denotes the ith channel 

construction based on combining and splitting operation as 
described in [2]. Z(WSR

(i)) represents the Bhattacharya 
parameter of the ith channel and  
훿 = 2 , where β is a constant such that β<1/2, so that 

the code is capacity achieving for the WSR channel. The 
noiseless or pure noise of bit channels is determined by the 
Bhattacharya parameter and can be expressed as, 

( ) ( / 0) ( /1)Z W W y W y dy  .                 (2) 

  Conversely, UFSR
c denotes the set of information 

bits. For WSD channel,  
 FSD  =     i ∈ 0, 1,………N-1  : Z(WSD

(i)) ≤ δN     . (3) 
The relay compresses XR and forwarded to the 

destination denoted as YSR. It describes its observation 
perfectly to the destination YRD. The relay compresses YSR 
into YQ using polar code design based on Z(W) as shown in 
(2) with compression rate RSR > I (ZSR). As a family of block 
codes, polar codes can be represented by 

                     x1
N=u1

NGN.                                 (4) 
 The compressed signal can be reconstructed as     

YQ = (YSR ,UFSR)GN=UGN, where N denotes the block 
length and GN  is the generator matrix of polar codes, which 
comes from the n-th Kronecker power of G2. The standard 
matrix of G2 is given by  

                 G2 =     1 0
1 1
 
 
 

.                                  (5) 

              
YQ can be reconstructed at the destination, if UFSR

c 
were sent over the destination channel. The structure of polar 
codes for compress-and-forward relaying scheme is shown in 
Fig. 2. The UFSR are fixed when performing source 
compression with polar codes at the relay and therefore 
known by both the relay and the destination. The destination 
needs to obtain the remaining frozen bits UFSR

c.  
If the relay communicates only the bits UfSD∩FSD

c, 
then the destination can use its own channel observation to 
recover the remaining bits UFSD

c using the successive 
cancellation list (SCL) algorithm. 

 
    uFSD FSR

c 

                           

 
 

 
                  uFSD

c                                   uFSD 
Fig. 2. Structure of polar codes for compress-and-forward 

relay 
The proposed system uses OFDM for downlink 

access. One of the main features of LTE-A is the use of 
multiple antennas, or MIMO technology, to enhance the 
throughput in an unreliable wireless channel. An Nt × Nr 
MIMO system consists of Nt transmitter antennas and Nr 
receive antennas. LTE-advanced systems supports MIMO 
configurations such as 3 × 1, 2 × 2, and 2 × 1 in the DL 
STBC codes and are used for improving the system capacity 
with different orders of quadrature amplitude modulation 
(QAM). In this paper, the performance of 3x1 MIMO-OFDM 
is considered. The constructive and destructive nature of 
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multipath components in flat fading channels can be 
approximated by Rayleigh distribution if there is no line of 
sight which means when there is no direct path between 
transmitter and receiver. Polar codes through compress and 
forward relaying is used for the Rayleigh fading channel, 
each codeword is transmitted in each transmission block and 
different polar code is needed for each block according to the 
instantaneous SNR. The choice of the information set of the 
polar code must be based on instantaneous SNR. The 
Rayleigh channel model can be illustrated by the following 
expression 

r(t)=s(t)*h(t)+n(t).                  (6) 
where h(t) is the random channel matrix having Rayleigh 
distribution and n(t) is the additive white Gaussian noise. The 
Rayleigh distribution is basically the magnitude of the sum of 
two equal independent orthogonal Gaussian random variables 
and the probability density function can be represented by 
                                  푝(푟) = 푒 , 0≤r≤∞.                 (7) 
Where σ2 is the time-average power of the received signal. 
 

B. SC-List Decoder for polar codes 
If decoding is erroneous, the relay does not re-

transmit and the destination performs the following steps: 
1. It decodes the compressed message transmitted by the 
relay. i.e. uFV∩FQ

c. 
2. These bits together with uFQ are all the bits in frozen set 
for the virtual channel FV. 
3. The destination node allows to decode the compressed 
vector YQ=UGN from YSD using SCL algorithm. Finally, the 
destination decodes the message M from the estimate  
푌푄 and YSD using SCL algorithm. 

Though the SC decoder approaches Shannon 
capacity, it does not perform well for polar codes with small 
and medium block lengths. A more powerful SC-List decoder 
was proposed in [2] and performs much better than the SC 
decoder. Instead of keeping only one survival path as in the 
SC decoder, the SC List decoder keeps L survival paths. At 
each decoding time, the SC-List decoder splits each current 
decoding path into two paths attempting both ui = 0 and  ui = 
1 (if ui is an unfrozen bit). When the number of paths grows 
beyond a predefined threshold L, the SC-List decoder 
discards the worst (least probable) paths, and only keeps the 
L best paths. Simulations show that the SC-List decoder with 
L=32 performs much better than the simple SC decoder and it 
can achieve the same performance as the optimal ML decoder 
at high SNR for the polar code with coding rate R = ½, and 
N=4096. 

The SCL decoder allows at most L locally better 
candidates during the decoding process to reduce the chance 
of missing the correct codeword. In each decoding step, SCL 
doubles the number of candidate paths and selects the L best 
ones from the list by a pruning procedure. Finally, the 
decoder chooses the path with the largest metric from the list  
as the estimation. By using this efficient algorithm, the time 
and space complexity can be reduced.   

 Through simulations, it is observed that the polar 
coding approach described above performs well at high 
SNRs. The destination compares the instantaneous SNR on 
the S-R (SNRSR) with the instantaneous SNR on S-D 
(SNRSD) link. But SNRSR has been sent to the destination 
through the relay as side information. By providing this, the 
destination accepts relay’s collaboration only if            
SNRSR≥ SNRSD. The simulation results are presented in the 
next section to review the performance of CF relay based on 
polar codes.   

IV. SIMULATIONS RESULTS 
In this section, the simulation results for the proposed CF 

relaying technique using polar codes are presented. 
Communication over the Rayleigh channel with selective 
cooperation at the destination is assumed.  
  To illustrate the performance of the proposed CF 
scheme, the simulations have been carried out on Rayleigh 
channels. In these simulations, the three nodes are 
considered. The system was simulated using MATLAB 
7.10.0. The simulation parameters follow the parameter 
settings of 3GPP LTE-Advanced recommendations and are 
summarized in Table 1. Performance of Cooperative and non-
cooperative scheme is verified through the simulation of 
block error rate and processing delay.  
 

Table 1 Simulation Parameters 
 
The instantaneous SNR on the S-D link can be 

represented as, 

              																			푆푁푅 = .                                      (8) 
For selective cooperation at the destination, the instantaneous 
SNRs are compared, i.e. SNRSR≥SNRSD, the relay 
cooperation is accepted otherwise the decoder at the 
destination is switched to non-cooperative mode. 
 Fig. 3 gives the block error rate of the proposed CF 
scheme with turbo code/polar code in cooperative and non-
cooperative mode. Both the schemes have the code length 
N=4096 and code rate R=1/2 over the Rayleigh channel. It is 
shown that the polar codes are better than turbo code in 
cooperative and non-cooperative environments. The 
performance of successive cancellation list decoder 
outperforms turbo codes with adequate big L. Moreover, 
unlike the turbo codes, polar codes through compress-and-
forward relay with list decoding show no error floors at 

Parameters Values 
Channel Bandwidth(MHz) 10 MHz/20 MHz 
FFT Size (NFFT) 1024/2048 
Carrier Frequency 2 GHz 
No. of Relay Node  1 
Block length 4096 bits 
Channel coding Polar coding 
Modulation scheme  16QAM 
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higher SNRs. The time complexity can be reduced with the 
help of proposed method when compared to turbo codes. The 
average normalized SNR is assumed to be 10 dB, and 
channel gains on S-D, S-R and R-D links are assumed to be 
10 dB.  

 
Fig. 3. Block Error Rate for 3x1 MIMO-OFDM using 

16QAM  
Assuming channel capacity of the S-R channel is 

fixed, if the capacity of the R-D channel is low, it is more 
effective for the relay to start transmission as soon as it has 
received a minimum amount of information from the source. 
The reason behind is due to the large amount of time needed 
for the relay to reliably transmit the information over the low-
capacity R-D link. Conversely, when the channel capacity of 
the R-D link is large, the relay can continue listening to the 
source for a longer period of time to improve its estimate. 
Since the capacity of the R-D channel is high, the achievable 
rate for error-free communication over the R-D channel is 
also high, and the relay can consistently communicate the 
information to the destination in a short period of time. 

 
Fig. 4 shows the delay performance for rate ½ turbo 

codes in Rayleigh channel with 16QAM modulation. The 
delay incurred by ½ rate turbo code is approximately 10.9 
ms. 

 
Fig. 4. Delay Performance for ½ rate Turbo code in 

Rayleigh channel  
Fig. 5 depicts the performance of processing delay. It is 
proved that the delay incurred in polar code is 0.0136 ms at 
20 dB and it is less compared to turbo code. 

 
Fig. 5. Delay performance for 3x1 MIMO-OFDM  

 
The simulation results show that, the co-operative 

environment performs better than the non co-operative 
environment in terms of minimization of block error rate. 
From the simulation, it is inferred that the polar codes 
through compress-and-forward relay along with SCL-decoder 
can provide better performance than turbo codes. Simulation 
results proved the enhancement of the system performance in 
terms of capacity and in reduction of  the delay.   

V. CONCLUSION 
In this paper, the performance of compress-and-

forward scheme through polar codes on Rayleigh channel has 
been discussed with selective and non-selective cooperation. 
The Bhattacharya parameter for the Rayleigh channel is 
defined. With these contexts, the performance of compress-
and-forward relaying has been analyzed. The results have 
been compared with those with the system with turbo codes. 
Simulation results in Rayleigh channel show that the polar 
codes through compress-and-forward relay can provide 
processing delay of 0.0136 ms and it is very much lesser than 
turbo codes. Moreover, the time complexity is lower than that 
of turbo code. The future work will be the incorporation of a 
novel compression technique to achieve better performance in 
terms of coverage. 

VI. REFERENCES 
[1] I.F.Akyildiz Li, David M. Gutierrez-Estevez and Elias Chavarria 

Reyes, “The evolution to 4G cellular systems: LTE-Advanced”, 
Elsevier Journal on Physical Communication., vol. 5, no.1, pp. 1-28, 
2010. 

[2] Yang Yang, Honglin Hu and Guoqiang Mao, “Relay Technologies for 
WiMAX and LTE-Advanced Mobile Systems”, IEEE Commun. Mag., 
vol.47, no.10,pp. 100-105, Oct. 2009. 

[3] Steven W. Peters, Ali Y. Panah, Kien T. Truong and Robert W. Heath 
Jr., “Relay   Architectures for 3GPP LTE-Advanced”, EURASIP 
Journal on Wireless Communications, vol.2009,Art.ID.618787, pp. 1-
14, May 2009. 

[4] Khoa D. Nguyen, “Delay Exponent of Delay-Universal Compress-and-
Forward Relaying” in Proc. 2012 IEEE Intl. Sym. 
DOI.10.1109/ISIT.2012.6284045, pp. 2851-2855, July 2012. 

[5] Imen Ben Chaabane, Soumaya Hamouda and Sami Tabbane, “A novel 
Relay Selection Scheme forLTE-Advanced System under Delay and 
Load Constraints”, WCNC 2012,  IEEE  
Workshop,DOI.10.1109/WCNCW.2012.6215503,pp. 263-267, Apr. 
2012.  

0 2 4 6 8 10 12 14 16 18 20

10-4

10
-3

10
-2

10
-1

10
0

SNR(dB)

B
LE

R

 

 

Polar(Cooperative)
Turbo(Cooperative)
Polar(Non-cooperative)
Turbo(Non-cooperative)

0 5 10 15 20 25 30
0

2

4

6

8

10

12

SNR(dB)

De
la

y(
m

illi
se

co
nd

s)

0 2 4 6 8 10 12 14 16 18 20
0

1

2

x 10
-4

SNRdB

D
el

ay
(s

ec
on

ds
)

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

86 International Journal of Multidisciplinary Educational Research



 

[6] Mikio Iwamura, Hideaki Takahashi and Satoshi Nagata “Relay 
Technology in LTE-Advanced, NTT Docomo Technical  Journal”,  
vol.12, no.2, pp. 29-35, 2011. 

[7] http://www.agilent.com 
[8] Duong T. Tran, Sumei Sun and Ernest Kurniawan, “A Low-

Complexity Practical Quantize and Forward Scheme for Two-hop 
Relay Systems”, IEEE Vehicular. Tech. Conf. Spring 2012, 
DOI.10.1109/VETECS.2012.6240341, pp. 1-5,May. 2012. 

[9] Qian(Clara) Li, Rose Qingyang Hu, Yi Qian and Geng Wu 
“Cooperative Communications for Wireless Networks: Techniques and 
Applications in LTE-A Systems”,IEEE Wireless Commun., vol.19, 
no.2,pp. 22-29, Apr. 2012. 

[10] Prakash Bhat, Satoshi Nagata, Luis Campoy and Ignacio Berberana, 
Thomas Derham, Guangyi Liu and Xiadong Shen, Pingping Zong and 
Jin Yang, “LTE-Advanced: An Operator Perspective”, IEEE Wireless 
Commun. Mag., vol.19, no.2, pp. 104-114, Feb. 2012. 

[11] 3GPP TR36.814, “Further Advancements for E-UTRA Physical Layer 
Aspects”, v9.0.0, Mar. 2010. 

[12] http://www.4gamericas.org 

[13] Javad Haghighat and Walaa Hamouda, “Decode-Compress-and-
Forward with SelectiveCooperation for Relay Networks”, IEEE 
Wireless Commun. Letters, vol.16, no.3, pp.378-381, Mar. 2012. 

[14] Ricardo Blasco-Serrano, Ragner Thobaben, Mattias Andersson, 
Vishwambhar Rathi and  Mikael Skoglund, “Polar Codes for 
Cooperative Relaying”, IEEE Trans. on Commun., vol. 60, no. 11, pp. 
3263-3273, Nov. 2012. 

[15] Yiwei Song and Natasha Devroye, “Lattice Codes for the Gaussian 
Relay Channel: Decode-and-Forward and Compress-and-Forward”, 
IEEE Trans. on Info. Theory,  vol.59, no.8, pp. 4927-4948, July 2013. 

[16] Xiugang Wu and Liang-Liang Xie, “On the Optimal Compressions in 
the Compress- and-Forward Relay Schemes”, IEEE Trans. on Info. 
Theory, vol.59, no.5, pp. 2613-2628, May 2013. 

[17] Liang Chen,”Achievable Rate Regions for Broadcast Channels with 
Compress-and- ForwardRelaying, CISS Annual Conf., 
DOI.10.1109/CISS.2012.6310740, pp. 1-6, Mar. 2012. 
 
