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Abstract—Automatic detection of defects from Diabetic 
Patient Retinal Fundus Images can help to detect and observe 

Diabetic Retinopathy which is further leads to Diabetic 
Retinopathy complications. Mathematically strong system is 

required to calculate accurately DR features like localization 

micro aneurysms, hemorrhages, exudate and optic disk in a 
retinal image is presented in this project. Since these features has 

different intensity properties, geometric features and correlations 
are used to distinguish between them. We propose method for 

optic disk detection, where we first detect the major blood vessels 

and use the intersection of these to find the approximate location 
of the optic disk. This is further localized using color properties. 

We also show that many of the features such as the blood vessels, 
exudate and micro aneurysms and hemorrhages can be detected 

quite accurately using different morphological operations applied 
appropriately. Algorithms are used to effectively calculate and 

identify features from fundus image database with varied 

contrast, illumination and disease stages the success in finding  
the defects in DR affected patient iris fundus image. These 

compare very favorably with existing systems and promise real 
deployment of these systems. 

 
Keywords—fundus image; ANN; Micro aneurysms; Exudates; 

Hemorrhages; Glaucoma; 

 
I. INTRODUCTION 

Diabetic retinopathy is impairments in the human iris. It is 

the one of the main reason of legal blindness in the working 
age group of developed and developing states. So this is 

widely observed eye disease in the world now a day where as 
doctors or Ophthalmologist compare to human population are 
very least in number so automatic detection system of required 
to diagnose diabetic retinopathy which help doctor in the 

treatment of the DR patient. Majority of this blindness can be 
prevented with proper eye examination and treatment by 
ophthalmologists who rely on the results of randomized 

clinical trials to guide their treatment of patients with diabetes. 
Early treatment requires sets of retinal images to be captured 
from different fields of an eye because ophthalmologists rely 

on multiple retinal images for disease diagnosis and evaluation 
and these images need to cover a required area of the retina. 
Each set of fundus photographs should be assessed for quality 

before the patient leaves the imaging center where image 
quality assessment required for clarity & focus, field 
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definition, and stereo effect of the fundus image is important 
to view the defects present Diabetic Retinopathy. 

 

A. B. 

Fig. 1 Vision Affected by Diabetic Retinopathy. A. Normal 
Vision and B. Same Scene viewed by a Person with Diabetic 
Retinopathy 

 
Diabetic retinopathy is commonly observed in patients who 

have diagnosed diabetic. DR has features of both micro 
vascular occlusion and leakage. The consequence of retinal 
capillary non perfusion is retinal hypoxia which in turn causes 
blindness. Furthermore many respectable researches in 

psychology have said that a person can always put a smile on 
his or her face but eyes usually reveal his or her true feelings. 
Characteristics of the retinal blood vessels play an important 

role in a variety of medical diagnoses. Measurements of the 
disease are needed to calculate vessel width, color, reflectivity, 
abnormal branching, and the occurrence of vessels of a certain 

width. Eyes are the only place where any person can directly 
see inside human eye with non invasive method. In real time 
without any invasive medical techniques a retinas blood 

vessels which are significant indicators to not only eye related 
diseases but also various other diseases. Advanced retinal 
imaging analysis approaches need to be developed and 

implemented according to the need of the patient’s and 
medical practitioner. Diabetic retinopathy is a complication 
commonly observed in Diabetic Retinopathy patients. Vision 
of a person easily get affected due to defects arises in front of 

the macular region. Vision of healthy and diabetic retinopathy 
person is shown in Figure 1. The disease increases due to 
abnormalities blood vessels inside the retina. 

The retina is an area lying at the back of the eyeball and 
other parts of human eye specify in given figure 1.2. In 
accordance with the earliest stage of the disease has the tiny 
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blood vessels or capillaries which become thinner, weaker and 
eventually they leak blood known as micro aneurysms. In 
figure 3 (b) a patient’s sights at this stage is still good but an 
ophthalmologist can detect and notice the abnormalities in the 
retina. As the disease progresses some blood vessels are 
blocked. These trigger the retina to grow new blood vessels 
those are abnormal, fragile, and easily bleed as shown in 
figure 3 (c). In the later stage of the disease new blood vessels 
are grown continuously as well as scar tissue as shown in 
figure 3 (d). Ultimately retina will be detached from an eye. 

B. 

 
Fig. 2 Human Eye 

 
National Eye Institute recommends everyone with diabetes 

to have comprehensive eye exam at least once a year because 

diabetic retinopathy has no early warning symptoms or signs. 

Failure to undergo universally recommended annual eye 

examinations is the primary cause of this continued loss of 

sight. If early diagnosis is done and proper treatment given to 
patient then the majority of the severe vision loss cases due to 

diabetic retinopathy can be prevented. Ophthalmologists 

primarily rely on the results of randomized clinical studies to 

guide their treatment of patients with diabetes. Retinal 

photography is important document in the diagnosis of various 

eye diseases in clinics. Color retinal images are widely used to 

mass screen systemic diseases such as diabetic retinopathy. 

Early detection and treatment of these diseases are crucial to 

avoid preventable vision loss. Early detection of the disease 

via regular screening is particularly important to prevent  

vision loss. In this process an automated DR diagnostic system 

can assist in a big way since a large population has to be 
screened and that too repeatedly. Color fundus  images  are 

used by ophthalmologists to study eye diseases like diabetic 

retinopathy. Early detection can enable timely treatment 

minimizing further deterioration. Clinical signs observable by 

digital film based fundus photography include 

microaneurysms, dot and blot hemorrhages, exudates and intra 

retinal micro vascular abnormalities. Following are the types  

of diabetic retinopathy, classified as per the severity of the 

disease. DR eye features calculation and identification is 

possible by using manual or automated method. 

 
A. Mild non proliferative retinopathy: This is earliest stage of 
diabetic retinopathy where micro aneurysms occur in eye. 
They are small areas of balloon like swelling in the retina's  
tiny blood vessels. 

Moderate non proliferative retinopathy: As the disease 
progresses some blood vessels that nourish the retina are 
blocked and swell. 

 
C. Severe non proliferative retinopathy: Many more blood 
vessels are blocked, depriving several areas of the retina with 
their blood supply. These areas of the retina send signals to  
the body to grow new blood vessels for nourishment.  
Exudates and hemorrhages are observed due to leaking of 
blood vessels in eye initially. 

 
A. B. 

 
C. D. 

Fig.3 Different Stages of Diabetic Retinopathy A. an example 
of normal retinal image B. a retinal image with micro 
aneurysms C. proliferated diabetic retinopathy with fragile 
newly grown blood vessels and D. a retina image with some 
types of scar tissues. 

 

Fig. 4 Defects observed in DR Fundus Image 

 
d) Proliferative retinopathy: This is advanced stage of 
retinopathy where signals are sent by the retina for 
nourishment trigger the growth of new blood vessels. This 
condition is called proliferative retinopathy. These new blood 
vessels are abnormal and fragile and grow along with  the 
retina and the surface of the clear, vitreous gel that fills the 
inside of the eye. 

Fundus image of DR patient given in figure 4 and labeled 
various feature components or defects which observed in 
diabetic retinopathy. Micro aneurysms are small blood clots 
caused by local distension of capillary walls and appear as 
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small red dots. This may also lead to big blood clots called 
hemorrhages. Hard exudates are yellow lipid deposits which 

appear as bright yellow lesions. The bright circular region 
from where the blood vessels emanate is called the optic disk. 
The fovea defines the center of the retina and is the region of 

highest visual acuity. The spatial distribution of exudates and 
micro aneurysms and hemorrhages especially in relation to the 
fovea can be used to determine the severity of diabetic 

retinopathy. The early treatment diabetic retinopathy study 
implemented standardized retinal imaging, classification and 
severity staging for diabetic retinopathy as well as proving the 

therapeutic of laser photocoagulation surgery in preventing 
vision loss. This multicenter randomized clinical trial designed 
to evaluate treatment of patients with non proliferative or early 

proliferative diabetic retinopathy. The study demonstrated a 
statistically significant reduction in severe visual loss for those 
eyes with early treatment. The fundus image required to 
diagnose DR uses topcons nw series camera which is shown in 

figure 5 used to capture image for further processing to  
analyze features to diagnose and treatment of the DR patient. 

 

Fig. 5 Fundal Photography Equipment (Topcon NW Series) 

II. NECESSITY 

Diabetic retinopathy is one of the most serious 
complications of diabetes and a major cause of visual 
morbidity. It is a progressive disease classified according to 
the presence of various clinical abnormalities. DR is the most 
common cause of blindness in people aged 30 to 69 years. 
Manual methods of diagnosis may waste of time, cost and 
vision of patients. Some manual errors may occur while 
diagnosis process is going on. Retinal image classification has 
been done by various methods. Thomas Walter et. al used 
morphological reconstruction techniques for detection of the 
exudates known lipids of proteins which come out from 
damaged capillary vessels which is used to early stages of the 
Diabetic Retinopathy [1]. Joes Staal et. al performed vessel 
segmentation using kNN classifier and sequential forward 
feature selection on fundus Image which is required to extract 

features of DR to evaluate stage of the given disease [2].  Alan 
D. Fleming et. al classify micro aneurysms using contrast 
normalization are compared where this enables to define early 
stages of the diabetic retinopathy [3]. Gary G. Yen et. al used 
hybrid intelligent system using ETDRS protocol developed to 
study grading of diabetic fundus image [4]. Arturo Aquino et. 
al used morphological and edge detection techniques followed 
by the circular hough transform to obtain a circular OD 
boundary approximation [5]. Keerthi Ram et. al define 
successive rejection based strategy using anisotropic filters, 
scale difference of Gaussian and inverted Gaussian methods to 
detect MA by avoiding clutter to obtain DR but severity of the 
disease cannot find using this method this limits the scope of 
the system [6]. Ramon Pires et. al provided theory of soft max 
bovw, soft assignment coding and max pooling classification 
achieved area under the contours in DR patients which enables 
the detection of the severity [7]. 

Limitations of the existing systems or proposed works up 
till now evaluation of all defects arises due to DR compliances 
cannot extract using single method. Hence this developed 
system will overcome and able extract all features using single 
platform with the help of MATLAB. 

III. OBJECTIVE 

Various types of health hazards are observe now a days 
due to hectic life schedule, unhealthy diet plan. Consequences 
of DR are very complicated and severe so early detection of 
the disease is required. Following are the objective of this 
developed system. 

1. To develop an efficient feature extraction algorithm that 
can effectively segment blood vessels and to select reliable 
point correspondences for latter processing. 

2. To displaying the severity of the disease. This can be 
achieved by the area of the exudates and hemorrhages. 

3. To propose a new constraint for optic disk detection 
where we first detect the major blood vessels first and use the 
intersection of these to find the approximate location of the 
optic disk 

 
IV. THEME 

In this project, fundus retinal image is used to diagnose 
diabetic retinopathy patient. Developed system used green 
plane outoff RGB component of image due more clarity. 
Green plane is selected because red planes have saturated 
features and blue plane has low intensity features while 
contours are easily viewed in green plane due to proper 
intensity features. Median filtering operation and histogram 
equalization operations is performing on a green plane to 
analyze various features in DR patient. Morphological 
operation like closing and opening (Dilation or Erosion) is 
required to identify feature accurately with the help of 
threshold value for Defects. Besides that Hough transform is 
used to isolate the features of the particular shape within an 
image. In the given system defects boundaries are created 
around the affected areas of the retina image and calculating 
the areas. According to the area of DR feature component and 
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with the help ANN by training and defining weights to the 
previous layer. Severity of the disease can be viewed with the 
help of GUI which display using feed forward back 
propagation network. 

 

 

Fig. 6 Design Flow of the System 

 
DR is a common retinal complication associated with 

diabetes and observes in higher age groups. It is a major cause 

of blindness in middle as well as older age groups. Therefore 

early detection through regular screening and timely 

intervention will be highly beneficial in effectively controlling 

the progress of the disease. Since the ratio of people   afflicted 

with the disease to the number of eye specialist who  can 

screen these patients is very high. Need to have automated 

diagnostic system for diabetic retinopathy changes in the eye 

so that only diseased persons can be referred to the specialist 

for further intervention and treatment. Various aspects and 

stages of retinopathy are analyzed by examining the colored 

retinal images. Micro aneurysms are small blood clots caused 

by local distension of capillary walls and appear as small red 
dots. Blood vessels walls are thin and rupture easily to cause 

hemorrhages. Hard exudates are yellow lipid deposits which 

appear as bright yellow lesions. The bright circular  region 

from where the blood vessels originate is called the optic disk. 

The spatial distribution of exudates and micro aneurysms and 

hemorrhages, especially in relation to the fovea can be used to 

determine the severity of diabetic retinopathy. 
 

V. Experimental Results 

We used a dataset of 110 images for evaluating the 
algorithm. The images were obtained from Dr Manoj Saswade 
one of the renowned Diabetic Eye Specialist and those  
patients images are used whose treatment is going on. Fundus 
Images quality and illumination is so important to identify 
defects present in patients iris due to Diabetes. The images in 
the dataset were classified by ophthalmologists based on the 
lesion type (exudates/MAHMs) into those with the lesion and 
those without it. An image having no lesions is considered 
normal whereas one that has lesions like exudates, micro 
aneurysms and hemorrhages is considered abnormal. Among 
the 110 images obtained from eye hospitals, 78 are diagnosed 
as Mild Non Proliferative Diabetic Retinopathy and 32 are 
observe Diabetic Retinopathy patient. 

 

All the images were taken by using fundal equipment i.e. 
Topcon NW series fundus image camera. Out off 110  images 
45 images were identified by ophthalmologists as having 
exudates and did not have any exudates. A total of 48 images 
were identified as containing micro aneurysms/ hemorrhages 
while 21 were free from this lesion type. The entire algorithm 
was run on the database and results for optic disk localization, 
exudates detection and MAHMs detection were obtained. The 
matlab code takes 4 seconds per image on an average to run  
on a 2 GHz machine with 4GB RAM. The pixel location 
obtained prior to placing the circular mask is considered for 
evaluation purposes. If the pixel location indicated by  the 
optic disk algorithm falls within the boundaries of the optic 
disk, then it is considered a correct detection and vice-versa. 

 

Diabetic retinopathy (DR) is a vascular disorder affecting 
the microvasculature of the retina. It is estimated that diabetes 
mellitus affects 4% of the world’s population almost half of 
whom have some degree of DR at any given DR occurs. As 
we mentioned earlier in Literature survey that there is need of 
such a automated system to get reed out of it. There are huge 
number of DR patients who are suffering, and facing vision 
loss and other micro vascular problems. So in proposed  
system we obtain sensitivity and specificity results algorithm 
at both the image and pixel levels. 

 

The main objective of this system is to define severity of 
the disease using fundus image. In following figure 7 shown 
that the given fundus image of diabetic patient has mild non 
proliferative retinopathy. 

Start 

End 

Take Input Color Fundus 

Retinal Image 

Channel Color separation 

(R, G, and B Planes) 

Structural Element Filtering & Green 

Channel Analysis 

Morphological Dilation & Erosion 

Operations 

Vessel Segmentation and Boundary 

Finding using Morphological Operations 

OD & Exudates Finding using Hough 

Transforms and Thresholding 

Area Finding Exudates 

MA & Hemorrhages finding 

using local thresholding 

Simulate the results using ANN 

Status of Diabetic Retinopathy will 

be displayed using ANN Data 
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Fig. 7 Mild Non Proliferative Diabetic Retinopathy 

 

This system attenuates image variation by normalizing the 
original retinal image against a reference model. Variations 

typically arise within the same image intra image variability as 

well as between images inter image variability and to enable 

efficient image analysis which is necessary to compensate for 

this variability. 
 

Fig. 8 Severe Non proliferative Diabetic Retinopathy 
 

Diabetic Retinopathy patient identification system  is 

robust to define severity of the Disease. In figure 8 shown that 

the given patient has severe Diabetic Retinopathy because of 

exudates and hemorrhages contains available. This Color 

features can be calculate using morphological classifier, which 

is used to classify pixel into lesion or non lesion classes. Gold 

slandered test is used in medical image processing. Given 

system has accuracy in identifying all the retinal images  

100%. The system accuracy to define severity as per fundus 

image contain is 86.36%. Diabetic Retinopathy and normal 
retina was classified automatically using image processing and 

multilayer artificial neural network where input layer  

outcomes and hidden layer weights which is adjusted 

accordingly and defines the severity of the disease as per the 

features of DR fundus image. The system yielded a sensitivity 

of 87.09% and a specificity of 82.35%. Automated diagnosis 

based on three lesions exudates, hemorrhages and micro 

aneurysms. 
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Abstract: ATCS is an Automated Toll Collection System 

used for collecting tax automatically. A vehicle will hold 

an RFID tag. This tag is nothing but unique identification 

number assigned. This will be assigned by RTO or traffic 

governing authority. In accordance with this number we 

will store, all basic information as well as the amount he 

has paid in advance for the TOLL collection. Reader will 

be strategically placed at toll collection center. Whenever 

the vehicle passes the toll Plaza, the tax amount will be 

deducted from his prepaid balance. New balance will be 

updated. Incase if one has insufficient balance, his 

updated balance will be negative one. To tackle this 

problem, we are alarming a sound, which will alert the 

authority that this vehicle doesn’t have sufficient balance 

and that particular vehicle can be trapped. As vehicles 

don’t have to stop in a queue, it assures time saving, fuel 

conservation and also contributing in saving of money. 

 

Keywords– ATCS, RFID Reader, RFID Tag, Toll 

Collection, prepaid account 

 
1. INTRODUCTION 

 

 Electronic toll collection (ETC) is a technology enabling the 

electronic collection of toll payments. It has been studied by 

researchers and applied in various highways, bridges, and 
tunnels requiring such a process. This system is capable of 

determining if the car is registered or not, and then informing 

the authorities of toll payment violations, debits, and 

participating accounts [2]. The most obvious advantage of 

this technology is the opportunity to eliminate congestion in 

tollbooths, especially during festive seasons when traffic 

tends to be heavier than normal. It is also a method by which 

to curb complaints from motorists regarding the 

inconveniences involved in manually making payments at the 

tollbooths. Other than this obvious advantage, applying ETC 

could also benefit the toll operators. 
The benefits for the motorists include:  

1. Fewer or shorter queues at toll plazas by 

increasing toll booth service turnaround rates;  

2. Faster and more efficient service (no exchanging 

toll fees by hand);  

3. The ability to make payments by keeping a 

balance on the card itself or by loading a 

registered credit card; and  
 

The use of postpaid toll statements (no need to request for 

receipts). Other general advantages for the motorists include 

fuel savings and reduced mobile emissions by reducing or 

eliminating deceleration, waiting time, and acceleration 

 

An ETC system commonly utilizes radio frequency 

identification (RFID) technology. RFID is a generic term 

used to identify technologies utilizing radio waves to 

automatically identify people or objects. RFID technology 

has been implemented in various applications, such as in 

warehouse management, library system, attendance system, 
theft prevention, and so on. In general, RFID is used for 

tracking, tracing, and identifying objects. 

 

2. PROPOSED SYSTEM 

 

This project deals with the simplification of procedure 

followed by passengers to pay toll at toll collection booths, 

like making it automated, vehicle theft detection etc. All 

these activities are carried out using single smart card (RFID 

tag), thus saving the efforts of carrying money and records 

manually. 
 

Automatic Toll Collection: The RFID Readers mounted at 

toll booth will read the prepaid RFID tags fixed on vehicles’ 

windshield and automatically respective amount will be 

deducted. If the tag is removed from the windshield then 

cameras fixed at two sites at toll plaza take snaps of the front 

and back number plate. Since every vehicle registration ID is 

linked to users account, toll can be deducted from the account 

bank directly. 

 

Signal Breaking Avoidance: The vehicle ignoring the traffic 

signal will be detected by the RFID readers fixed at signal 
crossing and will be notified to the traffic police. This can be 

done efficiently and great accuracy. 

 

Tracking Over speeding Vehicle: Vehicle travelling above 

speed limit can be tracked with 100 % accuracy. 

 

3. WORKING OF PROPOSED SYSTEM 

mailto:Rohankale05@yahoo.in
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Whenever any person buys a vehicle, one first needs to get 

his or her vehicle registered at the RTO office. RTO officials 
will not only assign a number plate to it but also will give a 

RFID enabled smart card or a tag. This card will have a 

unique ID feasible to use with that vehicle only. They will 

also create an account for the use of that particular smart card 

and maintain transaction history in database. User needs to 

deposit some minimum amount to this account. 

 

Whenever a vehicle arrives in toll plaza range antenna sends 

signals to tag and activate the tag, tag sends back information 

to the antenna. As data is received to the antenna, it sends the 

data to central server database. Server checks the information 
if the consumer/driver, if the account has credit more than 

required tax, then the tax is subtracted from the account and 

the vehicle is allowed to pass the toll plaza. Also a 

transaction message is sent to consumer/driver that how 

much tax is paid and remaining balance of the account. The 

passing of vehicle and the transaction of tax is completed 

within short time. The central server stores all information of 

transaction, which contains location of toll plaza, date, time 

and total amount payment of tax. If the credit of account is 

low then system generates indication for low balance. 

 

4. INTRODUCTION TO RFID 
 

RFID stands for Radio-Frequency Identification. The 

acronym refers to small electronic devices that consist of a 

small chip and an antenna. The chip typically is capable of 

carrying 2,000 bytes of data or less. 

 

The RFID device serves the same purpose as a bar code or a 

magnetic strip on the back of a credit card or ATM card; it 

provides a unique identifier for that object. And, just as a bar 

code or magnetic strip must be scanned to get the 

information, the RFID device must be scanned to retrieve the 
identifying information. 

 

5. COMPARISION OF RFID AND BARCODES 

 

A significant advantage of RFID devices over the others 

mentioned above is that the RFID device does not need to be 

positioned precisely relative to the scanner. We're all familiar 

with the difficulty that store checkout clerks sometimes have 

in making sure that a barcode can be read. And obviously, 

credit cards and ATM cards must be swiped through a special 

reader.   

 
In contrast, RFID devices will work within a few feet (up to 

20 feet for highfrequency devices) of the scanner. For 

example, you could just put all of your groceries or purchases 

in a bag, and set the bag on the scanner. It would be able to 

query all of the RFID devices and total your purchase 

immediately.   

 

6. WORKING OF RFID  
 

A Radio-Frequency Identification system has three parts:   

 A scanning antenna 

 A transceiver with a decoder to interpret the data 

 A transponder - the RFID tag - that has been 

programmed with information. 

   

The scanning antenna puts out radio-frequency signals in a 

relatively short range. The RF radiation does two things:   

 It provides a means of communicating with the 
transponder (the RFID tag) 

 It provides the RFID tag with the energy to 

communicate (in the case of passive RFID tags).  

  

This is an absolutely key part of the technology; RFID tags 

do not need to contain batteries, and can therefore remain 

usable for very long periods of time (maybe decades).   

The scanning antennas can be permanently affixed to a 

surface; handheld antennas are also available. They can take 

whatever shape you need; for example, you could build them 

into a door frame to accept data from persons or objects 
passing through.   

 

When an RFID tag passes through the field of the scanning 

antenna, it detects the activation signal from the antenna. 

That "wakes up" the RFID chip, and it transmits the 

information on its microchip to be picked up by the scanning 

antenna.   

 

7. RFID TAG 
 

An RFID tag is a microchip combined with an antenna in a 

compact package; the packaging is structured to allow the 
RFID tag to be attached to an object to be tracked. "RFID" 

stands for Radio Frequency Identification and Detection.   

 

The tag's antenna picks up signals from an RFID reader or 

scanner and then returns the signal, usually with some 

additional data (like a unique serial number or other 

customized information).   

 

RFID tags can be very small - the size of a large rice grain. 

Others may be the size of a small paperback book.   

                                                 
                             

8. ACTIVE RFID TAG 

 

An RFID tag is an active tag when it is equipped with a 

battery that can be used as a partial or complete source of 

power for the tag's circuitry and antenna. Some active tags 

contain replaceable batteries for years of use; others are 

sealed units. (Note that it is also possible to connect the tag to 

an external power source.) 

 

The major advantages of an active RFID tag are:  

 It can be read at distances of one hundred feet or 

more, greatly improving the utility of the device 

 It may have other sensors that can use electricity for 

power. 

   

The problems and disadvantages of an active RFID tag are:  

 The tag cannot function without battery power, 

which limits the lifetime of the tag. 

 The tag is typically more expensive, often costing 

$20 or more each 

 The tag is physically larger, which may limit 
applications. 

 

Active RFID tags may have all or some of the following 

features:  
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 Longest communication range of any tag. 

 The capability to perform independent monitoring 

and control. 

 The capability of initiating communications. 

 The capability of performing diagnostics. 

 The highest data bandwidth. 

 Active rfid tags may even be equipped with 

autonomous networking; the tags autonomously 

determine the best communication path. 

 

9. PASSIVE RFID TAG  

 

A passive tag is an RFID tag that does not contain a battery; 

the power is supplied by the reader. When radio waves from 
the reader are encountered by a passive RFID tag, the coiled 

antenna within the tag forms a magnetic field. The tag draws 

power from it, energizing the circuits in the tag. The tag then 

sends the information encoded in the tag's memory.   

 

The major disadvantages of a passive RFID tag are:  

 The tag can be read only at very short distances, 

typically a few feet at most. This greatly limits the 

device for certain applications. 

 It may not be possible to include sensors that can use 

electricity for power. 

 The tag remains readable for a very long time, even 

after the product to which the tag is attached has 

been sold and is no longer being tracked.   

 

10. RFID READER 

 

An RFID reader is a device that is used to interrogate an 

RFID tag. The reader has an antenna that emits radio waves; 

the tag responds by sending back its data.   

 

A number of factors can affect the distance at which a tag can 
be read (the read range). The frequency used for 

identification, the antenna gain, the orientation and 

polarization of the reader antenna and the transponder 

antenna, as well as the placement of the tag on the object to 

be identified will all have an impact on the RFID system’s 

read range.  

  

11. RFID TAG ANTENNA 

 

The antenna in an RFID tag is a conductive element that 

permits the tag to exchange data with the reader. Passive 

RFID tags make use of a coiled antenna that can create a 
magnetic field using the energy provided by the reader's 

carrier signal 

 

12. ADVANTAGES 

 

 Financial leakage control. By utilizing fully 

automatic mechanism we can nearly able to control 

this financial loss. 

 Fuel saving Due to automation of toll plaza their 

will be large reduction in the rush at toll plaza which 

will cause indirectly the saving of fuel. 

 Reduced man power The basic aim of Automation 

concept is to reduce the man power & to increase the 

accuracy of the system. So we can able to achieve 

the same with our on built concept. 

 Reduced time for completion of process The 

present system we have in work today consumes 

nearly 1 minute for each vehicle to complete the 
process of toll payment. With our automated toll 

plaza we can able to reduce the time consumption 

nearly up to 40-42 sec.which will be very important 

in today’s era 

  

 

 

 

13. LIMITATIONS 

 

 
If RFID fails whole system fails. The RFID system we are 

here using for detecting the vehicle number means the vehicle 

identity which we are further using for storing into memory 

& also to display on the LCD. If the RFID fails to detect the 

correct identity of the vehicle the data regarding the vehicle 

will be wrong which will may create many problems & 

system fails. 

 

14. CONCLUSION 

 

By doing automation of toll plaza we can have the best 

solution over money loss at toll plaza by reducing the man 
power required for collection of money and also can reduce 

the traffic indirectly resulting in reduction of time at toll 

plaza. 

 

In our paper, we have introduced the techniques such as 

Radio Frequency Identification. This technique will include 

the RFID tag & reader which in coordination with each other 

can be used to detect the vehicle identity. 

 

By  effectively utilizing this technique at different stages of 

our project we are able to represent the automation in toll 
plaza which will reduce the complete processing time by few 

seconds which is very important as well as helps to reduce 

money leakage in a very cost effective manner. 
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Abstract- The classification of retinal vessels into artery/vein is an 

important phase for speeding up the detection of vascular 

changes, and for the calculation of characteristic signs associated 

with several systemic diseases for example diabetes, 

hypertension, blood pressure and other cardiovascular diseases. 

This paper presents an automatic approach for A/V classification 

based on the critical analysis of a graph extracted from the 

retinal vasculature. The proposed scheme classifies the whole 

vascular tree deciding on the type of each intersection point 

(graph nodes) and assigning one of two labels to each vessel 

segment (graph links). 

 Proposed Artery vein  classification method on the images of 

three different databases demonstrate the independence of this 

method in Artery vein classification of retinal images with 

different properties, such as differences  in size, quality, and 
camera angle.  

On the other hand, the high accuracy achieved by our 

method, especially for the largest arteries and veins, confirm that 

this Artery vein classification method is reliable for the 

calculation of many characteristic signs associated with vascular 

alterations. In this paper we planned using the graph that 

represents the vessel tree and the artery vein classification 

method for Artery vein ratio calculation, as well as identifying 

other vascular signs, such as vascular bifurcation angles, 

branching patterns, and fractal-based features, which can have 

significant impact on the early finding  and follow up of diseases, 
namely diabetes, hypertension, and cardiovascular diseases. 

Keywords: component; Artery/vein classification, graph, retinal 
images, vessel segmentation. 

 

INTRODUCTION 

There are two types of vessels, arteries and veins. Arteries are 
bright in color, since they transport blood rich in oxygen to the 
organs of the body. The veins then transport the blood, which is at 
low oxygen level and thus darker, to the lungs and the liver. For 
many medico applications it would be of great benefit, if the vessels 
could be distinguished into arteries and veins, since many diseases 

with one symptom being an abnormal ratio of the size of arteries to 
veins. Like in diabetic patients the veins are abnormally wide, while 
diseases of the pancreas lead to narrow arteries and high blood 

pressure results in thickening of arteries. To detect these diseases the 
retina is routinely examined. 

As a basis for classification a proper segmentation of blood 
vessels is of course needed. 

There are mainly four different features that can be used to 
classify arteries from veins in general: 

• arteries are bright in color than veins 

• arteries are thinner than neighboring veins 

• the central reflex (the light reflex of the inner parts of the 
vessels shown in Figure 1) is wide in arteries and smaller in veins. 

• arteries and veins usually alternate near the optic disk before 
they branching out; that means near the optic disk one artery is 
usually next to two veins and the other way round one important 
representative of each arteries and veins can be seen in Figure 2. 

The mentioned features often provide ample information to 
successfully classify a vessel as artery or vein. However, in many 
cases they do not suffice for the following reasons: 

• If the image quality is not good enough - which is especially in 
the outer regions of the image, the central reflex often disappears. 

• Vessels in the outer regions of the image are very dark due to 
the shading effect (in-homogeneous lighting of the image). Here 
arteries and veins look very much similar, which necessarily leads to 
the wrong classification of some vessels. 

• The width of the vessel is also not very useful for classification, 
since it is largest near the optic disk and smallest on the outer side of 
the image. 

• The alternation of arteries and veins only found true for the 
vessels very near to the optic disk. When they start branching out, it 
is found that two branches of the same vessel go next to each other. 
So none of the typical features of arteries and veins is globally valid. 
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To give an overall impression of the difficulty of this 

classification task, ten cropped veins and ten cropped arteries taken 
from four different retinal images. The quality of the images, the 
background and the small size of the vessels and the delicacy of the 
features themselves make it very hard to distinguish between the two 
classes. These examples clears that a classification method based 
only on local features may not be able to achieve good results. We 
compile these features in a learning based approach, which – with the 
help of global meta-knowledge - is able to classify arteries from veins 
with a very high classification rate. 

LITERATURE SURVEY 

Many characteristic signs associated with vascular changes are 

measured, aiming at finding the stage and severity of some 

retinal conditions. Generalized arteriolar narrowing, which is 

inversely related to higher blood pressure levels [5], [6], is 

expressed by the Arteriolar-to-Venular diameter Ratio. The 
Atherosclerosis Risk in Communities (ARIC) study previously 

showed that a smaller retinal Arteriolar-to-Venular diameter 

ratio might be an independent predictor of incident stroke in 

middle aged individuals [7].  

The Arteriolar-to-Venular diameter Ratio values are also be an 

indicator of other diseases, like diabetic retinopathy and 

retinopathy of prematurity [8]. Among other image processing 

operations, the estimation of Arteriolar-to-Venular diameter 
Ratio requires vessel segmentation, accurate vessel width 

measurement, and artery/vein (A/V) classification [9], [10]. 

Therefore, any automatic Arteriolar-to-Venular diameter ratio 

measurement system must accurately identify which vessels 

are arteries and which are veins, some slight classification 

errors can have a large influence on the final value. 

Several works on vessel classification has been proposed 

[11]–[17], but automated classification of retinal vessels into 
arteries and veins can received limited attention, and is still an 

open task in the retinal image analysis field. In recent years, 

graphs emerge as a unified representation for image analysis 

and graph-based methods has been used for retinal vessel 

segmentation [18], retinal image registration [19], and retinal 

vessel classification [12]. In this paper we propose a graph-

based method for automatic A/V classification. The graph 

extracted from the segmented retinal vasculature can analyzed 

to decide on the type of intersection points (graph nodes), and 

afterwards one of two labels is assigned to each vessel 

segment (graph links). 

Finally, intensity features of the vessel segments can measured 

for assigning the final artery/vein class. 

Grisan et al. [13] developed a tracking artery/vein (A/V) 

classification technique which classifies the vessels only in a 

well-defined concentric zone around the optic disc. Therefore, 

by using the vessel structure reconstructed by tracking, the 

classification can propagated outside this zone, where little or 

no information is available to discriminate arteries from veins. 

This algorithm cannot design to consider the vessels in the 

zone all together, but rather partitions the zone into four 

quadrants, and works separately and locally on each of them. 

Vazquez et al. [14] described a method can combines a color-

based clustering algorithm with a vessel tracking method. First 

the clustering approach divides the retinal image into four 

quadrants, therefore it can classify separately the vessels 

detected in each quadrant, and finally it can combine the 

results. 

Therefore, a tracking strategy based on a minimal path 
approach can applied to join the vessel segments located at 

different radius in order to support the classification by voting. 

A piece wise Gaussian model to elaborate the intensity 

distribution of vessels profiles has been proposed by Li et al. 

[15]. In this model, the central reflex is considered. A 

minimum distance classifier based on the Mahalanobis 

distance is used to differentiate between the vessels types 
using features obtained from the estimated parameters. 

Kondermann et al. [16] describes two feature extraction 

methods and two classification methods, which are based on 

support vector machines and neural networks, to classify 

retinal vessels. 

One of the feature extraction methods is profile based, while 

the other method is based on the definition of region of 

interest (ROI) around each center line point. To reduce the 

dimensionality of the feature vectors, they used the multiclass 

principal component analysis (MPCA). 

PROPOSED SYSTEM 

We tried to understand in details which are the most relevant 

features related to the vascular classes and how they can be 

used to discriminate veins and arteries on heterogeneous 

images. For this purpose we considered a large number of 

features, which includes not only color and size descriptor, but 

we also adding explicitly context related values like spatial 

position with respect to the optic disc. 

In order to have detailed analysis we tried to separate features 

that are different in veins and arteries for different reasons, 

which are trying to analyze their real contribution to the 

classification. 
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Central color and within-vessel variations: 

The principal features used for vessel classification are related 
to color. Color space components in a neighborhood of the 

central pixels or along a profile perpendicular to the vessel are 

mainly considered, usually after a color component 

normalization to zero mean and unitary standard deviation. 