 
 
 

 
 

  
 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(8), March 2014

87 International Journal of Multidisciplinary Educational Research



On Delay Adjustment with Reduced Communication 

Latency in Distributed Virtual Environments 

 

    

Mr. Tushar A. Raut                                    Prof. Sudarshan S. Deshmukh 

          Pimpri Chinchwad College of Engineering, Pune             Pimpri Chinchwad College of Engineering, Pune 
 

ABSTRACT 

 
Distributed virtual environments are attracting a lot of attention 

in recent years, due to the increasing popularity of online gaming 

and social networks. As the number of concurrent users of a 

distributed virtual environment increases the critical problem is 

arising, the problem defines as increasing workload between 

multiple servers how can be balanced to maintain real-time 

performance. The number of load balancing methods has been 

proposed in recent years but they either try to produce high 

quality load balancing results and become too slow or emphasize 

on efficiency and the load balancing results become less effective. 

In this paper, we are proposing a new approach to address this 

problem based on the balancing scheme. Our work will make 

improvement in the area of dynamic load balancing and the 

effect of network latency between the multiple servers.  We will 

use heat diffusion algorithms to devise a load balancing system 

after that the balancing scheme will come in to picture and will 

make improvements in the network latency and dynamic load 

balancing of the multiple servers. 

 

Index Terms—dynamic load balancing, network latency, distributed 

virtual environments, heat diffusion algorithms, distributed virtual 

simulation, high level architecture. 

 

 

1    INTRODUCTION 

 
In a distributed virtual environment lots of users with access to 

the Internet are exploring a place of interest without having to 

go there, or participate in some activities with some other 

users from different geometrical locations. Applications for 

distributed virtual environment systems include multiplayer 

online games, social networking, military and industrial 

remote training, collaborative engineering, and distance 

education. As the scale of some distributed virtual 

environment systems is becoming very large, multi-server 

support for distributed virtual environment is attracting some 

research attention in recent years. One popular approach is to 

address the problem of multi-server support is to split the load 

to multiple servers by partitioning the virtual environment into 

multiple regions, with each region being served by a single 

server. This partitioning process is treated as static process. 

The advantages of this static load balancing approach are that 

it is simple and the speed of the partitioning process does not 

affect the performance of the distributed virtual environment. 

But, when the users of a distributed virtual environment 

system move around inside the virtual environment, some 

regions may have too many users due to some application 

objectives while others may have too few users. As a result, 

the servers serving the crowded regions will become 

overloaded and the users being served may suffer from 

significant delay, while other servers may be under-utilized. 

To address the above limitation, a different approach is to 

perform the load balancing process dynamically during 

runtime. However, an important requirement of distributed 

virtual environment is interactive response. This means that 

the computational cost of the load balancing process should be 

as light as possible in order not to affect the interactivity of the 

distributed virtual environment system. 

 

In this work, we investigate the effectiveness of applying the 

balancing scheme for load balancing and to minimize the 

network latency in distributed virtual environments. The heat 

diffusion approach will be used to devise load balancing of 

distributed virtual environments. It will provide the testing 

environment of the previous system and the system which we 

are developing with the help of balancing scheme. There are 

two key contributions in this paper. First, we will use heat 

diffusion for the load balancing in the distributed virtual 

environments. Second, we present balancing scheme which 

will ultimately improve the dynamic load balancing and the 

minimization of the network latency. 

        

This paper is organized as follows. In Section 2 we discuss the 

works related to the load balancing distributed virtual 

environment systems. In section 3 the proposed system is 

discussed. In Section 4 the dynamic load balancing scheme is 

introduced. In section 5 the system architecture is discussed. 

In section 6 implementation results are summarized. In 

Section 7 our conclusions are presented. 

 

2    RELATED WORK 

 
A number of multi-server methods have been proposed to 

address the load balancing problem of distributed virtual 

environments. A popular approach used by most distributed 

virtual environments is to simply divide the users into groups, 

with each group served by one server. When the number of 

users served by a server reaches a certain value, a new server 

is started to serve additional users. However, as the users 

served by different servers may not interact with each other, 

each server may be considered as running a separate game. 
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Instead of dividing the users, a different approach is to divide 

the partitions into static regions, with each region served by 

one server. However, when a large number of users move into 

the same region, the server serving the region can still be 

overloaded. An enhanced approach to this problem is to 

dynamically subdivide the game scene into regions, with each 

region served by one server. Currently, there are two main 

directions of research, global load balancing and local load 

balancing. 

 

In [5], a global load balancing method is proposed. It models 

the loads of a distributed virtual environment as a graph, with 

each node representing a user and each edge representing the 

communication costs between two adjacent nodes. The load 

balancing problem becomes finding the best way to partition 

the graph into regions (or partitions) to be handled by different 

servers. Although this approach may produce the best 

partitions, it is NPcomplete, involving processing all the nodes 

in the distributed virtual environment. As such, it is very 

costly and difficult to meet the real-time requirement of 

distributed virtual environments. [9] proposes a global load 

balancing method that uses a monitoring server to keep check 

of the load generated by each of the users and hence the total 

amount of loads of each server. It reassigns the users to 

different servers in order to redistribute the loads among the 

servers. However, this monitoring server may potentially 

become a center of failure. In addition, as the load balancing 

process is performed remotely by this monitoring server, it 

may actually take longer for an overloaded server to start 

redistributing the excessive loads. 

 

 

In [7], a local load balancing method is proposed. It divides 

the DVE into regions, each served by a server. When a server 

is overloaded, it only contacts its neighbor servers to 

determine a suitable server for load redistribution. Results 

from the paper show that this method is very efficient. 

However, since the overloaded server does not have the load 

status of all servers, the load balancing process may only be 

considered as a short-term one and the server may quickly 

become overloaded again. In [10, 11], a method is proposed to 

extend [7] to include additional servers for load redistribution. 

An overloaded server will first look at its neighbor servers to 

see if it may transfer all its extra loads to its neighbors. If not, 

it will consider the neighbor servers of the available 

neighboring servers and so on. When there are enough 

available servers to take up all the excessive loads, the regions 

managed by all these selected servers will be repartitioned 

using a graph partitioning algorithm similar to [5]. This 

method is more efficient than [5] but slower than [7]. Again, 

as the server does not have a global picture of server load 

information, it may only be considered as a short-term 

solution.  

 

Finite element analysis research faces similar problems to ours 

in that they need to dynamically subdivide a mesh for 

processing and analysis. However, as their concern is more on 

the quality of the subdivision, they typically make use of 

global information to optimize the partitioning [12]. Hence, 

their methods are typically too slow for our purpose. 

 

3   PROPOSED SYSTEM 

 

The proposed system is based on the two methods. First, we 

will use heat diffusion for the load balancing in the distributed 

virtual environments. Second, we present balancing scheme 

which will ultimately improve the dynamic load balancing and 

minimize the network latency. 

 
3.1    The Load Balancing Algorithm 

 

This load balancing algorithm is based on the ‘centralized 

approach’. So, to formulate the problem, Server graph is 

constructed for the distributed virtual environment system as 

G = (S;E), where S represents the set of servers in the DVE 

system and E represents the set of edges with each edge 

linking two servers managing the two adjacent partitions. 

 

 

      ∆t1 

   e (1,2)    e (2,3)       ∆t2  

 

       ∆t3 

     ∆t5 

e (1,4)    e (2,5)    e (3,6)  

      ∆t4   

   e (4,5)    e (5,6)     

      ∆t6 

 

     ∆t8 
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     ∆t9 

    e (7,8)    e (8,9) 
 

     ∆t7 

 

 

 

Figure 1: A server graph with 9 nodes (from S1 to S9) representing 9 

partitions. Edges represent the adjacency among the partitions. 

 
3.1.1    The Heat Diffusion Algorithm  

 

The main idea of the heat diffusion algorithm is that given a 

server graph, each node sends some load to its adjacent nodes 

in each iteration. The amount to transfer to an adjacent node is 

proportional to the difference between the load of the current 

node and that of the adjacent node. This process may take 

several iterations in order to roughly balance the load of each 

node. This load migration process is similar to the heat 

diffusion process, which is governed by the heat equation: 
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Where, u(x;y; t) is a temperature function that describes the 

variation of temperature across spatial location (x;y) at time t, 

and a is the thermal conductivity. The heat equation is used to 

determine the change in the temperature function over time as 

heat spreads throughout space. 

3.1.2    The Global Heat Diffusion Algorithm 

 
The global diffusion algorithm has two key stages: global 

migration planning and local load transfer. In the global 

migration planning, the central server, which has the global 

knowledge of all servers, computes the amount of load for 

each node to transfer to each of its adjacent nodes through the 

corresponding edge. This stage typically involves multiple 

iterations of potential flow computation. In the local load 

transfer, each server carries out the load transfer locally. 

 

We are trying to improve the following mathematical 

equation.  The load balancing problem can be defined as how 

to find out the balancing flow along each edge. For simplicity, 

we assume that all servers have the same processing 

performance. The balancing flow can then be formulated as 

follows: 
 

 
 

Where,   is the average load over all nodes,  

represents the summation of the balancing flows between Si 

and each of its adjacent nodes Sj. 

 
Global Migration Planning:  

At this stage, a central server will compute the amount of load 

to be migrated through each edge in the server graph based on 

the load information of all the servers. After finishing the 

global scheduling stage, the central server will inform each 

server in the server graph the accumulated potential flow for 

each of its adjacent edges. 

 
Local Load Transfer: 

It is to transfer load between adjacent servers based on the 

amount indicated by the balancing flows. This process is 

carried out in a distributed way by each local server that 

manages a partition.  

 
3.2    Dynamic Load Balancing Scheme 

 

Now, we will see the balancing scheme approach for the 

dynamic load balancing which we are implementing in the 

distributed virtual environments, the balancing scheme 

approach will improve the efficiency of load balancing and 

minimize the network latency in the distributed virtual 

environment. 

 

The balancing scheme approach is basically used in the 

distributed virtual simulations. In DVS, the HLA framework is 

presented. HLA [4] was devised to facilitate the design and 

management of distributed simulations through a framework. 

This framework supports large-scale simulations and 

introduces a design standard that aims at re-usability of 

simulation components and interoperability among simulation 

entities. Basically, the framework consists in a set of rules that 

delimit the boundaries of designing HLA simulations, 

interface definitions that delineate the method by which 

simulation entities interact in simulations, object templates 

that describe the data exchanged in simulations, and 

management services that coordinate virtual simulation 

progress. Simulation entities, called federates, access such 

services to interact with other federates and retrieve 

information dynamically, and the services are responsible for 

controlling the federates actions to keep the entire simulation 

consistent. The management services are provided by a 

runtime infrastructure (RTI), which runs together with 

federates, composing a virtual simulation, called federation. 

Since HLA framework only coordinates simulations to 

prevent inconsistencies, it cannot detect load imbalances or 

any issue regarding the underlying resources that are used to 

run the simulations. As a result, a balancing scheme is 

required for such simulations to avoid performance loss. 
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 Figure 2: Dynamic communication balancing’s general architecture. 

 

The main goal of the balancing scheme is to employ the 

distribution of resources and to take advantage of their 

proximity to provide an application-independent solution that 

decreases or minimizes the communication latencies for large-

scale HLA-RTI-based distributed simulations. 

 

The need for a balancing mechanism that considers the aspects 

of HLA-based virtual simulations, a scheme has been 

proposed in [4]. This scheme constantly measures the load of 

shared resources and a distributed simulation’s 

communication rates, analyzes them, and performs the proper 

modifications. The proposal of this scheme aims at a more 

comprehensive communication balancing system that can 
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minimize the network latencies by employing a more general 

redistribution analysis.  

 

Such a balancing system considers the proximity of resources 

to federates’ communication destinations. The system is 

designed under a hierarchical structure that decreases the 

overhead caused by measuring and analyzing simulation 

entities, facilitating the management of simulations. The 

balancing scheme divides the balancing process in three 

interdependent sequential phases: 1) Monitoring of resources 

and federates; 2) Reallocation of resources for federates; and 

3) Execution of migration moves. However, even though the 

proposed scheme is effective in decreasing communication 

delays in simulations, it shows a limited detection of 

communicative federates. The detection technique employed 

in this scheme does not adapt to abrupt and severe 

communication changes. Due to the magnitude of the 

balanced simulations, the collected load data sample might 

hide communication rates that represent an overload of 

federate. 

 
3.2.1    Monitoring Phase 

  

A group manager requests information from its set of local 

management agents and sub-group managers and accesses a 

third-party tool. Each local management agent, as well as each 

sub-group manager, forwards information regarding the 

communication behavior of simulation federates. The third-

party tool is accessed to collect information regarding the load 

of the shared resources that a group manager is responsible for 

managing. The group manager filters and analyzes the 

collected information to identify communication 

discrepancies. After the analysis is performed, redistribution is 

generated according to the load of the shared resources. At the 

end of the process, a group manager emits migration calls, 

which are forwarded to the respective local management 

agent. 
 

3.2.2    Reallocation Phase 

 

After an ordered list of communicative federates is selected, a 

repartitioning is performed to search for the most appropriate 

destination resources for such federates. These federates are 

reallocated by evaluating them according to the redistribution 

procedure. This repartitioning of federates is performed with 

the objective of precisely determining migration moves to 

destination resources that can benefit simulation performance 

by decreasing the communication latencies 

 
3.2.3    Migration Phase 

 

In a migration procedure, a Migration Manager launches a 

Migration Manager remotely, suspends a federates execution, 

restores its state, and coordinates the required data exchanges. 

The Migration Manager also activates a Migration Proxy to 

assist the federate migration when the destination resource of 

a migration call is unreachable by the Manager, so a peer-to-

peer data exchange cannot be realized. The Migration Proxy 

acts as an intermediate migration element that has the role of 

forwarding data to a migrating federate. 

        

4    SYSTEM ARCHITECTURE 

 

The system architecture comprises three basic concepts. 

Which are as follows: 1) Central Server, 2) Local Server and, 

3) Local Management Agents. These three will implemented 

by using heat diffusion algorithm and dynamic load balancing 

scheme. The central server will monitor the load from the 

local servers. The local servers will directly interact with the 

users. And they are the servers whose load balancing will be 

done using balancing scheme and ultimately it will result in 

the latency reduction. The local management agents are called 

as LMAs. It will incorporate all the data structures and there 

the balancing scheme will be implemented. The balancing 

scheme phases will be executed in the local management 

agents. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure 3: System architecture of the project 

 

A repartitioning is performed to search for the most 

appropriate destination resources for such overloaded severs. 

These overloaded severs are reallocated by evaluating them 

according to the redistribution procedure described in 

Algorithm 1. 

 

Algorithm 1:  

Communication Redistribution Algorithm 

 

Require: current_loads, spec_loads, locservrs_loads, 

path_distances 

order(locservrs_loads) 

cmean<= calc_mean(locservrs_loads) 

cstd<= calc_STD(locservrs_loads, cmean) 

comm_locservrs <= 

find_comm(locservrs_loads,mean, std) 

for all locservrs IN comm_locservrs do 

Central Server 

CLM 

Local Server1 Local Server2 Local Server3 

Local Server4 Local Server5 Local Server 

N 

MM CLM 

LMA 
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while !resource_found and path_distances(next) 

do 

ring <= get_closest_ring(path_distances,RTI) 

resource <= least_load_resource(ring) 

if !overloaded(resource.load) then 

migration_move.add(locservrs, resource) 

resource_found <= TRUE 

end if 

end while 

end for 

return migration_moves 
 
 

In the algorithm 2 the resource candidate is not able to receive 

a load of the overloaded server for migration, the next 

candidate is searched in the distance rings; thus, the next ring 

in the structure is selected, consequently identifying the 

resource with the least load. The procedure of searching for a 

resource candidate in the distance rings continues while the 

destination resource is not found. The stop condition of the 

algorithm establishes that any communication improvement 

cannot be reached since the situation of the overloaded server 

cannot be improved in a given load configuration of the 

distributed system. 