We similarly tested a large set of color features, but decided to 

analyze separately color features related to the internal part of 

the vessel and color features including the contrast with the 

background. We did not find necessary to consider profiles 
perpendicular to the vessel direction, due to the fact that we 

studied variations within circular regions around the central 

pixel. This makes the technique a more robust and thus not 

depending on the local estimation of the vessel direction. So to 

characterize the colors inside the vessel and the central reflex, 

we used the central pixel color components (R,G,B,H,S,V) 

and component derivatives, also the mean, minimum, 

maximum and variance of that values in a disc of diameter 

equal to the locally estimated vessel diameter (small region in 

Fig. 1). 

Contrast with surrounding pixels it  is then interesting to check 

if the contrast with the background provide relevant 

information for vessel classification (and to see which are the 

most discriminating parameters). For this purpose we 

computed further features averages and standard deviations of 

color components and color derivatives in a disc with diameter 

equal to twice the locally estimated vessel diameter (large 

region in Fig. 1). 

In this case the computed features are largely dependent on the 

contrast between vessel color and background color. 

 

Position and Size 

Vessel size is considered in some work a potentially 

discriminative feature, but often not considered due to the fact 

that it changes with the distance from the optical disc . 

But this is not a reason to avoid its use, but rather a reason to 

use it in combination with spatial information. Actually, if we 

consider the results, where it is reported that color features are 

more discriminative if used independently in different sectors 

around the OD, it is reasonable to think that color features 

should also be combined with spatial information in order to 

obtain a better classification. 

We decided to test the discriminative power of spatial features 

like angular and radial distance from the Optic disc center and 

distance from the image optic center. The analysis of the 

discriminative power of these features alone and also 

combined  with size and color based one is surely relevant to 

determine how to improve the performance of classification 

tools. To compute angular distance from the estimated OD 

center we used the OD locator developed for the VAMPIRE 

tool, based on multi scale ellipse fitting. The angular position   

is computed differently in case of left or right image. In the 

first case we consider a clockwise orientation, and in the 

second case counterclockwise as shown in (Fig. 2), so that the 
possible effects of the variable on the image color should be 

the same. 

 

MODULES 

Image enhancements: 

In image enhancements we extract the green channel of image 

which show the more probability of veins of retina image. 

Retina image is RGB (red green blue). We extract green 
channel. After that we enhance the extract image by using 

histograms adjustment algorithm to improve the image 

quality. 

Vessel segmentation: 

After getting the improve image we apply the canny edge 

detector to finding the edges in image for classifying feature 

extraction and A/V (artery vein) Classification. 

Feature extraction module contain SVM (state vector 

machine) module which is used to train the project for 

detection the feature points in image.  

Node and Branches descriptor: 

Node and branches descriptor used to find the cross section 

points of edges in image to classify the vein and artery by 

using graph method with the help of bfs (breath first search) to 

transverse a graph. 
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Classification Result: 

This module classifies the input image by basic of training of 
feature detection and node descriptor module and shows the 

calculated result. 

RESULT & DISCUSSION 

We will perform several tests aimed to understand which 
groups of features are useful to discriminate veins and arteries 

in digital fundus images. Results could be useful to improve 

the performances of existent systems for the estimation of 

related biomarkers such as the Artery vein ratio. 

First of all, color contrast between vessels and background 

appear as one of the most important cue for discrimination, but 

there are vessels that are not well recognized so simply and 

thus required to add more information. This information can 
be related to vessel position and to the color variations inside 

the vessel. While the vessel width does not add much useful 

information. 

Finally, image resolution should be taken into account. It 

seems that high resolution sensors introduces noise and can 

reduce the color based information, the same features 

computed on sub sampled images gave, in fact, better results 
even if an excessive sub sampling could remove the 

information about the central reflex in vessels. The 

dependency of performance on color confirms the importance 

of normalizing image resolution in studies involving different- 

resolution fundus cameras. to guarantee consistency. 

CONCULSION 

We introduced a technique for unsupervised information 

extraction from unstructured, ungrammatical text. Previously, 

unsupervised extraction used patterns that make assumptions 

about the regularity of the structure in the data. We relax this 

assumption by exploiting reference sets to aid the extraction. 

These reference sets are chosen by the algorithm, removing 

the need for any human intervention. 

The main ability of neural network is to learn from its 

environment and to improve its performance through detailed 

learning. For this purpose there are two types of learning 

supervised or active learning – learning with an external 

supervisor who present a training set to the network. But 

another type of learning also exists : unsupervised learning . 

Unsupervised learning is self organized learning doesn’t 

require an external supervisor. During training session neural 

network receives a number of input patterns , discovers 

significant features in these patterns and learns to classify 
input data into appropriate categories. It follows the neuro - 

biological organization of the brain. These algorithms aim to 

learn rapidly, so learn much faster than back-propagation 

networks and thus can be used in real time. Unsupervised 

neural networks are effective in dealing with unexpected and 

changing conditions. We have shown that as compared to 

Trinity Tree Algorithm Back Propagation is more accurate and 

less time consuming. 
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Abstract—Single Carrier Frequency Division Multiple Access 

(SC-FDMA) are the multiple-access version of OFDM and a 

another modulation technic, Single-Carrier Frequency-Domain 

Equalization (SC-FDE). SC-FDMA and OFDM are two technics 

in Long Term Evolution (i.e 4G). The parameters used for 

comparison will be capacity, Bit error rate (BER), and peak-to-

average power ratio (PAPR). OFDM is use for downlink 

communication and SC-FDMA is use for uplink. OFDMA have a 

major drawback which is high PAPR due to this it not much 

preferable to be used in uplink broadband wireless systems. To 

overcome this SC-FDMA is use which has low PAPR. Single 

carrier FDMA (Frequency division multiple access) has become 

most popular in broadband uplink wireless systems. Since it has 

low distortion and free from PAPR problem which are there in 

OFDMA (Orthogonal frequency division multiple access) 

systems. In analysis of conventional and wavelet based OFDM in 

some previous paper it is found that the output BER curves 

obtained from wavelet based OFDM are good in performance 

than that of DFT based OFDM. That is the discrete wavelets 

proves to be the best when substituted instead of FFT analysis. 

So in this paper we are checking the performance of conventional 

and wavelet based Scfdma. 
Keywords— SCFDMA, OFDM, LTE etc.. 

I. INTRODUCTION 

In this article we will provide a performance analysis of 

both uplink candidates forfft based SCFDMA and wavelet 

base SCFDMA. OFDMA transmits data over a large number 

of subcarriers. These signals are perpendicular to each another 

and their summation will be null which removes mutual 

interference. SC-FDMA aggregates multipath interference and 

flexible subcarrier frequency assignment which provides only 

one carrier at a time instead of multiple carriers in 

transmission. . For the uplink, the LTE of the 3GPP,employs 

SCFDMA due to its low PAPR properties compared to 

OFDMA. SC-FDMA is introduced recently and it became 

popular for uplink multiple access scheme in LTE system 
which is a project of Third Generation Partnership Project 

(3GPP). The Multiple Access technics in Advanced Mobile 

radio system has to meet the challenging requirements for 

example efficient Bit Error Rate (BER), high throughput, 

good robustness,low Peak to Average Power Ratio (PAPR), 

low delays, low computational complexity, low error 

probabilityhigh spectral efficiency, etc.Wavelet transform is 

used to analyze signals by the coefficients of wavelets in both 

frequency and time domain. One type of wavelet transform is 

DWT (Discrete Wavelet transforms)have been considered as 

alternative platforms for replacing IFFT and FFT. ISI and ICI 

are generally caused by noorthogonality between the carriers 
caused by multipath propagation of the signals in OFDM 

using Discrete Fourier Transform (DFT). ISI isarise in 

between successive symbols of same sub-carrier and ICI is 

arise in different signals at different subcarriers. ISI and ICI 

are avoided by using cyclic prefix which causes power loss 

and bandwidth inefficiency in DFT based OFDM. This paper 

is organized as: in Section I introduction, II as brief Literature 

review of the previous work demonstrated on OFDM and 

SCFDMA.III SCFDMA Transmitter, IV Receiver,V Wavelet 

based transmitter and receiver,VI Summary,and References. 

II. LITERATURE REVIEW 

In this paper author analyzed the wavelet based OFDM 

system and compared it with the DFT based OFDM system. 

From the outputcurve it isobserved that the BER curves 

obtained from wavelet based OFDM are goodthan that of DFT 

based OFDM. Herethree modulation techniques for 

implementation are use, that are QPSK, 16 QAM and 64 

QAM, which are used in LTE. We can use different types of 

filters with the help of different wavelets available. In this 

paperdaubechies2 and haar wavelets are used,at different 

intervals of SNRboth provide their best performances. 
 

 In this paper authorhave done a survey on 

differentmodulation schemes to knowtheir suitability in high 

data rate uplink communication systems and it was found that 
SC-FDMAis suitable for that. SC-FDMAprovidesgood PAPR 

reduction than OFDMA and can overcomemany of its 

drawbacks. Besides uplink communication SC-FDMA is used 

in various applications like return-link of interactive 

broadband systems,land mobile satellite communication 

systems etc. It was also observedthat PAPR of signal will 

changes with the modulation usedand a trade-offbetween 

PAPR andout-of band signal energy has to be considered 

while choosing the roll-off factor for pulse shaping. Besides 

this, spreading in SC-FDMA can provide both features of SC-

FDMA and CDMA which has good advantages than OFDM-
CDMA. 
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In this paper, author compare the Peak-average-power-

ratiocharacteristics of LTE Frame Structure Type (LTE FDD 

& LTE TDD) of SC-FDMA and OFDMA. It is found that, 

LTE FDD has better performance than LTE TDD. PAPR of 

SC-FDMA and OFDMA in LTE FDD haslower values on 

average. AlsoFDD has a continuous reduction of BER (Bit 

Error Rate) and it minimizes the BER up to a certain values of 

SNRs. Comparing the Performance analysis it is conclude that 

LTE FDD is the better choice than in LTE TDD in uplink 

Transmission-SC-FDMA and downlink Transmission-

OFDMA, because of its higher efficiency due to low PAPR. 
 

In this paper Wavelet based single carrier FDMA system is 
proposed,experiments are conducted on differentchannels 

under different equalization techniques. Based on this it was 

found that the orthogonal wavelets can be replacefor better 

band width preservation and the system provides outstanding 

performance under Rayleigh fading channel. Zero forcing 

algorithms may be adapted for better equalization. This work 

may be further extended with complex channeling models like 

ETU (extended terrain urban) channels and complex wavelet 

transforms like dual tree complex wavelets. 

III. SC-FDMA TRANSMITER 

SC-FDMA uses anN-point DFT stage at transmitter and an 
N-point IDFT stage at receiver. The basic block diagram of 

SC-FDMA transmitter is shown in figure 1. The input to 

transmitter is a stream of modulated symbols. 

 
Figure 1: SC-FDMA Transmitter 

In SC-FDMA, the data is mapped into signal constellation 
according to the QPSK, 16-QAM, or 64-QAM modulation, 

depending upon the channel conditions. Whereas, the 

QPSK/QAM symbols do not directly modulate the subcarriers. 

These symbols passes through a serial to parallel converter 

followed by a DFT block that produce discrete frequency 

domain representation of the QPSK/QAM symbols. Pulse 

shaping is followed by DFT element, but it is optional and 

sometimes needs to shape the output signal from DFT. If 

pulse shaping is active then in the actual signal, bandwidth 

extension occurs. The discrete fourier symbols from the 

output of DFT block are then mapped with the subcarriers in 

subcarrier mapping block. After mapping these frequency 
domain modulated subcarriers pass through IDFT for time 

domain conversion. A guard band is used between OFDMA 

symbols in order to cancel the Intersymbol Interference at 

receiver. In LTE, this guard band is called Cyclic Prefix (CP) 

and the duration of the CP should greater than the channel 

impulse response or delay spread. Afterdigital to analog 

conversion signal is send to channel.The sub-carrier mapping 

plays an important role in the transmitter of SC-FDMA. It 

maps each of the N-DFT output on a single subcarrier out of 

M subcarriers, where M is the total number of subcarriers for 

available bandwidth. The subcarrier mapping is achieved by 

two methods; localized subcarrier mapping and distributed 

subcarrier mapping. The modulation symbols in localized 

subcarrier mapping are assigned to M adjacent subcarriers, 

whereas in distributed mode, the symbols are uniformly 

spaced across the whole channel bandwidth. Localized 

subcarrier mapping also referred as localized SCFDMA 

(LFDMA) whereas distributed subcarrier mapping referred as 

distributed SCFDMA (DFDMA). 

IV. SC-FDMA RECEIVER 

 
Figure 2: SC-FDMA receiver  

A channel model is then applied to the transmitted signal. 

The model allows for the signal to noise ratio, multipath to be 

controlled. The signal to noise ratio is set by adding a known 

amount of white noise to the transmitted signal which is 

known as AWGN Additive white Gaussian noise. The 
Receiver basically does the reverse operation of the 

transmitter. The transmitted signals which pass through the 

channel are then converted by using Serial to parallel 

converter and cyclic extension is also removed. The signals 

pass through an N-point Fast Fourier Transform which 

converted time domain signal into frequency domain. Then 

the signal is demapped and performs parallel to serial 

conversion using Parallel to serial convertor block and the 

resultant signal is a M sample output 

V. WAVELET BASE SCFDMA 

Figure show the block diagram of transmitter and receiver 

ofWavelet base SCFDMA. The modulation processes are 
applied on the user data.The resulting signal is transformed by 

the wavelet transform via the DWT. The output of the single-

level Haar wavelet transform consists of two signals. 

 
Figure 3: Wavelet based SCFDMA transmitter 

 
Figure 3: Wavelet based SCFDMA receiver 
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The resulting signal from the sub-carriers mapping is 

inserted into the IDWT to produce the signal from the 

approximation coefficients signal and the detail coefficients 

signal. After that, we add the CP in order to prevent the ISI. 

Finally, the resulting signal is transmitted through the wireless 

channelAt the receiver, the CP is removed from the received 

signal, and the signal istransformed into the frequency domain 

via an N-point FFT to apply the equalization process on the 

signal.The signal is transformed from the frequency domain 

into the time domain via an N-point IFFT and then it is passed 

through an N-point DWT to produce the approximation 
coefficients signal and the detail coefficients signal.Finally, 

the IDWT and the demodulation processes are performed. 

VI. SUMMARY 

In this work performance of conventional and wavelet base 

SCFDMA will be carry out by either comparing PAPR, BER 

etc. SCFDMA is a modulation technic use for uplink 

transmission in communication system.If we place N-point 

DFT in OFDMA then it is converted into SCFDMA 

structure.From the performance curve of DFT base and 

wavelet based OFDM it is found thatwavelet based OFDM is 

better than the DFT based OFDM.Wavelet base SCFDMA 
system is obtain by replacing the DFT blocks by discrete 

wavelet transform(DWT).Wavelet transform is a new concept 

in transmission systems. In this a signal is expanded in an 

orthogonal set called as wavelets. Wavelets provide both 

frequency and time localization.Wavelet reduces the 

complexity and power consumption. 
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Abstract— 

 The Arithmetic Logic Unit (ALU) design is very important in 

any Integrated Circuit based processing system. An ALU is also 

called the brain of any computing system. The Arithmetic operation 

and Logic operations are processed by ALU to serve the execution 

of hardware computing. In the proposed design a 64-bit ALU with 

clock gating is implemented on FPGA for low power and high 

speed applications. A low power consuming system offers the 

benefits like device portability, long battery life, good performance 

criteria, etc. To achieve low power operational performance various 

techniques have been proposed in previous works. Modification of 

hardware design provides the desired low power feature up to some 

extent of desired performance. The power consumption can also be 

affected by controlling the duration of the operation of the circuit. 

The circuit enable control logic provides transition signals to the 

operational circuit only for the duration until the results are 

calculated by the circuit. Once the results are generated the circuit 

activity is disabled. This saves the power consumption during the 

extra clock operations that is used after the generation of result by 

the circuit in the signal transition by the intermediate circuit. The 

Clock gating reduces power by controlling the clock signal activity 

that in turn controls the transition of logic values in the sub-blocks 

of the ALU. The power required in the undesired transitions is thus 

saved. The proposed design is implemented and simulated on Xilinx 

XC3S500E FPGA and its software simulation is performed on 
Xilinx ISE Test-bench Simulator. 

Keywords—ALU, Clock Gating, Dynamic Power, FPGA, Opcode, 
Operand, Xilinx ISE etc. 

I.  Introduction   
 The remarkable increase in the density of Very Large 

Scale Integrated (VLSI) circuits is the result of advanced 
Integrated Circuits (IC) fabrication processes and the progress 
of automated design tools. When the number of devices 
accommodated on VLSI chips increases, many problems arise. 

The interconnection between devices inside and outside a chip 
becomes significantly complicated and the area occupied by 
interconnections rise in haste. Aggressive interconnect scaling 
following Moore's law introduces many challenges in 
integration, performance and reliability. Inappropriate routing 
results in a larger chip size and cause timing and cross-talk 
problems. In deep submicron designs these problems are of 
outstanding importance.  

 

II. ALU ARCHITECTURE IN PROPOSED DESIGN  
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The ALU generally consists of basic building blocks as AND 

gate, OR gate, inverters, flip-flops, multiplexers and registers 

for various arithmetic and logical operation execution and 

control. A dedicated ALU operates on a fixed length of the 
input data. The performance of ALU is the main criteria to 

access the performance of any processing circuit or system. 

The utilization of different hardware units of ALU varies 

depending on the application of the system in which ALU is 

used as processing logic. 

III. PRAPOSED DESIGN 

 
Operations are performed on 64-bit input operand values 

namely A and B. On the basis of the value of input opcode a 
particular operational logic block will be enabled to perform 
the logic operation. The output of the logic operation is 
transferred to the output signal register. The operation by the 
ALU is performed on the edge of the input clock signal. Once 
the result value is generated, the next operation can be 
initialized only when the “Enable” input is given a logic high 
value followed by a logic low value. The registers and output 
can be reset to logic low values at any time of operation. 

 

IV. RADIX SELECTION 

Several factors have influence in deciding the best radix 
usable. Obviously, in theory, higher radix would be best to 
represent as many numbers as possible. But, in practice, the 
limits of usability and availability of suitable devices limits the 
usability of higher radix based MVL circuits. 

 

i. Area: Increased data density of multiple valued logic 
circuits does help, in principle, to reduce the area when 
compared to equivalent binary circuits. Each of the circuits 
stores more information per bit. Then net result is that the 
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large amount of data sets can be combined and implemented 
in minimum area. At smaller circuits, the additional overhead 
of “supplementary” logic in the proposed SUSLOC circuit 
structures does increase the area when compared to their 
equivalent binary gates.  

ii. Performance: Performance of multiple valued circuits 
gets better with the increased radix. For maximum radix, the 
more difficult the timing analysis would get because we need 
to account for several design margins for various physical and 
electrical effects. But, primarily, the increase in radix would 
achieve better performance with some caveats of increased 
complexities in the actual timing closure.  

iii. Power consumption: Power primarily consists of three 
parts: Dynamic power, Active leakage power and Standby 
leakage power. The Dynamic power is also referred to as the 
Switching power. Typically, this power is dominant of total 
power consisting of 70-75% of the total power.  

The Active leakage being the next higher component, 
generally  

 

According to review paper [2] here they propose an 
arithmetic unit based on QSD number system based on 
quaternary system. The given design is developed using 
VHDL and implemented on FPGA device and results are 
compared with conventional arithmetic unit. Here we can use 
standard CMOS technology for designing Arithmetic and 
logical unit. The circuit performed with standard CMOS 
technology, with a voltage supply and use only simple voltage 
mode structures. Here, a clock boosting technique is used. It 
optimizes the switches resistance and power consumption. The 
proposed implementation reduces limitations seen in previous 
quaternary implementations published, such as the 
requirement of special advantages in the CMOS process or 
power-hungry current-mode cells. 

 

 

V. DESIGN OF QUATERNARY 
CONVERTER CIRCUITS  

  

 

Objective of optimization is to minimize number of gates 
needed and also to minimize depth of net. Depth of net is the 
largest number of gates in any path from input to output. The 
reason for choosing these two objectives is that they will give 
very good properties when implemented in VLSI. Minimizing 
number of gates will reduce the chip area, and minimizing 
depth will give highest clock frequency. A basic Quaternary to 
binary converter uses three down literal circuits DLC1, DLC2, 
DLC3. Each DLC having different threshold voltage and also 
have 2:1 multiplexer. Q is the quaternary input varying as 0, 1, 
2 and 3 given to three DLC circuits. The binary outputs thus 
obtained will be in complemented form and are required to 
pass through inverters to get actual binary numbers. Down 
literal circuits are realized from basic CMOS inverter by 
changing the threshold voltages of p mos and n mos transistors 

 

 

VI. CONCLUSION  
The conversion of binary to quaternary circuit is feasible and 

efficient in terms of power consumption and speed while 

being implemented in a standard CMOS technology. 
 As technologies are becoming more complex, multi 

valued logic (MVL) will be the future of circuit design. Since 

the research is still in initial stage on MVL the work is 

fundamental. When hardware implementation using MVL 

circuits is famous and more exposed to companies then one 

day MVL will surely turn over the binary logic. The 

advantages of lower power, higher performance, and reduced 

interconnect congestion motivate the use of quaternary circuits 

in a wide variety of applications. 
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Abstract— In recent years, different video applications use 

different video standards, such as H.264/AVC , VC-1 , and AVS . 

To improve the coding efficiency further, recently a joint 

collaboration team on video coding (JCT-VC) is drafting a next 

generation video coding standards, known tentatively as high 

efficient video coding (HEVC or H.265) . The target bit rate is half 

of that of H.264/AVC. Besides, several other effective techniques 

are proposed in the draft to reduce the complexity of the encoder 

such as improved intrapicture coding, and simpler VLC 

coefficients. As a result of these new features, experts predict that 
the HEVC will dominate the future multimedia market.   

Keywords— intrapicture codin ;  HEVC; 

 

 Introduction  

TRANSFORMS are widely used in video and image 

applications. Several groups, such as The International 
Organization for Standardization (ISO), International 

Telecommunication Union Telecommunication 

Standardization Sector (ITU-T), and Microsoft Corporation, 

have developed various transform dimensions and coefficients, 

corresponding to different applications . Numerous researchers 

have worked on transform core 

designs, including discrete cosine transform (DCT) and integer 

transform, using distributed arithmetic , factor sharing (FS), 

and matrix decomposition methods to reduce hardware cost. 

The inner product can be implemented using ROMs and 

accumulators instead of multipliers to reduce the area cost . Yu 
and Swartzlander  present an efficient method for reducing 

ROMs size with recursive DCT algorithms. Although ROMs 

are likely to scale much better than other circuits with 

shrinking technology nodes, several ROM-free DA 

architectures have recently emerged [3]–[8]. Shams et al. [3] 

employ a bit-level sharing scheme to construct the adder-based 

butterfly matrix, called new DA (NEDA). To improve the 

throughput rate of the NEDA method, high-throughput adder 

trees are introduced. 

 
a delta matrix to share hardware resources using the FS 

method. They derive matrices for multistandards as linear 

combinations from the same matrix and delta matrix, and show 

that the coefficients in the same matrix can share the same 

hardware resources by factorization. To further reduce the 

area,present optimization strategies for FS and adder sharing 

(AS) for multistandard (MST) applications. Fan and Su use the 

matrix decomposition method to establish the sharing circuit. 

Matrices for VC-1 transformations can be decomposed into 

several small matrices, a number of which are identical for 

different points transforms. Hardware resources can be shared. 
Moreover, other pervious works on hardware resource sharing 

are presented in. Recently, reconfigurable architectures have 

been presented as a solution to achieve a good flexibility of 

processors in field-programmable gate array (FPGA) platform 

or application-specific integrated circuit (ASIC), such as 

AsAP, Ambric, MORA, and SmartCell. Although these 

reconfigurable architectures have the feature of flexibility, the 

pure ASIC design can be recommended for a fixed customer 

application suitably. Because of the same properties in DCT 

and integer transform applied to Moving Picture Experts Group 

(MPEG), H.26 and Windows Media Video (WMV-9/VC-1), 

many MST cores are presented to  introduce a fully supported 

transform core for the H.264 standard ,including 8 × 8 and 4 

× 4 transforms. The eight-point and four-point transform 

cores for MPEG-1/2/4 and H.264 and cannot support the VC-1 

compression standard. In and , 8×8, 8×4, 4×8, and 4×4 

transform cores are shown for VC-1, whereas in ,and  MST 

cores supporting the MPEG-1/2/4, H.264, and VC-1 Standards 

are addressed. 
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1D DCT/IDCT 

The discrete cosine transform (DCT) helps separate the image 

into parts (or spectral sub-bands) of differing importance (with 

respect to the image's visual quality). The DCT is similar to the 

discrete Fourier transform: it transforms a signal or image from 

the spatial domain to the frequency domain  

 

DCT Encoding  

The general equation for a 1D (N data items) DCT is defined 

by the following equation:  

 

and the corresponding inverse 1D DCT transform is simple F-

1(u), i.e.:  

where  

 

The general equation for a 2D (N by M image) DCT is defined 

by the following equation:  

 

and the corresponding inverse 2D DCT transform is simple F-

1(u,v), i.e.:  

where  

 

The basic operation of the DCT is as follows:  

 The input image is N by M; 

 f(i,j) is the intensity of the pixel in row i and 

column j; 

 F(u,v) is the DCT coefficient in row k1 and 
column k2 of the DCT matrix. 

 For most images, much of the signal energy 

lies at low frequencies; these appear in the 

upper left corner of the DCT. 

 DCT is similar to the Fast Fourier Transform 
(FFT), but can approximate lines well with 

fewer coefficients. 

 

 Compression is achieved since the lower 
right values represent higher frequencies, and are 

often small - small enough to be neglected with 

little visible distortion. 

 The DCT input is an 8 by 8 array of integers. 

This array contains each pixel's gray scale level;  

 8 bit pixels have levels from 0 to 255.  

 Therefore an 8 point DCT would be:  

where  

 

 

 The output array of DCT coefficients 

contains integers; these can range from -1024 to 1023.  

 It is computationally easier to implement and 
more efficient to regard the DCT as a set of basis 

functions which given a known input array size (8 x 

8) can be precomputed and stored. This involves 

simply computing values for a convolution mask (8 x8 

window) that get applied (summ values x pixelthe 

window overlap with image apply window accros all 

rows/columns of image). The values as simply 

calculated from the DCT formula. The 64 (8 x 8) DCT 

basis functions are illustrated in below fig.  
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DCT/FFT Comparison  

Computing the 2D DCT  

 Factoring reduces problem to a series of 1D 

DCTs  

 apply 1D DCT (Vertically) to Columns.  

 apply 1D DCT (Horizontally) to resultant 

Vertical DCT above 

 or alternatively Horizontal to Vertical. 

 

The equations are given by:  

 

HMLL,L76 

 

Mathematical derivation of proposed Common 

sharing distributed Algorithm 

 

To gain better resorce sharing of inner product operation,The 

proposed CSDA method combines Factor Sharing and 

Distributed methods.To find FS and DA methods are described 

in the following. a.Mathematical derssivation of Factor Sharing 

The factor sharing method shares the same factor in different 

coefficients of applied input.consider two different elements s1 

and s2 with same input X as an example. 

 

S1=C1X , S2=C2X (1) 
 

Assuming the same factor Fs can befound in coefficients C1 

and C2 , S1 and S2 can be rewritten as follows. 

 

S1=(Fs2k1+Fd1)X 

S2=(Fs2k2+Fd2)X (2) 

Where k1 and k2 indicates the weight position of the sharing 

factor Fs in C1 and C2 respectively.Fd1 and Fd2 denote the 

remainder coefficients after extracting sharing factor Fs for 

C1 and C2 respectively. 

 
Fd1 = C1-Fs2k1 

Fd2 = C2-Fs2k2 (3) 

 

Mathematical derivation of Common sharing 

distributed arithmetic: 

 

The inner product for a general multiplication and 

accumulation can be written as 

                 L 

Y=AT X = ΣAiXi (4) 

                 i=1 

where Xi is input data,Ai is N-bit CSD coefficientit can be 
expressed as follow. 

 

 

 

                   L 

Where Yi = Σ AiXi ,Ai,j ∈ {-1 ,0,1} and 
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                 i=1 

j=0,…,(N-1).If Yj can be calculated by adding or subtrscting 

Xi with Ai,j ≠ 0. The product Y can then be obtained by 

shifting and adding everynon zero Yj. 

 

 1-D Common Sharing Distributed arithmetic-MST: 

 

Based on the proposed CSDA algorithm, the coefficients for 

MPEG-1/2/4, H.264, and VC-1 transforms are chosen to 

achieve high sharing capability for arithmetic resources. To 

adopt the searching flow, software code will help to do the 

iterative searching loops by setting a constraint with minimum 

nonzero elements. in this paper, the constraint of minimum 

nonzero elements is set to be five. After software searching, 

the coefficients of the CSD expression, where 1 indicates −1. 

Note that the choice of shared coefficient is obtained by some 

constraints. Thus, the chosen CSDA coefficient is not a global 

optimal solution. It is just a local or suboptimal solution. 
Besides, the CSD codes are not the optimal expression, which 

have minimal nonzero bits. However, the chosen coefficients 

of CSD expression can achieve high sharing capability for 

arithmetic resources by using the proposed CSDA algorithm. 

More information about CSDA coefficients for MPEG-1/2/4, 

H.264, and VC-1 transforms. 

. 

 

Fig.1.Architecture of proposed 1-D CSDA-MST  

 
Even part common sharing distributed arithmetic 

circuit: 

 

The SBF module executes for the eight-point transform 

anbypasses the input data for two four-point transforms. 

After 

the SBF module, the CSDA_E and CSDA_O execute and 

by 

feeding input data a and b, respectively. The CSDA_E 

calculates the even part of the eight-point transform, 

similar to 

the four-point Trans form for H.264 and VC-1 standards. 

Within the architecture of CSDA_E, two pipeline stages 

exist 

(12-bit and 13-bit). The first stage executes as a four-

input 

butterfly matrix circuit, and the second stage of CSDA_E 

then 

executes by using the proposed CSDA algorithm to share 

hardware resources in variable standards. 

 

 

 

Fig.2 

 

odd part of the eight-point transform and four-point 

transform 

for variable standards. It contains selection signals 

multiplexers (MUXs) for different standards. Eight adder 

trees with error compensation (ECATs) are followed by 

the CSDA_E and CSDA_O, which add the nonzero 

CSDA coefficients with corresponding weight as the tree-

like architectures. The ECATs circuits can alleviate 

truncation error efficiently in small area design when 

summing the nonzero data all together. 
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Fig.3 Architectre of odd part CSDA 

          EXPECTED OUTPUT 

           The CSDA-MST core can achieve high performance,          

with a high throughput rate and low-cost VLSI design, 

supporting MPEG-1/2/4, H.264, and VC-1 MSTs. By using the 

proposed CSDA method, the number of adders and MUXs in 

the MST core can be saved efficiently. Measured results show 
the CSDA-MST core with a throughput rate of 1.28 G-pels/s, 

which can support (4928 × 2048@24 Hz) digital cinema 

format with only 30 k logic gates. Because visual media 

technology has advanced rapidly, this approach will help meet 

the rising high-resolution specifications and future needs as 

well. 
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ABSTRACT - A new architecture of multiplier-and Accumulator 

(MAC) for high-speed arithmetic. By combining multiplication 

with accumulation and devising a hybrid type of carry save 

adder (CSA), the performance was improved. Since the 

accumulator that has the largest delay in MAC was merged into 

CSA, the overall performance was elevated. The proposing 

method CSA tree uses 1’s-complement-based radix-2 modified 

Booth’s algorithm (MBA) and has the modified array for the sign 

extension in order to increase the bit density of the operands. The 

proposed MAC showed the superior properties to the standard 

design in many ways and performance twice as much as the 

previous research in the similar clock frequency. We expect that 

the proposed MAC can be adapted to various fields requiring 

high performance such as the signal processing areas 

 

Keywords- Multiplier and accumulator, Carry save adder, 

Booth algorithm, Standard design         

 
 

I.INTRODUCTION 

Multiplication can be considered as a series of repeated 

additions. The number to be added is the multiplicand, the 

number of times that it is added is the multiplier, and the result 

is the product. Each step of addition generates a partial 

product. In most computers, the operand usually contains the 

same number of bits. When the operands are interpreted as 

integers, the product is generally twice the length of operands 
in order to preserve the information content. This repeated 

addition method that is suggested by the arithmetic definition 

is slow that it is almost always replaced by an algorithm that 

makes use of positional representation. It is possible to 

decompose multipliers into two parts. The first part is 

dedicated to the generation of partial products, and the second 

one collects and adds them. 

 

 

A.MULTPLIER AND ACCUMULATOR 

 

A multiplier can be divided into three operational steps. The 

first is radix-2 Booth encoding in which a partial product is 

generated from the multiplicand X and the multiplier Y. The 

second is adder array or partial product compression to add all 

partial products. The last is the final addition in which the 

process to accumulate multiplied results is included. 

  
Fig. 1: Signed Multiplication Algorithm 

 

It executes the multiplication operation by multiplying the 
input multiplier X and the multiplicand Y. This is added to the 

previous multiplication result Z as the accumulation step. If -

bit data are multiplied, the number of the generated partial 

products is proportional to N. In order to add them serially, the 

execution time is also proportional to N. The architecture of a 

multiplier, which is the fastest, uses radix-2 Booth encoding 

that generates partial products. If radix-2 Booth encoding is 

used, the number of partial products, is reduced to half, 

resulting in the decrease in Addition of Partial Products step. 

In addition, the signed multiplication based on 2‟s 

complement numbers is also possible. Due to these reasons, 
most current used multipliers adopt the Booth encoding. 
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2. PRESENT SCHEMES USED 

 
There are different methods present in this domain such as 

• Binary Multiplication 
• Array Multiplier 

• Multiplier and Accumulator Unit 

 

There are lot of disadvantages in the previous methods, such 

as low performance when number of bits are increased, there 

is a chance of mismatch of connection to perform different 

multiplications, additions with carry. 

 

A .BINARY MULTIPLICATION 

In the binary number system the digits, called bits, are limited 

to the set [0, 1]. The result of multiplying any binary number 
by a single binary bit is either 0, or the original number. This 

makes forming the intermediate partial-products simple and 

efficient. Summing these partial-products is the time 

consuming task for binary multipliers. One logical approach is 

to form the partial-products one at a time and sum them as 

they are generated. Often implemented by software on 

processors that do not have a hardware multiplier, this 

technique works fine, but is slow because at least one machine 

cycle is required to sum each additional partial product. 

 
Fig 2: Multiplication process 

 

For applications where this approach does not provide enough 

performance, multipliers can be implemented directly in 

hardware. The two main categories of binary multiplication 

include signed and unsigned numbers. Digit multiplication is a 

series of bit shifts and series of bit additions, where the two 

numbers, the multiplicand and the multiplier are combined 
into the result. Considering the bit representation of the 

multiplicand x = xn-1…..x1 x0 and the multiplier y = yn-

1…..y1y0 in order to form the product up to n shifted copies 

of the multiplicand are to be added for unsigned 

multiplication. The entire process consists of three steps, 

partial product generation and partial 

 

B.ARRAY MULTIPLIER 

 

The Fast power efficient circuit block switch-off scheme 

proposes a double switch circuit block switch scheme capable 
of reducing power dissipation during down time by shortening 

the settling time after reactivation. The drawbacks of this 

scheme are the necessity for two independent virtual rails and 

the necessity for two additional transistors for switching each 

cell. A power-aware scalable pipelined Booth multiplier 

design presents a multiplier using Dynamic Range Detection 

(DRD) unit. is used to select the input operand with a smaller 

effective dynamic range to yield the Booth codes. 

 
Fig 3: Array Multiplier 

 

There are three separate Wallace trees for the 4X4, 8X8, and 

16X16 multiplications. This will certainly induce area and 

capacitance penalties. Under a 0.13μm CMOS technology, this 

design can obtain a 20% power reduction over the 

conventional multipliers. But there is a 44% n area overhead. 

Partially guarded computation (PGC) divides the arithmetic 

units, e.g., adders, and multipliers, into two parts, and turns off 

the unused part to minimize the power consumption. 

 

C. MULTIPLIER AND ACCUMULATOR UNIT 
 

The inputs for the MAC are to be fetched from memory 

location and fed to the multiplier block of the MAC, which 

will perform multiplication and give the result to adder which 

will accumulate the result and then will store the result into a 

memory location. This entire process is to be achieved in a 

single clock cycle (Weste & Harris, 3rd Ed). The architecture 

of the MAC unit which had been designed in this work 

consists of one 16 bit register, one 16-bit Modified Booth 

Multiplier, 32- bit accumulator. To multiply the values of A 
and B, Modified Booth multiplier is used instead of 

conventional multiplier because Modified Booth multiplier 

can increase the MAC unit design speed and reduce 

multiplication complexity. SPST Adder is used for the 

addition of partial products and a register is used for 

accumulation. The operation of the designed MAC unit is as in 

Equation. 
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Fig: Simple MAC Architecture 

 

2.1. The product of Ai X Bi is always fed back into the 

32-bit accumulator and then added again with the next 
product Ai x Bi. This MAC unit is capable of 

multiplying and adding with previous product 

consecutively up to as many as times.  

   

 3. PROPOSED MAC 

 

If an operation to multiply two N-bit numbers and 

accumulate into a 2N-bit number is considered, the 

critical path is determined by the 2N-bit accumulation 

operation. if a pipeline scheme is applied for each step 

in the standard design of Fig ,the delay of last 
accumulator must be reduced in order to improve the 

performance of the MAC. 

 

 

 

 

 
 

Fig: Arithmetic Operation Of Multiplication And Accumulation 
 

The overall performance of the proposed MAC is improved by 

eliminating the accumulator itself by combing it with CSA 

function .if the accumulator has    been eliminated 

 the critical path is then determined by 

the final adder in the multiplier .The basic method to 

improve the performance of final adder is to decrease 
the no of input bits .In  order to reduce these no input 

bits ,the multiple partial products are compressed into a 

sum and carry by CSA .the number of bits of sums and 

carries to be transferred to the final adder is reduced by 

adding lower bits of sums and carries in advance within 

the range in which the overall performance will not be 

degraded. 

 

 
 

Fig: Hardware Architecture MAC 

 

A 2-bit CLA is used to add the lower bits in 

CSA .In addition to increase the output rate when 

Pipeling is applied ,the sum and carries from the CSA are 

accumulated instead of outputs from the final adder in 

the manner that the sum and carry from CSA in the 

previous cycle are inputted to the CSA .Due to this 
feedback of sum and carry ,the number inputs to the 

CSA increases compared to standard design .In order to 

efficiently the increase in the amount of data ,a CSA 
architecture is modified to treat the sign bit. 

 

 

III.A.CONVENTIONAL HARDWARE - 

IMPLEMENTATION OF BOOTH’S ALGORITHM 

 

In the circuit for a Booth multiplier the control 

signals ADD, SUB, ZERO, ADD x 2 and SUB x 2 

are generated from the multiplier operand Y using 

Booth encoding logic. Fig. shows a multiplexer for a 

single bit position of the multiplicand X. It consists 

of five trans- mission gate switches, which use the 

five control signals generated by a Booth encoder, to 

select the appropriate bit of the multiplicand or its 

inverse. Subtraction is per- formed using 2‟s 

complement addition. This involves adding the 
inverse of the multiplicand and adding a further „1‟ 

at the least significant bit (LSB) position for SUB and 

at the next most significant bit for SUB x 2. 
Fig: Standard 16-bit Booth Multiplier Architecture 

The standard 16-bit Booth multiplier block 
diagram, where the product is formed by summing 
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the outputs from the nine multiplexers in sequence. 

There is one multiplexer for each Booth encoder, 

and for unsigned arithmetic they are each 18 bits in 

length. Of the two extra zero-bits at the most 

significant end, one is required so that the MSB of 

the multiplicand is zero to indicate a positive 
number in the internal 2‟s complement format. The 

second is to allow for the left-shift in the ADD x 2 

and SUB x 2 operations. 

 
The „add‟ rows are rows of full adders which 

produce sum and carry outputs that are then used as 

inputs to the next row. There is no carry 

propagation along these rows. The first three 

multiplexers provide the inputs to the first adder row 

and thereafter a further multiplexer input, together 

with the sum and carry from the previous adder 

row, form the inputs to the next adder row. For the 

conventional Booth multiplier of Fig. , two extra 

adders, indicated by diagonal lines, are required at 
the least significant end of each adder row to add in 

the subtract flags from the preceding row. It is also 

necessary to sign extend (replicate the MSB) by two 

bits at each stage before it is added into the next stage, 

since each add row is left shifted by two bits with 

respect to the previous row. These sign extensions at 

each stage are, in total, equivalent to sign extending 

the multiplicand to the full width of the result. 

 

III.B.MODIFIED BOOTH ‘S ALGORITHM 

 

Multiplication consists of three steps: 1) the first 
step to generate the partial products; 2) the second step 

to add the generated partial products until the last two 

rows are remained; 3) the third step to compute the final 

multiplication results by adding the last two rows. The 

modified Booth algorithm reduces the number of partial 

products by half in the first step. We used the modified 

Booth encoding (MBE) scheme proposed in. It is known 

as the most efficient Booth encoding and decoding 

scheme. To multiply X by Y using the modified Booth 

algorithm starts from grouping Y by three bits and 

encoding into one of {-2, -1, 0, 1, 2}. Table I shows the 

rules to generate the encoded signals by MBE scheme 

and Fig. 1 (a) shows the corresponding logic diagram. 

The Booth decoder generates the partial products using 

the encoded signals as shown in Fig 

. 
Fig: Booth Encoder 

 

The below fig. shows the generated partial products 

and sign extension scheme of the 8-bit modified Booth 

multiplier. The partial products generated by the 
modified Booth algorithm are added in parallel using the 

Wallace tree until the last two rows are remained. The 

final multiplication results are generated by adding the 

last two rows. The carry propagation adder is usually 

used in this step. 

Booth multiplication is a technique that allows for 

smaller, faster multiplication circuits, by recoding the 

numbers that are multiplied. It is possible to reduce the 

number of partial products by half, by using the 

technique of radix-4 Booth recoding. The basic idea is 

that, instead of shifting and adding for every column of 
the multiplier term and multiplying by 1 or 0, we only 

take every second column, and multiply by ±1, ±2, or 0, 

to obtain the same results. The advantage of this method 

is the halving of the number of partial products. To 

Booth recode the multiplier term, we consider the bits in 

blocks of three, such that each block overlaps the 

previous block by one bit. Grouping starts from the 

LSB, and the first block only uses two bits of the 

multiplier. 

The PP generator generates five candidates of the 

partial products, i.e., {-2A,-A, 0, A, 2A}. These are then 

selected according to the Booth encoding results of the 
operand B. When the operand besides the Booth 

encoded one has a small absolute value, there are 

opportunities to reduce the spurious power dissipated in 

the compression tree 
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Fig: SPST equipped modified Booth encoder 

 

The multiplication first step generates from A and 

X a set of bits whose weights sum is the product P. For 
unsigned multiplication, P most significant bit weight is 

positive, while in 2's complement it is negative. 

 

 

 
 

 
 

Fig: Booth partial product selector logic 

   

 

The partial product is generated by doing AND 

between „a‟ and „b‟ which are a 4 bit vectors as shown 

in fig. If we take, four bit multiplier and 4-bit 

multiplicand we get sixteen partial products in which the 

first partial product is stored in „q‟. Similarly, the 

second, third and fourth partial products are stored in 4- 

bit vector n, x, y. 

 
CONCLUSION 

 

A 16x16 multiplier-accumulator (MAC) is 

presented in this work. A RADIX- 4 Modified Booth 

multiplier circuit is used for MAC architecture. 

Compared to other circuits, the Booth multiplier has the 

highest operational speed and less hardware count. The 

basic building blocks for the MAC unit are identified 

and each of the blocks is analyzed for its performance. 

Power and delay is calculated for the blocks. 1-bit MAC 

unit is designed with enable to reduce the total power 
consumption based on block enable technique. Using 

this block, the N-bit MAC unit is constructed and the total 

power consumption is calculated for the MAC unit. 

 

Future Work: The current analysis produces high accuracy for 

the fixed width output product which is of length 2n - bits i.e. n 
multiplicand n multiplier produce 2n - bit output product. There is 

a further need to produce high accuracy for the fixed width of half 
,quarter, one by eighth and one by sixteenth of the product term 

bits. The above need is satisfied by means of comparator and 
asorting network which uses minimum number of logic gates. 
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Abstract—The process of encryption translate the orignal 

data into a secret code.it is the most effective way to achieve tha 

data security. To read an encrypted file, one must have an asses                               

to a secret key or password that enables us to decrypt the 

information. The unprossed data is called plain text, the 

encrypted data is refer to as the cipher text. There are various 

algorithms available in-cryptography like MARS, RSA, 

TWOFISH, SERPENT & RIJNDAEL. AES is a variant of 

rijndeal which has fixed block size of 128 bits, and a key size 128, 

192, 256 bits. By contrast, the rijndeal algorithm in itself is 

specified with block key size that may be any multiple of 32 bits 

both with a minimum of 128 & amaximum of 256 bits, the 

advantages of AES are it is the symmetric iterative algorithm, 

prosses dataas block of 4 columns of 4bits, operats on entire data 

block is a every round encryption key. This cryptographic 

technic not only brings high data security due its increase key 

length but also make decreption prosses more immune towords 

the problem of breaking key. This work discuse the methology to 
impliment a  128 bits version of AES on FPGA.  

Keywords—component; formatting; style; styling; insert (key 

words) 

    Introduction  
the AES- Information technology and widespread used, the security of 

sensitive data on Internet isespecially important. Traditional cryptographic 

methods have failed to meet the requirements, especially to its security, speed 

and efficiency. AES (Advanced Encryption Standard), also known as the 

Rijindael Cryptography, is a block encryption algorithm recommended by the 

NIST (National Institute of Standards and Technology) following the DES 

(Data Encryption Standard) and 3DES.     AES has been extensive analyzed 

and widely used. Currently, it has become one of the popular algorithms in the 

symmetricthe different lengths of the key, AES can be divided into AES-128, 

AES-192, AES-256. Till now, there have been many studies on AES 

implementations. Hammad designed a pipeline structure, with up to 39 GB/s 

throughput, up to 10662 slice hardware resource consumption. According to 

the different lengths of the key, AES can be divided into AES-128, AES-192, 

AES-256. Till now, there have been many studies on AES implementations. 

Hammad designed a pipeline structure, with up to 39 GB/s throughput, 

up to 10662 slice hardware resource consumption [1]. Zhang also used the 

pipeline structure to achieve 128 encryption circuit, using RAM to store S-

box, with up to 34 GB/s throughput. The cost of the hardware resources is up 

to 2389 slices and 200 RAM [2]. As we can see, even though the pipeline 

structure can achieve high performance, but for Gigabit Ethernet applications, 

the required bandwidth islimited, the overcome performance will waste the 

resources. 

    In the other hand, it can only realize AES-128 [3-5]. Above 

all, in this paper, we give a reconfigurable AES on the FPGA 

(Field Programmable Gate Array) without changing hardware 

conditions. Depending on the application requirements, it can 
flexibility choose different key lengths for encryption and decryption 

according to different needs. Firstly, this paper provides an analysis of 

framework of the AES algorithm. Secondly, we put forward reconfigurable 

hardware implementation of AES-128, AES-192, AES-256. Lastly, we take 

the project to prove the validity of this design and illustrate that the algorithm 

rate can be increased. Compared to the other implementations with the 

different key length, this design can efficiently reuses the function modules, 

greatly reduce the area of the circuit and meet the needs of data exchange-rate 

of Gigabit Ethernet. 

A.FRAME WORK OF AES  

According to Rijindael, every group of AES length is fixed at 128 bit, key 

length is 128, 192 or 256 bits. It is a kind of block cipher algorithms. The 

number of encryption or decryption rounds is depended on the different key 

length. The relationship between AES algorithm rounds and key 

length is shown in table I 

 
      TABLE I. AES ALGORITHM ROUND AND KEY LENGTH  

                             
As shown in Fig. 1,                                                                             

each round of AES encrypted loop 
               (except the final round) consists of 4 steps: 

 Add Round Key Step. Every byte in the matrix has 
                been doing operations xor with the rotation key 
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               (round key), and each round key is generated by the 

               key generation algorithm. 

 Sub Bytes Step. Though using a nonlinear function, 
                each byte is replaced with the corresponding bytes. 

                Sometimes it can be achieved by looking up in the 

                table. 

 Shift Rows Step. Shift each line according to certain 

                MixColums Step. To fully mixed operation of 
                individual row in a matrix, this step uses a linear 

                transformation to be mixed within each of the four 

                bytes. AES is simple, easy and flexibility. Strong                

               function has good parallel characteristics which are 

 accommodate to hardware design and 

implementation. 

 

 

 
In the process of the encryption, it should omit them MixColumns step in the 

last encrypted loop and be replaced by another Add Round Key Step. The 

decryption process is the reverse of the encryption. More detail information 

can be found in the paper [6]. 

 
III. RECONFIGURABLE AES ENCRYPTION/DECRYPTION 

CIRCUIT 

 

A .Architecture of Encryption/Decryption CircuIt 
          Using hardware in realizing cryptographic algorithms have been more 

and more popular and important. Compared with the traditional software 

realization, hardware has thefollowing advantages: a) having good security, 

not easy to beattacked; b) calculation in high speed and high efficiency; c) 

low cost, reliable performance.In order to design and achieve different key 

length of the AES on the same cipher, this design uses the id 

reconfigurable hardware, introduces a state machine, uses a 
controller to keep down the SubBytes module, the ShiftRows 

modul MixColums module and the AddRoundKey module. 

This structure can meet the users’ needs of the three different 

key lengths of AES dynamically. As shown in Fig. 2, the 

design of AES top module, key encryption generation 

Encryption/Decryption modules are controlled by the 

controller.                   

                                                                                                   

B. Each Module Based on FPGA Design 
 
1) SubBytes and InvSubBytes: SubBytes is based on the  

inverse operation over finite fields (inverse operation is the  only nonlinear 

transformation in AES algorithm). In thiM paper, we use inverse operation 

and affine transformations  to design SubBytes instead of using S-box. 

 

2) RhiftRows and InvShiftRows: RhiftRows is a step that  it 

makes every row of the data block, 4×4bytes, shift circularly. InvShiftRows is 

the inverse operation of ShiftRows. In order to reduce the data reading 

frequency, improving the efficiency of data encryption and decryption, the 

design usually combine SubBytes and ShiftRows module, InvShiftRows and 

InvSubBytes modules 

 

3) Mixcolumns and InvMixcolumns: Mixcolumns and 

InvMixcolumns transformation matrix are shown in Fig.9 & 

Fig.10. Enter the status column in the matrix (a0j, a1j, a2j, 
Ma3j)T, through the (counter) mixing, the columns are 
transformed into the output matrix analyses the realization 

methods of Mixcolumns and InvMixcolumns. In terms of 
resource consumption, bothmixcol-sb is at least, as 398 LUT. 
Through comparing the two modules, Mixcolumns containing 

InvMixcolumns, so we combine these two operations. This 

paper introduces the realization of InvMixcolumns unlike [8]. 

It uses less hardware resource. Here is the analysis and 

implementation. In the design of Mixcolumns and 

InvMixcolumns, the method of table look-up which runs so 

fast can replace the multiply operation, but it cost so much 

hardware resources. Defines a table contains 256 bytes, named 

X2, to achieve 8 bits input and 8 bits output, making 

X2[i]=02i. 
    This operation is frequently used when hardware resources is 

sufficient.The circuit use 8 LUT to complete the 8-8 transform. We put 8bits 

into the upper 4 bits and the lower 4bits, respectively as the addresses of the 

RAM that is made 

of 4LUT. Then combine the two output data (8bits).To sum 

up, the 8-8 transformation is completed. (as shown in Fig.11). Key expansion 

module is responsible for each round of 

the key. They usually have two ways, internal extensions and 

external extensions. Using external extensions, we just follow the Rijndael 

fazed, and then expand into the chip. Using the internal expansion, 

consideration must be given to the key expansion speed, run time must be less 

than the encryption and decryption, and otherwise it will be error. But with 

external key extension, there requires large amounts of storage space to store 

the intermediate keys, increasing the storage costs. Now many proposals use 

internal expansion in key expansion module [8]. It is necessary to control 

cryptographic operations using state machines and key synchronization 

extension. In decryption operation uses a external expansion, that is, before 

we decrypt the cipher text will first find the encryption key, stored in the 

corresponding register. This advantage is only in the design of design 

cryptographic key expansion module, but not in the additional decryption 

 key generated module. The drawback for the excessive number of registers 

holds a key, and consumes hardware resources area when we use the internal 

expansion.As shown in Fig. 1, each round of AES encrypted loop (except the 

final round) consists of 4 steps: Add Round Key Step. Every byte in the 

matrix has been doing operations x or with the rotation key (round key), and 

each round key is generated by the key generation algorithm. SubBytes Step. 

Though using a nonlinear  function, each byte is replaced with the 

corresponding bytes. Sometimes it can be achieved by looking up in the 

table.ShiftRows Step. Shift each line according to certain                         

Srules. MixColums Step. To fully mixed operation of individual row in a 

matrix, this step uses a linear transformation to be mixed within each of the 

four bytes. AES is simple, easy and flexibility. Strong round function has 

good parallel characteristics which are accommodate to hardware design and 

implementation. 
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 dimensionally. If you must use mixed units, clearly state the units for 
each quantity that you use in an equation. 

 Do not mix complete spellings and abbreviations of units: “Wb/m2” 
or “webers per square meter,” not “webers/m2.” Spell units when they 
appear in text: “...a few henries,” not “...a few H.” 

A. Equations 
 

The structure of InvMixcolumns is similar to Mixcolumns, but the coefficient 

of the InvMixcolumns is different from Mixcolumns. So it is waste of 

resource to additionally defined another table for InvMixcolumns. 

Through analysis, the Mixcolumns quantic c(x) and the InvMixcolumns 

quantic d(x) meet the relationship as 

d(x) (04x2 05)c(x)(mod x4 01)  

 
provided by the drop down menu to differentiate the head   from the text. Text 
heads organize the topics on a relational, hierarchical basis. For example, the 

paper title is the primary text head because all subsequent material 
relates and elaborates on this one topic. If there are two or more 
sub-topics, the next level head (uppercase Roman numerals) 
should be used and, conversely, if there are not at least two 
sub-topics, then no subheads should be introduced. Styles 
named “Heading 1,” “Heading 2,” “Heading 3,” and “Heading 
4” are prescribed. 
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Abstract— Emotion recognition based on speech signal is used to 

know the state of person. There is different state of emotions. 

Happy, sad, angry and neutral are the primary emotions of a 

human being are analyzed by speech patterns.   In today’s era 

based on human emotion many research are going on. In the field 

of pattern recognition and speech signal processing in recent 

years etc. speech recognition by using the Mel-Scale Frequency 

Cepstral Coefficients (MFCC) extracted from speech signal of 

spoken words. Support vector machine (SVM) provides better 

result.   
 

Keywords— MFCC; Support vector machine (SVM);speech 

features. 

I.  INTRODUCTION  

The human emotions are expressed through speeches and 
one can judge the emotion of the speech if he is a human, but 
if we want to make a machine that understands the emotion, 
we need to design an algorithmic approach as a solution to the 
problem. The algorithm is a two stage approach the first is to 
extract features from the speech signal that corresponds to the 
emotional state of the speaker, and the second is to classify the 
extracted features into proper emotional state. The accuracy of 
this type of system is depended upon the accuracy of both the 
stages, if the features extracted are not proper emotional 
features, then the system fails, and if the classifier is unable to 
classify properly, then also the system fails. A lot of research 
has been done in the field of pattern recognition which has 
resulted in development of some good classifiers like Neural 
Networks, Support Vector Machine, Hidden Markov Model, 
Gaussian Mixture Model, etc. so we have a lot of options for 
the latter part of the algorithm therefore our main interest is to 
find the proper technique for emotional features in the speech 
signals. A speech signal, once recorded is simply a digital 
signal so when it comes to feature extraction we have different 
methods that are discussed in this paper and later the 
emotional features. Speech is a complex signal which contains 
information about the message, language and emotions. 
Speech signals produced by human being are time varying 
signal and it is random in nature. Emotions in the human being 

is an individual mental state that arises spontaneously due to 
extra excitation rather than through conscious effort. There are 
various kinds of emotions can be detected from speed signal 
by doing scientific research on it. During this, the basic 
problem is to cover the gap between the information which is 
captured by a microphone, corresponding emotion, and model 
the specific association. This gap can be reduce minimizing 
various emotions in few, like anger, happiness, sadness, 
surprise, fear, and neutral. The important fact regarding 
emotions is that it produced in the speech from the nervous 
system consciously or unconsciously. Emotions from the 
speech recognition is a system which basically identifies the 
mentally as well as physical state of human being from his or 
her voice [1]. Emotion recognition is having more attention 
due to the number of applications in various domains like 
detecting frustration, disappointment, surprise/amusement etc. 
There are many feature vectors are used towards automatic 
recognition of emotion in speech. Therefore, a proper choice 
of feature vectors is one of the most important tasks in the 
process. The feature vectors can be distinguished into the 
following four groups: continuous, qualitative, spectral (e.g., 
MFCC), and TEO autocorrelation envelope area [2]. For 
classification of speech, the methodologies are as follows: 
HMM, GMM, ANN, k-NN, and several others. In addition to 
this their combination are used which enhance the advantages 
of each classification technique. After studying the related 
literature it can be identified that, the vector feature sets which 
is mostly employed are comprised of pitch, MFCCs, and 
HNR. Apart from this, the HMM technique is most widely and 
effectively used by the researchers due to its characteristics 
effectiveness. Paper [3] computes speech features that 
represent entire utterance using the determined average values 
which belong to time and frequency domain. For the 
classification of unknown speech samples used methods are 
vector quantization, ANN and GMM. One of researcher has 
developed an emotion recognition system which comprise of 
combination of both statistic and temporal features. GMM and 
HMM are combined, which is then provided to a Bayesian and 
an MLP classifier. Their feature set was combination of F0, 
feature contours of log energy, and syllable time period. A 
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different method is followed in paper [4], a variety of 
descriptors (MFCC, prosodic, speech quality and articulatory) 
is computed on frame as well as on turn level for further 
analysis. they used a GMM classifier during the frame level 
analysis, while for turn level SVM classifier was used. The 
BERLIN Emotional Speech database, as well as the Speech 
Under Simulated and Actual Stress (SUSAS) Database were 
used. They achieve average recognition rates of the order of 
89.9 and 83.8 percent respectively. Last but not least, an 
interesting approach is used in [5], sentence-level emotion 
recognition is investigated. Segment level emotion classifier 
used to predict segments within a sentence. Second component 
in this process combines the predictions from the segments to 
obtain a sentence level decision. Different segments (words, 
phrases, time-based) and different decision combination 
methods (majority vote, average of probabilities, and a 
Gaussian Mixture Model (GMM)) were evaluated and results 
show that proposed method significantly gives the standard 
sentence-based classification approach. In addition to this 
regards, they analyze that the time based segments provides 
best output, which is important to develop language dependent 
emotion recognition systems.  

The paper is organized as it describes the overall structure 
of the speech emotion recognition, different feature extraction 
and the details about the feature selection and classification 
schemes which could be use in the speech emotion 
recognition. 

II. Speech Based Emotion Recognition System 

Speech based emotion recognition is tends to identification 

the emotional state of a human being from his or her voice. It 

is based on in-depth analysis and generation mechanism of 

speech signal, extracting related parameters which contain 

emotional information from the speech sample, and adaption 

of appropriate pattern recognition methods to identify 

emotional states.  

 
Fig.1 Speech Based Emotion Recognition System 

Above figure shows main components in the speech based 

emotion recognition system. Like typical pattern recognition 

systems, speech emotion recognition system also contains four 

main modules: speech input, feature extraction, feature 

selection, classification, and output. Since a human cannot 

classify easily natural emotions, it is difficult to expect that 

machines can offer a higher correct classification. A typical 

set of emotions contains 300 emotional states which are 

decomposed into six primary emotions like anger, happiness, 

sadness, surprise, fear, and neutral. Success of speech emotion 

recognition depends on naturalness of database. [2] There are 
six databases available: two publicly available ones, the 

Danish Emotional Speech corpus (DES), Berlin Emotional 

Database (EMO-DB), four databases from the Interface 

project with Spanish, Slovenian, French and English 

emotional speech. All of these databases contain acted 

emotional speech. With respect to authenticity, there seems to 

be three types of databases used in the SER research: type one 

is acted emotional speech with human labeling. This database 

is obtained by asking an actor to speak with a predefined 

emotion. A recently strong objection has been emerged against 
the use of acted emotions. It was shown that acted and 

spontaneous samples differ in the view of features and 

accuracies [6], second one is authentic emotional speech with 

human labeling. This databases are coming from real-life 

systems (for example call-centers) and type third is elicited 

emotional speech with self-report instead of labeling. Where 

emotions are provoked and self-report is used for labeling 

control. [7] Seemingly, different types of databases are 

suitable for different purposes. Type first still can be of use in, 

some cases where mainly theoretical research is aimed, rather 

that construction of a real life application for the industry. 

 

III. Feature Extraction and Selection 
 

Speech signal composed of large number of parameters which 

indicates emotion contents of it. As the changes occur in these 

parameters that indicate changes in the emotions. Therefore 

proper choice of feature vectors is one of the most important 

tasks to get proper output. There are many approaches towards 

automatic recognition of emotion from speech signal. Feature 

vectors can be classified as a long-time and short-time feature 
vectors. The long-time are estimated over the entire length of 

the utterance, while the short-time ones are determined over 

window of usually less than 0.1µs. The long-time approach 

identifies emotions more efficiently than short time. Short 

time features uses interrogative phrases which has wider pitch 

contour and a larger pitch standard deviation. Most common 

features used by researchers are Energy and its related 

parameter. The Energy is the basic and one of the most 

important parameter in speech signal. We can obtain the 

statistics of energy in the whole speech sample by calculating 

the energy, such as mean value, average value, max value, 
variance, variation range, contour of energy [1]. 

 

Pitch and related features: 

 

The value of pitch frequency can be calculated in each speech 

frame and the statistics of pitch can be obtained in the whole 

speech sample. These statistical values reflect the global 

properties of characteristic parameters. Each Pitch feature 

vector has the same 19 dimensions as energy. 

 

Qualitative Features: 

 
An emotional content of an utterance is strongly 

related with its voice quality. The voice quality can be 

numerically represented by parameters which are estimated 

directly from speech signal. The acoustic parameters related to 

speech quality are: (1) Voice level: signal amplitude, energy 

and power of signal and duration i.e frequency, period are 

reliable measures of voice level; (2) voice pitch; (3) phrase, 
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phoneme, word and feature boundaries; (4) temporal 

structures. [2] 

 

 

Linear Prediction Cepstrum Coefficients (LPCC): 

 
LPCC are consists of characteristics of particular 

channel of speech. A Person with different emotional speech 

will have different channel characteristics, so we can extract 

these coefficients to identify the emotions in the speech. The 

computational method of LPCC is usually a recurrence of 

computing the linear prediction coefficients (LPC), which is 

according to the all-pole model. 

 

Mel-Frequency Cepstrum Coefficients (MFCC): 

 

  MFCC is based on the characteristics of the human 

ear’s hearing, which uses a nonlinear frequency unit to 
simulate the human auditory system. Mel frequency scale is 

the most widely used with a simple calculation, good ability of 

the distinction, anti-noise and other advantages [8]. The 

Discrete Wavelet Transform offers the best solution for 

emotional state identification applications. By employing 

feature extraction technique we can extract number of features 

from speech signal. To achieve accurate identification of 

emotion state, classifier should provide with single best 

feature. Therefore there is need of systematic feature selection 

to reduce unwanted features from the base features. For best 

feature, Forward Selection method can be applied. The 
remaining features can be used by classifier to increase 

classification accuracy. [2] 

 

 

IV. Classifier Selection 
 

The selection of classifier is depends on the geometry 

of the input feature vector. Some classifiers are more efficient 

with certain type of class and some are better at dealing with 
many irrelevant features or with structured features. 

Comparison in performance of classifiers can be done on the 

same large and representative database. Most advanced 

researches on a speaker independent mode achieve recognition 

rates from 55% to 95%, whereas humans could hardly reach 

emotion recognition rates of about 60% from unknown 

speakers [4]. Various Classifiers used by researchers are K-

nearest Neighbors (KNN)[1], hidden Markov model(HMM), 

Gaussian mixtures Model (GMM), support vector machine 

(SVM) and artificial neural net (ANN). HMM has been 

studied long time by researchers for speech emotion 

recognition, as has advantage on dynamic time warping 
capability. Moreover, it has been proved useful in dealing with 

the statistical and sequential aspects of the speech signal for 

emotion recognition [10]. However, the classify property of 

HMM is not satisfactory. Gaussian mixture model allows 

training the desired data set from the databases. GMM are 

known to 

capture distribution of data point from the input feature space, 

therefore GMM are suitable for developing emotion 

recognition model when large number of feature vector is 

available. Given a set of inputs, GMM refines the weights of 

each distribution through expectation-maximization algorithm. 

GMMs are suitable for developing emotion recognition 
models using spectral features, as the decision regarding the 

emotion category of the feature vector is taken based on its 

probability of coming from the feature vectors of the specific 

model. Gaussian Mixture Models (GMMs) are among the 

most statistically matured methods for clustering and for 

density estimation. They model the probability density 

function of observed data points using a multivariate Gaussian 

mixture density. [11] Another common classifier, used for 

many pattern recognition applications is the artificial neural 

network (ANN). They are known to be more effective in 

modeling nonlinear mappings. Also, their classification 

performance is usually better than HMM and GMM when the 
number of training examples is relatively low. Almost all 

ANNs can be categorized into three main basic types: MLP, 

recurrent neural networks (RNN), and radial basis functions 

(RBF) network. The classification accuracy of ANN is fairly 

low compared to other classifiers. The ANN based classifiers 

may achieve a correct classification rate of 51.19% in speaker 

dependent recognition, and that of 52.87% for speaker 

independent recognition. [2] One of the important classifiers is 

the support vector machine. SVM classifiers are mainly based 

on the use of kernel functions to nonlinearly map the original 

features to a high dimensional space where data can be well 
classified using a linear classifier. SVM classifiers are widely 

used in many pattern recognition applications and shown to 

outperform other well-known classifiers [8]. SVM has shown 

to have better generalization performance than traditional 

techniques in solving classification problems. The accuracy of 

the SVM for the speaker independent and dependent 

classification are 75% and above 80% respectively [1, 8]. 

There are many other classifiers used for speech emotion 

recognition such as k-NN classifiers fuzzy classifiers, and 

decision trees. The GMM and the HMM, are the most used 

ones for speech emotion recognition. The performance of 

many of them is not significantly different from the above 
mentioned classification techniques recognition, and that of 

52.87% for speaker independent recognition. [2] 

 

B. SVM training and classification 

 

Now once we have a set of features available with us 

we can take use of the classifiers to distinguish between the 

different emotional states. Now we take use of the multiclass 

SVM classifier for classification purpose. First we train the 

classifier with some inputs of different emotional states. After 

training the classifier, we can use it for recognizing the new 
given input. The process of SVM training contains labeling of 

extracted features and training SVM. In the training process, 

every extracted feature has to assign an associated class label. 

The SVM is trained according to this labeled feature. The 

SVM kernel functions are used in the training process of 
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SVM. The result can be improved if we use all the above 

features properly. One of the important classifiers is the 

support vector machine. SVM classifiers are mainly based on 

the use of kernel functions to nonlinearly map the original 

features to a high dimensional space where data can be well 

classified using a linear classifier. SVM classifiers are widely 
used in many pattern recognition applications and shown to 

outperform other well-known classifiers [8]. SVM has shown 

to have better generalization 

performance than traditional techniques in solving 

classification problems. The accuracy of the SVM for the 

speaker independent and dependent classification are 75% and 

above 80% respectively [1, 8]. 

 

Conclusion : 

 

In this paper, most recent work done in the field of 

Speech Emotion Recognition is discussed. Most used methods 
of feature extraction and several classifier performances are 

reviewed. Success of emotion recognition is dependent on 

appropriate feature extraction as well as proper classifier 

selection from the sample emotional speech. It can be seen 

that Integration of various features can give the better 

recognition rate. Classifier performance is need to be 

increased for recognition of speaker independent systems. The 

application area of emotion recognition from speech is 

expanding as it opens the new means of communication 

between human and machine. It is needed to model effective 

method of speech feature extraction so that it can even provide 

emotion recognition of real time speech.  
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Abstract-Face tracking plays major role in many computer 

vision and relative fields, such as robot vision, intelligent 

meeting and video surveillance systems. However, in practice, a 

face tracker often fails to track target under various 

environmental condition. Therefore a good face tracking 

algorithm of real-time and robustness becomes a challenging 

task. These problems are overcome in improving the camshift 

algorithm. Application of this is used in medical fields such as 

it is more useful for physically disable person having face 

movements. The user is ready to use a mouse and open and 

close a file. 

Keywords: Face tracking , real-time and robustness ,camshift 

algorithm. 

I. Introduction 

Gestures recognition system has now become a 

significant part of human-computer interaction. 

Gestures can be  formed  from any bodily motion 

or but   most commonly it originates from the face 

or hand. A gesture is a movement of the body parts 

that has got information about the feelings.  

Example is waving your hand to say good bye. 

Pressing keys on the keyboard does not indicate 

any gesture. All that matters is which key was 

pressed. The definition of gesture has still 

remained an arbitrary term as it has been defined 

by many scholars in different ways .A system that 

automatically detects and recognizes human head 

gestures such as nodding and shaking in complex 

background conditions using Web camera under 

uncontrolled conditions is head gesture 

recognition. The output of a particular procedure is 

measured in terms of Performance improvement, 

and then the procedure is modified to increase the 

output,and efficiency also, or increase the 

effectiveness of the procedure. Face detection is a 

technique that finds out the locations and also the 

size of human faces in digital images. It detects 

face and other things are ignored by it, such as 

buildings and trees for instance. Face detection can 

actually be considered as a more general case 

of face localization. In face localization, the task is 

to find the locations and sizes of a known number 

of faces (usually one). In face detection, first face 

is processed and then it is matched bitwise with 

the underlying face image in the database. Even a 

little change in facial expression, such as smile and 

movement of lips, will not match the face. Face 

detection can be considered as a specific case 

of object-class detection. In object-class detection, 

the main task is to find the locations and sizes of 

all objects in an image that belong to a given class. 