 

Algorithm 2 

 Evaluation Algorithm 

 

Require: src_rsc, dst_rsc 

if dst_rsc < min then 

if number_locservrs (src_rsc) > 1 then 

create_migration_move(src_rsc, dst_rsc) 

else if number_locservrs (src_rsc) = 1 & src_rsc > 

(min*φ) then 

create_migration_move(src_rsc, dst_rsc) 

end if 

else if (dst_rsc − src_rsc) < (min*δ)then 

if number_locservrs (src_rsc) > 1 then 

create_migration_move(src_rsc, dst_rsc) 

else if number_locservrs (src_rsc) = 1 & (dst_rsc − 

src_rsc) > (min*φ) then 

create_migration_move(src_rsc, dst_rsc) 

end if 

end if 

return migration_move 

 

5    IMPLEMENATION  

 

The software requirements are a NS 2 simulator to model a 

multi-server distributed virtual system for evaluations. The 

scripting is done in the NS-2 with the help of OTcl scripting. 

We will conduct a number of experiments to verify the 

effectiveness of the proposed methods. All the experiments 

will be conducted on a PC with an Intel Core i5 2.80GHz CPU 

and 4GB RAM. The following data flow diagram shows the 

flow of the our algorithm for the system  

 

 
 

Figure 4: Data Flow Diagram of the project 
 

 

6     PROPOSED RESULTS 

 

We will conduct two sets of experiments to compute the 

performance of our system. These two experiments are as 

follows 1) Ratio of overloaded servers, 2) Ratio of migrated 

users. We will show here the proposed results of the two 

experiments which are depicted in graphs. These two sets of 

experiments will prove as important performance 

measurements for our system. As it will show the previous 

results and can show what our system is improving in terms of 

the performance. 

 

Experiment: 1 - This experiment studies the effects of the 

proposed balancing scheme on the performance of the load 

balancing algorithm based on the ratio of the overloaded 

servers, ROS. 
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Experiment: 2 - This experiment studies the effects of the 

proposed balancing schemes on the performance of the load 

balancing algorithm based on the ratio of migrated users, 

RMU. 

 
 

7    CONCLUSION 

 

 In this paper we have proposed a new dynamic load balancing 

with latency reduction approach for distributed virtual 

environments based on improved balancing scheme, which 

has been studied in distributed virtual simulations and proved 

to be a very effective and efficient tool for dynamic load 

balancing. We have investigated heat diffusion based load 

balancing algorithms, and distributed virtual simulations 

dynamic load balancing schemes. Ultimately, we are 

developing an improved distributed virtual environment model 

based on heat diffusion algorithms and the dynamic load 

balancing scheme. As a future work, we are currently 

conducting a more detailed investigation into the relevant 

problems. 
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Abstract— The developments in the digitalization of images and 
use of the Internet technology to widespread the digital images 
allowed many hackers to easily plagiarize the images. This copied 
content can be modified and is misused according to their need. 
In order to avoid this plagiarism many techniques such as 
encryption, steganography, information hiding and 
watermarking techniques are available. Digital Image 
watermarking is a technique in which either a sequence of 
characters or code or digital image is embedded into a cover 
image and extracted later for identifying the owners 
authentication. Secret data can be embedded either in spatial 
domain or in transform domain of the cover image. Several 
Watermarking schemes are widely used for color images but 
most of them are non-blind. We propose an effective, blind 
robust imperceptible color image watermarking scheme. This 
scheme embeds the watermark into the blue panel of the cover 
image in RGB space. The Two level Redundant Discrete Wavelet 
Transformation (RDWT) followed by Discrete Cosine Transform 
(DCT) of Blue channel of the cover image is used. The DCT value 
of watermark is used to embed in the cover image. We are 
embedding the watermark in all the four bands of the 2nd level 
RDWT coefficients to increase the security and robustness. 
Parameters such as peak signal to noise ratio (PSNR) and 
correlation coefficient are calculated for measuring the 
robustness and imperceptibility. The proposed scheme gives 
better results in terms of PSNR and correlation coefficient to the 
existing methods. The proposed algorithm is inspected for salt 
and pepper noise, Gaussian noise, Poisson noise, Speckle noise, 
Sharpening and blurring. 
 
Keywords— Color image processing, RDWT, DCT, PSNR, NCC 

I. INTRODUCTION 

The enforcement of distribution of sensitive digital data over 
the internet is required but difficult to handle its usage. This 
data includes text, images, audio or video. With the advent of 
the many social networking sites it became very common to 
share the digital images over the internet. The advancement in 
the multimedia technology allows the piracy of digital images 
which in turn raises the copyright issues. Digital Image 
Watermarking is considered as one of the best solution to 
safeguard the digital images over internet. It visibly or 
invisibly implants the identification code or logo or watermark 
in the original image to prove its authorization.  Digital 
watermarks are portrayed with three requisites perceptually 
translucent, robust to various deliberate and accidental attacks 
and capacity to embed either single large size watermark or 
multiple smaller size watermarks.   

These requisites conflict with each other. In improvising 
the perceptual translucence of the watermark the strength of 
the watermark decreases which in turn decreases its 
robustness and vice versa. Watermarking can be categorized 
on various basis. If original image pixels are replaced directly 
with the scaled or direct values of watermark pixels it is 
considered as spatial watermarking and if the processing is 
done with the transform coefficients of original image it is 
considered as transform watermarking. The transform like 
DCT, DWT or DFT segregates the original image into low 
and high frequency coefficients. Depending on the 
requirement the watermark is embedded either in low 
frequency components or in high frequency components. The 
perceptually transparent watermarking is obtained if 
watermark is embedded in high frequency components of the 
original data at the expense of robustness. To increase the 
robustness watermark is embedded into low frequency 
components but it affects the perceptual transparency. The 
selection of transform coefficients is one of the issues in 
transform domain watermarking. 

To overcome the conflicts between robustness and 
perceptual transparency we are embedding the copy of 
watermark in the four sub bands of either of the LL, LH, HL, 
HH band. Embedding the watermark in HH_LL sub band 
increases the robustness and is reluctant to attacks like salt and 
pepper, Gaussian noise etc. In this paper we are proposing a 
blind technique in which DCT is applied to the four sub bands 
of the second level RDWT decomposition of blue panel cover 
image.   

The paper is organized as follows. Section II gives the brief 
overview of concepts used while Section III summarizes the 
proposed scheme for watermark embedding and extraction 
algorithm. Assessment parameters used for this algorithm are 
given in section IV. Section V contains experimental results 
followed by conclusion in section VI. 

II. BRIEF OVERVIEW OF CONCEPTS 

A. Redundant Wavelet Decomposition of Images 
Redundant Discrete Wavelet Transform (RDWT) is one of 

the family members of DWT family. It differs from the DWT 
in two manners; firstly the absence of down sampler in the 
analysis filters results in the redundant data causing shift 
invariance. Secondly lot of space is created due to the 
redundancy which in turn increases the capacity.  Due to the 
presence of redundant data the coefficients will not vary with 
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any minor shift in the image making RDWT shift invariant. 
The following figure depicts the RDWT analysis filter bank 
for subband decomposition. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1 RDWT analysis filter bank 
Filter bank separates the image into low and high frequency 
components. This is done by decomposing an image first row 
by row and then column by column. For instance the image is 
of size M x N then the first step is to separate out the odd and 
even columns resulting in M x N/2 each. The second step is to 
find the high and low frequency using  

High = Odd columns – Even Columns  
Low = Even columns + (High/2) 
 

The next step is to find row wise odd and even rows i.e.., M/2 
x N/2. The subbands are decomposed using  

LowHigh(LH) = lowodd – loweven  
LowLow (LL) = loweven + (LowHigh/2) 
HighHigh (HH) = highodd-high even 
HighLow  (HL) = higheven + HighHigh/2 

 
Thus the four subbands are created in this manner. It can be 
observed that RDWT has simple division instead of the round 
function as used in DWT.  

B.  Discrete Cosine Transform 
DCT is applied to the subband coefficients of the RDWT. 
It separates the DC and AC components such that the 

extreme upper left block is DC and the lower right blocks are 
AC as shown below. The Watermark to be embedded is 
substituted in the extreme lower right block. 

 
 
 
 
 
 
 
 
 
 
 

Fig. 2 DC and AC components of the image 

III. PROPOSED SCHEME 

We proposed a blind algorithm with the aid of RDWT and 
DCT. The cover image or the original image is parted into 
red panel, green panel and blue panel images. Redundant 
Discrete Wavelet Transform is applied to the blue panel to 
decompose it into four subbands LL, LH, HL and HH. 
Each time a subband is selected for second level 
decomposition. DCT is applied to all the four subbands 
and is then divided into 4X4 sub blocks. One sub block is 
used from each subband to embed the watermark. The sub 
blocks selected are all at last bottom right position in the 
subbands. Inverse DCT and inverse RDWT is performed 
to get watermarked image. Consider that HH band is 
selected for explaining the embedding and extraction 
algorithm. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3 Second Level RDWT decomposition showing the shaded sub blocks 
used for watermark embedding for HH subband 

A. Watermark Embedding Process 

1)  The input color image of size NxN is separated into red, 
green and blue panels. 

2)  RDWT is applied to the blue panel of the cover image to 
decompose it into four sub bands each of size N/2xN/2. 

3)   Apply RDWT again to each band to decompose into 
sub bands, let say HH band is selected and decomposed into 
HH_LL, HH_LH, HH_HL, HH_HH subbands of size N/4x 
N/4. 

4)  DCT is applied to the four sub bands HH_LL, HH_LH, 
HH_HL, HH_HH and are then divided into 4x4 sub blocks 
each of size N/16x N/16 i.e., 4 rows and 4 columns. 

5)  The sub blocks that embed the watermark are shown as 
shaded region in fig.3. 
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6)  The DCT coefficient matrix BLL is formed from the sub 
block of HH_LL sub band, BLH is formed from the sub block 
of HH_LH sub band, BHL is formed from sub block of HH 
_HL and BHH is formed from sub block of HH_HH. 

7)  The logo of size N/16xN/16 is used for embedding and 
DCT is applied to form the coefficient matrix BW. 

8)  2D-DCT coefficient matrices BLL, BLH, BHL, BHH and 
BW each of size N/16xN/16 are converted to 1D for 
embedding process. 

9)  Replace the four 1D coefficient matrices Bk with BW 
where k denotes LL, LH, HL and HH sub bands. 

10)  Reshape the 1D coefficient matrices back to 2D and 
append it with the other sub blocks to form the subbands HH_ 
LL* , HH_LH*, HH_HL*, HH_HH*. 

11)  Apply Inverse DCT and Inverse RDWT to the 
transformed sub bands HH_ LL*, HH_LH*, HH_HL*, 
HH_HH* to form the HH* sub band. 

12)  Apply Second level Inverse RDWT to the LL, LH, HL, 
HH* sub bands to yield the blue panel of the watermarked 
image. 

13)  Fused the red panel, green panel and transformed blue 
panel to form the Watermarked Color Image. 

B. Watermark Extraction Process 

1)  Separate out the blue panel from the watermarked color 
image for extraction process. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

2)  Decompose the blue panel watermarked image using 
RDWT, into 4 subbands: LL, LH, HL and HH.  

3)  Select the HH band to decompose it into HH_LL, HH_LH, 
HH_HL, HH_HH sub bands using RDWT. 

4)  Repeat the same process of applying DCT to the four sub 
bands and dividing the sub bands into 4x4 sub blocks.  

5)  Select the extreme bottom right sub block of each sub band 
and apply Inverse DCT to extract the logo. 

6)  Thus four logos are extracted each from one sub band. 
The Watermark embedding and extraction process are 

shown diagrammatically in fig 4 and fig 5 respectively  

IV. ASSESSMENT PARAMETERS 
PSNR is used as a measure of quality of reconstruction after 
embedding the watermark in an image. PSNR is also can be 
defined as the imperceptibility of watermarked image and 
higher values of PSNR implies that watermarked image and 
the cover image are indistinguishable.  
The PSNR is defined as  

PSNR = 10. log10 (MAX 
2 / MSE) 

 
        = 20. log10 (MAX / MSE) 

Where MAX is the maximum pixel value of the image and is 
255 and MSE is defined as 
 

                MSE = (∑ ∑ (Watermarked – Input) ^2) / (mn) 
Where m x n is the image size. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig. 4 Watermark Embedding Process 
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Normalized correlation is one of the methods of similarity 

matching between two images. NCC is used to show the 
similarity between the extracted and the original watermark 
and is given as 

 NC = (∑ ∑ OW * EW) / (∑ ∑ OW * OW) 
Where OW and EW is the original and the extracted 

watermark respectively. 

V. EXPERIMENTAL RESULTS AND ANALYSIS 

The proposed algorithm RDWT-DCT is examined using 
color image of size 512x512 and logo image of size 32x32. 
The cover and watermark images are shown in Fig.6 and 
Fig.7. The watermarked image and the extracted logo from 
the four sub bands of the HH subband are shown in Fig.8 
and Fig.9. 

 
Fig. 6 Cover Image 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 

 
Fig. 7 Logo Image 

 

 
Fig. 8 Watermarked Image 

 

 

Fig. 5 Watermark Extraction Process 
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Fig. 9 Extracted Logos 
 
In our proposed algorithm we have obtained a PSNR value 

of 44.179 for HH subband. To evaluate the robustness of the 
algorithm the watermarked image was attacked by Gaussian 
noise, salt & pepper noise, speckle noise, Poisson noise, 
blurring and sharpening attacks. The NCC values for LL, LH, 
HL and HH subbands are tabulated below. 