Best instances include upper torsos, pedestrians, 

and cars. Face-detection algorithms focus on the 

detection of frontal human faces. It is similar to 

image detection in which the image of a person is 

matched bit by bit. Image matches with the image 

stores in database. Any facial feature changes in 

the database will invalidate the matching process’ 

I.1CAMSHIFT 
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The Camshift algorithm actually depends on the Mean 

Shift algorithm. The working of mean shift algorithm 

is based on statistics distribution. Camshift also 

depends on dynamically changing 

distributionsCAMSHIFT's is able to handle dynamic 

distributions by readjusting the search window size for 

the next frame based on the zeroth moment of the 

current frames distribution. So the algorithm can 

anticipate object movement to quickly track the object 

in the next scene. The CAMSHIFT algorithm is a 

variation of the MEAN SHIFT algorithm. CAMSHIFT 

works by tracking the hue of an object, in this case, 

flesh color. The movie frames were all converted to 

HSV space before individual analysis. 

I.2 SURF 

In image recognition technology, Speeded Up Robust 

Features (SURF).It is used for object recognition. It is 

partly inspired by the scale invariant feature 

transform (SIFT) descriptor. In order to determine the 

interest point hessian blob determinant is used by 

SURF. 

SURF descriptors can be used to locate and identify 

objects, people or faces, to make 3D scenes, to track 

objects and also to extract points of interest. The surf 

algorithm is work as shown in fig. 1 

 

Fig.Flow chart of SURF algorithm. 

I.3ADVANCED CAMSHIFT 

First  of all  the position and the size of search window 

of the object is initialized 

After that the image is converted from RGB color 

space to YIQ color space, and then the object 

back projection is calculated. Next is to calculate the 

centroid within the search window, and then regard the 

centroid as the center of the track window. 

 Return to above step, the iteration will be stopped 

when the moving distance is less than the 

threshold value or has reached a certain number of 

iterations to converge. 

In the next frame of video image, with the center 

which was saved in previous steps to  again re-

initialize 

the size and position of the search window, and next  

step is to calculate window size, the size of width 

of search window is: w = 2* sqrt(M00 /256) 

Jump to the Step second and  then repeat the operation. 

However,  improvedCamshift can eliminate these 

effects of thebackground and similar skin-color and 

becomes more robust to noise. 

Although, we have been solved the effects of 

background, when the other object appears around 

the object, CamShift algorithm will  thus  

automatically include  similar skin-color, so  the 

window will 

expand . So, Surf algorithm will also be employed. 

 

II.LITERATURE REVIEW 

1)Parth B. Pancha ,Vimal H. Nayak,  “A Hand 

Gesture Based Transceiver System for Multiple 

Application”IEEE SPONSORED 2ND 

INTERNATIONAL CONFERENCE ON 

ELECTRONICS AND COMMUNICATION 

SYSTEM (ICECS 2015) 

Research in hand gesture recognition aims to design 

and development of such systems than can identify 

explicit human gestures as input and process these 

gesture representations for device control through 

mapping of commands as output. Various different 

messages can be displayed on touch screen LCD and it 

can be change according to change in accelerometer 

position or different angles of accelerometer. 

 

2)Danchi Huang, and Lijuan Li, “Face Tracking 

Algorithm Based on Improved Camshift and Surf 

Algorithm”, Journal of Computational Information 

Systems 11: 3 (2015) 893 - 901. 

This method can track object correctly, although it is 

occluded by the similar skin-colour objects. In this 

method, using the twice-matching to match the object, 

and update the template, so that the object can be 
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finding correctly when the appearance of the object is 

changed.When the object is lost, the algorithm can 

refund it quickly and continue tracking. 

Improvement of this algorithm is needed to better 

match the object with other features. 

3)Yu HuiQiu, Jian Wei Zhang, Guang Lin, Yong 

Hui Li, and Dong FaGao, “Improved 

camshifttracking algorithm based on motion 

detection”, Proceedings of the 2013 International 

Conference on Machine Learning and Cybernetics, 

Tianjin, 14 - 17 July, 2013. 

In this paper, it is given that when calculating the 

colour histogram of a target within the rectangular box, 

it adds a mask layer to remove background pixels 

around targets. When calculating the back projection, 

it adds a mask layer to remove all background pixels 

within the window to eliminate the interference of 

similar colour in the background.This improved 

algorithm utilizes the colour feature better and keeps 

the tracking right even when background interference 

exists. The performance of the proposed depends on 

the accuracy of the moving object detection.  

 

P. Jia, H. Hu, T. Lu, and K. Yuan, “Head Gesture 

Recognition For Hands Free Control of an 

Intelligent Wheelchair”, Industrial Robot: An 

International Journal 34 / 1 (2007) 60 - 68 [ISSN 

0143 - 991X] [DOI10.1108 / 01439910710718469]. 

A Novel hands-free control system for intelligent 

Wheelchairs based on visual recognition of head 

gesture.Adaboost face detection algorithm &Camshift 

object tracking algorithm are combined in this paper to 

achieve accurate face detection, tracking, & gesture 

recognition in real time.  Evaluation in both indoor & 

outdoor environments is not done.Several conditions 

such as cluttered background, changing lightning 

conditions, sunshine, and shadows are not taken in 

consideration. 

.III.Design Methodology 

Face tracking plays  an important role in recognizing 

the face .But sometimes it also happens that the 

algorithm can also track the face in the  incorrect 

manner.First of all, the face is detected in real time. 

Then the gesture is recognized. The following things 

are done to  carry out the further steps.  . 

 Basic camera interface is implemented 

  Basic algorithm for face detection is 

implemented 

 Study and implementation of real time 

face detection using Camera  

 Study and design of gesture recognition 

for different gesture based on face. 

 

IV.CONCLUSION 

Face recognition is a complex task to perform. 
Face recognition should be done in a robust 

manner to correctly detect the face. So we 

have  implemented the  improved CAM shift 
algorithm  to make the face recognition  a 

robust task. 
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Abstract—Real time Object tracking is important task in video 

surveillance, human–computer interaction, traffic pattern 

analysis and robotics. The proposed modified mean shift 

algorithm is used for continuous tracking in complex situations, 

such as the shape and the illumination of the object change. The 

mean shift algorithm is utilized here to detect the object target 

area, and then a decision on the tracking effect is made. If 

tracking fails, the object area is matched with the target model 

and a new track position is identified. Otherwise, the target 

model is periodically updated according to the changing of state 

of moving object. In the frame of moving object target 

deformations, such as the uncertainity of scale and illumination, 

the algorithm is varified and analysed with the mean shift 

algorithms. Our emphasis will be there on to show, the proposed 

method can effectively track an object under the condition of 
videostreamming. 

Keywords—component; formatting; style; styling; insert (key 
words) 

I. INTRODUCTION  

 The object tracking is an important elementary 

operation in several computer vision-based applications 

including, video monitoring and surveillance, sensing in 

robotics, key-frame identification, and many more. Object 

tracking is a mechanism to track an object and to take an 

action on another object, based on changes occuring in the 

properties of the object being tracked.There has been a great 

increase in the availability and amount of video information 

due to the ever increasing use of videos in several applications 

such as activity recognition, visual surveillance and 

intelligence user interface. 
 Object tracking becomes important because of its 

several important applications such as: surveillance and 

Security -to serve better sense of security service, to identify 

people; Traffic management - to analyze crowd, to detect 

accidents; Retail space instrumentation - to analyze shopping 

behavior of customers, to enhance building and environment 

design; 

 Tracking of visual objects can be done either by 

forward-tracking or by back-tracking.The first and foremost 

step is to detect the moving object in video streams. We can go 

for three approaches in object tracking: 

 Extraction of characteristics which resembles points, lines, 

segment from image sequences. In this case tracking stage 

relies on matching procedures every time this resembles 

Feature based methods. 

 The second approach is Differential method which actually 

resembles optical flow computation. 

 Third approach is measurement of inter image displacement 
using correlation. 

The main obstacle in video tracking is to assign target 

locations in consecutive video frames, especially when the 

objects are moving rate is relative fast to the frame rate [1]. 

Number of approaches for object tracking has been proposed 

and varified. The appropriate approach which is to be used it 

depends on the context in which the tracking is to be 

performed and the end use for which the tracking information 

is being sought.  

II. RELATED WORK 

For the purpose of robust object tracking.The MAP 

based algorithm has been proposed. It is basically based on  a 
sparse collaborative model. This model can exploit both 

holistic template and local representations to check for drastic 

appearance changes. It consist of Sparse Discriminative 

Classifier(SDC) and Sparse Generative model(SGM) for 

object tracking. It requires online update scheme to update the 

templates.[2] 

Mean shift  utilizescolor distribution with uniform 

quantization. But , the quantization method ignores the close 

relationship of  color statistics. The colorhistogram consists of 

many empty bins because of uniform distribution. In order to 

reduce  the number of empty bins an optimal color based mean 
shift algorithm was proposed . In this the histogram 

agglomeration technique was applied to extract the optimal 

colors.[3] 

In order to determine the candidate target region, mean shift 

algorithm was utilized and then a judgment on the tracking 
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effect was made according to the Bhattacharyya coefficient. In 

case of tracking failure, the candidate area was matched with 

the target model by SIFT feature. In the next and final step  a 

new track position was determined.[4] 

III. MEAN SHIFT 

 Here, Mean-shift [1] is a nonparametric density 
gradient estimator is used  to identify the image window that is 

similar to the object‟s color histogram in the current frame. 

The mean shift is a non-parametric feature space analysis 

technique. The basic of mean shift algorithm is that it relies on 

color cues. It iteratively carries out a kernel based search 

starting at the last position of the object. Color cues form a 

most meaningful stucture of many tracking algorithms [2–6]. 

Since color histograms are robust to partial occlusion, are 

scale and rotation invariant, the resulting algorithm can 

effectively and successfully handle non-rigid deformation of 

the object and extensively changing dynamics in complex 

background posture. The benefit of color is that it is a weak 
model and is therefore unrestrictive about the type of objects 

which is being tracked. The main problem regarding tracking 

with color alone occurs when the region around the target 

contains objects with same color. When the region is cluttered 

in this way a single cue does not provide reliable performance 

because it fails to fully model the target. The texture and edge 

features have been used for video based tracking purposes but 

it is not applied to tracking with mean shift technique. In this 

paper we show that color, texture and edge complete each 

other and provide reliable performance output.  When the 

region is cluttered, a single cue does not provide reliable 
performance because it fails to fully model the target. A cue-

selection approach is proposed in [7] which present visual 

cues for object tracking in video sequences is done by particle 

filtering. A histogram-based framework is developed for the 

analysis of color, edge and texture features. This paper 

presents visual features for tracking of moving object in video 

sequences using Mean Shift algorithm. The features used in 

this paper are color, edge and texture. Mean shift Algorithm is 

expanded based on number of features. Object tracking refers 

to method to track an object (or multiple objects) over a 

sequence of images. Mean shift analysis is a possible forward-

tracking technique because it estimates the positions of the 
regions in the current frame from the previous frame. Mean-

shift tracking is a technique for following an object of interest 

as it moves through a video sequence. It is a gradient ascent 

approach that models the image region to be tracked by its 

color histogram. The mean shift is a method for finding local 

maxima of a density function from given discrete data 

samples.It works with a search window that is positioned over 

a section of the distribution. The mean shift technique is an 

application independent tool .It is suitable for real data 

analysis because it does not assume any prior shape (e.g. 

elliptical) on data clusters. Therefore, there are numerous 
approaches employing the mean shift algorithm in object 

tracking. This paper provides a single reference of the great 

majority of papers and techniques presented on mean shift 

technique. We compiled over 10 years‟ papers pertaining to 

different Mean shift methods published up to the date of 

submission of this manuscript. Papers referencing mean shift 

methods from previous papers without any medication or 

improvement have been omitted. It is possible that one or 

more papers were unintentionally omitted. We apologize if an 

important method or improvement was left out. This 
manuscript steps through a wide variety of methods with a 

brief discussion and categorization of each. We have avoided 

discussing slight medications of existing methods as distinct 

methods. Continuously Adaptive Mean shift tracking that is 

based on adaptation mean-shift. When probability density 

image is given it finds the mean (mode) of the distribution by 

iterating in the direction of maximum increase in probability 

density. This is one of the simplest methods and gives reliable 

and robust results, if the colors in the background area differs 

significantly from those in the target object. CAM shift 

procedure are given below: 

1. Set the region of Interest (RoI) of the probability 
distribution function of the entire image. 

2. Select the initial location of the Mean Shift search 

window. 

3. Calculate the color probability distribution of the 

region centered at the Mean Shift search window.   

4. Use Mean Shift algorithm to find the center of the 

probability image. 

5. Store the zero moment (distribution area) and 

centeredlocation.  

6. For the next frame, center the search window at the 

mean location found in Step 4 and set the window 
size to a function of the zero moment.  

7. Go to Step 3 and repeat the whole process again. 

IV. PROPOSED METHOD 

In this project modified mean shift algorithm will be 

utilizing color features and texture features for object tracking. 

In order to extract the texture features from object we will 

apply LBP (Local Binary Pattern) technique. 

A. LBP 

It is a very effective technique to illaburate the texture 

feature. It has got merituous qualities such as fast computation 

and rotation invariance. Thus  LBP has wide applications in 

texture analysis, image retrieval image segmentation etc. 

B. COLOR HISTOGRAM 

Now coming to the feature like Color feature, we will 

employ color histogram for extraction of object. Basically, 

histograms are the collection of data which are organized into 

a set of predefined bins. Colour histogram is distribution of 

point sample and it actually represents the object in proper 

manner. Here color feature is extracted in the form of RGB 

Colour space which are divided into equal k-intervals which is 

known as a bin. Number of bins feature is given by Mc=k^3. 

Simple colour histogram ignores the close relationship of 

colour statistics.  
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C. JOINT COLOR HISTOGRAM AND LBP  

Sometime simple color histogram fails to distinguish 

between target and background when both seems almost 

similar. Sometimes the target loses its information in spatial 

domain.  For the above said reason it becomesmore 

convenience to use joint color histogram rather than simple 

color histogram. The joint color histogram and LBP will 

applied togetherly to improve the tracking capability of 

conventional mean shift algorithm. In this technique the 

texture value is assigned to each pixel and then combined with 

pixels color value to represent target feature. So a joint color 

histogram method is proposed for the more diffrentiativeand 
effective target representation. 

 

             
Fig:1 Flow chart of proposed algorithm 

V. CONCLUSION 

The mean shift algorithm with LBP and color 
histogram increae the robustness of tracking in diffrerent 

condition.it is analysed that moving object and tracking are 

two main core things in video survelliance. The performance 

of  traditional algorithm has been enhance by joint color 

histogram and LBP. The accuracy of the algorithm also 

depends upon the speed moving object and clearity of a video. 

VI. REFERANCES 

1) “Moving Object Detection: Review of Recent Research Trends” 

Jaya S. Kulchandani ,Kruti J. Dangarwala,. 2015 International 

Conference on Pervasive Computing (ICPC). 

2) “ Optimal color-based mean shift algorithm for tracking objects 

“Xiaowei An, Jaedo Kim, Youngjoon Han Department of 

Electronic Engineering, Soongsil University, Seoul, Korea  

Published in IET Computer Vision 2014  

3) Oct. 2008. Y. Li, H. Ai, T. Yamashita, S. Lao, and M. Kawade, 

“Tracking in low frame rate video: A cascade particle filter with 

discriminative observers of different life spans,” IEEE Trans. 

Pattern Anal. Mach. Intell., vol. 30,no. 10, pp. 1728–174 

4) Kernel-Based Structural Binary Pattern Tracking Dae-Hwan Kim, 

Hyo-Kak Kim, Seung-Jun Lee, Won-Jae Park, and Sung-JeaKo, 

Fellow, IEEE 

5) Z. Khan, I. Y. H. Gu, and A. Backhouse, “Robust visual object 

tracking using multi-mode anisotropic mean shift and particle 

filters,” IEEE 

Trans. Circuits Syst. Video Technol., vol. 21, no. 1, pp. 74–87, Jan. 

2011. 

6) D. Ross, J. Lim, R.-S. Lin, and M.-H. Yang, “Incremental learning  

for robust visual tracking,” Int. J. Comput. Vis., vol. 77, nos. 1–

3,pp. 125–141, 2008.J. Kwon and K. M. Lee, “Visual tracking 

decomposition,” in Proc. IEEE Conf. CVPR, Jun. 2010, pp. 1–10. 

7) Zhao, Q., Tao, H.: „Object tracking using colourcorrelogram‟. 

Proc.Joint IEEE Int. Workshop on VS-PETS, 2005, pp. 263–270 

8) X. Wang, T. Han, and S. Yan, “An HOG-LBP human detector 

withpartial occlusion handling,” in Proc. IEEE 12th Int. Conf. 

Comput. Vis.,Oct. 2009, pp. 32–39. 

 

 

 

 

 

 

 

 

 

 

 
 

 

 

 

 

 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 46 
 

 

 

 

 

 

 
 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 47 
 

 

 

Hand Drawn Face Sketch Recognition in Forensic 

Applications 
 

 

 

 

 
Ms. Sweety S. Kshirsagar                                        Dr. N.N.Mhala                                                       Prof.  B. J. Chilke 
     M.Tech (IV Sem)                                                     Professor and Head                                                             Assistant Professor 

 Comm. (Electronics) Engg.                               Dept. of Electronics Engg.                                             Electronics & Comm. Engg. 

SDCOE, Selukate, Wardha                           BDCOE, Sewagram, Wardha                                                SDCOE, Selukate,Wardha 

sweety.kshirsagar111@gmail.com                    nitiket.mhala@gmail.com      b_kuchewar@rediffmail.com                                                    

 

 

Abstract— Face is a complex multidimensional structure and 

needs a good computing techniques for recognition. Forensic 

Sketch to digital face matching is an important research 

challenge and is very pertinent to law enforcement agencies. Face 

sketching is a forensic technique that has been routinely used in 

criminal investigations. To recognize face sketch through face 

photo database is a challenging task for today’s researchers. 

Forensic sketches are drawn based on the recollection of an 

eyewitness person and the expertise of a sketch artist.  As a 

special forensic art, face sketching is traditionally done manually 

by police sketch artists. Because face sketches represent the 

original faces in a very concise yet recognizable form, they play 

an important role in criminal investigations, human visual 

perception, and face bio- metrics. This paper presents an efficient 

technique called Cascade object detection with viola jones 

technique for face detection, also features of face is being 

extracted by using Extended uniform circular linear binary 

pattern method. Thereafter, we use SVM classifier and K-NN 

classifier for better classification. We describe an application of 

the novel Support Vector Ma- chined Kernel (SVM’ed Kernel) to 

the Recognition of hand-drawn sketch. The SVM’ed kernel 

function is itself a support vector machine classifier that is 

learned statistically from data using an automatically generated 

training set. Our proposed method is experimentally verified by 

its robustness against faces.  

Keywords— face detection, feature extraction, optical face, 

sketchs, matched output. 

I.  INTRODUCTION  

 Face is a very important part of the human body through 

which and individual can be identified. The Face is a primary 

focus in the society and it plays a major role in conveying 

identity and emotions of an individual. Other than identical 

twins every individual has unique facial features. Facial 

recognition is a form of computer vision which uses human 

faces to attempt to identify an individual or verify a person‟s 

claimed identity.  In many image processing applications, it is 

essential to represent the information in an image in a form 

suitable for that application. Since the values of pixels 

acquired from sensors are affected by lighting conditions and 

noise, the relevant information needs to be extracted from the 

image to derive the suitable representation. Deriving a suitable 

representation from an image is governed by three factors, 

namely, application, perception and processing. It is difficult 

to derive a representation which is applicable for all the 

applications. The representation should contain perceptually 

significant information of the image, which is specific to the 

given application. Processing of an image should not add 

artifacts or enhance noise in the resulting representation. In the 

context of face recognition (an application where a face image 

is used to recognize a person), it is difficult to define or 

articulate the perceptually significant information in a given 
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face image. The information that makes an individual face 

unique must be found in the subtle variations of the facial 

features (e.g., eyes, nose and mouth), since all the faces share 

the same set of features arranged in roughly similar 

configuration. 

1.1   Biometrics 

Biometrics is used in the process of authentication of a person 

by verifying or identifying that a user requesting a network 

resource is who he, she, or it claims to be, and vice versa. It 

uses the property that a human trait associated with a person 

itself like structure of finger, face details etc. By comparing 

the existing data with the incoming data we can verify the 

identity of a particular person.There are many types of 

biometric system like fingerprint recognition, face detection 

and recognition, iris recognition etc., these traits are used for 

human identification in surveillance system, criminal 

identification. Advantages of using these traits for 

identification are that they cannot be forgotten or lost. These 

are unique features of a human being which is being used 

widely. 

1.2 Face Recognition 

Face is a complex multidimensional structure and needs good 

computing techniques for recognition. The face is our primary 

and first focus of attention in social life playing an important 

role in identity of individual. We can recognize a number of 

faces learned throughout our lifespan and identify that faces at 

a glance even after years. There may be variations in faces due 

to aging and distractions like beard, glasses or change of 

hairstyles. Face recognition is an integral part of biometrics. In 

biometrics basic traits of human is matched to the existing 

data and depending on result of matching identification of a 

human being is traced. Facial features are extracted and 

implemented through algorithms which are efficient and some 

modifications are done to improve the existing algorithm 

models. Computers that detect and recognize faces could be 

applied to a wide variety of practical applications including 

criminal identification, security systems, identity verification 

etc. Face detection and recognition is used in many places 

nowadays, in websites hosting images and social networking 

sites. Face recognition and detection can be achieved using 

technologies related to computer science. Features extracted 

from a face are processed and compared with similarly 

processed faces present in the database. If a face is recognized 

it is known or the system may show a similar face existing in 

database else it is unknown. In surveillance system if a 

unknown face appears more than one time then it is stored in 

database for further recognition. These steps are very useful in 

criminal identification. In general, face recognition techniques 

can be divided into two groups based on the face 

representation they use appearance-based, which uses holistic 

texture features and is applied to either whole-face or specific 

regions in a face image and feature-based, which uses 

geometric facial features (mouth, eyes, eyebrows, cheeks etc), 

and geometric relationships between them. 

Face detection and recognition technology has been widely 

discussed in relation to computer vision and pattern 

recognition. Numerous different techniques have been 

developed owing to the growing number of real world 

applications. For service robot, face detection and recognition 

are extremely important, in which the emphasis must be put on 

security, real-time, high ratio of detection and recognition. 

Also it plays an important role in a wide range of applications, 

such as mug-shot database matching, credit card verification, 

security system, and scene surveillance. However, matching 

sketches with digital face images is a very important law 

enforcement application that has received relatively less 

attention. Forensic sketches are drawn based on the 

recollection of an eyewitness and the expertise of a sketch 

artist.  One of the important cues in solving crimes and 

apprehending criminals is matching sketches with digital face 

images. Generally, forensic sketches are manually matched 

with the database comprising digital face images of known 

individuals. The state-of-art face recognition algorithms 

cannot be used directly and require additional processing to 
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address the non- linear variations present in sketches and 

digital face images. 

An important application of face recognition is to assist law 

enforcement. Automatic retrieval of photos of suspects from 

the police mug shot database can help the police narrow down 

potential suspects quickly. However, in most cases, the photo 

image of a suspect is not available. The best substitute is often 

a sketch drawing based on the recollection of an eyewitness. 

Therefore, automatically searching through a photo database 

using a sketch drawing becomes important. It can not only 

help police locate a group of potential suspects, but also help 

the witness and the artist modify the sketch drawing of the 

suspect interactively based on similar photos retrieved. 

However, due to the great difference between sketches and 

photos and the unknown psychological mechanism of sketch 

generation, face sketch recognition is much harder than 

normal face recognition based on photo images. It is difficult 

to match photos and sketches in two different modalities. One 

way to solve this problem is to first transform face photos into 

sketch drawings and then match a query sketch with the 

synthesized sketches in the same modality, or first trans- form 

a query sketch into a photo image and then match the 

synthesized photo with real photos in the gallery. Face 

sketch/photo synthesis not only helps face sketch recognition, 

but also has many other useful applications for digital 

entertainment. 

Artists have a fascinating ability to capture the most 

distinctive characteristics of human faces and depict them on 

sketches. Although sketches are very different from photos in 

style and appearance, we often can easily recognize a person 

from his sketch. How to synthesize face sketches from photos 

by a computer is an interesting problem. The psychological 

mechanism of sketch generation is difficult to be expressed 

precisely by rules or grammar. The difference between 

sketches and photos mainly exists in two aspects: texture and 

shape.  

 

 

II.     PROPOSED METHODOLOGY 

„Hand drawn face sketch recognition in Forensic application‟ 

shall be implementing in future. Following are the Steps 

involved in process of matching sketches with digital face 

images are: 

1. First we are going to generate a database simultaneously 

for both sketches and digital face. 

2. The preprocessing technique is used to enhance the 

quality of  both the digital face images and sketch 

images. 

3. Feature Extractions.  

4. Then the SVM method is used for recognition. 

5. Finally we get the matched output images.  

 

 

Figure 1: Architecture Diagram   

Proposed Methodology will provide: 

 To improve recognition rate 

 To improve accuracy 

 To provide more efficiency 
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III.    FACE DETECTION 

There are many techniques are available for Face detection. 

For real time face detection a technique called Cascade object 

detection with viola jones technique can also use for face 

detection. For real-time face detection, typically, in 1997,  

P.Viola presented a machine learning approach based on 

Adaboost and Cascade technique, which is capable of 

detecting faces in images in real-time. 

3.1 Facial Database 

 

 

 

 

Figure 2:  Shows example images used for experiments 

3.2 Face Detection 

In face detection the elements which we are detecting are 

Face, Left eye, Right eye, Nose and Mouth along with control 

point of these Elements. 

3.3 Result of face detection 

The Result of face detection along with control points is given 

below :  

Figure 3: The Result of face detection of sketch  along with 

control points. 

The Result of face detection of sketch  along with control 

points is given below :  

 

Figure 4: The Result of face detection of sketch  along with 

control points.   
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IV.     FEATURE EXTRACTION 

 Feature Extraction involves reducing the amount of resources 

required to describe a large set of data. In image processing, 

feature extraction starts from an initial set of measured data 

and builds derived values. Feature Extraction is related to 

dimensionality reduction. 

4.1 Method of Features Extraction 

EUCLBP method is used for Feature Extraction. EUCLBP 

stands for Extended Uniform Circular Local Binary Pattern. 

Local Binary Pattern (LBP) is a simple yet very efficient 

texture operator which labels the pixels of an image by 

thresholding the neighborhood of each pixel and considers the 

result as a binary number. The most important property of the 

LBP operator in real-world applications is its robustness to 

monotonic gray-scale. In EUCLBP method first step is that 

both the sketches and digital face images are tessellated into 

non overlapping local facial regions and then EUCLBP 

descriptors are computed. 

 

4.2 Result of Features Extraction    

 

 

Figure5. : The Result of feature extraction of face. 

  

 

Figure6. : The Result of feature extraction of face sketch  

 

V.   SVM (SUPPORT VECTOR MACHINE) 

5.1  Introduction: 

 SVMs were originally proposed by Boser, Guyon and Vapnik 

in 1992 and gained increasing popularity in late 1990s. 

Support Vector Machine is machine learning tool that is based 

on the idea of large margin data.  Machine learning is about 

learning structure from data. Although the class of algorithm 

called ”SVM”s can do more, in this talk we focus on pattern 

recognition. SVM are among the best of supervised learning 

algorithm. Theoretically well motivated, developed from 

statistical learning theory. SVM has Empirically good 

performance successful applications in many fields 

(bioinformatics, text, image recognition). A large and diverse 

community work on them: from machine learning 

optimization, statistics, neural networks, functional analysis, 

etc.  

Support Vector Machine(SVM) is a machine learning tool that 

is based on the idea of large margin data classification. The 
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tool has strong theoretical foundation and the classification 

algorithms based on it give good generalization performance. 

Standard implementations, though provide good classification 

accuracy, are slow and do not scale well. Hence they cannot 

be applied to large-scale data mining applications. They 

typically need large number of support vectors. Hence the 

training as well as the classification times are high. 

5.2  SVM: 

A Support Vector Machine (SVM) is a discriminative 

classifier formally defined by a separating hyperplane. SVM 

locates a separating hyperplane in the feature space and 

classify points in that space.  

 

 

Figure7: Basic diagram 

 

From the above figure Support vectors i.e. closet point to the 

decision boundry. The margin is defined to be the smallest 

distance between the decision boundry and any of the sample. 

Maximizing the margin is good  according to intuition and 

PAC theory. It implies that only support vectors matter; other 

training examples are ignorable. The classifier is a separating 

hyperplane. Most important, training points are support 

vectors; they define the hyperplane.  

The features which is being extracted in Feature Extraction 

process are eye to eye distance, eye width, eye height, nose 

width, nose height, mouth width, mouth height, left eye to 

nose distance, right eye to nose distance, mouth to nose 

diatance. These feature values will be given to SVM and SVM 

will trained these features and finally we will get matched 

output images with score card in percentage form. To find 

score we use nearest neighbour symmetric kernel of SVM and 

the metric used in Normalized cross correlation. 

 

VI.   RESULT 

 

6.1  Result of matched output images: 

 

 

Figure8: Shows the sketch image which is given as an input 

whose matching image has to be found. 

Figure implies that after giving input of sketch image, the face 

parts are detected and then features of the same is being 

calculated at the output. Now at final output we should get the 

optical face of the input sketch with score card and time. 
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Figure 10: Input sketch image. 

 

Figure 11: Output matching image with score 99.95.  

 

 

Figure 10:   Shows snapshot of time needed to match 
image.Time required is 0.0174sec. 

 

 

 

6.2  Finding Accuracy and Time of no. of images: 

      To calculate Accuracy and Time first we have create small 

database. As shown in table, suppose first database is create 

by storing 5 no. of images. Then giving  required sketch as an 

input which is to be matched. After applying our proposed 

method, we will get exact photo image of the sketch image 

which is given as an input with score card which is nothing 

but accuracy to match and also time needed to match. We find 

that when database create of 5 no. of images we found 99.95 

accuracy and time needed is 0.017 sec.  Similarly, if we store 

10 no. of images in database and for matching required sketch 

image from that 10 no. of image we had found 99.94 accuracy 

with 0.0289sec. Similarly we have increased no. of images to 

find of accuracy and time. 

 

No.  Of  

Images 

Accuracy Time 

5 99.95 0.0174s 

10 99.94 0.0289s 

15 99.94 0.0256s 

20 99.9 0.0684s 

25 99.89 0.08038s 

30 99.84 0.0984s 

35 99.9 0.1129s 

40 99.93 0.1169s 

 

 

 

 

Graph of Accuracy 
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  No. of Images  

 

6.4  Graph of Time 

 

 

                No. of Images 

 

 

 

 

 

 

 

 

VII .         COMPARISON 

COMPARISON WITH DIFFERENT METHODS: 

 

Rank 1 2 3 4 5 

Sketch 

Transform 

Method 

71 78 81 84 88 

Nonlinear 

face sketch 

recognition  

87.7 92.0 95.0 97.7 98.3 

New 

dimension 

+PCA+ K- 

NN  

91.4 93 93.5 94.1 95.4 

New 

dimension 

+ PCA + 

SVM  

93 94.2 96.7 97 97.1 

EUCLBP 

+ SVM  

99.95 99.93 99.93 99.91 99.89 

Table : Cumulative Match Scores Of Five Methods 

 

7.1. Discussion:   

In this section, we have given the recognition rate of our 

system and compared our method with other methods. After 

extraction of features from images using Extended Uniform 

Circular Local Binary Pattern (EUCLBP), we have applied 

two well known K-NN classifier and SVM classifier in a 

straight forward way for recognition of query face sketch 

image. Our method significantly good for 1st match in 

comparison with other methods.  Above table shows the 
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matching percentage of the first five ranks of five methods. In 

table we compare our proposed method with other methods 

like : Nonlinear Face Sketch Recognition  and Sketch 

Transform Method and New dimension + PCA. The 1st match 

for Sketch Transform Method is no more than 80% and the 1st 

match for Nonlinear Face sketch Recognition is no more than 

90% also 1st match of new dimension + PCA is not more than 

93%. Our method greatly improves the 1st match to 99.95%.    

 

VII.  CONCLUSION 

This paper presents matching of sketch images with digital 

face. The process  starts with face detection, feature extraction 

Support vector machines, and finally matched output images. 

The method starts with the preprocessing technique to enhance 

sketches and digital images. However, to find score we use 

nearest neighbour symmetric kernel of SVM and the metric 

used in Normalized cross correlation. In this paper we use 

Cascade object detection with viola jones techniques for face 

detection and EUCLBP which stands for extended uniform 

circular linear binary pattern technique is used for feature 

extraction. Therefore it is concluded that by using Support 

vector machine we have successfully matched sketch with 

face image with face with high accuracy and less time. Thus 

we improve the recognition rate and identification accuracy 

for the given forensic sketch image. 
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Abstract—A remote sensor system is a class of transducers 

which is utilized to screen and record the conditions of a remote 

environment. Disavowal of administration is one of the regular 

assaults in the remote sensor system. Vampire assault is a sort of 

disavowal of administration which expends vitality that prompts 

depleting battery - life of the hubs in the system. Subsequent to 

the hubs are battery fueled, the system lifetime is minimized. So 

correspondence between hubs can't be made appropriately 

furthermore the parcel does not achieve the destination amid 

transmission. This assault should be possible by either amplifying 

the way of hubs or it might form a circle in bundle transmission 

course. In this paper, we display different calculations on secure 

bundle transmission against vampire assault. This review gives 

diverse calculations to succeed the vampire assault and give 

secure bundle transmission in wireless notice- hoc sensor systems. 

Keywords-- Wireless sensor networks, Wireless ad-hoc networks, 

Denial of service, Vampire attack. 

I.  INTRODUCTION  

A remote sensor system comprises of various sensors that are 
spatially circulated over a land region . A n self-ruling sensor 
structure s a constitute system which is utilized for a few 
applications. The applications are observing an ecological 
conditions, wellbeing - care checking, mechanical checking, in 
a split second deployable correspondence for military, power 
administration, manufacturing plant execution, on - request 
figuring power, keen detecting in this way data or information 
assembling and handling, stock following, seismic location 
and acoustic recognition. Remote sensor system comprise s of 
a few qualities such as, versatility of hubs, usability, 
heartiness, vitality proficiency, heterogeneity, methodical 
outline, adaptability, responsiveness, self - arrangement and 
adjustment.  

A remote specially appointed sensor system comprises of 
various sensors sent over a geological range. Each sensor has 

remote correspondence ability and some level of knowledge 
for sign preparing and systems administration of the 
information. There are two approaches to order remote 
specially appointed sensor systems. Initially, whether the hubs 
are independently addressable, and second, whether the 
information in the system is totaled.  

Because of Denial of service assault, the system might prompt 
execution debasement and loss of profitability. The assault 
should be possible by enemy hubs. The aim of foe hubs is to 
"asset exhaustion assault", by incapacitating the system which 
influences the correspondence way between hubs. It is one of 
the sorts of foreswearing of administration assault which 
makes harm system by totally drains vitality of hub's battery - 
life.  

"Vampire - assault" is a sort of dissent of administration. The 
vampire assault is made by foe hub which makes vitality 
utilization between hubs in this way depleting the battery - 
life. Thus, the correspondence can't be made legitimately and 
the bundle transmits particle may not achieve the objective. 
The vampire assault can be finished by two ways. The 
principal assault is merry go round assault which shapes 
steering circles. Following, the vindictive hub send s parcel in 
circle that permits a solitary bundle to over and over cross the 
same arrangement of no des which lead depleting of battery 
life. The second assault is stretch assault; the foe hub can build 
the length of way between hubs in a system. So the parcel will 
go alongside superfluous hub rather than straightforward way 
to achieve destination. 

 

Those sorts of pernicious hubs must be recognized to give an 
important action to maintain a strategic distance from these 
assaults. It should be possible through course disclosure and 
course upkeep process. The course revelation should be 
possible by including history along these lines it will maintain 
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a strategic distance from party l assault and course upkeep to 
ensure security by performing the mark between imparting 
way hubs. The distinguished issue can be fathomed by 
recently - provable calculation called "secure parcel 
transmission".  

Vindictive hubs have infused necessary data or modifying 
legitimate hub's messages. For instance, an aggressor can 
produce messages to persuade legit hubs to course parcels in a 
path from the right destination. Vampire assault is additionally 
called as asset consumption assault. It predominantly 
concentrates on depleting hub's battery life which comes about 
that the system lifetime is lessened.  

 

 

Whatever is left of the paper is arranged as takes after. Area II 
characterizes the vampire assault and its sorts. We examine 
the different calculations to beat the vampire assault and give 
secure bundle transmission in Section I II. Segment I V at long 
last finishes up the paper. 

II. BACKGROUND 

In genuine there are numerous movement administration plans 

built up as of now. These plans are portrayed underneath: 

 

A. Vampire Attack 

Vampire attack is creating and sending messages by malicious 

node which causes more energy consumption. It will lead to 

the depletion of node’s battery life. Types of vampire attack 

are given as follows. 

i. Carousel attack: Malicious nodes purposely introduced 
routing loops in a packet. This attack sends packets in circles. 

Its target is source routing protocols, allowing a single packet 

to repeatedly traverse the same set of nodes which forms a 

series of loops, so the same node appears in the route many 

times. 

 
 

ii. Stretch attack: Vindictive hubs intentionally presented 

directing circles in a parcel. This assault sends bundles in 
circles. Its objective is source steering conventions, permitting 

a solitary bundle to over and again cross the same arrangement 

of hubs which frames a progression of circles, so the same hub 

shows up in the course ordinarily. 

 
 

III. ALGORITHM 

David Johnson , et al [1] proposed a new type of routing 

protocol called Ariadne that prevent s the attacker in ad - hoc 

network. Here the compromised nodes tampering with un - 

compromised routes. Ariadne is based on DSR routing 

protocol which is applied to route discovery and route 

maintenance to avoid attacks and also provide security by 

means of one - time signature.. 
 

Gergely ACS, et al [2] depicted, another source steering 

convention "EndairA" is utilized to give security to keep the 

assaults of malicious hubs. In EndairA, source hub makes a 

course demand that is telecast to its neighbor hub. In course 

revelation prepare a middle of the road hub can get that 

demand and adds their marks that are rebroadcast to its target. 

The destination hub makes a computerized signature as a 

course answer that can be sent to source hub. The given 

framework gives security against the vicinity of an enemy. 

 

David Johnson, et al [3] introduced another kind of assault 
called "hurrying - assault". The previously accessible 

convention might come up short under hurrying assault 

furthermore they built up another avoidance strategy called 

"surging - assault counteractive action". Here, the banner 

marker is connected to determine the issue of noxious hubs.  

 

R.Sangeetha, et al [4] concentrated on vitality accessible at 

every sensor hub. An unmistakable vampire can contract 

sufficiently vast use in general system to waste vitality of 

hubs. All past methodologies are powerless against vampire 

assaults which are dangerous, difficult to judgment and simple 
to do malicious insider sending convention yielding messages. 

The executed a methodology "secure parcel traversal" to 

accomplish expanded force utilization by compelling hubs. 

 

Santhosh L, et al [5] discussed another variant of vampire 

assault that incapacitates a whole network for all time by 

rapidly depleting of hub's battery power. Location Algorithm 

is connected to each directing hub in a system. On the off 

chance that a hub get s a parcel it h as to create a mark for that 

bundle and it is added to a rundown in the event that they are 

not as of now p hated. On the off chance that the mark as of 

now exists in the rundown then the steering hub will drop that 
bundle. 
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Achuthan Ganthi, et al [6] considered worm - opening assault. 

Because of this assault the bundle can't reach to its destination. 

The parcel sending should be possible by AODV steering 

convention. This convention can distinguish the parcel 

droppers. AODV steering convention will distinguish the 
assailant hub then locate an option way to cross a bundle that 

the way ought not to have any sort of assaults. One more point 

of preference of this protocol is to figure the packet 

conveyance proportion. They proposed a framework which 

helps us to accomplish dependable parcel conveyance and set 

aside just less time to cross the bundles. It distinguishes the 

course droppers before the transmission of the parcels. 

 

Bryan Parno, et al [7] e valuated another secure steering 

convention called "clean - slate approach" for sensor systems. 

The proposed model has centering message conveyance even 

in a situation containing with a dynamic enemies. They 
proposed another sensor system routing convention called 

Geographic hash tables (GHTS) and a key dispersion plan like 

PIKE with high security proficiency. 

 

Chris Karlof David Wagner, et al [8 ] for the most part 

centered around security issues in directing layer . They talked 

about how the promotion - hoc and peer - to - peer systems 

can embrace to intense assaults. They centered two sorts of 

assaults that are sink opening and hi surges. L ink layer 

encryption and validation instruments work with guard against 

vindictive hubs. 
 

Qing Cao, et al [9] considered a bunch. In group any hub in 

next - bounce can assume sending liability that extraordinarily 

intended for remote sensor systems. By utilizing they 

accomplished better vitality efficiency and that will lessen 

retransmission. The outcome is effective and improves end - 

to - end energy and dormancy of current steering conventions. 

 

Chung Kei Wong, et al [10] presented a Feige - fiat - shamir 

digital signature scheme to speed up both signing and 

verification operations as well as they allowed adjustable and 

incremental verification operations. These operations are done 
through tree chaining techniques. The proposed signing and 

verification process (eFFS) is more efficient than DSA and 

Elgammal. An adjustable and incremental verification are 

more useful in large - scale multicast applications that work 

with a variety of receivers including limited resources. 

 

Joongseok Park SartajSahni, et al [11] analyzed a lot of 

routing problem by on - line heuristics in wireless sensor 

network. In on - line models, each message has to be routed 

without knowledge o f future route request. They developed 

an on - line heuristic that will maximize network life - time by 
performing two - shortest path computation for routing their 

messages. T he capacity metrics are increased b y using 

heuristic. The on - line maximum lifetime heuristic (OML) is 

used to maximize the network life - time that deals with delay 

depletion of sensor’s energy nodes. 

 

Youngsoo Kim, et al [12] proposed a new scheme to transfer 

an active packet to all neighboring nodes securely. They used 

public - key crypto system and asymmetric key crypto system. 

Lakshminarayanan, et al [13] provided two results to 

overcome attacks in the network. First, they provided a 
distributed algorithm that can achieve a reliable broadcast in 

an unknown fixed identity network even an adversary 

presence. Second, the problem of reliable broadcast in sparse 

network even if there is a single adversary present. They have 

developed decentralized security measures to protect internet 

against adversaries and achieved decentralized public key 

distribution in static networks. 

 

M.BalaGanesh, et al [14] proposed 2 - ACK plan to send two - 

jump affirmation of bundles the other way of the steering way. 

They outlined another interruption - location framework called 

"EAACK" (Enhanced versatile affirmation) that can recognize 
profoundly noxious conduct rates and enhance the system 

execution. The system issues can be handled by EAACK. 

EEACK can likewise stretch out with computerized mark to 

keep the assailant from manufacturing affirmation parcel. 

 

Tarun Kumar Mishra, et al [15] promotion - hoc system can 

help settling issues of assault from private hubs by 

confirmation procedures that give shared trust between hubs. 

They additionally conjured advanced marks for security. They 

utilize d AODV convention to give course on - request and 

coordinated numerous elements to amplify execution at 
decreased directing overhead. Additionally they have included 

expense of many-sided quality for effective breaks down. 

They additionally included course accessibility and acceptance 

process. 

 

Marci nPoturalski, et al [16] gave an essential variation of 

neighbor revelation issue. They have inferred a convention 

named as time - based convention and time - area based 

conventions. The secure neighbor revelation procedure should 

be possible effectively by utilizing these proto cols. The time 

based conventions are utilized to trade a message between an 

arrangements of hubs and to quantify those hubs precisely 
with time element. They proposed a system which gives a 

protected neighbor disclosure process with basic topology. 

This system is additionally used to control a hub's 

transmission power. 

 

Amitabh Saxena, et al [17] presented o ne - way signature 

chaining which generates a chain of signature on the same 

message by different users. Here, each signature can act as a 

link. An intermediate node can be infeasible to re move links. 

This chain signature can be constructed by computational 

Diffie - Hellman (CDH) method. The chain signature is 
similar to transitive signature. It considered verification 

encrypted signature (VES) and sequential aggregate signature 

(SAS). It also provides truncation resilience from that will 

distinguish it from other multiuser signature schemes. 
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IV. CONCLUSION 

Vampire assault is an asset utilization assault that utilization 
directing conventions to make a refusal of administration 
keeping in mind the end goal to handicap whole notice - hoc 
remote sensor system by waste of hub's battery life. In this 
paper, we talked about distinctive calculations to beat vampire 
assault and give secure bundle transmission. By maintaining a 
strategic distance from these assaults, we can enhance the 
lifetime of the system.  
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Abstract—The main idea of this project is to control the speed of 

DC motor by using the mind wave signal such as attention signal 

.For example if attention level of the particular person who is 

wearing the mind wave mobile headset is increases the speed of 

the DC motor increases and if the attention level decreases the 
speed of motor also decreases   

Keywords—EEG,BCI,FUZZY LOGIC 

1) INTRODUCTION  

Electroencephalography (EEG) is the measurement 

ofelectrical activity in the living brain. The first electrical 

neural 

activities of the human brain were registered by HansBerger 

(1924) using a simple galvanometer. On the humanScalp was 

placed only one electrode, and one wave wasidentified. It was 
alpha wave (also called Berger’s wave).Nowadays in clinical 

use of EEG, 21 electrodes are used toidentified 5 fundamental 

waves, but this kind of the deviceCosts thousands of dollars.In 

recent years, inexpensive mobile EEG devices havebeen 

developed by Avatar EEG Solutions, Neurosky, 

OCZTechnology, InteraXon, PLX Devices and Emotiv 

Systems.These devices are not used in clinical use, but are 

used inthe Brain Control Interface (BCI) and neurofeedback 

(one ofbiofeedback types). The BCI is a direct 

communicationpathway between the brain and an external 

device.The cheapest EEG device is single-channel 

MindWaveMW001 produced by Neurosky Inc., San Jose, CA. 
It costonly around $80. The device consists of eight main 

parts,ear clip, flexible ear arm, battery area, power 

switch,adjustable head band, sensor tip, sensor arm and 

insidethinkgear chipset. Figure 1 presents the device 

design.The principle of operation is quite simple. Two 

drysensors are used to detect and filter the EEG signals. 

Thesensor tip detects electrical signals from the forehead of 

thebrain. At the same time, the sensor picks up ambient 

noisegenerated by human muscle, computers, light 

bulbs,electrical sockets and other electrical devices. The 

secondsensor, ear clip, is a grounds and reference, which 
allowsthinkgear chip to filter out the electrical noise.The 

device measures the raw signal, power spectrum(alpha, beta, 

delta, gamma, theta), attention level,mediation level and blink 

detection. The raw EEG data received at a rate of 512 Hz. 

Other measured values are madeevery second. Therefore, raw 

EEG data is a main source of information on EEG signals 

using Mind-Wave MW001. 
 
 

 

 

Fig 1.mind wave mobile design 
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2) METHOD 

A. Types of wave: 

In human brain there are different wave with its own particular 

frequency range such as alpha, beta, gamma, delta and theta 

. 

1.Gamma wave are in the frequency range of 31 Hz and up. It 

is thought that it reflect the mechanism of consciousness. Beta 

and Gamma waves together have been associated with 

attention,perception and cognition. 

 

2. Beta waveis in the frequency range of 12 and 30 Hz,  

butare often divided into β1 and β2 to get a more specific 

range. Thewave is small and fast, associated with focused 
concentration and best defined in central and frontal areas. 

When resisting or suppressing movement, or solving a math 

task, there is an increase of beta activity. 

 

3. Alpha wave ranging from 7.5 to 12 Hz is slower and 

associated with relaxation and disengagement. Thinking of 

something peaceful with eye closed should given an increase 

of alpha activity. It is also called as Berger’s wave.  

 

4. Theta wave ranging from 3.5 to 7.5 Hz, are linked to 

inefficiency, day dreaming and the very lowest wave of theta 
represent line between being awake or in a sleep state. Theta 

arises from emotional stress, especially frustration or 

disappointment. It has also been associated with access to 

unconsciousness material, creative inspiration and deep 

meditation.  

 

5. Delta wave ranging from 0.5 TO 3.5 Hz is the slowest wave 

occurs when sleeping. If this wave occurs in the awake state, it 

thought to indicate physical defect in the brain. Movement can 

make artificial delta wave. 

 

B. Selection of  siganl 

There is a particular frequency range for an attention and 

meditation level of a person. For calculating level of attention 

and meditation we have esense meter through which we can 

get the attention and meditation level of a personFor all the 

different types of eSenses (i.e. Attention, Meditation), the 

metervalue is reported on a relative eSense scale of 1 to 100. 
On this scale, avalue between 40 to 60 at any given moment in 

time is considered “neutral”,and is similar in notion to 

“baselines” that are established in conventionalEEG 

measurement techniques (though the method for determining 

aThinkGear baseline is proprietary and may differ from 

conventional EEG). Avalue from 60 to 80 is considered 

“slightly elevated”, and may beinterpreted as levels being 

possibly higher than normal (levels of Attentionor Meditation 

that may be higher than normal for a given person). 

Valuesfrom 80 to 100 are considered “elevated”, meaning they 

are stronglyindicative of heightened levels of that eSense.An 
eSense meter value of 0 is a special value indicating the 

ThinkGear isunable to calculate an e-Sense level with a 

reasonable amount of reliability.This may be (and usually is) 

due to excessive noise. 

 

ATTENTIONeSense 

This unsigned one-byte value reports the current e-Sense 

Attention meter ofthe user, which indicates the intensity of a 

user's level of mental “focus” or“attention”, such as that which 

occurs during intense concentration anddirected (but stable) 
mental activity. Its value ranges from 0 to 100.Distractions, 

wandering thoughts, lack of focus, or anxiety may lower 

theAttention meter levels. See eSense(tm) Meters above for 

details aboutinterpreting eSense levels in general.By default, 

output of this Data Value is enabled. It is typically output once 

asecond. 

 

MEDITATIONeSense 

This unsigned one-byte value reports the current eSense 

Meditation meterof the user, which indicates the level of a 

user's mental “calmness” or“relaxation”. Its value ranges from 

0 to 100. Note that Meditation is ameasure of a person's 
mental levels, not physical levels, so simply relaxingall the 

muscles of the body may not immediately result in a 

heightenedMeditation level. However, for most people in most 

normal circumstances,relaxing the body often helps the mind 

to relax as well. Meditation is relatedto reduced activity by the 

active mental processes in the brain, and it haslong been an 

observed effect that closing one's eyes turns off the 

mentalactivities which process images from the eyes, so 

closing the eyes is oftenan effective method for increasing the 

Meditation meter level. Distractions,wandering thoughts, 

anxiety, agitation, and sensory stimuli may lower 
theMeditation meter levels. See “eSense Meters” above for 

details aboutinterpreting eSense levels in general.By default, 

output of this Data Value is enabled. It is typically output once 

asecond.From both of theesense above we are using the 

attention signal for controlling the speed of motor .It will be 

more beneficial and useful for controlling the speed of motor 

.we have to  just focus on controlling the speed of motor so by 

attention signal we can control the speed of motor. If the 

attention level increases the speed of the motor increases and 

if the attention level decreases the speed of motor also 

decreases. 

 
 

C. Fuzzy logic 

Fuzzy logic can be conceptualized as a generalization of 

classical logic. Modernfuzzy logic was developed by 

LotfiZadeh in the mid-1960s to model thoseproblems in which 
imprecise data must be used or in which the rules of 

inferenceare formulated in a very general way making use of 

diffuse categories. In fuzzy logic, which is also sometimes 

called diffuse logic, there are notjust two alternatives but a 

whole continuum of truth values for logical propositions. Here 

we are using fuzzy logic such as for controlling the speed of 

motor. As attention level ranges from 0-100 so we divide the 

level of attention with the particular value of voltage .If the 

attention level of the person is 20 so DC motor will be getting 

1 volt supply voltage. So DC motor will run according to the 

power getting from 1volt. If the attention level increases the 
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supply voltage to the DC motor increases which would help in 

increasing the speed of motor.   

 

 

 

S.NO 

 

ATTENTION                      

LEVEL 

 

 DC MOTOR 

VOLTAGE 

 
1 

 
0-20 

 
1 

 

2 

 

21-40 

 

2 

 

3 

 

41-60 

 

3 

 

4 

 

61-80 

 

4 

 

5 

 

81-100 

 

5 

 

 

 

 

D. Working 

The headset delivers digital data in an asynchronous serial 

stream of byte which is of 173 byte. It is in packet format 

consist of three part 1) Packet Header 

2) Packet Payload 

3) Payload Checksum 

 

Packets are sent as an asynchronous serial stream of bytes. 

The transportmedium may be UART, serial COM, USB, 
bluetooth, file, or any othermechanism which can stream 

bytes.Each Packet begins with its Header, followed by its Data 

Payload, and endswith the Payload's Checksum Byte 

The [PAYLOAD…] section is allowed to be up to 169 bytes 

long, while each of [SYNC], [PLENGTH], and [CHKSUM] 

are a single byte each. This meansthat a complete, valid 

Packet is a minimum of 4 bytes long (possible if theData 

Payload is zero bytes long, i.e. empty) and a maximum of 173 

byteslong (possible if the Data Payload is the maximum 169 

bytes long).The [CHKSUM] Byte must be used to verify the 

integrity of the Packet's DataPayload.The Header of a Packet 
consists of 3 bytes: two synchronization [SYNC]bytes (0xAA 

0xAA), followed by a [PLENGTH]the two [SYNC] bytes are 

used to signal the beginning of a new arrivingPacket and are 

bytes with the value 0xAA (decimal 170). Synchronization is 

two bytes long, instead of only one, to reduce the chance that 

[SYNC] (0xAA) bytes occurring within the Packet could be 

mistaken for thebeginning of a Packet. Although it is still 

possible for two consecutive[SYNC] bytes to appear within a 

Packet (leading to a parser attempting to begin parsing the 

middle of a Packet as the beginning of a Packet) 

the[PLENGTH] and [CHKSUM] combined ensure that such a 

“mis-sync'dPacket” will never be accidentally interpreted as a 
valid packet. The [PLENGTH] byte indicates the length, in 

bytes, of the Packet's Data Payload [PAYLOAD…] section, 

and may be any value from 0 up to 169. Any higher value 

indicates an error (PLENGTH TOO LARGE). Be sure to note 

that [PLENGTH] is the length of the Packet's Data Payload, 

NOT of the entire Packet. The Packet's complete length will 

always be [PLENGTH] + 4. The Payload's Checksum is 

defined as: 

1. Summing all the bytes of the Packet's Data Payload 

2. Taking the lowest 8 bits of the sum 

3.Performing the bit inverse (one's compliment inverse) on 
thoselowest 8 bits 

A receiver receiving a Packet must use those 3 steps to 

calculate thechecksum for the Data Payload they received, and 

then compare it to the[CHKSUM] Checksum Byte received 

with the Packet. If the calculated payload checksum and 

received [CHKSUM] values do not match, the entire Packet 

should be discarded as invalid. 

 

 

 
 

 

 

 

 
 

 

 

Fig. 2 Block diagram of interfacing of Bluetooth and dc motor                                                                                                     

the arm controller  

 

From the block diagram we can see that the headset 

transmitting the signal in an asynchronous stream of byte 

which can be receive by the Bluetooth at 57k baud rate . It 

receives 173 byte of data from the headset and it has to follow 

certain procedure to parse the data which has been discussed 
above. As this procedure gets complete we can select the data 

which is required there is particular code for selection of 

particular signal. If we want attention signal we have to use 

the code 0x04 which give the attention level of the person who 

is wearing the headset. Every second its provide the value of 

the attention signal so we have to store the attention level of 

the person to a particular memory location so we can get 

continuously the fresh data .This data has to be used with DC 

motor so that we can provide the supply voltage according to 

level of attention signal .If the attention level increases the 
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speed of the motor increases and if the attention level 

decreases the speed of the motor decreases. 

 

3) CONCLUSION 

We have been working on the project yet we have not 

finishedwith the programming. We will finish with 
programming as soon as possible.  
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Abstract— Digital image contains impulse noise and removal 

of impulse noise from the image is very challenging area in digital 

image processing. In recent years many developments were made 

for removal of such noise which helps to improve quality of 

image. For the removal of salt and pepper noise this paper is  

been proposed. This paper proposes unsymmetrical trimmed 

adaptive median filter algorithm is used for restoration of image 

quality. The algorithm proposed replaces the noisy pixels i.e. 

either salt value or pepper value by trimmed median value. 0’s or 

255’s in a window is replaced by median value in the window. 

This paper is combination of adaptive filter and unsymmetrical 

trimmed median filter to overcome the flaws in them. 

 

 
 

Keywords—- Impulse noise, median filter, adaptive filter, 

unsymmetrical trimmed adaptive median filter. 

 

Introduction 
An image is an array or a matrix of square pixels (pictures 

elements) arranged in rows and columns. Digital images are 

normally corrupted by noises such as impulse noise which is 

subdivided as salt and pepper noise and random valued noise. 

Impulse noise is introduced in images due to various reasons 

such as malfunctioning of pixels in camera sensors, faulty 

locations in hardware, acquisition and during transmission. 

Images corrupted by salt and pepper noise takes maximum or 

minimum value. Many works were done for the restoration of 

image. Initially introduced median filter, which is non- linear 
filter, replaces the center pixel with a value equal to the 

median of all pixels in current window. Various filters were 

introduced with different algorithms but basically they all  

work on median filter with some additional features to 

overcome the flaws and shortcomings seen in median filter. 

 

 

Ease of Use 

A. Standard median filter 

(SMF) removes impulse noise by changing luminance value of 

the center pixel of the filtering window with the median of the 

luminance values of pixels contained within the window. It 
removes thin lines but blurs the image. It cannot differentiate 

between corrupted and non-corrupted value, so all the values 

are altered increasing the time of processing and for high 

 
intensity of noise, window size is increased which reduces the 

originality of image 

B. Weighted median filter 

(WMF) is similar to SMF, except that WMF has weight 

associated with each of its filter element. These weights 

correspond to number of sample duplication for calculation of 

median value. It is classified as (a) central weighted median 

filter i.e. it gives more weight only to central value of window 
(b) adaptive weighted median filter. 

C. Directional median filter 

It works by separating its 2-D filter into several 1-D filter 
 

D. Iterative median filter: 

In this same procedure is repeated several times and the 

number of iterations needed is depended on level of corruption 

and also the nature of input image. In general iterative median 

filter, with ( n ) iterations requires (n-1) temporary images 
 

E. Adaptive median filter 

It is designed to eliminate problems faced with SMF. In AMF 
the size of window surrounding each pixel is variable and 

variation depends on median of pixels in present window. If 

median value is an impulse, then the size of window is 

expanded else processing is done in current window 

specifications. The center pixel of the window is evaluated to 
verify whether it is an impulse or not. 

 

F. Switching median filter 

It minimizes the undesired alteration of non-corrupted pixels 
by the filter. It involves two stages: noise detection and noise 

cancellation. Decision based filter is based on predefined 

threshold value. The major drawback of this filter is robust 

decision. Robust decision is difficult and also it does not 

consider the local features of image, resulting unsatisfactorily 

recovered images when noise level is high. Also it causes 

streaking effect due to repeated use of neighboring element so 

to avoid this, decision based unsymmetrical trimmed median 

filter is proposed. It also fails for more than 80% of noise. so 
this paper proposes the combination of adaptive filter and 

mailto:vaibhavachalpur@gmail.com
mailto:sungt_in@rediffmail.com


ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 65 
 

decision based unsymmetrical trimmed adaptive median filter. 

It can remove salt and pepper noise with intensity as high as 
90%. The outline is as follows: section 2 describes 

unsymmetrical trimmed adaptive median filter, section 3 

describes its algorithm, section 4 shows its flow chart, section 

5 is all about result and conclusion. 

 

 

 

II. UNSYMMETRICAL TRIMMED ADAPTIVE 

MEDIAN FILTER 

Salt and pepper noise only takes maximum or minimum value 
i.e. positive or negative value. Positive impulse appears as 

white (salt) with intensity 255 and negative impulse appears as 

black (pepper) with intensity 0. The idea behind this is to  

reject noisy pixel from selected window (3*3 or 5*5). In 

unsymmetrical trimmed median filter (UTMF) window size is 

fixed i.e. (3*3). In this UTMF the selected 3*3 window 

elements are arranged in either increasing or decreasing order. 

 

Then the pixel values 0’s or 255’s are removed from the 
image. Then the median value of the remaining pixels is taken. 

This median value is used to replace noisy pixel. But at high 

noise intensity when more than 75% of pixels are corrupted 
atmost only two pixels will be available for reference. So to 

overcome this problem (UTAMF) is introduced. In this the 

window size is selected dynamically depending on the total 

number of noisy or corrupted pixels i.e. if more than 75% or 

more pixels are noisy in window of size (3*3), then window 

size is increased to 5*5 and elements are arranged either in 

their increasing or decreasing order and then 0’s and 255’s in 

window removed i.e. salt and pepper value. The noisy pixel is 

then replaced by median value of remaining pixels. 

 

 

 
III. ALGORITHM: 

The proposed Unsymmetrical Trimmed Adaptive Median 
Filter (UTAMF) algorithm processes the corrupted images by 

first detecting the salt and pepper noise. The processing pixel 

is checked whether it is noisy or noise free. If the processing 

pixel lies between maximum and minimum gray level values, 

then it is noise-free pixel and it is left unchanged. If the 

processing pixel takes the maximum or minimum gray level, 

then it is noisy pixel which is processed by UTAMF. While 

processing image, always noisy image is taken as reference for 
calculation of median and processing pixel is replaced median 

in output image. This is explained as follows. Let A be the 

input noisy image and B be the output image which initially is 

a copy of the input noisy image A. Now the image A acts as 

the reference image and it is processed pixel-by-pixel and the 

corresponding pixel in the image B is replaced with the output 

pixel which is obtained as a result of processing done on 

image A. The steps of the UTMAF are explained as follows. 

 

 
Step 1: Read Noisy Image. 

Step 2: Select 2D window of size 3x3 with center element as 

processing pixel. Assume that the pixel being processed is Pij. 
 

Step 3: If Pij is an uncorrupted pixel (that is, 0< Pij<255), 
then its value is left unchanged. 

 

Step 4: If Pij = 0 or Pij = 255, then Pij is a corrupted  
pixel. 

 

Step 5: If 75% or more pixels in selected window are 
noisy then increase window size to 5x5. 

 

Step 6: If all the elements in the selected window are 0’s 
and 255’s, then replace Pij with the median of the 

elements in the window else go to step 6. 

 

Step 7: Eliminate 0’s and 255’s from the selected  

window and find the median value of the remaining 

elements. Replace Pij with the median value. 
 

Step 8: Repeat steps 2 to 6 until all the pixels in the entire 
image are processed 

 

 

FLOW CHART 
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A.  Figures and Table 

The performance of the proposed algorithm is tested with 
different greyscale and colour images. The noise density 

(intensity) 

 
 

 

 

 

 

 

 

 

 

 
 

 

 

 

 

 

 

 

is varied from 10% to 90%. Denoising performances are 
quantitatively measured by the PSNR and IEF as defined in 

(1) and 
(3), respectively: 

where MSE stands for mean square error, IEF stands for 

image enhancement factor,M*N is size of the image, Y 
represents the original image, Y denotes the denoised image, 

representsthe noisy image. 

The PSNR and IEF values of the proposed algorithm are 

compared 

against the existing algorithms by varying the noise density 

from 10% to 90% and are shown in Table I and Table II. 

From the Tables I and II, it is observed that the performance 

of the proposed algorithm (MDBUTMF) is better than the 

existing algorithms at both low and high noise densities. 
 

 

 
. Fig. 1. Results of different algorithms for color Baboon image. 

 
CONCLUSION 

 
Removal of Salt and Pepper Noise Using Unsymmetrical 

Trimmed Adaptive Median Filter from the corrupted image. 

The directional difference based noise detector can realize 

accurate noise detection, thus facilitating the prevention of 

image degradation resulting from the undetected noise pixels 

and  noise-free pixels. The adaptive  mean filter can remove 

the detected impulses effectively while preserving the details 

very well because it adaptively determines the filtering 

window size and attaches different importance to the noise- 
free pixels in the filtering window. The combination of the 

noise detector with the distinctive median filter provides the 

adaptive median filter with significantly better noise detection 

performance, restoration performance and computational 

efficiency than numerous switching-based filters. 
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Abstract— The discrete Fourier transform is an important 

operation in digital communication systems.  However, the DFT 

is computationally very expensive, and the fast Fourier transform 

is an algorithm that has been proposed to compute the discrete 

Fourier transform efficiently.  FFT can be implemented as either 

decimation in time or decimation in frequency.  Also, depending 

on the decomposition, FFT can be radix-2 or radix-4.  We 

propose a split radix FFT design where we apply a radix-2 

mapping to the even index terms and we apply a radix-4 mapping 

to the the odd index terms.  The design is to be implemented on 

Xilinx Spartan FPGA.  We present speed, area, and power 

results showing a comparison between split radix implementation 

and single radix implementation. 

 
Keywords— FFT, fast fourier transform, discrete fourier 

transform, FPGA, decimation in time, decimation in frequency 

I. INTRODUCTION 

The fast Fourier transform is a fast implementation of the 
DFT. It is based on a divide- and-conquer approach in which 

the DFT computation is divided into smaller, simpler, 

problems and the final DFT is rebuilt from the simpler DFTs. 

Another application of this divide-and-conquer approach is the 

computation of very large FFTs, in which the time data and 

their DFT are too large to be stored in main memory. In such 

cases the FFT is done in parts and the results are pieced 

together to form the overall FFT, and saved in secondary 

storage such as on hard disk. In the simplest Cooley-Tukey 

version of the FFT, the dimension of the DFT is successively 

divided in half until it becomes unity. This requires the initial 
dimension N to be a power of two: 

 
The problem of computing the N-point DFT is replaced by 

the simpler problems of computing two (N/2)-point DFTs. 

Each of these is replaced by two (N/4)-point DFTs, and so on. 

We will see shortly that an N-point DFT can be rebuilt from 

two (N/2)-point DFTs by an additional cost of N/2 complex 

multiplications. This basic merging step is shown in Fig. 1. 

Thus, if we compute the two (N/2)-DFTs directly, at a cost of 

(N/2)
2
 multiplications each, the total cost of rebuilding the full 

N-DFT will be: 

..eq.(1) 
where for large N the quadratic term dominates. This 

amounts to 50 percent savings over computing the N-point 

DFT directly at a cost of N2. 

 
          Fig.1.Basic merging step of  (N/2)-point DFT  

Merging two N/2-DFTs into an N-DFT and its repeated 

application 

Similarly, if the two (N/2)-DFTs were computed indirectly 

by rebuilding each of them from two (N/4)-DFTs, the total 

cost for rebuilding an N-DFT would be: 

 
Thus, we gain another factor of two, or a factor of four in 

efficiency over the direct N-point DFT. In the above equation, 

there are 4 direct (N/4)-DFTs at a cost of (N/4)2 each, 

requiring an additional cost of N/4 each to merge them into 

(N/2)-DFTs, which require another N/2 for the final merge. 

Proceeding in a similar fashion, we can show that if we start 
with (N/2m)-point DFTs and perform m successive merging 

steps, the total cost to rebuild the final N-DFT will be: 

 ..eq.(2) 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 69 
 

The first term, N2/2m, corresponds to performing the initial 

(N/2m)-point DFTs directly. Because there are 2m of them, 

they will require a total cost of 2m(N/2m)2= N2/2m. However, if 

the subdivision process is continued for m = B stages, as 

shown in Fig.1,the final dimension will be N/2m = N/2B = 1, 

which requires no computation at all because the 1-point DFT 
of a 1-point signal is itself. In this case, the first term in Eq. (2) 

will be absent, and the total cost will arise from the second 

term. Thus, carrying out the subdivision/merging process to its 

logical extreme of m = B = log (N) stages, allows the 

computation to be done in: 

..eq.(3) 

It can be seen Fig.1 that the total number of multiplications 

needed to perform all the mergings in each stage is N/2, and B 

is the number of stages. Thus, we may interpret Eq. (3) as 

(total multiplications) = (multiplications per stage) × (no. 
stages) = (N/2)*B 

For the N = 8 example shown in Fig. 1, we have B = 

log2(8)= 3 stages and N/2 = 8/2 = 4 multiplications per stage. 

Therefore, the total cost is BN/2 = 3 · 4 = 12 multiplications. 

Next, we discuss the so-called decimation-in-time radix-2 FFT 

algorithm. There is also a decimation-in-frequency version, 

which is very similar. The term radix-2 refers to the choice of 

N as a power of 2, in Eq. (1). Given a length-N sequence x(n), 

n = 0, 1,...,N−1, its N-point DFT X(k)= X(ωk) can be written 

in the component-form of Eq. (2): 

    ..eq.(4) 

The summation index n ranges over both even and odd 

values in the range 0 ≤ n ≤ N−1. By grouping the even-

indexed and odd-indexed terms, we may rewrite Eq. (4) as 

..eq(5) 

To determine the proper range of summations over n, we 

consider the two terms separately. For the even-indexed terms, 
the index 2n must be within the range 0 ≤ 2n ≤ N − 1. But, 

because N is even (a power of two), the upper limit N − 1 will 

be odd. Therefore, the highest even index will be N − 2. This 

gives the range: 

 
Similarly, for the odd-indexed terms, we must have 0 ≤ 2n 

+ 1 ≤ N − 1. Now the upper limit can be realized, but the 

lower one cannot; the smallest odd index is unity. Thus, we 

have: 

 
Therefore, the summation limits are the same for both 

terms: 

 
This expression leads us to define the two length-(N/2) 

subsequences: 

 

 

 
and their (N/2)-point DFTs: 

 
Then, the two terms of Eq.(5) can be expressed in terms of 

G(k) and H(k).We note that the twiddle factors WN and WN/2 

of orders N and N/2 are related as follows: 

    WN/2 = e−2πj/(N/2) = e−4πj/N = WN
2 

or 

WN
k(2n) = WN

2(kn) = WN/2
kn 

and 
WN

k(2n+1) = WN
k WN

2kn = WN
k WN/2

kn 

So, 

..eq(6) 

and 

X(k) = G(k) WN
k H(k) 

k = 0, 1, ... , N - 1 

This is the basic merging result. It states that X(k) can be 

rebuilt out of the two (N/2)-point DFTs G(k) and H(k). There 

are N additional multiplications, Wk N H(k). Using the 

periodicity of G(k) and H(k), the additional multiplications 

may be reduced by half to N/2. To see this, we split the full 

index range 0 ≤ k ≤ N − 1 into two half-ranges parametrized 

by the two indices k and k + N/2: 

 
Therefore, we may write the N equations (6) as two groups 

of N/2 equations: 

X(k) = G(k) + WN
k H(k) 

X(k + N/2) = G(k + N/2) + WN
(k + N/2) H(k + N/2) 

Using the periodicity property that any DFT is periodic in k 

with period its length, we have G(k + N/2)= G(k) and H(k + 

N/2)= H(k). We also have the twiddle factor property: 

WN
N/2 = (e-j2pi/N)N/2 = e-jpi = -1 

Then, the DFT merging equations become: 

X(k) = G(k) + WN
k H(k) 

X(k + N/2) = G(k) - WN
k H(k) 

k = 0, 1, ... , N/2 - 1 
They are known as the butterfly merging equations. The 

upper group generates the upper half of the N-dimensional 

DFT vector X, and the lower group generates the lower half. 