 
TABLE I OBSERVED NCC VALUES OF EXTRACTED WATERMARK FROM LL 

SUBBAND 
 

Attacks LL band  LH band  HL band  HH band  

Without 
Attack 0.9908 0.9382 0.9561 0.7598 

salt and 
pepper 0.9428 0.8498 0.8697 0.6267 

Gaussian 0.9488 0.8352 0.8543 0.5198 

Speckle 0.9798 0.8893 0.9181 0.6318 

Poisson 0.9821 0.9048 0.9315 0.6841 

Blurring 0.8842 0.8987 0.9186 0.812 

Sharpening 0.8493 0.3882 0.3571 0.1174 

 
 

 
TABLE II OBSERVED NCC VALUES OF EXTRACTED WATERMARK FROM 

LH SUBBAND 
 

 
 
 

TABLE III OBSERVED NCC VALUES OF EXTRACTED WATERMARK FROM 
HL SUBBAND 

 

 
 
 

Attacks LL band  LH band  HL band  HH band  

Without 
Attack 0.9973 0.9968 0.9969 0.9898 

salt and 
pepper 0.9496 0.9499 0.9549 0.9411 

Gaussian 0.935 0.8824 0.9085 0.7755 

Speckle 0.9882 0.9701 0.97 0.9001 

Poisson 0.9902 0.9762 0.9778 0.92 

Blurring 0.8685 0.7951 0.8664 0.7935 

Sharpening 0.9733 0.6663 0.858 0.0576 

Attacks LL band  LH band  HL band  HH band  

Without 
Attack 0.9961 0.9967 0.9956 0.989 

salt and 
pepper 0.9175 0.9203 0.9263 0.9175 

Gaussian 0.881 0.795 0.7992 0.6948 

Speckle 0.97 0.9498 0.9504 0.8801 

Poisson 0.9746 0.9606 0.9588 0.9074 

Blurring 0.7497 0.9275 0.7698 0.9385 

Sharpening 0.9392 0.5454 0.8687 -0.0399 
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TABLE IV OBSERVED NCC VALUES OF EXTRACTED WATERMARK FROM 
HH SUBBAND 

 
 

Attacks LL band  LH band  HL band  HH band  

Without 
Attack 0.9986 0.9972 0.9971 0.9906 

salt and 
pepper 0.9311 0.9336 0.9387 0.9344 

Gaussian 0.8217 0.7991 0.8308 0.7539 

Speckle 0.9675 0.9339 0.9519 0.8745 

Poisson 0.9726 0.9561 0.9612 0.8911 

Blurring 0.4551 0.3844 0.5387 0.4342 

Sharpening 0.9871 0.8701 0.9278 0.1098 

 

VI. CONCLUSIONS 

 The process of embedding copy of watermark in four 
subbands of either of the LL, LH, HL, HH subband for second 
level decomposition is studied. We have tested the “RDWT-
DCT algorithm” for all the four subbands each for LL, LH, 
HL and HH subband. From the results it is observed that 
without attack HH subband is giving the highest results while 
LH band has highest NCC values of extracted watermark for 
salt and pepper, Gaussian, speckle and Poisson noise. We 
have got good results from LL subband for blurring attack and 
HH subband for sharpening. Thus we can conclude that 
selection of subband depends either on the severity of attacks 
or HH subband is used for moderate results on all attacks. 
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Abstract— IUPAC (The International Union of Pure and 

Applied Chemistry) standard is used to describe structure and 

characteristic of organic compound. This paper describes 

translation of IUPAC (International Union of Pure and Applied 

Chemistry) name into Two-dimensional structure of organic 

compound which consists of graphical entities.  Chemical names 

are a common way of communicating chemical structure 

information. Two-Dimensional structure of organic compound 

helps chemist to identify chemical compound, their structure and 

relation among each molecule in compound. Basic graphical 

entities are used to generate 2D graphical structure of IUPAC 

name from Intermediate Graphical Language. Text file is 

generated on analyzing IUPAC name. Text file is OpenGL 

graphical functions to display graphical entities. This translation 

can be achieved using Syntax – Directed Translation Scheme.  

Lexical analyzer is used to analyze text file to generate tokens and 

syntax analyzer is used to parse graphical function according to 

grammar rule. This gives net 2D graphical representation of 

IUPAC name. This paper proposes a methodology for achieving 

this translation. 

 

Index Terms— Graphical Language, IUPAC, Syntax – Directed 

Translation, Organic Compound, Two-Dimension Structure 

I. INTRODUCTION  

The International Union of Pure and Applied Chemistry 

(IUPAC) standardized nomenclature for organic compound 

which has been widely accepted among the chemists. This 

nomenclature provides the organic chemists with basis for 

identification of numerous compounds. A strict nomenclature 

system is obviously required to eliminate ambiguities in 

characterizing a chemical formula. The IUPAC system 

satisfies this requirement. Syntax-directed translation can be 

advantageously used to transform formulas in IUPAC 

nomenclature into their standard two-dimensional 

representation. The purpose of this project is to describe how 

this translation can be accomplished and generate 2D 

graphical representation from this translation. Basic graphical 

entities are used to generate 2D graphical structure of IUPAC 

name from Intermediate Graphical Language. Electronic 

representations of chemical structures are one of the 

informatics underpinnings for any organization operating in 

the domain of chemistry or biology and enable the creation of 

a structure/substructure searchable database of chemical 

structures and associated data and knowledge. There is an 

enormous wealth in the form of chemical names and a means 

by which to convert those alphanumeric text descriptors into a 

more rich chemical structure representation has long been the 

mission of a large group of investigators. With increasing 

understanding of chemistry and the graphical representation of 

chemical structures came the need for an agreed upon 

language of communication between scientists, despite the 

limitations and challenges associated with chemical names 

graphical chemical structure representations. By providing 

software tools for the conversion of differing chemical 

nomenclatures into universally recognized chemical 

structures, chemists can more easily review the chemical 

structure of interest and the data can be migrated to database 

technologies. The conversion of chemical names into chemical 

structures can be represented as two intersecting schemes – 

that of utilizing a look-up dictionary and of using syntax 

analysis. A combination of these two approaches is definitely 

needed for the analysis of chemical names experienced in the 

real world. For the conversion of systematic names a more 

powerful and flexible approach must be based on the parsing 

of the chemical names and the application of syntax analysis.  

 

 

Fig. 1 Two-Dimensional Structure of 1, 4-

DIBROMO_CYCLOHEXANE 
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In this project, 2D graphical structure of IUPAC name is 

generated. Grammar for detection of IUPAC name is 

generated. Intermediate Graphical Language is used that 

describe basic graphical entities. So, input is Intermediate 

Graphical Language and output is 2D graphical structure. In 

above figure, structure of 1, 4-DIBROMO_CYCLOHEXANE 

contain hexane ring with element bromine at position 1 and 4 

on hexane at Cartesian co-ordinate.  

II. SEMANTIC TRANSLATION 

According to IUPAC naming rules, one can define compound 

names such as: 

(1) 3-CHLORO-3-AMINO-2-PENT-4-ENONE 

(2) 2,4-DIBROMO-CYCLO HEXANE 

(3) 3-HEPTYNE 

The above strings (implicitly) contain the following 

information necessary for the translation: 

(a) the length of the carbon chain (e.g. PENT indicating 

a carbon chain of length 5 in (1), HEX meaning a 

chain length of 6 in (2)); 

(b) one or more unit prefixes, indicating the number of 

the carbon to which any functional group is attached, 

followed by the functional group itself (e.g. a 

chlorine atom and amino group are attached to 

carbon 3 in (1)); 

(c) the carbon number and type of unsaturation, which 

composes the primary suffix (e.g. a double bond at 

carbon 4 in (1); a triple bond at carbon 3 in (3)); 

(d) a secondary suffix again providing points of 

attachment of functional groups (e.g. carbon 2 is a 

carbonyl in (1)); 

(e) singular or multiple functionality (e.g. 2 bromine 

atoms are present in (2)). 

The translation process involves the execution of semantic 

actions once the elements of a rule are recognized while 

parsing. 

III. PROPOSED METHODOLOGY 

A. Syntax Directed Translation 

A Syntax-directed translation is a context-free grammar in 

which attribute associated with the grammar symbol. Semantic 

action is associated with each attribute to transform into basic 

graphical entities and which can be further transform into two-

dimensional representation. When syntax-directed translation 

is carried out every attribute is translated into basic graphical 

entities with associated co-ordinate where it should display. 

This net result is displayed on screen gives 2D graphical 

representation. A Syntax-directed translation is a context-free 

grammar in which attribute associated with the grammar 

symbol. Semantic action is associated with each attribute to 

transform into basic graphical entities and which can be 

further transform into two-dimensional representation. Lexical 

analyzer is used to analyze text file to generate tokens and 

syntax analyzer is used to parse graphical function according 

to grammar rule. This gives net 2D graphical representation of 

IUPAC name. JFlex is a lexical analyzer generator (also 

known as scanner generator) for Java, written in Java.  It is 

also a rewrite of the very useful tool Jlex.  It can be used 

together with ANTLR. JFlex has built-in support for the CUP 

parser generator. JFlex is a lexical analyser generator for Java 

from lexical specification. CUP is a system for generating 

LALR parsers from simple specifications. CUP is used to 

generate syntax analyzer. Using CUP involves creating a 

simple specification based on the grammar for which a parser 

is needed, along with construction of a scanner capable of 

breaking characters up into meaningful tokens (such as 

keywords, numbers, and special symbols). 

 

B. OPENGL Graphical Language 

OpenGL is software interface to graphics hardware. OpenGL 

is a cross-platform, language-independent, industrial standard 

API for producing 3D (and 2D) computer graphics. OpenGL 

is designed as a streamlined, hardware-independent interface 

to be implemented on many different hardware platforms. 

With OpenGL, you must build up your desired model from a 

small set of geometric primitives - points, lines, and polygons. 

Graphics cards that claim OpenGL-compliance make use of 

the hardware acceleration when possible to speed up the 

graphics rendering process. Rendering, is the process by 

which a computer creates images from models. These models, 

or objects, are constructed from geometric primitives - points, 

lines, and polygons - that are specified by their vertices. 

JOGL, or Java Bindings for OpenGL, allows Java programs to 

access the OpenGL API for graphics programming. The 

graphics code in JOGL programs will look almost identical to 

that found in C or C++ OpenGL programs, as the API is 

automatically generated from C header files.  JOGL uses Java 

Native Interface (JNI) to access OpenGL. This is one of the 

greatest strengths of JOGL, as it is quite easy to port OpenGL 

programs written in C or C++ to JOGL; learning JOGL is 

essentially learning OpenGL. It is simply a wrapper library for 

Java application to use OpenGL API. JOGL is open-source 

and currently maintained by "JogAmp" (Java on Graphics, 

Audio, Media and Processing). The environment presented by 

the OpenGL bindings allows for faster graphics programming 

and development by increasing interactivity. When graphics 

commands are issued to the J system they are immediately 

interpreted and executed. The programmer is therefore 

allowed to experiment with translation values or red-green-

blue-alpha values (or any other graphics parameter) and 

perceive the results of his or her changes relatively quickly. In 

other words, the graphics state updates as the programmer 

issues commands inside the J environment. As a result, the 

programmer immediately sees the effect of his or her actions 

without having to compile, link, and test the application 

changes as required when working in the C or C++ 
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development environments. Even with the convenience of 

make scripts that automate the build process, building the C or 

C++ executable to evaluate the effects of added OpenGL 

commands is time consuming and still requires the 

programmer to run the freshly built executable. 

As for the selection of the OpenGL graphics programming 

libraries, OpenGL offers a robust set of utilities and 

commands suitable to a wide range of two and three 

dimensional graphical programming endeavors. OpenGL has 

also evolved as a standard amongst 3D graphics programming 

languages and has been ported to and extensive variety of 

platforms and operating systems. In any case, the creation of J 

bindings for OpenGL certainly does not exclude or prevent the 

creation of J bindings for other graphics programming 

libraries in the future. OpenGL is a specification implemented 

in the C language, though it can use other programming 

languages. It is built on the concept of a state machine, though 

more recent OpenGL versions have transformed it into much 

more of an object-based system. As an API, OpenGL depends 

on no particular language feature, and can be made callable 

from almost any programming language with the proper 

bindings. In general, Direct3D is designed to virtualize 3D 

hardware interfaces. Direct3D frees the game programmer 

from accommodating the graphics hardware. OpenGL, on the 

other hand, is designed to be a 3D hardware-accelerated 

rendering system that may be emulated in software. These two 

APIs are fundamentally designed under two separate modes of 

thought. 

As such, there are functional differences in how the two APIs 

work. Direct3D expects the application to manage hardware 

resources; OpenGL makes the implementation do it. With 

Direct3D, the developer must manage hardware resources 

independently. 

 

 

 

 

 

 

 

 

 

 

 

However, the implementation is simpler, and developers have 

the flexibility to allocate resources in the most efficient way 

possible for their application.  

In computer software, Direct3D is a proprietary API designed 

by Microsoft Corporation that provides a standardized API for 

hardware 3D acceleration on the Windows platform. Direct3D 

is implemented, like OpenGL on the same platform, in the 

display driver. OpenGL is an open standard Application 

Programming Interface that provides a number of functions 

for the rendering of 2D and 3D graphics. An implementation 

is available on most modern operating systems. 
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Abstract— As one of the most successful applications of image 
analysis and understanding, face recognition has recently 
received major attention, especially during the past few years. 
Face recognition has been a fast growing, challenging and 
interesting area in real time applications like criminal 
identification, security system, image and film processing. A large 
number of face recognition algorithms have been developed in 
last decades. This paper presents survey of face recognition 
techniques as well as facial feature extraction techniques and its 
applications. It also covers benefits and weaknesses of different 
approaches. 

Keywords—Biometrics, Image Processing, Face Recognition, 
Feature Extraction 

I. INTRODUCTION  

Face recognition is currently a wide active research area in 
image processing, computer vision and pattern recognition in 
which the main attention is on the ways to perform robust 
biometric identification. The various applications of face 
recognition are identify a person, security, video indexing, 
criminal justice systems, surveillance and law enforcement. As 
compared with the other biometric systems like hand 
geometry, finger print, hand veins, palm print and iris, the face 
recognition has different advantages over other biometric 
methods, because almost all these technologies require some 
action by the user. Human face has always been a major 
biometric recognition research because it is non-invasive and 
it is natural and intuitive and various biometric recognition 
characteristic given in table-1[1]. 

TABLE I.  COMPARISON OF VARIOUS BIOMETRIC RECOGNITION 
TECHNOLOGIES  

Biometric Uniqueness Performance Acceptability 

Face Low Medium High 

Iris High High Low 

Fingerprint High High Medium 

Voice Low Low High 

Signature Low Low High 

 

II. FACE RECOGNITION APPROACHES 
 

Face recognition is a progressing area and improving 
continuously. Also we list out advantages and disadvantages 
of face recognition techniques. 
A. Feature based  

Algorithms that try to find invariant features of a face 
despite it is angle or position. In this method, first process is 
identify input image and extract features like mouth, eyes, 
nose, etc. and then compute geometric relationships among 
those facial feature points. Finally, Then standard statically 
recognition techniques are applied to match faces using these 
measurements. One big problem with this method is image 
features may be corrupted due to noise, illumination, low 
resolution and occlusion. 

  
Another well-known feature based approach is the elastic 

bunch graph matching method proposed by Wiskott et al. [2]. 
EBGM is based on dynamic link structure. A graph for each 
individual face is generated as follows: a set of fiducially 
points on the face are chosen. Each fiducially point is a node 
of a fully connected graph, and is labeled with “Gabor filters” 
applied to a window around the fiducially points. The success 
of Gabor filters is removing most of the changeability in 
images due to variation in lighting and contrast. This 
technique has really enhanced facial recognition performance  
under variations of pose, angle, and expression. 
 

                                  Fig 1. Grids for face recognition[30] 
 

The main benefit of this technique is that the extraction of 
the feature points leads the analysis done for matching the 
image to that of a known individual, such methods are strong 
against deviations in the input image [3] and other benefit is 
the compactness of representation of the face images and 
rapidity matching [4].  
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The major disadvantage of this approach is the difficulty of 
automatic feature detection [5]. 

 
B. Holistic Approach 
      Holistic approaches attempt to identify faces using global 
representations means descriptions based on the entire image 
rather than on local features of the face. In short, the statistical 
methods are used to extracts the statistical characterization 
from the entire training sample images. There are the 
techniques like Eigenfaces, probabilistic eigenfaces, fisher 
faces, support vector machines, independent-component 
analysis which can be used in the holistic approach. Table 2 
shows the categories of face recognition techniques [16]. 

 

TABLE II.  CATEGORISATION OF FACE RECOGNITION TECHNIQUE [16] 

Holistic Approach Local Approach 

Principal Component Analysis 

 Templates 
Matching 

 

Linear Discriminate Analysis Elastic bunch graph matching 

Self Organizing map  Local Binary Patterns 

Fisher Discriminate Analysis Modular PCA 

Principal Component Analysis Template Matching 
 
Kirby and Sirovich, they have used the PCA (principal 

component analysis) to efficiently represent face images by a 
small number of coefficients corresponding to the most 
significant Eigen values [6]. Turk and Pentland [7] have been 
utilized Eigen faces for face detection and identification. In 
particular, a set of Eigen vectors and Eigen values were first 
calculated through principal component analysis to form the 
Eigen space of human faces (or “Eigen faces”) from a training 
face image set. The gallery and probe images were projected 
to these Eigen space and their Eigen values are compared in 
the recognition stage. The performance increase of Eigen face 
was from 61.4% to 89.5%.This kind of increase is due to the 
capability for face recognition algorithm of tolerating small 
pose variation. 

 
1. PCA 

Karhunen-Loeve is based on the eigenfaces technique in 
which the principal component analysis is used. This 
technique is used in dimensionality reduction. In 
mathematically, the eigenfaces are main components of the 
distribution of faces. This is also called as eigenvectors which 
is the covariance matrix of the set of face images. The main 
objective of PCA is to find the eigenvectors called as also 

Eigenfaces, of the covariance matrix corresponding to the 
generic training images. Each face can be considered as a 
linear combination of the eigenfaces. The face can be 
approximated by using the eigenvectors which have largest 
eigenvalues. The best M eigenfaces define an M dimensional 
space, which is called as the “face space”. The weights 
conveying each face are found by projecting the face image. 
PCA uses orthogonal linear space for encoding information. 
Main focus of PCA is on uncorrelated & Gaussian 
components. Goal of PCA is to find a best way to reexpress 
the original data. PCA aims to minimize the noise and 
redundancy. PCA is used in data compression. 

 
2. LDA 

Linear/Fisher Discriminant Analysis (LDA) was developed 
by R. A. Fisher in 1930 [8]. The Fisher face method is the face 
recognition method which is based on the appearance. The 
Linear Discriminant analysis technique has shown the useful 
result in the face recognition process. All of these have used 
Linear Discriminant Analysis (LDA) to find a set of basis 
images which provides the help to maximize the ratio of 
between-class scatter to that of within-class scatter. There is 
one problem with LDA that within the class the scatter matrix 
is always single, since the number of pixels in image is larger 
than the number of images so it can increase detection of error 
rate if there is a variation in pose or lighting condition within 
same face images. So to overcome the single matrix problem, 
many algorithms have been proposed. [7,10-15]. Because the 
fisher faces approach use the advantage of within-class 
information so it minimize the variation within each class, but 
due to it there is the increase in class separation. So the 
problem with variations in the same images such as different 
lighting conditions can be overcome. LDA encodes using 
linearly separable space in which bases are not necessarily 
orthogonal. Main aim of LDA is to maximize the distance 
between different classes. LDA is used in pattern classification 
specially used in face recognition. 

 
3. SOM 

The self organizing map is also known as  
“Kohonen Map“. It is a well-known artificial neural network 
that learns the classification of a set of patterns without any 
class knowledge and is an unsupervised learning process. 
Basically SOM is applied on image and sound analysis. It is 
convert high dimensional input to low dimensional. There is a 
competition between the neurons to be activated. The result is 
that only one neuron that wins the competition is activated and 
is called “winner” [27]. A SOM network identifies a winning 
neuron using same procedure by competitive layer. And then 
winning neuron are updated using Kohonen Rule. Table 3 
shows the advantages and disadvantages of holistic approach 
[16]. 
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TABLE III.  THE ADVANTAGES AND DISADVANTAGES OF THE HOLISTIC 
APPROACH [16] 

Technique Advantages Disadvantages 
PCA Simple, fast  

 

Sensitive to pixel 
misalignment, cannot 
separate image variances 

LDA/FDA Maximize the separability of 
different identities  
 

Sensitive to pixel 
misalignment, linear classes 
cannot adequately describe 
pose variations 

SOM Fast, tolerance to pixel 
misalignment due to 
quantization 

Linear mapping cannot 
adequately describe pose 
variations 

 

C. Local Approach 
For all of the above methods, the face recognition 

decisions are made considering the entire face images, which 
can be classified as holistic approaches. In contrast, local 
approaches only or mainly consider a set of isolated points or 
regions on the face images and classification patterns are 
extracted from a limited region in the face image.  

1. Template Matching 
Bruneli and Poggio are selected a set of 4 feature 

templates, i.e., the eyes, nose, mouth, and the whole face, for 
all of the available faces [9]. These feature templates are 
oftenly used for the identification of the printed character, 
number and other small, simple object. These feature 
templates from the input image are compared with those of the 
image which are stored in database in the same region along 
the normalized cross matching. Summed matching scores 
were used for resolving the recognition process. The drawback 
of templates matching is that during the process, recognition 
system has to be tolerant to certain inconsistencies between 
gallery and probe images, this tolerance might average out the 
differences that make individual faces unique [28].  

 
2. Modular PCA 

Gottmukkal and Asari [17] extended PCA to modular PCA 
to improve robustness of face recognition. In this type of 
method, the face images are split up into smaller parts as a sub-
images and the PCA approach is applied for each and every 
sub-images. However, the MPCA technique does not simply 
apply PCA in each independent face region; since it keeps the 
relation between the regions and the global information of the 
face. MPCA establishes multiple Eigen spaces around facial 
components to form “Eigen features” in place of building a 
holistic Eigen space for the entire images. (Fig. 2) 

 
 
 
 
 

Fig 2. The modular PCA builds multiple 
Eigen features in the regions of facial 

components (e.g., eyes, nose, and mouth) 

3.  

4. LBP 
Ahonen et al. [18, 19] used local binary patterns which is a 

successful texture descriptor and applied to the task of face 
recognition. The local binary pattern is obtained by bin arises 
the gradients of centre point to its 8 neighboring points pixel-
wisely and this binary pattern is used as image features for 
classification [29]. Then the face image is distinguishing into 
several sub-regions and within each and every patches, the 
histogram of the local pixel-wise patterns is calculated. The 
histograms are compared along the calculating weighted Chi 
square distance, whose weights are trained by separate 
recognition process on a single patch, while comparing the 
images. 
5. EBGM 

One of the most effective local face recognition methods 
is elastic bunch graph matching [20]. In this method, human 
faces were described using Gabor wavelets in facial 
components (e.g., eyes, nose, and mouth) and an extended 
dynamic link architecture [21] for graph matching. In feature 
extraction, a Gabor jet on a point of a face image was 
introduced as a set of 40 Gabor wavelet coefficients obtained 
by convoluting 40 Gabor kernels with the local region around 
the point. In the recognition process, the Gabor features were 
extracted from the facial components and the gallery images 
were compared with the probe images by calculating the 
similarity of the two sets of Gabor jets. In spite of expensive 
computation, EBGM perform better than holistic approaches 
on the testing sets containing in-depth pose variations, which 
is mainly due to Gabor features' robustness against image 
distortion and scaling [22]. In [23], elastic graph matching 
hold forth and made some changes to apply a further Fourier 
transform on Gabor wavelet coefficients to be used as features 
and to perform classifications using kernel- based projection 
discriminative analysis (KPDA) to achieve pose and 
expression tolerance. Table 4 shows the advantages and 
disadvantages of local approach [16]. 

TABLE IV.  THE ADVANTAGES AND DISADVANTAGES OF THE LOCAL 
APPROACH [16] 

Technique Advantages Disadvantages 
Template matching 
 

Simple, local regions 
around facial 
components provide 
some tolerance to pose 
variations  

Sensitive to pixel 
misalignment in sub-
image regions, 
dependent on facial 
component detection  

Modular PCA  
 

Simple, local regions 
around facial 
components provide 
some tolerance to pose 
variations  

Sensitive to pixel 
misalignment in sub-
image regions, 
dependent on facial 
component detection  

EBGM Local regions around 
facial components and 
Gabor wavelet provide 
pose tolerance  

Slow, distortions 
within local regions 
were not treated  

LBP Simple, histogram in 
local regions tolerates 
pixel misalignment  

Image division is 
problematic when pose 
variation is large  
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III. FEATURE EXTRACTION APPROACHES 

The facial features are very important for face recognition 
process. The different methods like eigenfaces proposed by 
Turk and Pentland and Fisher faces, proposed by Belhumeur 
et al [24], require exact locations of the main facial features 
like eyes, nose, and mouth to normalize the detected face. 
There can be the different types of facial features such as 
region key point (landmark) and contour. Feature restoration is 
the challenging task for feature extraction. It recovers those 
features that are invisible because of large variation in head 
pose. So a more effective and efficient classification algorithm 
for feature extraction should be recommended that can be 
directed independently or jointly. It can be done either with 
the parameter extraction or classification. There are two 
important feature extraction techniques: PCA and LDA. PCA 
is unsupervised linear feature extraction method.  

A. Knowledge based approach 
These are rule-based methods that encode our knowledge 

of human faces. In other words, they try to capture our 
knowledge of faces, and translate them into a set of rules. The 
big problem with this method is the difficulty in building 
human knowledge into appropriate rules. If we give entire 
rules, they may be failed to identify faces so that do not pass 
all the rules. If the rules are more common, they may give 
many fp so, it is difficult to outspread this method to detect 
faces in different poses since it is challenging to count all 
possible cases [25]. 

B. Appearance based approach 
In this approach the concept of “feature” differs from 

simple facial features such as eyes and mouth. A characteristic 
which are extracted from an image is called as a feature. There 
are different methods like principal component analysis 
(PCA), independent component analysis, and Gabor-wavelets, 
which can be used to extract the feature of an image. The 
templates are learned from a set of training images which 
should capture the typical variability of facial appearance. 
These learned models are then used for face detection. These 
are the methods which are designed mainly for face detection. 

 

C. Template based approach 
Template matching algorithms compare input images with 

stored patterns of faces or features. Numerous standard 
patterns of a face are stored which define the face as an entire 
or the facial features individually. There is a correlation 
between an input image and the stored patterns and this 
correlation are used for the computation of the face detection. 
These methods have been used for both face localization as 
well as face detection. In this technique the facial components 
are matched with the previously designed templates with the 
help of appropriate energy functional. The best match of a 

template in the facial image proposed by Yuille et al [26] 
will yield the minimum energy, where these algorithms 
require a priori template modeling, in addition to their 
computational costs, which clearly affect their 
performance. In template matching the Genetic algorithms 
have been proposed for more efficient searching times. 
D. Geometry-based Approach 

On the basis of the position and sizes of the face 
component, the features are extracted. Kanade have proposed 
this technique. The eyes, mouth and the nose base are 
localized using the vertical edge map. Threshold is required 
for such types of techniques, which, given the prevailing 
sensitivity, may affect the obtained performance. 

CONCLUSION 

In the field of image analysis and computer vision the face 
recognition is a challenging problem. In this paper we 
discussed different approaches and methods for feature 
extraction and for recognition of face. We also covered 
lagging and lacking of different approaches. 
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Abstract—Bluetooth enables wireless communication via 

ad-hoc networks. Bluetooth is a developing, worldwide, 

open, short range radio specification technology intended 

to replace cables connecting portable and/or fixed devices 

while maintaining high level of security. DSR allows the 

network to be completely self-organizing and self-

configuring, without the need for any existing network 

infrastructure or administration. A network of devices 

connected in an ad hoc fashion using Bluetooth 

technology is known as piconet which is a fast evolving 

concept. A piconet is formed when at least two devices 

connect. It can support up to 8 devices where one acts as 

master and others act as slaves. It is also known as PAN 

(Personal Area Network).It can support up to 7 active 

slave devices and maximum up to 255 passive or parked 

devices. In today's scenario it is more and more common 

for users to meet and communicate without prior 

planning where there is little networking infrastructure. 

This type of network is known as ad hoc network i.e. 

dynamic in nature and without centralized 

administration. Bluetooth is a single-hop network where 

data transfer can take place only between host and 

destination device. Whereas scatternet (group of 

piconets) is a multi hop ad hoc network where all nodes 

act as routers. This paper presents an overview that multi 

hop capabilities can be added to existing ad hoc network 

platforms such as IEEE 802.11b.This will allow network 

to be fully dynamic, self organizing and self configuring. 

This can be implemented using Dynamic Source Routing 

Protocol for TCP/IP on Linux and thus a multi hop 

network can be formed.  

 

Keywords - Pan, piconet, scatternet, Bluetooth, Bluetooth-

stack, routing, device drivers, DSR. 

I. INTRODUCTION 
Bluetooth is emerging as an important standard for 

short range, low-power wireless communication 

Pervasive computing is computing in an environment 

where users will be able to access information without 

going out of their way. To achieve this, the users must 

be surrounded by technology without knowing so. 

Pervasive computing is a trend that is currently driving, 

and will continue to drive many technologies. The 

vision of piconet is to create a pervasive network where 

the underlying technology is invisible and transparent 

to the user. To achieve this, piconet will be designed to 

be compatible with existing networks and networking 

standards. It will also be designed to work on 

commonly available hardware and software platforms 

[1][2]. 

II. BLUETOOTH 
Bluetooth is a technology that promises fast, secure, 

point-to-point wireless communications over short 

distances (approximately 10 meters) for devices as 

diverse as mobile phones, consumer electronics 

appliances and desktop computers. It uses spectrum in 

the unlicensed ISM band of 2.4 to 2.48GHz. Besides 

being a hardware standard, Bluetooth defines a protocol 

stack that allows for hierarchical ad hoc networking in 

the form of “piconets”, in which Bluetooth devices 
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form themselves into point-to-multipoint picocells of 

seven slaves under the control of one master. Multiple 

piconets in overlapping coverage areas form 

“scatternets”. 

A. PAN 

It is designed as an inexpensive wireless networking 

system for all classes of portable devices. Bluetooth 

devices have the capability to form ad hoc networks. 

These networks should enable easy and convenient 

connections to printers, Internet access points, and 

personal devices at work and at home. 

B. SCATTERNET 

Devices with multiple roles act as gateways to adjacent 

piconets thus creating a multi-hop ad hoc network 

called a scatternet. 

 
         Fig 1.Scatternet illustration 

C. BLUETOOTH STACK 

 
Fig. 1 Architecture of Bluetooth stack 

The Bluetooth protocol stack is defined as a series of 

layers somewhat analogous to the Open Systems 

Interconnect (OSI) standard reference for 

communication protocol stacks. Each layer of the 

protocol stack represents a different protocol and is 

separately described in the core specification[11]. The 

Bluetooth protocol stack can be broadly divided into 

two components: the Bluetooth host & the Bluetooth 

Controller (Bluetooth radio module)  

D. ROUTING 

Routing is defined as the process of finding a path from 

a source to some arbitrary destination on the network. 