The N/2 multiplications Wk NH(k) may be used both in the 

upper and the lower equations, thus reducing the total extra 

merging cost to N/2. Vectorially, we may write them in the 

form: 
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where the indicated multiplication is meant to be 

component-wise. Together, the two equations generate the full 

DFT vector X. The operations are shown in Fig.2. 

 

Fig.2.Butterfly merging builds upper and lower halves of length-N DFT. 

As an example, consider the case N = 2. The twiddle factor 

is now W2 =−1, but only its zeroth power appears W0 2 = 1. 

Thus, we get two 1-dimensional vectors, making up the final 

2-dimensional DFT: 

[X0] = [G0] + [H0W2
0] 

[X1] = [G0] - [H0W2
0] 

For N = 4 

 
For N = 8 

 
To begin the merging process shown in Fig.1, we need to 

know the starting one- dimensional DFTs. Once these are 

known, they may be merged into DFTs of dimension 2,4,8, 

and so on. The starting one-point DFTs are obtained by the so-

called shuffling or bit reversal of the input time sequence. 
Thus, the typical FFT algorithm consists of three conceptual 

parts: 

1. Shuffling the N-dimensional input into N one-

dimensional signals. 

2. Performing N one-point DFTs. 

3. Merging the N one-point DFTs into one N-point DFT. 

Performing the one-dimensional DFTs is only a conceptual 

part that lets us pass from the time to the frequency domain. 

Computationally, it is trivial because the one-point DFT X = 

[X0] of a 1-point signal x = [x0] is itself, that is, X0 = x0, as 

follows by setting N = 1 in Eq. (4). The shuffling process is 

shown in Fig.2 for N = 8. It has B = log2(N) stages. During 

the first stage, the given length-N signal block x is divided into 

two length-(N/2) blocks g and h by putting every other sample 

into g and the remaining samples into h. During the second 
stage, the same subdivision is applied to g, resulting into the 

length-(N/4) blocks {a, b} and to h resulting into the blocks 

{c, d}, and so on. Eventually, the signal x is time-decimated 

down to N length-1 subsequence’s. These subsequence’s form 

the starting point of the DFT merging process, which is 

depicted in Fig. 4 for N = 8. The butterfly merging operations 

are applied to each pair of DFTs to generate the next DFT of 

doubled dimension. 

II. FFT IMPLEMENTATIONS 

The Fast Fourier Transform (FFT), as an efficient algorithm 

to compute the Discrete Fourier Transform (DFT), is one of 

the most important operations in modern digital signal 
processing and communication systems. The pipeline FFT is a 

special class of FFT algorithms which can compute the FFT in 

a sequential manner; it achieves real-time behavior with 

nonstop processing when data is continually fed through the 

processor. Pipeline FFT architectures have been studied since 

the 1970's when real-time large scale signal processing 

requirements became prevalent. Several different architectures 

have been proposed, based on different decomposition 

methods, such as the Radix-2 Multipath Delay Commutator 

(R2MDC) , Radix-2 Single-Path Delay Feedback (R2SDF) , 

Radix-4 Single-Path Delay Commutator (R4SDC) , and 
Radix-22Single-Path Delay Feedback (R22SDF) . More 

recently, Radix-22 to Radix-24 SDF FFTs were studied and 

R23SDF was implemented and shown to be area efficient for 2 

or 3 multipath channels. Each of these architectures can be 

classified as multipath or single-path. Multipath approaches 

can process  data inputs simultaneously, though they have 

limitations on the number of parallel data-paths, FFT points, 

and radix. This paper focuses on single-path architectures. 

From the hardware perspective, Field Programmable Gate 
Array (FPGA) devices are increasingly being used for 

hardware implementations in communications applications. 

FPGAs at advanced technology nodes can achieve high 

performance, while having more flexibility, faster design time, 

and lower cost. As such, FPGAs are becoming more attractive 

for FFT processing applications and are the target platform of 

this paper. 

The primary goal of this research is to optimize pipeline 

FFT processors to achieve better performance and lower cost 

than prior art implementations. 

The FFT processor is an inevitable component used for 

implementing the systems of OFDM. The pipeline 
architectures in structured form are adopted to satisfy the 

requirements of energy and signal processing as far as mobile 

environment is concerned. The architectures of FFT based on 

decomposition method and radix-2 i algorithm were proposed 

by He et al (1998). The algorithm was exploited for the 

implementation of dominant elements to decrease the count of 

manipulations and the 21 storage capacity. The storage 

capacity had been optimized by adjusting the word length in a 
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progressive manner. The efficiency of the design with respect 

to area and power was improved by using a multiplier based 

on distributed arithmetic. The specifications of the design 

were obtained by using a 1024 point FFT processor. Song-

Nien Tang et al (2012) proposed a FFT processor for various 

types of wireless networks such as wireless LAN, wireless 
MAN etc. By adopting the Flexible-Radix Configuration 

Multiple Delay Feedback (FRCMDF) commutator, a high 

performance could be obtained by FFTs of variable-length in 

an efficient manner. In order to improve the efficiency with 

respect to area and energy, an optimized method of 

multiplication was also suggested. In addition, the architecture 

could provide a support for scaling the power across the 

modes of FFT. The chip had been realized with a size of 3.2 

mm2 , a signal to noise ratio of 40 dB, power consumption of 

507 mW at 300 MHz. This FFT processor of length 512-point 

was able to give higher performance and lower consumption 

of power when compared to other designs. 
Taesang Cho (2013) presented a radix-2 5 fast Fourier 

transform (FFT) processor of length 512-point for applications 

of personal area wireless networks. A modified version of 

radix-2 5 algorithm of FFT was used to decrease the level of 

hardware required. This technique could decrease the count of 

manipulations and the capacity of memory required. A 

complex multiplier was employed in the place of a Booth 

multiplier. The architecture obtained a SNR value of 35 dB 

with a word length of ‘12’ bits at 1.2 V. This design had been 

implemented using 90-nm technology with the specifications - 

gate count was 2, 90, 000, the rate of throughput was 2.5 
Gigabits per second at 310 MHz.  

Kyung Heo et al (2003) proposed a FFT processor using 

mixed radix algorithm and a new in-place technique. This 

processor employed only two numbers of N-word memories 

for implementation of FFT when compared to existing FFT 

processors which employ four numbers of N-word memories. 

Further this architecture obtained the optimum requirements 

with respect to area and signal processing. The number of 

clock cycles and number of gates were 640 and 37, 000 

respectively for a FFT processor of length 512-point. Hence 

this design could reduce size of memory and gate count when 

compared to other FFT processors.  
Shousheng He et al (1998) discussed a FFT processor of 

length 1024-point using pipeline architecture. This 

architecture utilized the regularity of radix-2 2 FFT algorithm. 

The implementation of FFT processor was obtained with only 

four numbers of complex multipliers and a data memory of 

1024 points. The chip had been realized with 0.5 µm CMOS 

technology with an area of 40 mm2 at a frequency of 30 MHz.  

Han Ying et al (2003) introduced a FFT processor based on 

Xilinx FPGA. To reduce the complexity of logic, the serial 

mode was adopted to subject the data into three operations 

such as inclusion of multiplying window, manipulation of FFT 
and computation of module-square. The frequency of the 

clock was increased to obtain better performance by 

employing the serial and parallel architectures thereby 

avoiding the bottleneck. It was shown that the processor 

obtained high performance and was suitable for applications 

of Digital signal processing.  

Chang et al (2003) presented an architecture based on 

algorithm of Radix-4. By integrating the styles of feed forward 

and feedback commutators, this architecture obtained better 

usage of hardware and memory when compared to other FFT 

processors. Moreover various components of ROM were 

needed for storing the 23 twiddle values. The size of ROM 
was decremented by an integer of ‘2’ using the concept of 

redundancy. The single-frequency networks are constructed on 

a large scale using Coded Orthogonal Frequnecy Division 

Multiplexing (COFDM) system, with appropriate guard 

durations to make the echoes invalid. The fast Fourier 

transforms of longer length have to be implemented for 

demodulating every symbol in order to reduce the losses of 

spectral efficiency to about 20%.  

Petrovsky et al (2006) proposed a technique for 

synthesizing the split radix FFT processors using pipeline 

architecture. This technique was adopted using hardware 

design of FPGA by considering the constraints of practical 
applications such as frequency, length of transform, 

performance etc into account. The illustrated examples of 

architecture showed the abilities of the technique to optimize 

the hardware. The transition from variable arithmetic to fixed 

arithmetic along with appropriate issues of accuracy was also 

discussed. 

 

III. EXPECTED RESULTS AND CONCLUSION 

By using various optimization techniques such as pipelining, 

parallel architecture, and split-radix implementation, we 

propose an FFT architecture that is optimized in terms of 
speed, power, and area.  We will also show the interplay of 

these parameters and the tradeoffs involved in efficient design 
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Abstract—A number of real world applications are implemented 

as SoC (system on chip).  SoC consists of a number of 

interconnected processing elements.  Traditional interconnects 

are point to point and bus based.  These interconnects become 

inefficient for SoC with a large number of components.  NoC is 

an interconnect scheme that aims to overcome the limitations of 

bus based and point to point connections.  An NoC consists of 

three components - router, link, and adapter. The router is the 

most important component of an NoC.  We propose a router 

optimized for speed by using a dual edge clock sensitive scheme. 

The routing is a five port design based on round robin 
arbitration and FIFO queues. 

Keywords--Network on Chip, FIFO, router, arbiter. 

I.  Introduction 

The complexity of a system on silicon is comparable to 
other macro systems such as space shuttle or skyscrapers, 
when measured in terms of the number of basic elements 
intricately connected together, but at a micro level. Moore’s 
law describes an important trend in the history of the 
integrated circuit (IC): the number of transistors that can be 
placed on an IC is increasing exponentially, doubling 
approximately every two years. This trend has continued for 
more than half a century.  Increasing transistor density, higher 
operating frequencies, shorter time-to-market and reduced 
product life cycle, characterize today's semiconductor 
industry. As semiconductor technology evolves, electronic 
industries continually push the envelope for greater functional 
and performance capabilities in new electronic systems. This 
is creating a continuing need for new design methodologies 
and design space exploration. 

An embedded system is a special-purpose computer 
system designed to perform one or a few dedicated functions, 
often with real-time computing constraints. Embedded 
systems range from portable devices such as digital watches, 
cameras and MP3 players, to large stationary units like traffic 
lights and factory controllers. Complexity varies from low, 
with a single micro-controller chip, to very high with multiple 
intellectual property (IP) cores and peripherals. The 
exponential growth in chip density is opening the door for the 

implementation of even larger and more complex systems, 
where complete embedded systems can be built onto a single 
chip. This paradigm shift is known as System-on-Chip (SoC) 
and is becoming increasingly common and complex. SoCs 
may contain many hardware and/or software blocks, such as 
processors, DSPs, memories, peripheral controllers, gateways, 
and other custom logic blocks. 

The communication architecture implemented in SoCs is 
an important contribution to the overall performance. Since 
the introduction of SoC concept, designers relied on a custom-
designed ad-hoc mixture of buses and dedicated wires as 
communication mechanisms. Dedicated wires are effective for 
systems with a small number of cores, but available routing 
resources are quickly used up as system complexity grows. 
They also provide poor reusability and flexibility. A shared 
bus is a set of wires common to multiple cores, which 
increases both reusability and scalability.  This scheme works 
well for Master-Slave communication patterns, where 
peripherals (slaves) wait for data to be received or requested 
from a more complex processing IP core (master). However, 
when there are several masters in the system, contention 
creates a bottleneck which gets worse as complexity grows. 
And although using hierarchical bus models separated by 
bridges may reduce some of these constraints, it also 
complicates protocols while failing to fully eliminate the 
scalability problem. Design and verification times also grow 
with SoC complexity. 

With the current trend in integration of more complex 
SoCs, there is a need for better communication infrastructure 
on chip that will solve the scalability problem by supporting 
multiple concurrent connections between IP cores, allow for 
pre-tested design reuse to minimize design and verification 
times, all while maintaining a low area- overhead. Many 
architectural templates have been proposed for hardware 
platforms for future SoCs to provide standardized 
communication. NoC has been introduced as a new 
interconnection paradigm able to integrate IP cores in a 
structured and scalable way. This idea aims to allow system 
modules to communicate with each other over an on-chip 
network and has been gaining support world-wide. NoCs are 
based on the concepts adopted on the building of 
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interconnection networks for parallel computers. Each router 
has a set of ports which are used to connect routers with its 
neighboring routers and with the IP cores of the system. This 
solution also promotes independent design of IP cores.  NoC is 
still an active area of research, but many works have provided 
promising performance results over current communication 
strategies (dedicated wires, shared and locked buses) for 
FPGAs.  There is a great need for research in hardware 
implementation of NoC systems to determine the feasibility of 
implementing various parameters, and also to accurately 
determine what design tradeoffs are involved in NoC 
implementation. 

ASICs are increasingly being replaced by Field 
Programmable Gate Arrays (FPGAs) for applications with low 
to medium volume, due to longer design cycles and high cost. 
FPGA's have also continued to grow with the increase in chip 
density Modern FPGA's have various hardware and/or 
software blocks embedded within them such as DSP blocks, 
memory, and even processors. These blocks, along with 
customizable logic blocks, makes them the perfect candidate 
for NoC designs. A fundamental difference between ASICs 
and FPGAs is that wires in ASICs are designed such that they 
match the requirements of a particular design. Wire 
parameters such as length, width, layout and the number of 
wires can be varied to implement a desired circuit. 
Conversely, in an FPGA, area is fixed and routing resources 
exist whether or no they are used. The electrical characteristics 
of the FPGA are solved by the chip vendor not by the user [3]. 
Exploiting the advantages of NoC in FPGAs for implementing 
SoC designs is an active area of research where the goal 
becomes implementing a circuit within the limits of available 
resources. Hence, the importance of designing a generic light-
weight router whose area can be traded-off for performance in 
many different ways to meet applications requirements. 

II. Building Blocks 

NoC aims to allow computational components (IP cores) 
to communicate over an on-chip network. An example of a 
NoC interconnection network is shown in Figure 2.1, which 
consists of four basic functional blocks. These blocks include 
the IP cores, the network adaptor, the routing node, and the 
links. IP cores are specific to the application and not 
considered part of the NoC design. 

NoC aims to allow computational components (IP cores) 
to communicate over an on-chip network. An example of a 
NoC interconnection network is shown in Figure 2.1, which 
consists of four basic functional blocks. These blocks include 
the IP cores, the network adaptor, the routing node, and the 
links. IP cores are specific to the application and not 
considered part of the NoC design. 

A. Links 

This component provides connections for a routing node 
with a network interface or another routing node. It may 
provide buffer resources and separate control lines for 
connection establishment and teardown. 

B. Network Interface 

This component provides the conversion between the high 
level protocol (HLP) that the IP uses and the packet-based 
communication protocol of the NoC. This component may be 
responsible for buffering packets, storing IP core addresses, 
creating and disassembling messages, implementing end-to-
end flow control, crossing clock domains, and other higher 
level network issues. 

C. Routing Node 

This component carries out the task of receiving and 
forwarding messages inside the network based on NoC 
parameters. The Router is the central component in a NoC 
interconnection network. Therefore, its area and speed play a 
big role in the performance of the overall system. NoC 
interconnection networks have a large range of parameters 
which are all focused around router design. Research in this 
area still lacks in useful implementation results. 

III. NoC Parameters 

A. Channel Width 

This parameter describes the size of the data passed 
between routers. It is important since it directly affects 
bandwidth but can lead to the side affects of increased 
area/power. Our library allows for a parameterizable channel 
width which will also be tested for resulting area and latency 
tradeoffs.  

B. Topology 

This parameter refers to the way routers are connected in 
the network. It should be chosen to minimize area, while 
maximizing utilization without causing bottlenecks.  Saldana 
et al. evaluate different topologies in terms of area and routing 
resources [3].  Figure 2.2 shows some popular NoC 
topologies. Ring and star achieve slightly better results, 
although both fail to provide solutions to the scalability 
problem. As the number of nodes increases, ring suffers large 
end to end delay and star suffers from a central bottleneck. 
Narasimhan et al. compare the performance of a two 
dimensional torus to mesh, showing a slight edge for two 
dimensional torus [4]. They however, do not compare the 
extra routing resources needed or the increase area of each 
router due to a more complex routing algorithm. We restrict 
the topology to mesh, which is most common among FPGA 
networks, but allow for various implementation sizes up to an 
8 x 8 network. We also create multiple local ports (up to four 
per router), which allows for multiple IP cores connected to 
each router or multiple router connections for single IP cores. 
This increases the possible number of IP cores connected in 
the network from 64 to 256. With available FPGAs, it would 
be impractical to build anything larger due to area and routing 
resource constraints.  

C. Communication Mechanism 

Communication mechanism deals with how data flows 
through the network and includes flow control, switching 
mode, switching mechanism, and routing algorithm. These 
parameters are usually set when designing the NoC platform. 
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D. Flow Control 

This parameter deals with the allocation of channels and 
buffers to data as it travels from source to destination. The two 
extremes are packet switching (PS) and circuit switching (CS). 
In circuit switching, there is a dedicated connection between 
the two modules in which raw data can be transmitted freely. 
This technique requires a setup time to build and tear down 
connections, and its channel reservation nature often leads to 
idle times and causes unreliable blocking. The only upside to 
this method is its ability to provide guaranteed bandwidth 
during connection times. This method does not scale as well 
and is not a popular choice for NoC systems. In packet 
switching, data is broken into packets which carry routing 
information. Packets can further be broken down into flow 
control units (flits). Modules can send packets at any time and 
there are often many different packets in flight at a given time. 
The routers must process and redirect each packet accordingly. 

E. Switching Mode 

This parameter only exists in PS networks and defines how 
packets move through the network. The most important 
schemes are store-and-forward (SAF), virtual cut-through 
(VCT), and wormhole (WH). In SAF, a router cannot forward 
a packet until all its flits have been received. Therefore, 
latency is proportional to packet size and it carries large buffer 
requirements. In WH, the first flit (header) determines the next 
hop and all remaining flits follow and can be sent as soon as 
it’s received. Therefore, latency is proportional to flit size. 
This method combines packet switched flow control with 
circuit switched ideas but also leads to channel reservation. It 
also requires a complex routing algorithm. VCT uses a 
combination of both ideas to provide latency based on flit size 
without idle times by guaranteeing buffering before setting up 
the connection. However, this method uses large buffer 
amounts and very complex routing algorithms making it 
unsuitable for light-weight networks. We have chosen SAF for 
its light-weight algorithm and to prevent channel reservation. 
Future testing may extend flexibility to include WH as well. 

F. Switching Mechanism 

This parameter refers to how connections are made inside 
a router. Common architectures include fully connected, 
crossbar matrix, and partial crossbar matrix. We use a partial 
crossbar scheme to save area as it is the smallest 
configuration. We have also implemented optimizations based 
on the chosen routing algorithm which we will discuss later.  

G. Routing Algorithm 

The routing algorithm determines the path the packet will 
take.  There is not much research guidance available on 
effectiveness of available routing algorithms for NoC 
implementations. We use XY routing for its simplicity and 
low area overhead. This scheme also prevents livelock and 
assures flits and packets arrive in order. Routing schemes can 
also require congestion control and recovery mechanisms, 
which can lead to added area overhead. We allow this to be 
handled by the application layer. 

IV. NoC Evaluation Metrics 

NoC architectures are designed to meet certain cost and 
performance constraints, which include, but are not limited to, 
speed, area, energy/power consumption, Quality of Service 
(QoS) and flexibility. Through parameter selection, one or 
more metrics can often be improved at the cost of other(s). In 
the following sections we will discuss the evaluation metrics 
for NoC router architectures and their relevance to this thesis. 

A. Latency/Throughput 

When using FPGA technologies, evaluating speed can 
often be as easy as obtaining the synthesized maximum 
frequency the clock is capable of running at. For NoC routers, 
this is not the case. Although still important to the overall 
performance, NoC routers have multiple ports which can send, 
receive and process simultaneously. Therefore, it is important 
to observe data transaction times. 

Speed can be measured in delay, which is referred to as 
latency. Latency can be the overall run time, it can be 
decomposed into several intervals such as packet or flit 
latency, calculated as an average, along with other creative 
possibilities. We use the overall application run time measured 
in cycles, which is converted to time as a function of the 
maximum clock frequency.  

Speed can also be measured in bandwidth, which is 
referred to as throughput.  Throughput is the amount data 
transferred over a period of time. Throughput can be; the ideal 
data processing rate (system working under the best possible 
conditions), it can be decomposed into several intervals such 
as overall application, packet or flit throughput, measured per 
system, IP core, router, or port, calculated as an average, along 
with other creative possibilities. We use the overall 
application/simulation throughput measured in packet and flits 
per cycle, which is converted to time as a function of the 
maximum clock frequency. 

Finally, some papers suggest NoC router speed be 
measured in terms of bottlenecks. Either the number of 
occurring bottlenecks, or the time in which a router has a 
bottleneck occurring. This metric was not used in our 
experiments but is very interesting to note.  

It is important to understand that speed characteristics for 
NoC routers are application specific and do not represent 
speed characteristics of the router alone. This makes 
comparing different router performances quite hard. 

B. Area 

In an FPGA, overall system area is limited and therefore 
important to keep minimal.  Area can be measured as a 
number or a percent of available resources. Area is a very 
vague term. In an FPGA, there are many components which 
occupy area. For our experiments, we use area in terms of 
logic elements (LE’s), memory blocks, and routing resources 
(direct wires, interconnects, and clocks). This Information is 
obtained  from Altera Quartus II CAD tool after compiling 
and synthesizing the VHDL code. Altera Quartus II CAD tool 
gives the option to synthesize for the lowest area or highest 
speed. 
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C. Energy/Power Consumption  

For FPGA technologies, power consumption is a metric 
not often evaluated. This is due to the fact that power 
consumption has a direct relation with area. Also, designing 
low power circuits for FPGA implementation is based on trial 
and error. Therefore, most research including ours focuses on 
area and excludes the use of power estimation tools.  

D. Quality of Service (QoS) 

Quality-of-Service (QoS) is a networking term that refers 
to guarantees that the system can make about its performance. 
In computer networks, certain application such as video 
streaming are required to give a guarantee of high 
uninterrupted bandwidth because of the uniqueness of the 
application. It is difficult to actually predict the behavioral 
nature of the data in the network, thus making it nearly 
impossible to guarantee the required bandwidth without some 
margin of error.  PS suffers even more in its ability to predict 
the timing of its services. To help provide QoS, NoCs must 
provide service free of the following causes of failure. 

1. Livelock: data is prevented from reaching its destination 
because it is in a cyclic path.  

2. Starvation: data is prevented from reaching its 
destination because some resource does not grant access.  

3. Deadlock: data is prevented from reaching its 
destination because it is blocked at some intermediate 
resource.  

Live lock occurs when the packets are being routed around 
their destination and are placed in a cyclic holding manner. 
Live lock can be avoided by allowing the packet to travel the 
shortest route. XY routing avoids this situation. Starvation is a 
common PS problem. It occurs when the packet is 
discriminated against as low-priority data, thus never getting 
service. This can be avoided by allocating resources to process 
all packets equally, automatically dropping and resending 
packets in the network for too long, or by use of dynamic 
arbitration insuring all ports receive service. 

Deadlock is cause by packet being continuously blocked 
and it is the hardest problem to solve because packets that are 
blocked stay blocked while waiting for an event that cannot 
happen. This problem is solved by restricting channel 
reservation. 

V. FPGA Technology 

A field-programmable gate array (FPGA) is an integrated 
circuit (IC) which can be reprogrammed many times to 
implement any desired digital circuit which doesn’t exceed the 
limits of the device. An FPGA contains a two dimensional 
array of programmable logic components, called logic 
elements (LEs), a hierarchy of wires and buses with 
reconfigurable interconnects that allow the LEs to be 
physically connected and is surrounded by configurable I/O 
blocks (IOB’s). Figure 2.3 shows this two dimensional FPGA 
architecture. In addition, FPGAs typically include other 
specialized blocks, such as block random access memories (B 
BRAMs) and digital signal processors (DSPs) which still 
provide some degree of configurability. An FPGA is 
programmed by loading data bits in memory cells which 

control transistor switches to establish non-permanent 
connections. An FPGA can support hundreds of thousands of 
gates of logic operating at speeds of tens of megahertz. We 
can use an FPGA to implement any logical function that an 
application-specific integrated circuit (ASIC) could perform, 
however FPGAs tend to run slower and consume more area 
and energy compared to application-specific integrated 
circuits (ASICs). The use of FPGA to implement digital 
circuits is on the rise over ASIC designs. FPGA allows for 
faster prototyping, shorter time to market, and lower NRE 
costs compared to ASIC. The main advantage comes from the 
ability to fix bugs in the field through reprogramming. 

The first working implementation of FPGAs was presented 
by Marescaux et al. [6]. It has many faults mainly large size, 
and a one dimensional architecture which fails to provide a 
high degree of scalability. They extend their work in [7], 
allowing a more flexible architecture, but still suffering from 
large area overhead. They use VCT flow control which is now 
considered too area-intensive for FPGA platforms because of 
complex routing logic without eliminating any buffer 
constraints.  

 Moraes et al, present Hermes, a router with 
parameterizable data width and buffer depth. They perform 
simulations of a 5 x 5 mesh while varying buffer depth. They 
conclude with the notion that increased buffer size reduced 
latency, but only to a saturation point. Their design uses 
centralized arbitration and routing units, which decreases area 
but stalls performance as routing requests are queued to be 
handled one at a time. Their design also suffers from a very 
low clock speed. They later extend their work to provide an 
automatic router generation and traffic analyzer [9]. 

A comparable router, RASoC [10], was presented by 
Zeferino et al. The main difference being they use a WH flow 
control. Performance differences are yet to be compared and 
may be considered for future work as a WH downfall is that it 
reserves channels which can cause blocking. However, WH 
also requires complex routing logic as well as extra bits in the 
datapath for framing. They also used Altera to synthesis their 
5-port, 8-bit router which occupies 486 LE's and has a clock 
frequency of approximately 57MHz. This area is quite large 
for a router whose buffers are limited to 4 per port.   PNoc, 
proposed by Hilton et al, gives us a router with circuit 
switched flow control. They test their router against bus based 
approaches to show improvements.  However, routing 
complexity grows as the number of ports, or number of routers 
increase and therefore reduces scalability. It also suffers 
typical CS setup and teardown latencies and possible blocked 
idle time. 

Sethuraman et al. propose LiPaR, which was a starting 
point of our design, but significant improvements were added 
by us. They use SAF, input and output buffering, and 
decentralized components. Optimizations are made in the 
crossbar matrix to reduce area through careful analysis of the 
XY routing algorithm. However, we extend these 
optimizations to the arbitration unit.  They use a single 5x5 
crossbar matrix for switching rather then 5 5x1 partial 
crossbars leading to a larger area. Their complex crossbar 
design results in a slower clock speed and increased area. 
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 They later propose multi-local port routers (MLPR), 
which have the potential of improving area and performance 
metrics. However, the authors fail to provide any synthesis 
results to support their proposal. Another extension the authors 
propose is Optimap, an exhaustive CAD tool for mapping IP's 
and choosing network size. 

Vestias et al. propose GNoC, a generic router which 
supports a range of routing, switching and arbitration 
protocols. They create a tool for exploring the sharing of some 
decentralized components to reduce area that is based on the 
injection rate of ports. Unfortunately, they lock all protocols to 
certain values and do not explore them further. Their tool 
shows how they can save area when injection rates are low but 
does not test to see if performance is degraded.  MoCres, 
designed by Janarthanan et al., uses complex VCT flow 
control and attempts to reduce area by sacrificing area through 
centralizing components. They create multi-clock domain to 
enable high clock frequencies during transfers. Optimizations 
from XY routing in the crossbar matrix have been extended to 
the routing algorithm, and gave us the idea for a further 
arbitration unit extension. We have also used their idea of 
creating VHDL wrappers to simulate the stand-alone router or 
routing configurations to compare parameters. 

VI. Router Architecture 

 

Fig 2 shows the block diagram of FLNR and that connect 
it to the adjacent (North, East, S IPs/routers, as well as the 
local IP core. d its external links South, and West)  

Associated with each input port, we temporarily storing the 
coming flits the final destination. The FIFO de equal to the 
number of possible flits routing decision time, in order to get 
design the routing decision time is time needed to write each 
body because we use credit-based protocol (one for head flit, 
one for body minimum latency in the absence buffer size is 
parameterizable and w make fair comparison with other router 
locations will be useful in handling t Upon the arrival of the 
packet at the FIFO buffer flit by flit every available. At the 
same time and w buffer will be evacuated as long as finding a 
free space at the adjacent evacuation stops when the control s 
that adjacent node is not valid; indicating that no more space is 
available. However, the storing in the current FIFO will 

continue. The control signal “credit” representing this port is 
sent as back pressure to the adjacent source nearly full. As 
soon as the first flit location of the FIFO, which is conn stage 
as well as the switch, the packet information included in this 
header flit will notify the Arbiter about the arrival of packet in 
this port, and provide Direction Decoder to calculate the d XY 
routing scheme is used in some drawbacks, it is one of the 
cheapest approaches to obtain a deadlock free network [8]. 
The a using the round-robin method. The n use an input FIFO 
buffer for s until they find their way to depth must be greater 
than or that can be stored during the t the best case latency. In 
our s only one clock cycle. The flit is also one clock cycle ol. 
Note that only two buffers flit) are enough to get the of 
blocking. However, the buffer size is parameterizable and was 
chosen to be 8 in order to make fair comparison with other 
routers. Also, these extra buffer the contention if needed. the 
input port, it is stored in clock cycle if free space is with the 
same speed, FIFO s the assigned output port is destination’s 
input port. The signal “credit” coming from indicating that no 
more space is he current FIFO will continue entering this port 
is sent as a e node, when FIFO becomes t (head_flit) reaches 
the first connected directly to the routing ckt information 
included in biter about the arrival of the  destination address to 
direction decoder to calculate the direction .XY routing  
scheme is used in our design because, despite cheapest 
approaches to obtain a arbitration in FLNR is done 
notifications arriving from the input ports are served in the 
following order: North, East, South, West, and Local. Last 
port served is given the least priority in the following 
transmission. Upon granting an input port, the Arbiter 
configures the Direction Decoder unit asking it to provide the 
direction based on the information provided by the current 
processed packet from the current corresponding port. Then, 
the availability of free buffer locations in the neighboring 
destination hop is checked through examining the validity of 
the signal Credit before opening the channel. As well, the 
Arbiter will acknowledge the FIFO Buffer unit and enable the 
multiplexers in the cross point matrix to establish a 
connection. The Switch is the final stage of the router that 
maps the packets coming from input ports to assigned 
channels. It was implemented using five 5–to-1 multiplexers 
supporting all possible connections between input and output 
buffers. Enabling the multiplexers and selecting the 
appropriate inputs is accomplished via control signals 
provided by the Arbiter.  

VII. Expected Results and Conclusions 

We have proposed a router for network on chip paradigm.  
The router is consists of a FIFO queues, arbiter, and crossbar 
switch.  The design is proposed to operate on dual clock 
principle to improve throughput.  Also, due to the use of 
smaller flit sizes, we will see a reduction in the area 
requirement of the router, and as a result, the total area 
requirement of the NoC implementation, as the router is the 
most area intensive component of the network on chip. 
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Abstract— Current embedded systems make use of soft-core 

processors such as LEON, Nios, Micro-blaze.  Because these 

processors are designed for embedded systems, they lack a number 

of features that are present in more powerful desktop and server 

processors such as Xeon, SPARC and Itanium.  One of these 

features is performance monitoring unit.  In order to design 

optimized software, its execution needs to be monitored on the 

target processor.  This is done by the use of multiple counters and 

control logic.  This helps to record a number of events such CPU 

cycles, number of instructions, and data and instruction cache hit 

or miss, this paper proposed the RTL design and simulation of a 

performance monitoring unit for the Altera Nios II processor and 

quantifies the overhead incurred on hardware resources of the 
underlying programmable hardware. 

Keywords— Performance monitoring unit, embedded processor, 

soft-core processor. 

I. Introduction 
Performance Monitoring counters is a valuable tool for 

measuring performance of a program which can be analysed to 
identify the bottlenecks in the program. These counters are 
present in the most modern processors including Intel 
Pentium, Pentium Pro, P6, Pentium 4, AMD, Cyrix etc. These 
counters are hardware registers attached with the processor 
which measures various programmable events occurring in the 
processor. They do not require any additional overhead and 
supports a wide range of events. 

This section introduces the relevant background on hard- 
ware performance counters and the software used to configure 
and use them. 

Hardware Performance Counters. Most modern pro- 
cessors contain hardware performance counters [2], special- 
purpose registers that can count the occurrence of micro- 
architectural events. Often these counters are programmable: 
They can be enabled or disabled, they can be configured to 
cause an interrupt at overflow, and they can be configured to 
count different types of events. Commonly supported events 
include the number of committed instructions, clock cycles, 
cache misses, or branch mispredictions. As processors differ 

in their micro-architectures, they necessarily differ in the type 
of countable events. The number of counter registers also 
differs greatly between different micro-architectures. In 
addition to programmable counters, some processors also 
support fixed-function counters which provide limited pro 
Gramm-ability (i.e. they always count the same event, or they 
cannot be disabled). 

Configuring & Accessing Counters. Processors provide 
special registers to configure the hardware performance coun- 
ters (e.g. to enable or disable a counter, or to determine which 
event to count). They also provide special instructions to 
access the counter and the counter configuration registers. For 
example, on processors supporting the IA32 instruction set 
architecture, the RDPMC instruction reads the value of a 
performance counter into general purpose registers, RDTSC 
reads the value of the time stamp counter (a special kind of 
fixed-function performance counter), and RDMSR/WRMSR 
read/write the value of any model-specific register (such the 
time stamp counter, a performance counter, or the registers 
used to configure the counters). 

All the above mentioned IA32 instructions can be executed 
when in kernel mode. RDMSR and WRMSR are unavailable 
in user mode. Whether RDPMC and RDTSC work in user 
mode is configurable by software and depends on the 
operating system. 

Per-Thread Counters. Hardware performance counters 
count events happening on a given processor. The counter 
register does not distinguish between different software 
threads that run on its processor. Performance analysts often 
need to know the number of events incurred by specific 
threads. To support this per-thread counting, the operating 
system’s context switch code has to be extended to save and 
restore the counter registers in addition to the general purpose 
registers. 