This process operates in the Internet layer so packets 

can be forwarded across networks with different 

transmission mediums. 

E. DEVICE 

 A device can be just about any part of a computer, 

either directly built into the core of it or as an add-on 

peripheral such as SCSI controller, extra serial ports, a 

network adapter etc. 

III. DEVICE DRIVERS 
Device drivers are the software that controls devices 

and export a usable interface that allows other programs 

to interact with a particular device. 

A. Modular Design Of Operating System 

Adding support for a new file system to the Linux 

kernel doesn’t require a total rewrite and can be done 

relatively easily and with reuse of existing code. The 

file system, for example, is split into a generic virtual 

file system, VFS, that the specific file systems register 

themselves with. All the major parts of the kernel are 

designed this way-the CD-ROM subsystem, the SCSI 

layer, and others. This provides a good level of 

modularity and eases the development of new device 

drivers. 

B. Different Alternatives For Scatternet Formations 

The BT specifications describe methods for device 

discovery and for the participation of a node to multiple 

piconets. However, solutions for scatternet formation 

are not provided. A first broader classification of the 
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solutions proposed so far in the literature distinguishes 

between scatternet formation protocols that require the 

radio vicinity of all nodes (single-hop topologies) and 

protocols that work in the more general multi-hop 

scenario. The solutions are usually distributed. 

C. SINGLE-HOP SOLUTIONS: DEVICE DISCOVERY 

AND SCATTERNET FORMATION 

In some scatternet formation protocols for Single hop 

topologies, the device discovery takes place 

concurrently with the phases of piconet formation and 

interconnection. 

In all cases, the nodes involved in the device discovery 

process keep switching between inquiry and inquiry 

scan mode. This stochastic mechanism allows two 

nodes to eventually be in opposite modes at the same 

time, which is the condition needed for them to know 

each other. The solution which works only in single 

hop topologies with n nodes is based on a distributed 

leader election process. The leader election is 

performed by means of inquiry and inquiry scan 

processes so that when 2 neighboring nodes discover 

each other, one of the 2 nodes “wins”, i.e. it keeps 

participating in the discovery of other nodes, while the 

loser quits this phase, letting the winner to know about 

its identity, its clock and the identities and the clocks of 

all the nodes it was made aware of via previous 

confrontations. The elected leader will eventually know 

the number, identities and clocks of all the nodes in the 

network, based on which it decides the role that each 

node performs in the final scatternet. The computed 

roles are then communicated by the leader to all nodes. 

Designated masters are informed of the list of their 

designated slaves. The specific centralized performed 

locally by the leader aims at minimizing the number of 

piconets while generating a mesh like connected 

scatternet whose piconets have no more than 7 slaves 

and are interconnected via gateways of degree 2 .  

D.  MULTI- HOP SOLUTIONS 

Protocols for general multi-hop technologies rely on the 

assumptions that each node is aware of its neighbors 

and this knowledge is symmetric. This knowledge s 

provided by the device discovery phase, which is 

therefore performed before the actual piconet formation 

and interconnection phases. Among the solutions that 

apply to the more general case of multi-hop topology, 

one of the scatternet formation technique is Bluetrees 

protocol which requires that the protocol is initiated by 

a designated node (the blueroot) and generates a tree 

like scatternet.  

E. Dynamic Source Routing (DSR): 

The Dynamic Source Routing (DSR) protocol is a 

source-routed on-demand protocol. There are two major 

phases for the protocol: route discovery and route 

maintenance. The key difference between DSR and 

other protocols is the routing information is contained 

in the packet header. Since the routing information is 

contained in the packet header, the intermediate nodes 

do not need to maintain routing information. An 

intermediate node may wish to record the routing 

information in its tables to improve performance, but 

this is not mandatory. Another feature of DSR is that it 

supports asymmetric links as a route reply can be 

piggybacked onto a new route request packet. DSR is 

suited for small to medium sized networks as its packet 

overhead (not packet data overhead) can scale all the 

way down to zero when all nodes are relatively 

stationary. The packet data overhead will increase 

significantly for networks with larger hop diameters as 

more routing information will need to be contained in 

the packet headers. 

IV. WRITING DEVICE DRIVERS FOR 
LINUX 

A. DEVICES 
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A device can be just about any part of a computer, 

either directly built into the core of it or as an add-on 

peripheral such as SCSI controller, extra serial ports, a 

network adapter, and much more. Usually, you are 

concerned with the latter when writing new device 

drivers, such as adding support for the flashy new video 

adapter just bought [12]. 

Device drivers are the software that controls devices 

and export a usable interface that allows other programs 

to interact with a particular device. A device driver 

doesn’t necessarily control a physical hardware 

peripheral. An example of this is /dev/random (which 

spits out random data) and /dev/vcs (current virtual 

console).  

B. DEVICE CLASSES 

Device drivers can be split into different classes 

according to their behavior. The two basic types are 

character- and block-oriented devices. Character 

devices are read byte-by-byte sequentially, and access 

to them is not cached by the buffer system. Block 

devices, on the other hand, allow random access, are 

read in multiples of their block size, and are accessed 

through the buffer cache system. In contrast to other 

UNIX flavors, the Linux kernel does allow data that is 

not a multiple of the device block size to be read and so 

that difference is purely academic. 

Most device drivers are accessed through the file 

system; an exception is network devices that have no 

file entries on some other UNIX variants. /dev is 

populated with the device special files, and its content 

looks almost like any other directory: 

$ ls –l /dev 

Brw-rw----   1 root   disk 22,   1 May  5   1998 hdc1 

Crw-rw----   1 root  daemon      6,    0 May  5   1998 lp0 

C.  THE MSG MACRO 

It is an alternative way to print debugging statements 

that can prove quiet handy. Instead of sprinkling the 

code with ugly #ifdef statements, we put the definition 

of MSG  

Eg: 

#define DEBUG 

#define MSG(string,args…) printk (KERN_DEBUG 

“schar:” string, ##args) 

OPEN AND RELEASE 

The module is now loaded and sits idle on your system 

until someone opens the associated device. To release a 

function, does nothing more than decrementing the 

usage count by 1. 

D. IMPLEMENTATION OF DSR PROTOCOL 

ON LINUX PLATFORM 

A. Routing Protocol Requirements 

The function of the routing protocol is to provide multi-

hop capabilities. The routing protocol and its 

implementation must be fully compatible with existing 

TCP/IP networks. 

To achieve this compatibility, the routing protocol will 

need to operate in the Internet layer maintaining 

compatibility with the transport layer and the host-to-

network layer. Figure shows this structure with the 

Internet layer shaded in grey. This compatibility will 

allow existing applications, transport protocols and 

network interfaces to operate without modifications. 

B. Software Requirements 

The key design philosophy behind piconet is 

compatibility, and the software requirements will 

reflect that philosophy. Routing protocols are 

implemented as a part o the operating systems (OS) and 

often inside the kernel for increased performance. 

Therefore the software requirements will be in the 

context of the operating system. The following is a list 

of requirements for the operating system: 
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• Network enabled: This is an obvious and needed 

requirement. It means the OS must have support for 

networking devices and more specifically a TCP/IP 

implementation. 

C. Hardware Requirements 

The hardware requirements can be derived from the 

software specifications as their requirements are 

interdependent. These requirements are listed below: 

• Mobile and portable. 

• Support for wireless network interfaces. 

• Compatible with chosen operating system. 

• Widely available. 

The wireless network interface should be based on 

radio frequency (RF) technology as they do not require 

line-of-sight. Other wireless technologies like infrared, 

which require line-of-sight, are not well suited to ad hoc 

applications as communication depends on the 

orientation of the user and the device. 

D.  DSR Protocol Implementation Details 

This section describes the implementation details of the 

DSR protocol, the operating system specific detail will 

be described next, in section. The DSR protocol is 

based on the Internet-draft from the MANET(MOBILE 

AD HOC NETWORK) Working Group . 

E.  Route Discovery 

Route discovery is the process in which a source node 

discovers a route through the network to some arbitrary 

destination node. Every node has a route cache which 

contains recent routes to other nodes on the network. If 

a node needs to send information to some destination 

and a route is found in the route cache then the node 

will use that route. Otherwise the source node will 

initiate a route discovery process by sending a route 

request packet across the network. Every route request 

packet has a unique identification number. Nodes cache 

this identification number and discards subsequent 

route request packets with the same identification 

number. In the example shown in Figure, node D 

received the route request from node C first and it 

discarded the route request from node B. As the route 

request propagates through each node, each node adds 

its own address to the route request if it is not already 

present. This ensures loop-free routes. 

 
Fig. 2 Route discovery process  

CONCLUSION 

Scatternet formation algorithm for networks 

constructed of devices communicating using Bluetooth. 

Scatternet was designed to provide multi-hop 

capabilities to existing ad hoc networks. The system 

was able to create a dynamic, self-organizing, and self-

configuring network on the fly without the aid of any 

networking infrastructure. This paper has demonstrated 

that it is possible to create extensions to existing 

technologies transparently, maintaining full 

compatibility. The current design presents a useful 

platform for future extensions, and may take us closer 

to realizing the vision of pervasive computing, where 

technology blends seamlessly with everyday life. 
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Abstract– Recognition of handwritten Arabic words is a difficult 
task due to its nature being cursive and unconstrained. Arabic word 
recognition has become a new area for research due to its 
complexity in writing and similar appearance of characters. 
However, the selection of a feature extraction technique remains 
the most important step in achieving a high recognition accuracy 
and performance and thus leading to less redundant information. 
The purpose of this paper is to determine a novel feature extraction 
technique for recognition of handwritten Arabic word .The  main 
aim of this paper is to compare the effectiveness of the two 
commonly used feature extraction technique, namely, Zernike 
Moments and Discrete Cosine Transform. Moments provides a 
method for describing the properties of the image in terms of its 
area, position and orientation. The rotation invariant Zernike 
Moments are then extracted from the scale and translation 
normalized image and are better than other types of Moments in 
terms of information redundancy and image representation. 
Whereas, the DCT coefficients focus the energy of the image into a 
quite limited coefficients and thus will help to recover the original 
image and reduce redundancy using a limited coefficients. The 
proposed method will be tested on the standard Arabic Word 
Database - IFN/ENIT database which contains 32492 Arabic 
words. The features extracted from the two techniques will then be 
utilized to train the K-NN classifier for classification.The K-NN 
classifier will help us to determine which of the two feature 
extraction technique gives high recognition rate and is less time 
consuming. 
Index Terms—DCT, IFN/ENIT Database, K-NN, Zernike 
Moments. 
 

I. INTRODUCTION 

Optical Character recognition system are classified based on 
two major factor 1) the data acquisition process (Offline or 
Online) and further are classified using 2) the text type 
(printed or handwritten).OCR has become a great area of 
research due to its use in many applications such as mail 
sorting, bank cheques, business and scientific application.OCR 
has provide us with many advantages such as less time 
consuming for text processing and data entry. Handwritten 
word recognition has become a challenging task as each word 
is written in a different way by different people. Each person 
has its own writing style and thus recognizing the style of each 

person becomes difficult and even handwriting of a person 
may be different in different situations. 
In general there are five major steps performed in character 
recognition [7] as 

1) pre-processing; 

2) segmentation; 

3) representation; 

4) training and recognition; 

5) post processing 

Each stage has its own problem and effects on the overall 
system efficiency. Thus, many techniques has been developed 
and tested for each stage in order to get high accuracy. 
Handwritten character recognition has become a wide area of 
research for different script. Much research work has been 
done on Devanagiri, Latin and Chinese script.Recognition and 
classification of Arabic text and Arabic like languages such as 
Urdu, Persian, Jawi and Pishtu has become a complicated 
process due to its complexity in writing style and similar 
appearance of characters. 
Arabic is a language written by 250 million people [8].It is 
cursive, by nature, and is written from right to left. The Arabic 
alphabet consists of 28 letters, and each letter has two or four 
shapes depending on the position of letter in the text, which 
may be at start, middle or end of a word, or alone. There are 
22 cursive letters with four different shapes and 6 non-cursive 
letters with only two shapes corresponding start and middle. 
Arabic word makes use of diacritical marking to distinguish 
words and to control the pronunciation of the words. Arabic 
characters are connected using an imaginary line called 
baseline. Baseline detection is one of the important aspects in 
the preprocessing stage. In order to distinguish characters from 
each other, Arabic uses different sets of dots [8] [16]. 
Handwritten Arabic Word Recognition systems can be 
classified into segmentation based and segmentation free, 
based on whether the scripts need to be segmented into 
characters for classification. In the former approach, words or 
letters are extracted for recognition. On the other hand, 
segmentation free methods are known as global approach, 
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which takes the whole script image as input for the 
handwritten word recognition [13]. 
In this paper, we focus on offline handwritten word 
recognition, using the word level approach [11].The 
preprocessing stage will include baseline detection and word 
segmentation. After the word segmentation, we will extract 
three groups of features set including Hu moments, Zernike 
Moments and DCT coefficients.Each group of features will 
then respectively inputted  to the K-NN classifiers to test the 
effectiveness of each of the feature extraction technique. 
Testing of the feature extraction techniques will be done on a 
standard publicly available IFN/ENIT database. A comparison 
will be made between the two feature extraction technique 
based on which technique gives high recognition rate and is 
less time consuming. 
       The rest of this paper is structured as follows. Section II 
gives a brief survey of the existing Arabic word and character 
recognition systems. Section III gives a brief overview of the 
IFN/ENIT database. Section IV summarizes the structure of 
our proposed system and gives a brief discussion about 
various preprocessing steps and feature extraction methods 
that will be used in our system and finally concluding by 
defining the importance and usefulness of this system in 
Section V.  

II. LITERATURE SURVEY 

      There are several research work done for word and 
character recognition. They are two types of character 
recognition system: offline and online, and further classified 
as printed and handwritten. Each system has its own methods 
and algorithms. The main difference between the two systems 
is that in an offline system, the computer recognizes the text 
after the printing or writing is completed while in the online 
system, it recognizes the text as the user is entering 
it.Therefore, a little work on preprocessing needs to be done 
for online system and a large amount of preprocessing is 
required before the feature extraction, and recognition stage 
for offline system.Ibrahim and Mohamed [1] proposed a 
printed Arabic sub word recognition system using Central, Hu 
and Zernike moments for feature extraction process and the 
classification was done using the aspect ratio filtration with a 
recognition rate of 99.8%.Amin A. and Mansoor [16] 
proposed a technique for printed Arabic text using Neural 
Network with a recognition rate of 98%.I.EL-Feghi and 
Elmahjoub [2]presented the use of Hidden Markov Model to 
classify the Arabic words that have been represented by 
Zernike moments into a set of predefined classes. The system 
was able to classify about 88% of the words correctly. 