Software Support  for Hardware Counters. The fact that 
some of the counter configuration or access instructions 
require kernel mode privileges, and the need to provide per-
thread counts, have lead to the development of kernel 
extensions that provide user mode applications access to the 
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counters. For Linux, the two frequently used kernel extensions 
are perfctr [3] and perfmon2 [4]. 

These kernel extensions are specific to an operating 
system. Thus, measurement code using these extensions 
becomes platform dependent. Moreover, even when using the 
same kernel extension, configuring counters for different 
processors requires processor-specific code. For this reason, 
many per- formance analysts use PAPI [5], a higher level API 
to access performance counters. PAPI provides a platform (OS 
and processor) independent programming interface. It 
achieves OS-independence by providing a layer of abstraction 
over the interface provided by kernel extensions that provide 
access to counters. It achieves processor-independence by 
providing a set of high level events that are mapped to the 
corresponding low-level events available on specific 
processors. PAPI also provides access to the machine-specific 
low-level events. To allow an even simpler programming 
model, PAPI provides a high level API that requires almost no 
configuration. 

Performance analysis based on performance monitoring 
units (PMUs) requires both, hardware and software infras- 
tructure. The hardware infrastructure for recording statistical 
data at the micro-architectural level during program execution 
basically includes sets of control registers and counters. The 
control registers can be programmed to specific events that 
should be captured which are then counted. The configuration 
written to control registers also determines whether and which 
interrupts are generated on a counter overflow, whether data is 
collected only for user mode or also for kernel mode 
execution, and generally to enable or disable data collection. 
While most modern processors include some form of PMU 
[11], the number of measurable events and hardware counters 
varies [4], [12]. Events commonly available for monitoring 
include the number of CPU cycles, access and miss rates for 
caches and TLBs, and IPC values. 

The software infrastructure for a PMU needs to con- figure 
the measurement infrastructure, start and stop data collection, 
and finally read out and aggregate counter values. There exist 
several tools and system interfaces supporting the collection of 
statistical data from PMUs. Among them, PAPI and the perf 
tool are commonly used in high-performance computing. 
These tools rely on a sys- tem interface running in kernel 
mode to access the PMU hardware counters. Running the 
system interface in kernel mode is advantageous since the 
hardware counters can easily be saved and restored during a 
context switch, allowing for per-thread performance 
monitoring. In the Linux operating system, two patches for 
performance monitoring are widely used: perfctr and 
perfmon2. More recently, the perf_event interface and the perf 
tool have been included into the main Linux kernel source 
code. The perf tool works tightly with the perf_event interface 
and makes performance monitoring straight-forward for users. 

 

Figure 1:  Performance Monitoring Unit 

Performance events can be grouped into five categories: 
program characterization, memory accesses, pipeline stalls, 
branch pre- diction, and resource utilization. Program 
characterization events help define the attributes of a program 
(and/or the operating sys- tem) that are largely independent of 
the processor’s implementation. The most common examples 
of these events are the number and type of instructions (for 
example, loads, stores, floating point, branches, and so on) 
completed by the program. Memory access events often 
comprise the largest event category and aid performance 
analysis of the processor’s memory hierarchy. For example, 
memory events can count references and miss- es to various 
caches and transactions on the processor memory bus. Pipeline 
stall event information helps users analyse how well the 
program’s instructions flow through the pipeline. Processors 
with deep pipelines rely heavily on branch prediction 
hardware to keep the pipeline filled with useful instructions. 
Branch prediction events let users analyse the performance of 
branch prediction hardware (for example, by providing counts 
of mispredicted branches). Resource utilization events let 
users monitor how often a processor uses certain resources 
(for example, the number of cycles spent using a floating-point 
divider). 

II. Performance-monitoring 
hardware 

Performance-monitoring hardware typical- ly has two 
components: performance event detectors and event counters. 
By properly con- figuring the event detectors and counters, 
users can obtain counts of a variety of performance events 
under various conditions.  Users can configure performance 
event detectors to detect any one of several performance 
events (for example, cache misses or branch mispredictions). 
Often, event detectors have an event mask field that allows 
further qualification of the event. For example, the Intel 
Pentium III’s event to count load accesses to the level 2 cache 
(L2_LD) has an event mask that lets event detectors monitor 
only accesses to cache lines in a specific state— modified, 
shared, exclusive, or invalid. 

The event detector configuration also allows qualification 
by the processor’s current privilege mode. Operating systems 
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use super- visor and user privilege modes to prevent 
applications from accessing and manipulating critical data 
structures and hardware that only the operating system should 
use direct- ly. When the operating system is executing on the 
processor, the privilege mode is supervisor; when an 
application is executing on the processor, the privilege mode 
is user. As such, the ability to qualify event detection by the 
processor’s privilege mode allows counting of events caused 
only by the operating system or only by an application. 
Configuring the event detector to detect events for both 
privilege modes counts all events. 

In addition to counting events detected by the performance 
event detectors, users can configure performance event 
counters to count only under certain edge and threshold 
conditions. The edge detection feature is most often used for 
performance events that detect the presence or absence of 
certain conditions every cycle. For these events, an event 
count of one represents a condition’s presence and zero 
indicates its absence. For example, a pipeline stall event 
indicates the presence or absence of a pipeline stall on each 
cycle. Counting the number of these events gives the number 
of cycles that the pipeline stalled.  However, the edge 
detection feature can also count the number of stalls (more 
specifically, the number of times a stall began) rather than just 
the total number of cycles stalled. With edge detect enabled, 
the performance counter will increment by one only when the 
previous number of performance events reported by the event 
detector is less than the current number being reported. So 
when the event detector reports zero events on a cycle 
followed by one event on the next cycle, the event counter has 
detected a rising edge and will increment by one. It’s usually 
possible to invert the sense of the edge detection to count 
falling edges.. 

The event counter’s second major feature is threshold 
support. This capability lets the event counter compare the 
value it reports each cycle to a threshold value. If  the reported 
value exceeds the threshold, the counter increments by one. 
The threshold feature is only useful for performance events 
that report values greater than one each cycle. For exam- ple, 
superscalar processors can complete more than one instruction 
per cycle. Selecting instructions completed as the performance 
event and setting the counter threshold to two would 
increment the counter by one when- ever three or more 
instructions complete in one cycle. This provides a count of 
how many times three or more instructions completed per 
cycle. 

III. Performance profiles 
Although performance event detectors and counters can 

easily detect the presence of a performance problem and let 
the user esti- mate the severity of the problem, it’s often 
necessary to find the locations of the code (whether in the 
application or the operating system) that are causing the 
performance problem. Knowing the source of the perfor- 
mance problem lets programmers alter the high-level 
algorithms used by the application and/or the low-level code 
to avoid or reduce the problem’s impact. To illustrate how 
performance counters can help create a profile that identifies 
the major sources of performance problems, let’s first review 
the goals and techniques used to create time-based profiles. 

A. Time-based profiles 

A common technique to identify areas upon which to focus 
tuning efforts is to obtain a time-based profile of the 
application. A time-based profile estimates the percentage of 
time an application spends in its major sections. 

Focusing tuning efforts on the application’s most 
frequently executed sections maximizes the benefits of any 
performance- tuning changes made to the code.  A time-based 
profile relies upon interrupting an application’s execution at 
regular time intervals. During each interrupt, the interrupt 
service routine saves the value of the program counter. Once 
the application completes, the user can create a histogram that 
shows the number of samples collected for each program 
counter value. Assuming that the histogram draws from many 
program counter samples, it will show the applications most 
frequently executed sections. 

B. Event-based profiles 

A technique similar to that for creating a time-based profile 
can help collect an event- based profile. An event-based 
profile is a histogram that plots performance event counts as a 
function of code location. Instead of interrupting the 
application at regular time intervals (as is done to create a 
time-based profile), the performance-monitoring hardware 
interrupts the application after a specific number of 
performance events has occurred. So just as a time-based 
profile indicates the most frequently executed instructions, an 
event-based profile indicates the most frequently executed 
instructions that cause a given performance event. 

To support event-based sampling (EBS), performance-
monitoring hardware typically generates a performance 
monitor interrupt when a performance event counter 
overflows. To generate an interrupt after N performance 
events, the performance counter is initialized to a value of 
overflow minus N before being enabled. A performance 
monitor interrupt service routine (ISR) handles these 
interrupts. The ISR saves sample data from the program (for 
example, the program counter) and re-enables the performance 
event counter to cause another interrupt after No occurrences 
of a certain performance event. After the application finishes 
executing, the user can plot the data samples saved by the ISR 
to create an event- based profile.  

IV. Performance-monitoring 
capabilities 

Intel’s P5-based processors (these include the original 
Pentium and Pentium MMX) and P6-based processors provide 
two performance counters that support privilege mode qualifi- 
cation, threshold comparisons, and interrupt generation on 
counter overflow. 1 

These processors also provide a large set of performance 
events (more than 80 on the Pentium III). AMD’s Athlon 
processor8 provides four performance counters with 
capabilities similar to the Pentium III, but with a smaller set of 
performance events (about 25). IBM’s PowerPC 750 
processor9 provides four counters with capabilities similar to 
the Pentium III and supports more than 40 events. Motorola’s 
PowerPC 7450 provides six counters and over 200 events. 10 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 81 
 

An additional feature of the PowerPC performance-monitoring 
hardware is the ability to count performance events only for 
marked processes on a system running multiple processes. 
This feature lets a process indicate that its events should be 
counted, excluding those events generated by any unmarked 
process.  

Intel’s Itanium processor provides four performance 
counters and over 90 performance events. In addition to 
supporting privilege- mode qualification, threshold 
comparisons, and interrupt generation on counter overflow, 
Itanium allows event qualification by opcode as well as 
instruction and/or data address range. Itanium events also 
account for all major single- and multicycle stall and flush 
conditions. These events let the user deter- mine the 
percentage of all cycles spent on various activities, such as 
execution, data and instruction accesses, and branch 
mispredictions. Unlike most other processors, Itanium 
contains a set of event address registers that records the 
instruction and data addresses for cache and transition look-
aside buffer (TLB) misses. These event address registers 
identify data addresses and structures that cause frequent 
cache and TLB misses.  

Sun’s UltraSparc I and II provide two performance 
counters and qualification by privilege mode for over 20 
events, but they have no threshold support and cannot generate 
interrupts on counter overflow. Compaq’s Alpha 21264 
provides two performance counters that support privilege-
mode qualification and interrupt generation on counter over- 
flow. The Alpha 21264 was also the first processor to support 
Pro-fileMe, a novel pro- filing technique, discussed in the 
―Alpha’s Pro- fileMe approach‖ sidebar. 

V. Nios II System 
The Nios II processor can be used with a variety of other 

components to form a complete system. These components 
include a number of standard peripherals, but it is also 
possible to define custom peripherals. Altera’s DE2 
Development and Education board contains several 
components that can be integrated into a Nios II system. An 
example of such a system is shown in Figure 2. 

 

Figure 2: Nios II Microprocessor 

The Nios II processor and the interfaces needed to connect 
to other chips on the DE2 board are implemented in the 
Cyclone II FPGA chip. These components are interconnected 
by means of the interconnection network called the Avalon 
Switch Fabric. Memory blocks in the Cyclone II device can be 
used to provide an on-chip memory for the Nios II processor. 
They can be connected to the processor either directly or 
through the Avalon network. The SRAM and SDRAM 
memory chips on the DE2 board are accessed through the 
appropriate interfaces. Input/output interfaces are instantiated 
to provide connection to the I/O devices used in the system.  A 
special JTAG UART interface is used to connect to the 
circuitry that provides a Universal Serial Bus (USB) link to 
the host computer to which the DE2 board is connected. This 
circuitry and the associated software is called the USB-
Blaster. Another module, called the JTAG Debug module, is 
provided to allow the host computer to control the Nios II 
processor. It makes it possible to perform operations such as 
downloading programs into memory, starting and stopping 
execution, setting program breakpoints, and collecting real-
time execution trace data. Since all parts of the Nios II system 
implemented on the FPGA chip are defined by using a 
hardware description language, a knowledgeable user could 
write such code to implement any part of the system. This 
would be an onerous and time consuming task. Instead, one 
can use the SOPC Builder tool in the Quartus II software to 
implement a desired system simply by choosing the required 
components and specifying the parameters needed to make 
each component fit the overall requirements of the system. 

VI. Conclusions 
We propose a performance monitoring unit to be 

implemented for a Nios II soft-core processor that is used as a 
configurable processor in embedded systems.  Traditionally, 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 82 
 

soft-core processors intended for embedded systems lack a 
performance monitoring unit so that area and power footprints 
are minimized.  However, as the complexity of embedded 
system software increases, there is a need for hardware 
support to monitor performance so as to optimize embedded 
system applications.  Performance monitoring units are an 
integral part of advanced workstation and server processors.  
We will show the impact on silicon area as a result of 
implementation of the performance monitoring unit. 
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Abstract— An important step in digital signal processing (DSP) is 

the filtering operation.  Digital filters are commonly implemented 

as finite impulse response (FIR) filters.  In applications such as 

mobile communication, the filtering process needs to be adaptive 

as the DSP operations are performed in varying environments, 

and each environment presents a different noise profile.  There 

are a number of adaptation schemes for FIR filters, and one of 

the most common adaptation schemes is the least mean square 

(LMS) algorithm.  The important components of a digital filter 

are delay elements, multipliers, and adders.  The multipliers are 

the most demanding components in terms of both area and 

critical path length.  In this paper we present an adaptive FIR 

filter based on the LMS algorithm.  We present simulation and 

synthesis results for implementation on Xilinx Spartan 

programmable gate arrays (FPGA).  The propose a design 

optimized for area and power by replacing multipliers with a 

distributed arithmetic scheme that is well suited for FPGA 
implementation due to the use of look up tables (LUT). 

Keywords— LMS, FPGA, adaptive filtering, noise cancellation. 

I.  Introduction  
An adaptive filter is a computational device that attempts to 

model the relationship between two signals in real time in an 

iterative manner. Adaptive filters are often realized either as a 

set of program instructions running on an arithmetical 

processing device such as a microprocessor or DSP chip, or as 

a set of logic operations implemented in a field-programmable 

gate array (FPGA) or in a semi- custom or custom VLSI 

integrated circuit. However, ignoring any errors introduced by 

numerical precision effects in these implementations, the 
fundamental operation of an adaptive filter can be 

characterized independently of the specific physical realization 

that it takes. For this reason, we shall focus on the 

mathematical forms of adaptive filters as opposed to their 

specific realizations in software or hardware. Descriptions of 

adaptive filters as implemented on DSP chips and on a 

dedicated integrated circuit can be found in [1, 2, 3], and [4], 

respectively. 

An adaptive filter is defined by four aspects: 

1. The signals being processed by the filter. 

2. The structure that defines how the output signal of the 

filter is computed from its input signal. 

3. The parameters within this structure that can be 

iteratively changed to alter the filters input-output relationship. 

4. The adaptive algorithm that describes how the 

parameters are adjusted from one time instant to the next. 
By choosing a particular adaptive filter structure, one 

specifies the number and type of parameters that can be 

adjusted. The adaptive algorithm used to update the parameter 

values of the system can take on a myriad of forms and is 

often derived as a form of optimization procedure that 

minimizes an error criterion that is useful for the task at hand. 

In this section, we present the general adaptive filtering 

problem and introduce the mathematical notation for 

representing the form and operation of the adaptive filter. We 

then discuss several different structures that have been proven 

to be useful in practical applications. We provide an overview 
of the many and varied applications in which adaptive filters 

have been successfully used. Finally, we give a simple 

derivation of the least-mean-square (LMS) algorithm, which is 

perhaps the most popular method for adjusting the coefficient 

of an adaptive filter, and we discuss some of this algorithm’s 

properties. As for the mathematical notation used throughout 

this section, all quantities are assumed to be real-valued. 

Scalar and vector quantities shall be indicated by lowercase 

(e.g., x) and uppercase-bold (e.g., X) letters, respectively. We 

represent scalar and vector sequences or signals as x(n) and 

X(n), respectively, where n denotes the discrete time or 
discrete spatial index, depending on the application. Matrices 

and indices of vector and matrix elements shall be understood 

through the context of the discussion. 
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Figure 1 shows a block diagram in which a sample from a  

 

digital input signal x(n) is fed into a device, called an adaptive 

filter that computes a corresponding output signal sample y(n) 

at time n. For the moment, the structure of the adaptive filter is 

not important, except for the fact that it contains adjustable 
parameters whose values affect how y(n) is computed. The 

output signal is compared to a second signal d(n), called the 

desired response signal, by subtracting the two samples at time 

n. This difference signal, given by 

e(n) = d(n) - y(n) 

This e(n) is known as the error signal. The error signal is 

fed into a procedure which alters or adapts the parameters of 

the filter from time n to time .n C 1/ in a well-defined manner. 

This process of adaptation is represented by the oblique arrow 

that pierces the adaptive filter block in the figure. As the time 

index n is incremented, it is hoped that the output of the 

adaptive filter becomes a better and better match to the desired 
response signal through this adaptation process, such that the 

magnitude of e(n) decreases over time. In this context, what is 

meant by ―better‖ is specified by the form of the adaptive 

algorithm used to adjust the parameters of the adaptive filter. 

In the adaptive filtering task, adaptation refers to the method 

by which the parameters of the system are changed from time 

index n to time index .n C 1/. The number and types of 

parameters within this system depend on the computational 

structure chosen for the system. We now discuss different 

filter structures that have been proven useful for adaptive 

filtering tasks. 

II. FILTER STRUCTURE 
In general, any system with a finite number of parameters 

that affect how y(n) is computed from x(n) could be used for 
the adaptive filter in Fig. 1. Define the parameter or coefficient 

vector W(n) as 

W(n) = [w0(n) w1(n) . . . wL-1(n)]T 

Where {wi(n)}, 0<=i<=L-1 are the L parameters of the 

system at time n:With this definition, we could define a 

general input-output relationship for the adaptive filter as 

y(n) = f(W(n),y(n-1),y(n-2), . . . y(n-N), x(n), x(n-1), . . . 

x(n-M+1)). 

Where f represents any well-defined linear or nonlinear 

function and M and N are positive integers. Implicit in this 

definition is the fact that the filter is causal, such that future 
values of x(n) are not needed to compute y(n). While non 

causal filters can be handled in practice by suitably buffering 

or storing the input signal samples, we do not consider this 

possibility. 

Although (3) is the most general description of an adaptive 

filter structure, we are interested in determining the best linear 

relationship between the input and desired response signals for 

many problems. This relationship typically takes the form of a 

finite-impulse-response (FIR) or infinite-impulse-response 

(IIR) filter. Figure 2 shows the structure of a direct-form FIR 

filter, also known as a tapped-delay-line or transversal filter, 

where z−1 denotes the unit delay element and each wi (n) is a 
multiplicative gain within the system. In this case, the 

parameters in W(n) correspond to the impulse response values 

of the filter at time n. We can write the output signal y(n) as  

 
Where X(n) = [x(n) x(n-1) . . . x(n-L+1)]T denotes the input 

signal vector and � T denotes vector transpose. Note that this 
system requires L multiplies and L − 1 adds to implement, and 

these computations are easily performed by a processor or 

circuit so long as L is not too large and the sampling period for 

the signals is not too short. It also requires a total of 2L 

memory locations to store the L input signal samples and the L 

coefficient values, respectively. 

 

I. ADAPTIVE FILTER APPLICATIONS 

Perhaps the most important driving forces behind the 

developments in adaptive filters throughout their history have 

been the wide range of applications in which such systems can 
be used. We now discuss the forms of these applications in 

terms of more-general problem classes that describe the 

assumed relationship between d(n) and x(n). Our discussion 

illustrates the key issues in selecting an adaptive filter for a 

particular task. Extensive details concerning the specific issues 

and problems associated with each problem genre can be 

found in the references at the end of this chapter. 

A. Channel Identification 

In communication systems, useful information is 
transmitted from one point to another across a medium such as 

an electrical wire, an optical fiber, or a wireless radio link. 

Non idealities of the transmission medium or channel distort 

the fidelity of the transmitted signals, making the deciphering 

of the received information difficult. In cases where the effects 

of the distortion can be modeled as a linear filter, the resulting 

―smearing‖ of the transmitted symbols is known as inter-

symbol interference (ISI). In such cases, an adaptive filter can 

be used to model the effects of the channel ISI for purposes of 

deciphering the received information in an optimal manner. In 

this problems cenario, the transmitter sends to the receiver a 
sample sequence x(n) that is known to both the transmitter and 

receiver. The receiver then attempts to model the received 

signal d(n) using an adaptive filter whose input is the known 

transmitted sequence x(n). After a suitable period of 

adaptation, the parameters of the adaptive filter in W(n) are 

fixed and then used in a procedure to decode future signals 

transmitted across the channel. Channel identification is 

typically employed when the fidelity of the transmitted 

channel is severely compromised or when simpler techniques 

for sequence detection cannot be used. Techniques for 

detecting digital signals in communication systems can be 

found in [9]. 
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B. Plant Identification 

In many control tasks, knowledge of the transfer function of 

a linear plant is required by the physical controller so that a 

suitable control signal can be calculated and applied. In such 

cases, we can characterize the transfer function of the plant by 

exciting it with a known signal x(n) and then attempting to 

match the output of the plant d(n) with a linear adaptive filter. 

After a suitable period of adaptation, the system has been 

adequately modelled, and the resulting adaptive filter 

coefficients in W(n) can be used in a control scheme to enable 

the overall closed-loop system to behave in the desired 

manner. In certain scenarios, continuous updates of the plant 
transfer function estimate provided by W(n) are needed to 

allow the controller to function properly. A discussion of these 

adaptive control schemes and the subtle issues in their use is 

given in [10, 11]. 

C. Echo Cancellation for Long-Distance Transmission 

In voice communication across telephone networks, the 

existence of junction boxes called hybrids near either end of 

the network link hampers the ability of the system to cleanly 

transmit voice signals. Each hybrid allows voices that are 
transmitted via separate lines or channels across a long-

distance network to be carried locally on a single telephone 

line, thus lowering the wiring costs of the local network. 

However, when small impedance mismatches between the 

long distance lines and the hybrid junctions occur, these 

hybrids can reflect the transmitted signals back to their 

sources, and the long transmission times of the long-distance 

network—about 0:3 s for a trans-oceanic call via a satellite 

link—turn these reflections into a noticeable echo that makes 

the understanding of conversation difficult for both callers. 

The traditional solution to this problem prior to the advent of 
the adaptive filtering solution was to introduce significant loss 

into the long-distance network so that echoes would decay to 

an acceptable level before they became perceptible to the 

callers. Unfortunately, this solution also reduces the 

transmission quality of the telephone link and makes the task 

of connecting long distance calls more difficult. An adaptive 

filter can be used to cancel the echoes caused by the hybrids in 

this situation. Adaptive filters are employed at each of the two 

hybrids within the network. The input x(n) to each adaptive 

filter is the speech signal being received prior to the hybrid 

junction, and the desired response signal d(n) is the signal 
being sent out from the hybrid across the long-distance 

connection. The adaptive filter attempts to model the 

transmission characteristics of the hybrid junction as well as 

any echoes that appear across the long-distance portion of the 

network. When the system is properly designed, the error 

signal e(n) consists almost totally of the local talker’s speech 

signal, which is then transmitted over the network. Such 

systems were first proposed in the mid-1960s [12] and are 

commonly used today. For more details on this application, 

see [13, 14]. 

D. Acoustic Echo Cancellation 

A related problem to echo cancellation for telephone 

transmission systems is that of acoustic echo cancellation for 

conference-style speakerphones. When using a speakerphone, 

a caller would like to turn up the amplifier gains of both the 

microphone and the audio loudspeaker in order to transmit and 

hear the voice signals more clearly. However, the feedback 

path from the device’s loudspeaker to its input microphone 

causes a distinctive howling sound if these gains are too high. 

In this case, the culprit is the room’s response to the voice 
signal being broadcast by the speaker; in effect, the room acts 

as an extremely poor hybrid junction, in analogy with the echo 

cancellation task discussed previously. A simple solution to 

this problem is to only allow one person to speak at a time, a 

form of operation called half-duplex transmission. However, 

studies have indicated that half-duplex transmission causes 

problems with normal conversations, as people typically 

overlap their phrases with others when conversing. To 

maintain full-duplex transmission, an acoustic echo canceller 

is employed in the speakerphone to model the acoustic 

transmission path from the speaker to the microphone. The 

input signal x(n) to the acoustic echo canceller is the signal 
being sent to the speaker, and the desired response signal d(n) 

is measured at the microphone on the device. Adaptation of 

the system occurs continually throughout a telephone call to 

model any physical changes in the room acoustics. Such 

devices are readily available in the marketplace today. In 

addition, similar technology can and is used to remove the 

echo that occurs through the combined radio/room/telephone 

transmission path when one places a call to a radio or 

television talk show. Details of the acoustic echo cancellation 

problem can be found in [14]. 

E. Adaptive Noise Cancelling 

When collecting measurements of certain signals or 

processes, physical constraints often limit our ability to 

cleanly measure the quantities of interest. Typically, a signal 

of interest is linearly mixed with other extraneous noises in the 

measurement process, and these extraneous noises introduce 

unacceptable errors in the measurements. However, if a 

linearly related reference version of any one of the extraneous 

noises can be cleanly sensed at some other physical location in 

the system, an adaptive filter can be used to determine the 
relationship between the noise reference x(n) and the 

component of this noise that is contained in the measured 

signal d(n). After adaptively subtracting out this component, 

what remains in e(n) is the signal of interest. If several 

extraneous noises corrupt the measurement of interest, several 

adaptive filters can be used in parallel as long as suitable noise 

reference signals are available within the system. Adaptive 

noise cancelling has been used for several applications. One of 

the first was a medical application that enabled the 

electroencephalogram (EEG) of the fetal heartbeat of an 

unborn child to be cleanly extracted from the much-stronger 
interfering EEG of the maternal heartbeat signal. Details of 

this application as well as several others are described in the 

seminal paper by Widrow and his colleagues [15]. 

III. LMS ADAPTIVE ALGORITHM 
The cost function J(n) chosen for the steepest descent 

algorithm of (18.25) determine the coefficient solution 

obtained by the adaptive filter. If the MSE cost function in 

(18.16) is chosen, the resulting algorithm depends on the 
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statistics of x(n) and d(n) because of the expectation operation 

that defines this cost function. Since we typically only have 

measurements of d(n) and of x(n) available to us, we substitute 

an alternative cost function that depends only on these 

measurements. One such cost function is the least-squares cost 

function given  

 
Where (n) is a suitable weighting sequence for the terms 

within the summation. This cost function, however, is 
complicated by the fact that it requires numerous 

computations to calculate its value as well as its derivatives 

with respect to each wi(n), although efficient recursive 

methods for its minimization can be developed. Alternatively, 

we can propose the simplified cost function JLMS(n) given by 

 
This cost function can be thought of as an instantaneous 

estimate of the MSE cost function. Although it might not 

appear to be useful, the resulting algorithm obtained when 

JLMS(n) is used for J (n) in (25) is extremely useful for 

practical applications. Taking derivatives of JLMS(n) with 

respect to the elements of W(n) and substituting the result into 

(25), we obtain the LMS adaptive algorithm given by 

 
Note that this algorithm is of the general form in (14). It 

also requires only multiplications and additions to implement. 

In fact, the number and type of operations needed for the LMS 

algorithm is nearly the same as that of the FIR filter structure 

with fixed coefficient values, which is one of the reasons for 

the algorithm’s popularity. The behaviour of the LMS 

algorithm has been widely studied, and numerous results 

concerning its adaptation characteristics under different 
situations have been developed. For now, we indicate its 

useful behaviour by noting that the solution obtained by the 

LMS algorithm near its convergent point is related to the 

Wiener solution. In fact, analyses of the LMS algorithm under 

certain statistical assumptions about the input and desired 

response signals show that 

 
when the Wiener solution WMSE/n is a fixed vector. 

Moreover, the average behaviour of the LMS algorithm is 

quite similar to that of the steepest descent algorithm in (27) 

that depends explicitly on the statistics of the input and desired 

response signals. In effect, the iterative nature of the LMS 

coefficient updates is a form of time-averaging that smooths 

the errors in the instantaneous gradient calculations to obtain a 
more reasonable estimate of the true gradient. 

 

IV. EXPECTED RESULTS AND CONCLUSIONS 

We have proposed an HDL design and simulation of an 

adaptive filter using the LMS algorithm.  The intended 

application for the LMS filter is adaptive noise cancellation.  

We propose a pipelined design of the LMS filter that results in 

higher throughput at the cost of a slight increase in area. 
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Abstract-- Wireless sensor network is design by wireless 

sensor nodes and various types of sensors are deployed in 

various areas such as offices, wild life, college etc. The 

sensed data is transferred using wireless sensor network 

through these nodes. These devices are cheap and require 

low power for operation. The nodes integrate 

programming, communication and it provides easy user 

interface for operation and deploying it. 
 

 

I.  Introduction 

 In recent year the field of wireless sensor network has 

a various development and it is very useful in domestics, 

environment sensing , smart building and physiological 

monitoring , which makes our life easy. It has disadvantages 

of synchronization and energy consumption, this problem has 
been tackled by using techniques to secure a perfect 

synchronization through the network to reduce the loss of data 

packages or by modifying the medium control and avoiding 

the collision of data. 

 The environmental conditions such as temperature, 

sound, pressure are monitored by using wireless sensor 

network and corporately transfer these data through the 

network to the main location. The wireless sensor network 

was developed for military applications but now days it is 

used in many industrial and consumer application such as 

industrial process monitoring and to monitor the machine 
health and so on. 

 The wireless sensor network is design by using 

several nodes it can be from few to several hundred or even 

thousand and every node consist of antenna for interfacing 

with the sensors and an energy source. The sensing nodes can 

be variable size. A “node” in a wireless sensor network gather 

the formation, process that information and communicate with 

other connected nodes in the network. The topology of 

wireless sensor network can vary from simple star network to 

an advanced multi-hop wireless mesh network. The sensors in 

the node sense the data and send this data (Analog signal) to 

analog to digital converter and then send to controller for 
further processing.  

 WSN can be considered an innovative paradigm, 

which permits the emergence of several new monitoring 

applications, but introduces challenges intrinsic to this 

technology. Some of these challenges are 

 

1) Paradigm change:  
 WSN are deployed in order to collect scalars from the 

environment and to support control applications. The WSN 
application must sense the environment and sometimes it must 

act in one way or the other on the environment. Thus, it is 

considered critical to obtain a cooperative behavior of 

thousands of sensor nodes, where the data from just one node 

may not be important. The identification address for the sensor 

nodes does not have permanent, due to the fact that generally 

messages are not sent to a specific node but to a space or area. 

Users can be interested in the information about a specific 

monitoring area, thus the sensed data from a specific node 

may not be important, representing the data centric approach 

in Wireless sensor networks.  
 

2) Resource Constraints:  
  WSNs faces severe resource limitations. Some of 

them are limited energy budget, restricted CPU clock, 

restricted memory as well as network bandwidth. That causes 

the implementations of wireless sensor network. The Wireless 

sensor network topologies are composed of a huge number of 

nodes represents a new issue that had not been considered in 

simple ad‐hoc networks. 

  

3) Self:  
 One of the biggest challenges is to create the wireless 

sensor network vision in the network application layer. Due to 

the fact that WSNs are deployed to operate with few or none 

human intervention, self characteristics like self‐organization, 

and self‐healing become necessary, These characteristics are 

easily listed as challenge, however are extremely difficult to 

achieve. 
 

4) High scale/density: 

  There are number of Wireless sensor network 

approaches that consider a large number of nodes in order to 

overcome hardware or software problems, thus there is a 
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minimum number of nodes that is necessary to provide  the 

Wireless sensor network  service. The main challenges include 

the processing of the large number of generated data, the 

assurance that the particular Wireless sensor network requires 

the minimum desirable density, and the development of 

solutions that require the lowest density and energy 
consumption in order to maximize the Wireless sensor 

networks lifetime. A WSN based on a large number of nodes 

that are deployed in large areas is considered a large‐scale 

system. Due to its   characteristics, these systems are subject to 

faults, noise, which sometimes can be caused by the WSN 

itself, and other uncertainties. Moreover, when a WSN is 

deployed, it might be self‐operational and present 

self‐maintenance, due to that human intervention is very 

expensive or even impossible. Therefore, all these 
characteristics impose several conflicting goals.  

 

5)Security:  
 Wireless sensor networks can be used in safety 

critical applications, thus its security is an essential issue to be 

considered. Moreover, the security issues is consider for 

coordination and real time communication approaches.Thus, 

some intruder can easily exploit these Wireless sensor network 

security faults. The great dilemma is how to implement 

security techniques that need large computational resources in 

a technology that deals with severe hardware constraints. 

 

6)Real‐time: 

  Wireless sensor networks operate in the real world, 

for correct functionality real‐time features are necessary. 

These systems present implicit real‐time constraints. The 

response time of its tasks is also important, thus the system 

tasks must be completed as fast as possible. Several Wireless 

sensor networks present explicit real‐time constraints. For 

example, a structural monitoring application imposes explicit 
deadlines for the data sensing However, due to the large 

number of nodes, non‐determinism and noise, it might be 

extremely hard to guarantee real‐time properties. 

 

 

 

II. DESSIGNING OF WIRELESS SENSOR NETWORK 

 

 

 

 

1. Network Dynamics  
 There are three main components in a sensor 

network. These are the sensor nodes, sink and monitored 

events. Supporting the mobility of sink nodes is an important 
issue in WSN design. Routing plays important role as routing 

messages from or to moving nodes is more challenging since 

route stability becomes an important optimization factor, in 

addition to energy, bandwidth etc  

Sensor network has three main components these are sensor 

nodes, sink and monitored events. For wireless sensor 

designing supporting the mobility of sink node is an important 

issue in wireless sensor network design. as the messages 

routes from or to moving nodes is more challenging since 

route stability becomes an important optimization factor, in 

addition to energy, bandwidth etc 

 
2. Placement of Nodes 
 Another consideration is the topological deployment 

of nodes topology can be simple star network to an advanced 

multi-hop wireless mesh network. . This is application 

dependent and affects the performance of the routing protocol. 

The deployment is either deterministic or self-organizing 
 

3. Energy Considerations:  
 While designing the infrastructure, the process of 

setting up the routes is greatly influenced by energy 

considerations. Since the transmission power of a wireless 

radio is proportional to distance squared or even higher order 

in the presence of obstacles, multi hop routing will consume 

less energy than direct communication. 