Maamar Kef and Leila Chergui [6] propose the use of 
different moments to extract the features from offline Arabic 
words. Different types of Moments have been applied to the 
IFN/ENIT database with a Neural Network classifier and the 
results will be compared. The results show that pseudo 
Zernike Moments yields the best recognition rate of 
89%.A.Lawgali and A.Bouridane [4] proposed a system for 
handwritten Arabic characters. In this paper, the authors have 
compared the effectiveness of DWT and DCT to capture the 
discriminative features of Arabic characters and classification 
is based on Artificial Neural Network. Thus, DCT form based 
feature extraction yields a superior recognition rate than DWT. 
J.H.Alkhateeb [3] proposed a system for recognition of Arabic 
Script in which features are extracted using the DCT 
Coefficient and these features are then utilized to train the 
Neural Network Classifier.IFN/ENIT database is used to train 
the classifier. ElAbed and Margner [17] has proposed different 
preprocessing and feature extraction technique. Skeleton 
direction and sliding window technique is used to extract 
features and these feature are then utilized to train the HMM 
classifier with a recognition rate of 89.1%. 

III. IFN/ENIT DATABASE 

       In our proposed system, we make use of a standard 
database, IFN/ENIT database. The IFN/ENIT database 
contains 32492 handwritten Tunisian town/village names 
containing 210000 characters [12].The IFN/ENIT database is 
considered the most common and standard database used for 
testing and validating the methods for Arabic word 
recognition system.Figure1 shows an example of the 
IFN/ENIT database, a town/village name written by 12 
different writers.IFN/ENIT database comes with image and 
ground truth information. 

Figure 1.Images from the IFN/ENIT database 

IV. PROPOSED WORK 
        The research goal in our proposed system is to determine 
an efficient handwritten word recognition system to deal with 
unconstrained Arabic handwriting words written by multiple 
writers. Much research work has been done and focused on 
each stage. Each stage has its own problems and solutions. 
The proposed system will perform the three steps as follows: 

1) Applying efficient pre-processing algorithms for 
estimating the baseline and segment the words. 
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2) Extract the features using two different techniques 
Moments and Discrete Cosine Transform which 
represent the whole hand written Arabic word image.  

3) Map the extracted features into K-NN classifiers to 
measure and compare the performance of the two 
feature extraction technique based on the recognition 
rate. 

The proposed structure is illustrated in Figure 2, with technical 
explanation being presented as follows: 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 2: Proposed System Structure 

A. Preprocessing 
       Preprocessing is an important stage in the OCR system; it 
has a direct effect on the reliability and efficiency of the 
feature extraction stage. After the images are scanned, some 
basic preprocessing task needs to be performed like 
binarization, noise removal, thinning, and slant normalization. 
Due to the fact that we use the cropped binary word images 
coming from the IFN/ENIT database, the fundamental 
processing task has already been done during the database 
development [12].The only thing we need to do for 
preprocessing is baseline detection and word segmentation. 
Normalization is also essential for removing the variations in 
the handwritten images between the different writers of the 
same text. Thus helps in robust recognition and makes feature 
extraction process consistently easy. 
   Baseline detection: There are various methods proposed 

for detection of baseline. In paper [9], authors have defined 
four techniques for detecting the baseline based on 
horizontal projection, word contour, word skeleton, and 
PCA. In our proposal, we make use of horizontal projection 

technique for baseline detection. This method works by 
reducing the 2D of datato 1D based on the pixels of the text 
image,and the longest peak which will implement in the 
straight line will be the Arabic text baseline [9].Figure 3 
shows the horizontal projection method for baseline 
detection. 

 

Figure 3: Horizontal Projection for Baseline Detection [9] 

   Word Segmentation: In our proposed system, we make use 
of segmentation free approach, in which the whole word is 
used for recognition. Each image in the database will be 
segmented into words using vertical projection. The vertical 
projection is defined as the sum of foreground pixels on 
lines perpendicular to the y-axis. 

   Reducing the distance between parts of words (POWs) 
[10]: Words in the database will have varying length; 
therefore after taking the vertical histogram, the line will be 
classified into words and sub-words depending on the 
distances between groups of peaks along the x axis and also 
find places where there are no pixels. In this concept, the 
width (d) of each place is calculated, and if the width is 
greater than a predetermined threshold (8 pixels), then (d -
threshold) will be removed from this place to guarantee 
fixed separation between POWs as shown in figure 4.In our 
proposed system, we will make use of this concept, as it 
enhances the performance of the system and helps in 
increasing the recognition rate. 

 

 
Figure 4 (a) original word (b) word after removing   spaces [10] 

   Normalization: Each person has its own writing style and 
therefore there are variations in the handwritten word image. 
So in order to remove this variation, normalization becomes 
an essential step for robust recognition. There are many 
algorithms proposed for this purpose. In our proposed 
system, we make use of the skeletonization technique 
defined in [17].Skeletonization is performed based on the 
contour representation technique. 

B. Feature Extraction  
     Feature extraction is defined as a set of features which 
represents the whole image word. The main aim of feature 

Word Image 
Preprocessing: Baseline 

Detection, Word Segmentation, 
Normalization 

DCT 

Feature Extraction 

Zernike 
Moment 

K - NN Classifier 

Word Class 
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extraction technique is to extract the set of features, which 
leads to high recognition rate with less redundant 
information.Feature extraction technique is efficient if it 
posses two quality, Invariance and reconstruction.The features 
set formed are then mapped into the classifier in order to 
classify the input words. Moments and DCT are the two 
efficient technique used for extracting the feature set. As per 
the literature survey, the promising results are achieved using 
Zernike Moments and DCT. Therefore, in our proposed 
system, we compare the effectiveness of these feature 
extraction technique. 
Moments: 
     In our proposed system, we make use of moments for 
feature extraction which act as a global descriptor.Moments 
provides a method of describing the properties of an object in 
terms of its area, position, and orientation parameters. 
 Central Moments: Central Moments are the first tested 

moments which are invariant to scale and translation. 
Translation invariant can be achieved simply by seemingly 
shifting the object such that its centroid coincides with the 
origin of the coordinate system or, vice versa, by shifting 
the polynomial basis into the object centroid. The two 
dimensional central moments 휇 of order p and q for a 
(N×M) discrete image, f(x,y), is 

휇 	 	∑ ∑ (푥 − 푥′) . (푦 − 푦′) 	. 푓(푥,푦)               (1) 
 Hu Moments: The Hu moments are invariant under general 

linear transformation. Invariants to translation and scaling 
are trivial – central and normalized moments themselves can 
play this role. In 1962, M.K.Hu [18] published seven 
rotation invariants.Hu moment invariants will be computed 
from the word image using the following six orthogonal 
invariant and one skew orthogonal invariant. This skew 
invariant is useful in distinguishing mirror images [18].Hu 
moments are computed from central moments through order 
three, 

휙 	= (휂 	+ 	 휂 )                 (2) 
 
휙 	= (휂 	+ 	 휂 ) + 4휂 																																								(3) 
휙 	= (휂 	+ 	 휂 ) + 	(3휂 	+ 	 휂 )                  (4) 
휙 	= (휂 	+ 	 휂 ) + 	(휂 	+ 	 휂 ) 																						(5) 
 
휙 	= (휂 	+ 	3휂 )(휂 	+ 	 휂 )[(휂 	+ 	휂 ) −
													3(휂 	+ 	 휂 ) ] + 	(	3휂 	+ 	휂 )(휂 	+
															휂 )[3(휂 	+ 	 휂 ) − (휂 	+ 	 휂 ) ]     (6) 
휙 	= (휂 	+ 	 휂 )[(휂 	+ 	 휂 ) − (휂 	+
	휂 ) ] + 	4 				(휂 	+ 	3휂 )(휂 	+
	휂 )													(7) 

															휙 	= (3휂 − 휂 )(휂 	+ 	 휂 )[(휂 	+ 	 휂 ) −
	3(휂 	+ 	 휂 ) ]− (휂 	+ 	3휂 )(휂 	+
	휂 )[3	(휂 	+ 	 휂 ) − (휂 	+ 	 휂 ) ]                 (8) 

By using the normalized central moments, Hu moments can 
be made scale invariant. The 휙s have large dynamic values. 
Thus, it was found that instead of computing the moment 
invariant directly for each word image, the logarithm of the 
absolute value of each moment invariant is computed [6]. 
The logarithm function is used to reduce the dynamic range 
while absolute values are used to avoid complex numbers. 

 
 Zernike Moments: Zernike moments used in this research 

are a class of orthogonal moments and were first proposed 
in 1934 by Zernike. The reason for selecting them from 
among the other orthogonal moments is that they possess a 
useful rotation invariance property. Rotating the image does 
not change the magnitudes of its Zernike moments. Hence, 
they could be used as rotation invariant features for image 
representation. These features could easily be constructed to 
an arbitrary high order. Another main property of Zernike 
moments is the ease of image reconstruction from them [2]. 
The orthogonality property enables one to separate out the 
individual contribution of each order moment (its 
information content) to the reconstruction process. Simple 
addition of these individual contributions generates the 
reconstructed image. Taking advantage of this 
characteristic, a method for selection of the required number 
of features (maximum order of moments) is developed. This 
technique evaluates the image representation ability of 
features of each order moments through comparison of the 
reconstructed image by them with the original one. The 
maximum order required is the one for which the 
reconstructed image is close to the original one. The defined 
features on the Zernike moments are only rotation invariant. 
To obtain scale and translation invariance, the image is first 
subjected to a normalization process using its regular 
moments[1]. The rotation invariant Zernike features are then 
extracted from the scale and translation normalized image. 
Higher order moments are more sensitive to noise. Zernike 
moments are better than other types of moments in terms of 
information redundancy and image representation.  
 Zernike introduced a set of complex polynomials which 
form a complete orthogonal set over the interior of the unit 
circle, i.e., x2 + y2 = 1.The order of the Zernike is 
determined by the value of n in the following equation[24]: 

					푉 (푥, 푦) = 푉 (휌, 휃) = 푅 (휌)푒                             (9)           
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Where, j=√−1,	n≥ 0,m is apositive integer or zero,|m|≤ n, 
n-|m| is even,ρ is shortest distance from the origin to (x,y) 
pixel, θ is the angle between vector ρ and x axis in counter 
clockwise direction. 
푅 (ρ), is the orthogonal radial polynomial defined as, 

 
				푅 (휌) = ∑ (−1)| |/ . ( )!

! | | ! | | !
휌                (10) 

 
			푅 (휌) = 푅 	(휌) 
Zernike moments are the projection of the image intensity 
function f (x, y) onto the complex conjugate of the 
previously defined Zernike polynomial Vnm (ρ,θ), which is 
defined only over the unit circle: 

							퐴 ∫ ∫ 푓(푥, 푦)푉∗ (휌,휃)푑푥푑푦                 (11)     
 

 For a digital image, Zernike Moments are given by: 
								퐴 = ∑ ∑ 푓(푥,푦)푉∗ (휌,휃), 푥 + 푦 ≤ 1               (12) 

 Discrete Cosine Transform (DCT): DCT is a technique to 
convert data of the image into its elementary frequency 
components. DCT clusters high value coefficients in the 
upper left corner and low value coefficients in the bottom 
right of the array (m, n). DCT coefficients f (u, v)of f (m, n) 
is computed by [3]: 

			푓(푢, 푣) =∝ (푢) ∝ (푣)∑ ∑ 푓(푚,푛)	 cos ( ) cos ( )    
 

DCT coefficients can help to reduce redundancy and focus 
the energy of the image in a very limited frequency range, 
these DCT features of DCT coefficients will be used in our 
system and extracted through a two dimensional DCT.DCT 
will be applied to a full normalized word image, the features 
are extracted in a vector sequence by using the DCT 
coefficient set in the zigzag order [3]. It helps to reduce 
redundancy as quite limited coefficients are sufficient to 
recover the original image. As a result, the number of DCT 
coefficients used to train the classifier is dramatically 
decreased.  

     In our proposed system, the features will be extracted by 
using Zernike Moments and DCT. The main aim of this 
proposal is to create new methods and to determine the 
efficient feature extraction technique for handwritten Arabic 
word.The feature extraction method is the most important 
factor in recognition systems contributing to achieve a high 
recognition rate and improving the performance. 

C. Classification 
     K-Nearest Neighbor is a fast supervised machine learning 
algorithms which helps in classifying the unlabeled testing set 

with a labeled training set. The performance of this algorithm 
greatly depends on two factors, that is, a suitable similarity 
function and an appropriate value for parameter k [5]. It 
classifies an instance by finding its nearest neighbors and 
picking the most popular class among the neighbors. A 
distance measure is used to determine the closeness of the 
instance. Two types of distance measure will be used in our 
system, namely Euclidean distance and City block distance. A 
query word image will be classified using both the distance 
measure and the performance improvement will be measured. 
The K-NN algorithm finds the minimum distance from the 
training set samples. In K-NN, choosing a proper value of k is 
very important for efficient performance. Since, if value of k 
is too large, then the nearest neighbor classifier may 
misclassify the test instance. On the other hand, if k value is 
too small, then the classifier may be susceptible to noise in the 
training set. In our proposed system, the classification will be 
done using K-NN so that it provides us with promising output. 

V. CONCLUSION 

     The performance of any recognition system depends 
heavily on the nature of the data to which it is applied. There 
are several applications that can benefit from automatic 
recognition systems for handwritten Arabic words such as: 
reading bank cheques, mail sorting, automatic processing of 
application forms, and automatic processing of purchase 
orders, and automatic processing of insurance claims.   
     In our proposed system, a comparison will be done 
between two efficient feature extraction technique based on 
the recognition rate and the time taken by each of the 
technique to classify a query word image into its appropriate 
word class. 
     Considering the K-NN classifier, it require large amount of 
memory and is slow in classification. However, the simplicity 
of the k-NN algorithm and its fast training characteristics 
makes it an attractive candidate for recognition and 
classification tasks. In order to recognize an unknown word, 
the K-NN depends on comparing the testing word features 
with the training word features. Improving the recognition rate 
and accuracy with less error rate as compared with other 
system is the main goal of our system. 
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A Soft Computing Approach for Reactive Power Management in a 
Wind-Diesel-PV Hybrid System  

 
 

 

Abstract- This paper proposes the use of Fuzzy Logic 

based PI Controller to compensate the Reactive 

power generated in an Isolated Wind Diesel PV 

hybrid system. Detailed Study of the system is taken 

under different loading conditions for which a small 

signal analysis is done. The linearised small signal 

model of the isolated wind diesel PV system with 

STATCOM is taken with IEEE Excitation system. 

Due to the abrupt load changes and sporadic nature 

of wind, reactive power and voltage stability problem 

occur. A self tunned Fuzzy PI controller is designed to 

tune the parameters of PI Controller Kp and Ki. 

Simulation result shows that the proposed controller 

attains steady state value with less time. 

 

Keywords-Transient Stability, Self Tuned Fuzzy 

Logic PI Controller, Wind- Diesel- PV Hybrid power 

system, STATCOM 

 

I. INTRODUCTION 

The demand of Alternating Energy has risen in recent 

times, due to the shortage of Conventional energy 

sources. This is because of the increase in demand of 

electricity and a wide gap between the demand and 

supply of electrical power. Fuel price is increasing at a 

alarming rate due to the depletion of fossil fuel.Power 

Engineers are concentrating on renewable energy 

sources, because it is environment friendly and less 

pollutive.Many places in the world are devoid of 

electricity because of their remote location and non 

availability of conventional energy sources. Renewable 

energies are the only energies which can be made 

available at remote places and can be provided to the 

remote world. 

 

Renewable energies like wind, solar fuel cell are 

plentily available in the nature but the main problem in 

use of renewable energy is that these are intermittent in 

nature .Therefore Researchers have gone for combining 

one or more renewable energy sources to make a hybrid 

system so that any shortage due to one source can be 

compensated by the other .                                                  

Hybrid systems are integrated systems which are 

combination of one or more renewable sources .In many 

places these renewable sources not only act separately 

but also combine with the conventional sources to meet 

the power shortage and are called Autonomous hybrid 

power system[1]-[2]. Wind Diesel system is the most 

commonly used hybrid system in which a wind turbine 

combines with a diesel generator to provide power in 

remote places. Normally a Synchronous generator is used 

as Diesel Generator and Induction Generator is used in 

Wind Turbine for an improved performance [3]-

[5].Though Induction generators are advantageous in 

comparison to Synchronous generator due to its rugged 

characteristics , they need reactive power for their 

operation. In a hybrid power system having both 

synchronous generator and Induction generator, the 

Induction generator needs the reactive power and it is 

provided by the Synchrous generator. But the reactive 
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power supplied by the synchronous generator is not 

sufficient and therefore a big gap is created between the 

demand and supply of reactive power. Because of these 

gap problems like voltage fluctuation and instability 

occur in the hybrid power system.  

In the literature survey  [6]-[15] authors have 

emphasized the use of capacitor banks to improve 

voltage stability and to compensate the reactive power in 

the system.[6]-[8].But due to the uncertain nature of wind 

and wide variation of load the fixed capacitors fail to 

deliver the required reactive power to the system. [7]. To 

meet the challenge of  these power quality issues like 

voltage instability and reactive power compensation 

researchers have advocated the use of  FACTS(Flexible 

AC Transmission System) devices which are commonly 

used for reactive power compensation..Devices like SVC, 

STATCOM and other FACTS devices are quite popular 

in controlling and compensating reactive power. [9]-[11].  

STATCOM [12]–[16] is one of the important member 

of FACTS devices which is used like SVC to compensate 

the reactive power of the power system. This device is 

used for voltage and angle stability studies of power 

system. Reactive power management inside the hybrid 

system is an important aspect of power system and   

during the absence of reactive power , the system goes 

through a wide voltage variations and unnecessary 

fluctuations. Many papers have projected STATCOM as 

a reactive power compensating device with PI 

controllers. This work proposes a fuzzified STATCOM 

Controller for reactive power control in a wind diesel 

hybrid system. The proposed controller tunes the gains of 

the PI Controller to enhance the transient stability and 

reactive power compensating capability of the system. 

 Here in this paper a SIMULINK based Fuzzified 

wind diesel model is taken to analyze the transient 

stability and reactive power compensation issue with the 

application of STATCOM for 2% change in load 

disturbance.Section no II completely describes the 

system and the detailed mathematical modeling of it. The 

detailed work of self tuned fuzzy logic for tuning the 

gains of PI controller is mentioned in Section III.  The 

model simulation output results with description are 

represented in section IV. The conclusion part is clearly 

represented in Section V. 

II. SYSTEM CONFIGURAION AND ITS 

MATHEMATICAL MODELLING 

   This hybrid system consists of one Induction generator 

(IG), a Synchronous generator (SG), electrical loads and 

Reactive power control in the form of STATCOM 

supported by its control strategy. The block diagram is 

clearly depicted in Fig. 1.In a system like this the active 

power is supplied by the Induction and Synchronous 

generator. But the reactive power need of the Induction 

generator and the Load is met by the STATCOM. 

Generally STATCOMs are better in their performance in 

comparison to SVC as far as Reactive power 

compensation and Voltage stability are concerned. The 

hybrid system parameters are mentioned in Table3. 

 
 

 
Fig.1.Wind-diesel hybrid Power system with STATCOM 
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Fig.2. Transfer Function Model of Hybrid System 

 

The balanced equation of Reactive power of (SG, 

STATCOM, IG, and LOAD) is expressed as [13]  

The reactive power balance equation of the system is 

PV SG COM L IGΔQ +ΔQ +ΔQ =ΔQ +ΔQ   (1) 

Due to abrupt change in reactive power load ∆QL , the 

system terminal voltage varies which affects the reactive 

power of other members of the system. The final reactive 

balance equation of the said system is equal to 

PV SG COM L IGΔQ +ΔQ +ΔQ -ΔQ -ΔQ and this value will 

deviate the system output voltage. The System Model 

Equation is governed by the transfer function equation 

given below [14] 

  

PV SG COM L IG m V
dΔQ +ΔQ +ΔQ -ΔQ +ΔQ = (ΔE )+D ΔV
dt          (2) 

 V
SG COM PV L IG

V

K
ΔV(S)= ΔQ (S)+ΔQ (S)+ΔQ (S)-ΔQ (S)-ΔQ (S)

1+ST
  (3) 

Where TV= 2Hr/ DV V0  and KV= 1/DV       

The synchronous generator equation is given by : 
' 2
q

S G '

(E V c o sδ -V )
Q =

X d
 (Transient condition)            (4) 

For small change the same equation is written as  

SG ' '

V cosδΔQ =
X dΔE q

+ 
'

E 'qcosδ-2V
X dΔ V

                           (5) 

Taking the Laplace Equation    we get the relation 

ΔQSG(s) = Ka ΔE'q(s) + KbΔV(s)                                  (6) 

Where Ka and Kb are 

Ka= Vcosδ /X'd 

Kb=(E'qcosδ -2V)/X'd 

For a Round Rotor Synchronous Motor the Flux 
Linkage Equation 
d/dt (ΔEq’ )=(ΔEfd -ΔEq)/T'do                                    (7)  

'
'd d d

q ' '
d

X X - XE = ( ) E q -
X X d V c o s δ

 
 
 

                            (8) 

For Small incremental change Laplace Transform is 
written as  
  '

G e fd f1+S T Δ E q(s)=K Δ E (s)+K Δ V (s)            (9) 
'
d do

G
d

X TT =
X

'
d

e
d

XK =
X

'
d d

f
d

(X -X )co sδK =
X

  

The reactive power requirement of the Induction 

generator varies with the input wind speed or wind 

energy. This SIMULINK model taking the reactive 

power compensator STATCOM is presented here. For 

this STATCOM compensator gain regulator KR is used 

for control mechanism [14]. In case of SVC the small 

change in reactive power [15] ] is based on  ΔV and 

ΔBSVC  and in STATCOM the reactive power change 

depends on Δv and Δα.  

ΔQSVC(S)=KiΔV(S)+KjΔBSVC(S)                                (10) 
 

refV
M A XI

M INI

1

D 2

K(1+ST)
K +ST

AC

AC

M

M

K
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- 
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I
P

KK +
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Fig 3- STATCOM with PWM Voltage control 
 
STATCOM has the capability to generate and absorb 

reactive power whenever necessary by controlling the 

Inverter voltage.The steady state equation of Reactive 

power provided by STATCOM is given by 
2

dc dcQ+V B-KV VBcos(δ-α)+KV VGsin(δ-α)=0  

Taking incremental change it can be found out 

STATCOM dc dcΔQ =KV VBsinα-KV Bcosα  

The angle δ value is neglected 

STATCOM k LΔQ (S)=K Δα(S)+K ΔV(S)                 (11)     

K dcK =KV VBsinα                                                    (12)  

 L dcK =KV Bcosα                                                     (13)                                       

III.   FUZZY LOGIC CONTROLLER (FLC) 

Fuzzy control is a control mechanism based on Fuzzy 

Logic. Fuzzy Logic can be defined as a logic that are 

based on If-Then rules.A Fuzzy control uses rules that 

are used in operator controlled plants.A Fuzzy controller 

can  work in  three stages that are fuzzification, rule 

based and defuzzification. 

 

Fuzzification is defined as the conversion of Crisp values 

to Fuzzified values. These are expressed by linguistic 

expressions and consists of membership functions like 

triangular, trapezoidal and rectangular etc.. 

 

Rule Base or Inference-This consists of all fuzzy IF-

THEN rules in relation to the fuzzy sets. 

 

Defuzzification- The last stage of Fuzzy controller is 

defuzzification where the fuzzy sets are again defuzzified 

and converted in to crisp sets. There are several methods 

for defuzzification which includes Centre of gravity, 

Centroid method, bisector of area etc. 

 

3.1 Self-Tuning Fuzzy PI Controller  

The proposed Auto tuned Fuzzy logic PI controller is 

designed based on the concept of PI controller. 

U(s) = KpE(s) + Ki ∫ E (s)                                (14) 

Fig. 3.Fuzzy PI controller Block 
 
E*Kp + Ki* ∫ E = U                   (15)  

The system performance can be improved by 

Changing the value of parameters Kp and Ki of the PI 

controller. The PI parameters (Kp and Ki) are slowly 

changed using fuzzy inference engine. This provides a 

mapping which is not linear with having inputs as error 

and change in error and ouputs Kp and Ki. Fig 3 shows 

the block having Fuzzy PIController.  

 

µPi = min (µ(E), µ(∆E)) 

µIi = min (µ(E), µ(∆E))   

 

   Two input variables, error  and change in error and 

two output variables Kp and Ki of  the  PI  controller  

with  seven  linguistic  variables  of  Triangular  

membership  function  is  used  for  the proposed self 

tuning Fuzzy logic PI controller. The input membership 

functions are error(E) and change in error    ( ∆E) and 

output membership functions are Kp and Ki. 
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Table 1 Fuzzy rule for Kp/Ki 
 

E/
∆E 

NL NM NS Z PS PM PL 

NL VL/
Z 

VL/
Z 

VB
/VS 

VB/
VS 

MB
/MS 

M/
M 

M/
M 

N
M 

VL/
Z 

VL/
Z 

VB
/VS 

MB
/MS 

MB
MS 

M/
M 

M
S/
M 

NS VB/
Z 

VB/
VS 
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MS 

MB
/MS 

M/
M 

M/
MB 

M
S/ 
M
B 

Z VB/
VS 

VB/
VS 
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/M
S 

M/
M 
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MB 

VS/
VB 

VS
/V
B 

PS MB/
VS 

MB
/MS 

M/
M 

MS/
MB 

MS/
MB 

VS
VB 

VS
/V
L 

P
M 

VB/
M 

MB
/M 

M/
MB 

MS/
MB 

VS/
VB 

VS/
VL 

Z/ 
V
L 

PL M/
M 

MS/
M 

VS/
MB 

VS/
VB 

VS/
VB 

Z/V
L 

Z/ 
V
L 

 

IV. SIMULATION RESULTS 

The complete Simulation was carried away taking the 

Fuzzy Logic PI Controller in the wind diesel hybrid 

power system in MATLAB/Simulink environment. 

Application of STFLPI controller for reactive power and 

voltage control of the isolated hybrid system was taken 

with a step load change of 2%.  The variation of all the 

system parameters such as small variation in reactive 

power of Synchronous generator
S GΔ Q ,Induction 

generator( IGΔQ ),ReactivePower Change of STATCOM  

STATCOM(ΔQ )  , Variation in firing angle( ΔQ ),Variation 

in terminal voltage ( ΔV ) ,Variation in field 

excitation( ΔE fd ) , Variation in armature voltage( Δ E q
) 

, and change of armature voltage under transient( 'ΔE
q

), 

etc., as shown in Fig. 3, are studied for the above 

mentioned disturbance using  traditional PI Controller 

and the advanced  Fuzzy PI Controller.  

 In the study, it is observed that the controllers 

provides better performance with the increase of size of 

synchronous generator in comparison to the size of 

Induction generator to achieve good control of terminal 

voltage. Also the firing angle change of TCR in 

STACOM improves with the decrease in the value wind 

power output. But they settle at different points. The 

settling time and peak overshoot in the case of STFLPI 

controller is observed to be less as comparison to 

traditional PI Controller. The (FLC) shows better result 

by increasing the diesel power generation. Simulation 

results clearly show the output of Fuzzy PI Controller is 

better than the traditional PI Controller. 

. Fig 3Output of Wind- Diesel-PV hybrid system using 
STATCOM for 2 % load change during transient 
condition 

       (a)  Change in reactive power of Diesel Generator  
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    (b) Change in Internal armature voltages under 
transient conditions (ΔEq’).  
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         (c) Change in Internal armature voltages under 
steady state condition (ΔEq). 
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             (d)  Change in Field excitation (ΔEfd) 
 

0 50 100 150
-0.1

-0.08

-0.06

-0.04

-0.02

0

0.02

0.04

Time (sec)

De
l ef

d

 

 
PI
Fuzzy-PI

  
 
           (e) Change in reactive power of Induction Gen 
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  (f)    Change in Reactive Power of STATCOM        
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 (g)Change in terminal voltage of Wind Diesel Syst 
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(h)Thyristor (Δα) change in angle of firing of Thyristor                  
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V. CONCLUSIONS 

    Here in this paper the transient stability analysis has 

been done in the hybrid system of wind diesel PV with 

the incorporation of Fuzzy controller Reactive Power 

compensation of the model has been done and after 

comparing the performances of the proposed paper  it can 

be said that the compensation in case of Fuzzified system 

is better than the conventional system having simple PI 

system.The proposed Fuzzified system shows better 

results in  settling time  and  overshoot . The Fuzzified 

Controller shows effective improvement and changes in 

the output by tunning the values of Kp and Ki  than the  

conventional PI controller. The Fuzzified system with 

STATCOM seems  Robust and effective in its approach. 

 

NOMENCLATURE 

IGP  = Real power generated (Wind Turbine) 

SGP  = Real power generated (Diesel System) 

LP  = Real power (load demand) 

S GQ = Reactive Power generated by Diesel 

QPV =Reactive power delivered by PV 

S GQ =Change in reactive power generated by Diesel 

generator  

C O MQ  = Reactive power Generated by Compensator 

 
C O MQ =Change in reactive power generated by 

Compensator      

LQ = Reactive power generated by Load 

 
LQ =Change in reactive power generated by load. 

 
I GQ  = Reactive power generated by Induction 

Generator 

 
I GQ =Change in reactive power generated by 

induction generator. 
'
qE =Change in Internal Armature Emf in proportion 

with change in direct axis field flux in transient case. 
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 = Change in the phase angle at STATCOM output 

∆V = Change in voltage at load. 

 

Appendix 
Table 2- Parameters of wind-diesel hybrid system 
 

System Parameter Wind Diesel 
System 

               Wind Capacity  (Kilowatt) 
Diesel Capacity 
Load Capacity  
PV Capacity 

150 
150 
250 
 

Base Power in KVA 250 
SYNCHRONOUS GENERATOR  
PSG,      KW 0.4 
QSG      KW 0.2 
Eq( pu) 1.113 
Eq’(pu) 0.96 
V(pu) 1.0 
Xd,(pu) 1.0 
T’do,s 5 
INDUCTION GENERATOR 
PIG,pu in Kilowatts 
QIG,pu in KVAR 
PIN,pu in  Kilowatts 
r1=r2(pu) 
X1=X2(pu) 

0.6 
 
0.189 
0.75 
0.19 
0.56 

LOAD 
PL(pu) in KW 
QL(pu) in KVAR 
α  in Radian 

1.0 
 
0.75 
2.44 

SVC -III 
Tα (S) 
Td,s 
STATCOM 

αT (S)  

dT (s )  

0.005 
 
0.0016 
 
0.2-0.3 
1.67 
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