 

4. Node Capabilities:  
 In a Wireless sensor networks, different 

functionalities can be associated with the sensor nodes. 
According to previous studies, all sensor nodes are assumed to 

be homogenous, having equal capacity in terms of 

computation, communication and power. Depending on the 

application a node can be dedicated to a particular special 

function such as relaying, sensing and aggregation since 

engaging the three functionalities at the same time on a node 

might quickly drain the energy of that node. Including of 

heterogeneous set of sensors raises multiple technical issues 

related to data routing. The results generated from these 

sensors can be at different rates, subject to diverse quality of 

service constraints and following multiple data delivery 
models. Therefore, such a heterogeneous environment makes 

data routing more challenging. 
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III. OVERVIEW OF WIRELESS SENSOR NETWORK 

 

 

 

 
 

 

 Number of fields where wireless sensor networks are 

used that are ranging from spatial application field such as 

wild environment monitoring, industrial machine 

measurement and military purpose measurement to daily 

application fields such as fire monitoring and pollution 

monitoring. A wireless sensor network can be wire or 

wireless network, which has several sensors nodes installed in 
certain field. A sensor node should have computation, sensing 

and wireless communication functionalities The number of 

sensors are used for delivering information in real-time from 

environments and processes, where data collection is 

impossible previously 

 wireless sensor networks consist of low power sensor 

nodes and integrate general-purpose computing with 

heterogeneous sensing and wireless communication. Power 

unit is One of the most important components of a sensor 

node. A wireless sensor network limits the radio frequency 

channel, due to, that is to say, unstable links, limit of physical 
protection of each sensor node, actual of each nodes 

connection, variation topology in addition dangerousness 

about routing security is high by activity spite nodes. A 

wireless sensor network consists of spatially distributed 

autonomous sensors which cooperatively monitor physical or 

environmental conditions, such as temperature, sound, 

vibration, pressure, motion or pollutants. 

 

IV.   POWER CONSTRAINTS IN WSN  

 

 Limited energy resource is the main drawback of 
wireless sensor network. The lifetime of the wireless sensor 

network is  limited as there are no external power supply 

through wires. There are many researches in the field of 

energy optimization & energy supply for the wireless sensor 

network like photovoltaic but these techniques are not 

sufficient to improve the life time of wireless sensor network. 

To make the wireless sensor network more efficient & to 

extend the life time of the wireless sensor network  it is 

required that battery life of every participating sensor should 

be improved and then the total energy of the WSN should be 

optimized. To achieve this nodes remain functional or 

activated only when they have to transmit or receive any 
signal from other nodes. Every node has a radio transceiver 

that has four modes of operation:- 

  

Transmission: - 

 Information transmission b/w sensor nodes. It consumes the 

maximum power in the WSN.  

 

Receiving: -  

Information received b/w sensor nodes. It consumes the 

medium power.  

 

Stand-by: - 
 Sensor node is currently inactive and turned on & ready for 

data transmission.  

 

Sleep: - 

 Sensor node is in OFF state.  

 

 A finite number of bits are transmitted by sensor 

nodes before running out of battery power. To make the 

network life time longer it is essential to reduce the energy 

consumption per bit. To achieve this it is taken in to 

consideration that every information bit is valid for only a 
particular time frame and sensor nodes have to send all the 

bits to a hub before this particular time frame. Using this 

approach the end to end transmission delay can be controlled 

to some extent. Layers of the protocol stack also affect the 

energy consumption in the WSN. So there is requirement 
where all the hardware & protocol layers can be used in an 

efficient manner to improve the life time of the WSN. 

 

V.   CONCLUSION  
 In this paper power related problems in WSN are 

presented. The power and communication of data are the 

main problems of a wireless sensor network. With its 
limitations, it is important to design a network that uses 

optimal energy resources while transferring reliable data.  

  

VI.  REFERENCES  

 

[1]Warneke, Liebowitz, B., Last, M., B., and Pister, K. S. J. 

Smartdust: Communicating with a cubic-millimeter computer. 

Computer 34, 1(2001), 44–51.  

 

[2] W. Su, Sankarasubramaniam Akylidiz, and E.Cayrici, “A 

survey on sensor networks”, IEEE Communications 
Magazine, Volume: 40 Issue: 8,August 2002, pp.102-114.  

 

[3]Akyildiz, I. F.; Su W.; Sankarasubramaniam Y. & Cayirci 

E. (2002). A Survey on Sensor 

Networks. IEEE Communications Magazine, pp. 102‐114 

 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 90 
 

[4] D.Culler, D.Estrin and M.Srivastava, “Overview of Sensor 

Networks”, IEEE Computer Society, August 2004.  

[5] Ayad Salhieh Jennifer Weinmann _ Manish Kochhal _ 

Loren Schwiebert, “Power Efficient Topologies forWireless 

Sensor 

Networks”reference.kfupm.edu.sa/.../power_efficient_topologi
es_for_wireless_529104.pdf  

 

[6] Ewa Niewiadomska-Szynkiewicz, Piotr Kwaśniewski, 

Izabela Windyga, “Comparative Study of Wireless Sensor 

Networks Energy-Efficient Topologies and Power Save 

Protocols” 

 

[7] http://snap.cs.berkeley.edu/documents/architecture.pdf  

 

[8] Kemal Akkaya and Mohamed Younis , “A Survey on 

Routing Protocols for Wireless Sensor Networks” 

http://www.cs.umbc.edu/~kemal1/mypapers/Akkaya_Younis_
JoAdH ocRevised.pdf  

 

[9]M.Ismail, M.Y.Sanavullah, “Security Topology in Wireless 

Sensor Networks With Routing Optimisation”IEEE 2008.  

 

[10]IEEE/ACM Transactions on Networking, Vol. 20, No. 1 

Chen, W.; Neely, M. J. & Mitra, U. (2008). Energy‐Efficient 

Transmissions With Individual Packet Delay Constraints. 

IEEE Transactions on Information Theory, Vol. 54, No. 5. 

 
 [11]Akyildiz, I. F.; Brunetti, F. & Blazquez, C. (2008). 

Nanonetworks: A new communication 

paradigm. Computer Networks, No. 52, pp. 2260–2279 

 

 [12] Young-Jun Jeon, Yong-Sik Choi, Sang-Hyun Park, “A 

study on sensor nodes attestation protocol in a Wireless Sensor 

Network”, ICACT 2010.  

 

[13]Allipi, C. & Galperti, C. (2008). An Adaptive System for 

Optimal Solar Energy Harvesting in 

 

[14]Wireless Sensor Networks Nodes. IEEE Transactions on 
Circuits and Systems, Vol. 55, No. 

6, pp. 1742‐1750 

 

[15]Campobello, G.; Leonardi, A. & Palazzo, S. (2012). 

Improving Energy Saving and Reliability in Wireless Sensor 

Networks Using a Simple CRT‐Based Packet‐Forwarding 

Solution. 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 91 
 

 

 

Design of 8 x 8 Vedic Multiplier using Quaternary-

Logic & Pipelining Architecture 

 
Vivek Wanjari 

M.Tech (IV SEM). 

Electronics Engg. (Communication) 

SDCOE, Selukate, Wardha. 
compactvivek30@gmail.com 

 

Prof. R. N. Mandavgane 

Asso. Professor and Head 

Dept. of E&T Engg. 

BDCOE, Sewagram, Wardha. 
rmandavgane@rediffmail.com

  

 
Abstract - In recent years the growth of the portable electronic is 

forcing the designers to optimize the existing design for better 

performance. There are different entities that one would like to 

optimize when designing a VLSI circuit. These entities can often 

not be optimized simultaneously, only improve one entity at the 

expense of one or more others. A multiplication is the important 

operation used in various applications like DSP processor, math 

processor and in various arithmetic circuits. In VLSI system the 

overall performance is strongly depends on the performance of 

arithmetic circuits like multiplier. Designers find the solution of 

these by implementing technique of calculation based on Indian 

Vedas mathematics called as Vedic multiplier, which offers 

simple way of multiplication. The design of an efficient multiplier 

circuit in terms of power, area, and speed simultaneously, has 

become a very challenging problem. Power dissipation is 

recognized as a critical parameter in modern VLSI design field. 

The multi valued logic (MVL) provides the key benefit of a 

higher density per integration circuit area compared to 

traditional two valued binary logic. All so the Quaternary logic 

offers the benefit of easy interfacing to binary logic because radix 

4 allow for the use of simple encoding/decoding circuits. This 

paper present design of 8x8 Vedic multiplier using Tanner EDA 

tool & simulated using T-spice simulator. With the help of 

pipelining technique 8x8 Vedic multiplier circuit level has been 

proposed in these paper, as it does not increase the hardware that 

much, but which increase the speed and requires less 

computation gives us better speed. The two stages pipelining is 

used to optimize Delay compared with previously normal 8x8 

Vedic multiplier results. 

 

Keywords - VLSI, Multi-valued logic (MVL), Quaternary logic, 

Vedic multiplier, Digital signals processing. 

                           

I. INTRODUCTION 

 A multiplier is one of the most important parts in any 

processor and most of the instruction in a typical processor is 

multiplication. Multiplication process is used in many neural 

computing and DSP applications like Instrumentation and 

Measurement, Communications, and Audio and Video 

processing, Graphics, Image Enhancement, 3-D Rendering, 

Navigation, Radar, GPS, and control applications like 

Robotics, Machine Vision and Guidance. In binary logic, the 

size of the device is reduced by reducing the size of the 

transistor. But up to a limit, because the size of transistor 

cannot be reduced indefinitely. The multi-valued logic apply 
to the multiplier design, word length & no of transistor can be 

greatly reduced. There are various multipliers for binary logic 

Such as Array multiplier, Booth multiplier, and Wallace tree 

multiplier and a Vedic multiplier. In recent years Vedic 

multiplier has caught the Attention because of its superiority 

over other multipliers. If the Functional blocks designed in 

multi-valued logic are used in Vedic multiplier‟s architecture, 

it will surely enhance the performance of multiplier and hence 

the whole area & power consumption of chip. The 

performance of two levels binary logic is limited due to 

interconnects which occupy a large area on a VLSI chip. In 

VLSI circuit, total 70% of the area is divided to 
interconnection, 20% to insulation, and 10% to device. One 

can achieve a cost-effective way of utilizing Interconnections 

by using a larger set of signals over the same area in multiple-

Valued logic (MVL) devices, allowing easy implementation of 

circuits. In MVL advantage of binary logic is retained. The 

higher radix in Use is the ternary and the quaternary logic. The 

Binary logic has many drawbacks and limitations. A signal 

cannot always be just ON or OFF or DON'T CARE, and 

HIGH IMPEDANCE. It does not mean that these states can 

result in inefficient processing of the data. Also, binary logic 

results in longer word-lengths which increase the number of 
interconnections and hence the chip size. Multiplier design in 

Vedic mathematics has improved conventional delay time, 

area size to minimizing power dissipation while still 

maintaining the high performance. The low power and high 

speed multipliers can be implemented with different logic 

style. 
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II. VEDIC MATHEMATICS 

 A „Veda‟ is a Sanskrit word that means „knowledge‟. The 

name Vedic Mathematics which is used & heard many times 

with reference to the techniques for solving problems 

mentally. The techniques of math that is Vedic mathematics 

were rediscovered in the early twentieth century from ancient 

Indian sculptures by Sri Bharati Krishna Tirthaji Maharaj. 

These methods can be directly applied to Trigonometry, plain 

& spherical geometry, conics, calculus and applied 

mathematics of various kinds. Total 16 sutras or formulae 

given in ancient Vedas out of these two sutras are useful for 

multiplication namely Nikhilam sutra and Urdhva 

Tiryakbhyam sutra. Means “all from 9 and last from 10” and 

“vertically and crosswise”. The Urdhava Tiryakbhyam sutra is 

more popular than Nikhilam sutra since it is applicable in all 

cases. 

 

III.      MULTI-VALUE LOGIC (MVL) 

 It was first proposed by Jan Lukasiewicz, Polish minister 

of Education in 1919. Followed by Emil Post, American 

logician born in Poland the MVL employs more than two 

discrete levels of a signal, such as ternary & quaternary logic. 

Two logic systems are available in ternary logic, balanced 

ternary logic -1, 0 and 1 and simple ternary logic 0, 1 and 2. 

The quaternary logic uses 0, 1, 2 and 3 logic levels. 

IV.     OPERATING MODE OF MVL 

 MVL can be employed in either Voltage-Mode or Current-

Mode. In voltage-mode MVL, operating voltage range is 

divided into the number of logical values to be represented, 

whereas, in current-mode MVL, currents are usually defined 

to have logical levels that are integer multiples of a reference 

current unit. For higher radix MVL system, current-mode is 

always preferred over voltage-mode because currents can be 

copied, scaled and algebraically sign-changed with a simple 

current mirror. The frequently used linear sum operation can 

be performed simply by wiring, resulting in a reduced number 

of active devices in the circuit. It is believed that current-mode 

MVL designs can allow better noise margin than voltage-

mode MVL designs. 

V.    URDHVA-TIRYAKBHYAM SUTRA 

Urdhva Tiryakbhyam Sutra is a general multiplication 

formula applicable to all cases of multiplication. It literally 

means “Vertically and crosswise”. It is based on a novel 

concept through which the generation of all partial products 

can be done and then, concurrent addition of these partial 

products can be done. Thus parallelism in generation of partial 

products and their summation is obtained. The Urdhva 

Tiryakbhyam sutra (method) was selected for implementation 

since it is applicable to all cases of multiplication. 

Multiplication of two no‟s using Urdhva Tiryakbhyam sutra is 

performed by vertically and crosswise, crosswise means 

diagonal multiplication and vertically means straight above 

multiplication and taking their sum. Thus any multi-bit 

multiplication can be reduced down to single bit multiplication 

and addition using this method. Moreover, the carry 

propagation from LSB to MSB is reduced due to one step 

generation of partial product. 

 

VI.    CONCEPT OF PIPELINING 

Pipelining is one of the popular methods to realize high 

performance computing platform. Pipelining is a technique 

where multiple instruction executions are overlapped. It comes 

from the idea of a water pipe continue sending water without 

waiting the water in the pipe to be out. By pipelining the unit 

of a system we can produce result in every clock cycle. It 

leads to a reduction in the critical path. It can either increase 

the clock speed (or sampling speed) or reduces the power 

consumption at same speed in a system. 

 
VII.   Multiplier 

A multiplier is an essential component. Longer word-

lengths in binary logic make the multiplier large and complex. 

In binary logic, the size of the device is reduced by reducing 

the sizes of the transistors. But it has a limit, since the sizes of 

transistors cannot be reduced indefinitely. By applying MVL 

to the multiplier design, word-lengths and the area can be 

reduced. This will enhance the performance of multipliers and 

hence the whole chip. 
 

A. 2X2 Vedic Multiplier 

In 2x2 bit multiplier, the multiplicand has 2 bits each and the 

result of multiplication is of 4 bits. So in input the range of 

inputs goes from (00) to (11), output lies in the set of (0000, 

0001, 0010, 0011, 0100, 0110, 1001). By using Urdhva 

Tiryakbhyam, the multiplication takes place. Here 

multiplicands a And b are taken to be (10) both. The first step 

is the vertical multiplication of LSB of both multiplicands, and 

second step is the crosswise multiplication and addition of the 

partial products. Then Step 3 involves vertical multiplication 

of MSB of the multiplicands and addition with the carry 

propagated from Step 2. 
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Fig 1: 2X2 Multiplication using Urdhva Tiryakbhyam Sutra. 

 

B. Multiplication of two Decimal Numbers 252 x 846. 

For Example, let us consider the multiplication of two 

decimal numbers 252 x 846 by Urdhva-Tiryakbhyam method. 

The digits on the both sides of the line are multiplied and 

added with the carry from the previous step. This generates 

one of the bits of the result and a carry. This carry is added in 

the next step and hence the process goes on. If more than one 

line are there in one step, all the results are added to the 

previous carry. In each step, least significant bit acts as the 

result bit and all other bits act as carry for the next step. 

Initially the carry is taken to be zero. 

                           

 

C. 4X4 Vedic Multiplier 

The block diagram of 4x4 Vedic Multiplier is shown in 

Figure2. This multiplier is modelled using structural style of 

modelling using VHDL. In this paper first a 2x2 Vedic 

Multiplier is implemented using the above mentioned method. 

The 4x4Vedic Multiplier is designed. Using four 2x2 Vedic 

Multipliers After that 8x8 Vedic Multiplier is implemented 

using four 4x4 Vedic Multipliers by using pipeline concept. 

Finally the results will be compared with the standard results. 

 

 

Fig 2:- Quaternary 4x4 Vedic Multiplier. 

                     VIII.   Simulation & Results 

Fig.3 shows Four Quadrant Vedic multiplier. It can be surely 

concluded that the Application of current-mode MVL reduces 

the number of adders in the multiplier architecture as the 

number of bits to be processed goes on increasing. 

Furthermore, proposed 4×4 quaternary multiplier and by using 

pipeline architecture design of 8×8 Vedic Multiplier, which 

shows great reduction in the circuitry because of MVL. 

 

 

Fig.3. Synthesize result of Four Quadrant Vedic Multiplier. 
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Fig.4. Simulation result of Four Quadrant Vedic Multiplier. 

 

Fig 5:- 2-Sample/Bit Vedic Multiplier 

 

 
 

Fig.6:-Simulation result of 2-Bit Vedic Multiplier  

 

Fig 7:- 4-Sample/Bit Vedic Multiplier  
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Fig.8:-Simulation result of 4-Bit Vedic Multiplier 

 
 

Fig 9:- 8-Sample/Bit Vedic Multiplier  
 

 
 

              Fig. 10:-Simulation result of 8-Bit Vedic Multiplier  

 

 
 

Fig 11:- 2-Sample/Bit pipeline Vedic Multiplier 
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Fig. 12:-Simulation result of 2-Bit pipeline Vedic Multiplier  

 

Fig 13:- 4-Sample/Bit pipeline Vedic Multiplier 

 

 
 

Fig. 14:-Simulation result of 4-Bit pipeline Vedic Multiplier  

 
 

Fig 15:- 8-Sample/Bit pipeline Vedic Multiplier 
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Fig. 16:-Simulation result of 8-Bit pipeline Vedic Multiplier  

Table 1 

 

 

Sr. 

no 

 

Type of 

Vedic 

multiplier 

 

Tech. file 

used 

 

power 

 

No. of 

Mossfet 

 

Delay 

1 

Four 

quadrant 

multiplier 

180 

nm 

7.2885e-003 

watt 
11 

13.44  

u sec 

 - 
90 

nm 

4.3559e-004 

watt 
11 

19.85 

u sec 

 - 
65 

nm 

1.8783e-004 

watt 
11 

21.03 

u sec 

 

Table1. Results analyses of four Quadrant Multipliers  

 

Table 2 

 

 

Sr. 

no 

 

Type of Vedic 

multiplier 

 

Tech. 

file 

used 

 

power 

 

No. of 

Mossfet 

 

Delay 

1 
2 – bit 

multiplier 
180 nm 

1.7158e-

002 

watt 

41 
13.76 

u sec 

 - 90 nm 

8.3993e-

003 

watt 

41 
18.97 

u sec 

 - 65 nm 

8.0685e-

003 

watt 

41 
19.77 

u sec 
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2 
4 – bit 

multiplier 
180 nm 

3.4457e-

002 

watt 

81 
19.93 

u sec 

 - 90 nm 

1.6947e-

002 

watt 

81 
19.46 

u sec 

 - 65 nm 

1.6214e-

002 

watt 

81 
19.30 

u sec 

3 
8 – bit 

multiplier 
180 nm 

6.8853e-

002 

watt 

161 
19.26 

u sec 

 - 90 nm 

3.3894e-

002 

watt 

161 
18.82 

u sec 

 - 65 nm 

3.2427e-

002 

watt 

161 
18.73 

u sec 

 

Table2. Results analyses of different Multipliers  

 

Table 3 

 

 

Sr. 

no 

 

Type of 

Vedic 

multiplier 

 

Tech. file 

used 

 

power 

 

No. of 

Mosfet 

 

Delay 

1 
2 – bit pip. 

multiplier 
180 nm 

3.5239e-

002 

watt 

81 
6.02 

u sec 

 - 90 nm 

1.7618e-

002 

watt 

81 
2.56 

u sec 

 - 65 nm 

1.5759e-

002 

watt 

81 
2.45 

u sec 

2 
4 – bit pip. 

multiplier 
180 nm 

7.3417e-

002 

watt 

161 
5.68 

u sec 

 - 90 nm 

2.2848e-

002 

watt 

161 
2.88 

u sec 

 - 65 nm 

3.0772e-

002 

watt 

161 
1.76 

u sec 

3 
8 – bit pip. 

multiplier 
180 nm 

1.4683e-

001 

watt 

321 
4.93 

u sec 

 - 90 nm 

4.5696e-

002 

watt 

321 
4.47 

u sec 

 - 65 nm 

6.1530e-

002 

watt 

321 
4.16 

u sec 

 

Table3. Results analyses of different pipeline Vedic Multipliers  

XI.    CONCLUSION 

The paper shows the efficient use of Vedic multiplication 

method in order to multiply two numbers. Here we introduce 

the concept of pipelining so that lesser number of LUTs 

verifies that the hardware requirement is reduced, Thereby 

reducing the time consumption without compromising power 

so much. 

X.     SCOPE OF FUTURE WORK 

An improvement in power by using new techniques can 

greatly improve system performance. This project can be 

extended for the reconfigurable architecture. 
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Abstract—In the accumulate adder the previous MAC output and 

the present output will added and it consists of Multiplier unit, one 

adder unit and both will get be combined by an accumulate unit. 

The major applications of Multiply-Accumulate (MAC) unit are 

microprocessors, logic units and digital signal processors, since it 

determines the speed of the overall system . The efficient designs 

by MAC unit are Nonlinear Computation like Discrete Cosine or 

wavelet Transform (DCT), FFT/IFFT. Since, they are basically 

executed by insistent application of multiplication and addition, 

the entire speed and performance can be compute by the speed of 

the addition and multiplication taking place in the system. general 

MAC architecture consists of a conventional multiplier, adder and 

an accumulator. Where the output is added to the previous MAC 

output result by an accumulate adder. The Multiply-Accumulate 

(MAC) unit is extensively used in microprocessors and digital 

signal processors for data-intensive applications, such as filtering, 

convolution, and inner products.  

Keywords—Reversible Logic,Quantum Computing, Kogge 

StoneAdder 

 
I. INTRODUCTION 

In the accumulate adder the previous MAC output and the 

present output will added and it consists of Multiplier unit, one 

adder unit and both will get be combined by an accumulate 

unit. The major applications of Multiply-Accumulate (MAC) 
unit are microprocessors, logic units and digital signal 

processors, since it determines the speed of the overall system 

[13]. The efficient designs by MAC unit are Nonlinear 

Computation like Discrete Cosine or wavelet Transform 

(DCT), FFT/IFFT. Since, they are basically executed by 

insistent application of multiplication and addition, the entire 

speed and performance can be compute by the speed of the 

addition and multiplication taking place in the system. 

Generally the delay, mainly critical delay, happens due to the 

long multiplication process and the propagation delay is 

observed because of parallel adders in the additionstage. 
The main idea of this paper is comparison of area, 

speed and other parameters of Conventional MAC unit with 

the Vedic MACdesign. 

II. LiteratureSurvey 

 
A.  MACUnit 

A multiplying function can be carried out in three ways:  

partial product Generation (PPG), partial product addition 
(PPA), and final conventional addition. The two bottle necks 

that should be considered are increasing the speed of MAC are 

partial product reduction and accumulatorblock. 

 
The 32 bit Mac design by using Vedic multiplier and 

reversible logic gate can be done in two parts. First, multiplier 
unit, where a conventional multiplier is replaced by Vedic 
multiplier using UrdhavaTriyagbhayamsutra. 

Multiplication is the fundamental operation of MAC 
unit [1]. Power consumption, dissipation, area, speed and 
latency are the major issues in the multiplier unit. So, to avoid 
them, we go for fast multipliers in various applications  of 
DSP, networking, etc. There are two major criterion that 
improve the speed of the MAC units are reducing the partial 
products and because of that accumulator burden is getting 
reduced. The basic operational blocks in digital system in 
which the multiplier determines the critical path and the delay. 
The (log2N + 1) partial products are produced by 2N-1 cross 
products of different widths for N*N. The partial products are 
generated by Urdhava sutra is by Criss Cross Method. The 
maximum number of bits in partial products will lead to 
Criticalpath. 

The second part of MAC is Reversible logic gate. In 
modern VLSI, fast switching of signals leads to more   power 
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dissipation. Loss of every bit of information in the 
computations that are not reversible is kT*log2 joules of heat 
energy is generated, where k is Boltzmann’s constant and T 
the absolute temperature at which computation is performed.  
In recent years, reversible logic functions has emerged and 
played a vital role in several fields such as Optical, Nano, 
Cryptography,etc. 

 
III. DESIGN OF MACARCHITECTURE 

The design of MAC architecture consists of 3 subdesigns. 

 Design of 32×32 bit Vedicmultiplier. 

 Design of adder using DKG gate reversible 

logic. 

 Design of accumulator which integrates both 

multiplier and adderstages. 
 

Fig 1:Modified MACArchitecture 

 
A. 32 x 32 bit VedicMultiplier 

Vedic mathematics is an ancient system of mathematics, 
which was formulated by Sri Jagadguru Swami Bharati 
Krishna Tirthaji (1884 - 1960). After a research of eight years, 
he developed sixteen mathematical formulae from 
AtharvanaVeda[11]. The sutras (aphorisms) covered each and  
every topic of Mathematics such as Arithmetic, Algebra, 
Geometry, Trigonometry, differential, integral, etc., The word 
“Vedic” is derived from the word “Veda” which means the 
power house of all knowledge and divine [2, 3]. The proposed 
Vedic multiplier is based on the “UrdhavaTriyagbhayam” 
sutra (algorithm). These Sutras have been traditionally used 
for the multiplication of two numbers in the decimal number 
system. In this work, we will utilize similar techniques to 
solve the binary number system to make the new aphorism, 
which will be more compatible for the digital systems. It is a 
general multiplication formula applicable to all cases  of 
multiplication. 

 

B. UrdhavaTriyagbhayamSutra 

It literally means “Vertically and Crosswise”. Shift operation 

is not necessary because the partial product calculation will 

perform  it  in  a  single  step,  which  in  turn  saves  time and 

power. This is the main advantage of the Vedic multiplier  
[14]. 

 
An example for the UrdhvaTriyagbhayam sutra is as follows: 

9284 * 5137 
 

 
 

 
IV. IMPLEMENTATION OF VEDIC MULTIPLIER USING MODEL 

ARCHITECTURE INDESIGN 

The following fig. 2 shows the design of a 16×16 Vedic 

multiplier using an 8×8 Vedic multiplier and the design can be 

implemented using Verilog HDL. Using a 16×16 Vedic 
multiplier we can design 32 ×32 Vedic multiplier with carry 

save adder as shown in fig.3. We have modified the final  

adder stage with the Kogge stone adder which is  more 

efficientthantheCarrysaveadderwhichisshowninthefig 

.4. 

 
Fig 2: 16×16 Vedic multiplier using 8×8 Vedicmultiplier 
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Fig 3: 32 × 32 Vedic Multiplier with Carry saveAdder 

 

Fig 4: 32 × 32 Vedic Multiplier with Kogge StoneAdder 

 

By using the Vedic multiplier we can achieve lesser partial 

products as the table shows that the multiplier and adder  

stages for Vedic multiplier for higher bit are lesser as 

compared to the conventionalmultiplier. 

 

The multiplier design has been simulated and synthesized 

using Xilinx. The floor plan, device and port details of the 

multiplier are shown in the fig.5. 
 

Fig. 5 device level diagram of 32 bit multiplier with Kogge 
StoneAdder 

Fig . 5a. schematic floor plan of 32 bit Vedic multiplier with 
Kogge StoneAdder 

 

V. KOGGE STONEADDER 

It’s a parallel prefix adder, which is the one of the fastest 
adder. Carry stages: log2  n; The number of cells: n(log2n-1)+1 
;Maximumfan-out:2(extrawiring).So,itwillreducethe 

power consumption as well as the powerdissipation. 
 
 

 

Fig. 5b. I/O package of 32 bit Vedic multiplier with Kogge 

StoneAdder 

 
Table 1: comparison of no of additions and multiplications 

required in variousMultipliers 
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VI. Design Of Adder Using Reversible Logic DkgGate 

 
A. Reversiblelogic 

Reversible logic is a unique technique (different from other 

logic). Loss of information is not possible in here. In this, the 

numbers of outputs are equal to the number ofinputs. 

 

1. General consideration for reversible logicgate 
A Boolean function is reversible if each value in the input set 

can be mapped with a unique value in the output set. Landauer 

[18] proved that the usage of traditional irreversible circuits 

leads to power dissipation and Bennet [17] showed that a 

circuit consisting of only reversible gates does not dissipate 

power. In the design of reversible logic circuits, the following 

points must be kept in mind to achieve an optimizedcircuit: 

 

 Fan-out is notpermitted 

 Loops or feedbacks are notpermitted 

 Garbage outputs must beMinimum 

 Minimumdelay 

 Minimum quantumcost 

 Zero energy dissipation[17] 

 
2. DKGGate 

A 4* 4 reversible DKG gate [6] that can work singly as a 
reversible full adder and a reversible full subtractor is shown 

below. If input A=0, the DKG gate works as a reversible Full 

adder, and if input A=1 then it works as a reversible Full 

subtractor. It has been verified that a reversible full-adder 

circuit requires at least two or three garbage outputs to make 

the output combinations unique [5],[6]. 

 

 

 

 
Fig. 6a [6] DKGgate 

 
Fig. 6b DKG gate as a Fulladder 

 

 
Fig. 6c Parallel adder using DKGgate 

VII. AccumulatorStage 

Accumulator has an important role in the DSP applications in 
various ranges and is a very basic and common method. The 

register designed in the accumulator is used to add the 

multiplied numbers. Multiplier, adder and an accumulator are 

forming the essential foundation for the MAC unit. The 

conventional MAC unit has a multiplier and multiplicand to  

do the basic multiplication and some parallel adders to add the 

partial products generated in the previous step. To get the final 

multiplication output we add the partial product to these 

results. Vedic Multiplier has put forward to intensify the  
action of the MAC Unit. The suggested MAC is compared 

with the conventional MAC and the results are analyzed. The 

results obtained using our design had better performance when 

compared to the pervious MACdesigns. 

 

VIII. Result AndDiscussion 

The modified multiplier using the Kogge Stone Adder is fast 

and the design of 32 bit MAC is done in Modelsim. The 

synthesis is performed out in Cadence RTL compiler. The 

above design is implemented in Verilog Code using mentor 

graphics modelsim 6.5b. Synthesis of the RTL code is done 

using Cadence RC compiler in 45nm technology. RTL 

Schematic view is given in the fig. 7. Comparison of area, 

speed and power reports is made with other methods as shown 

in table2. 

 

Table 2: Analysis report of 32-bit MAC using Booth, Wallace 

tree and Vedic with Reversible logicmultiplier. 
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Comparison of parameters with different 2 bit MAC 

architectures is shown in fig.8 

 

Simulation of 32 bit MAC output is shown in fig.9 
 

Fig 7:  RTL schematic of 32 bit MACarchitecture 

 
Fig 8:  Comparison of different 32 BIT MACArchitectures 

 

Fig  9: 32 BIT MAC simulated outpit in modelsim6.5b 

IX. Conclusion And FutureWork 

 

The results obtained by the design of Vedic multiplier with 
32 bits and reversible logic are quite good. The work  

presented is based on 32 – bit MAC unit with Vedic 

Multipliers. We have designed MAC unit basic building  

blocks and its performance has been analyzed for all the 

blocks. Therefore, we can say that the UrdhavaTriyagbhayam 

sutra with 32-bit Multiplier and reversible logic is the best in 

all aspects like speed, delay, area and complexity as compared 

to other architectures which are shown in table2. 

 
Many researchers are reconfiguring the structure of MAC unit, 

which is the basic block in different designs and aspects 

especially using reversible logic which evolves recent days. 

Spectrum Analysis and Correlation linear filtering which are 

the applications of transform algorithm further add to the field 
of communication, signal and image processing and 

instrumentation, and some other. Combining the Vedic and 

reversible logic will lead to new and efficient achievements in 

developing various fields of Mathematics, science as well 

engineering. 
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Abstract— Serial transmission is normally used with modems 

and for non-networked communication between computers, 

terminals and other devices. Fast, secure, reliable and long 

distance communication is crucial to meet user requirement. 
Universal Asynchronous Receiver Transmitter (UART) is widely 

used in serial data communication because of its advantages of 

high reliability, long distance and low cost. In this paper, we have 

presented the important modules of UART for reliable, efficient 

and secure data transmission. We have presented baud rate 

generator, also known as prescaler and asynchronous first in first 

out (FIFO) buffer for smooth data transmission. Simulation 

result and register transfer view of both modules are presented in 

this paper.  
Keywords—prescalar; uart; serial communication; fifo; 

buffer;asynchronous  

I.  INTRODUCTION 

A UART (Universal Asynchronous Receiver/Transmitter) 
is the microchip with programming that controls a computer's 
interface to its attached serial devices. Specifically, it provides 
the computer with the RS-232C Data Terminal Equipment 
(DTE) interface so that it can "talk" to and exchange data with 
modems and other serial devices. As part of this interface, the 
UART also: 

 

 Converts the bytes it receives from the computer along 

parallel circuits into a single serial bit stream for 

outbound transmission 

 On inbound transmission, converts the serial bit stream 

into the bytes that the computer handles 

 Adds a parity bit (if it's been selected) on outbound 

transmissions and checks the parity of incoming bytes (if 
selected) and discards the parity bit 

 Adds start and stop delineators on outbound and strips 

them from inbound transmissions 

 Handles interrupts from the keyboard and mouse (which 

are serial devices with special ports)  

 May handle other kinds of interrupt and device 

management that require coordinating the computer's 

speed of operation with device speeds 
 

Serial transmission is commonly used with modems and 
for non-networked communication between computers, 

terminals and other devices. 

The communications links across which computers—or 
parts of computers—talk to one another may be either serial or 
parallel. A parallel link transmits several streams of data 8 
(perhaps representing particular bits of a stream of bytes) 
along multiple channels (wires, printed circuit tracks, optical 
fibres, etc.); a serial link transmits a single stream of data. At 
first sight it would seem that a serial link must be inferior to a 
parallel one, because it can transmit less data on each clock 
tick. However, it is often the case that serial links can be 
clocked considerably faster than parallel links, and achieves a 
higher data rate. In many cases, serial is a better option 
because it is cheaper to implement. Many ICs have serial 
interfaces, as opposed to parallel ones, so that they have fewer 
pins and are therefore cheaper. 

In telecommunications and computer science, serial 
communications is the process of sending data one bit at one 
time, sequentially, over a communications channel or 
computer bus. This is in contrast to parallel communications, 
where all the bits of each symbol are sent together. Serial 
communications is used for all long-haul communications and 
most computer networks, where the cost of cable and 
synchronization difficulties makes parallel communications 
impractical. Serial computer buses are becoming more 
common as improved technology enables them to transfer data 
at higher speed. 

II. LITERATURE SURVEY 

From review of related work and published literature, it is 
observed that many researchers have designed UART by 
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applying different techniques like algorithms, logical relations. 
Researchers have undertaken different methodologies with 
regards to UART design and its implementation on hardware 
platform. 

Mohd Yamani, Idna Idris, Mashkuri Yaacob and Zaidi 
Razak have design UART with BIST capability[1]. In this 
designed, To increase reliability, manufacturers must be able 
to discover a high percentage of defective chips during their 
testing procedures. They highlight the attention given by most 
customers who are expecting the designer to include testability 
features that will increase their product reliability. They 
suggested the design of a UART chip with embedded built-in-
self-test (BIST) architecture using FPGA technology. In this 
technique the behavior of UART circuit is describe by using 
VHISC hardware description language (VHDL). In the 
implementation phase, the BIST technique will be 
incorporated into the UART design before the overall design 
is synthesized by means of reconfiguring the existing design to 
match testability requirements.  

One of the most important applications of UART is Multi-
channel UART Controller designed by Shouqian Yu, Lili Yi, 
Weihai Chen and Zhaojin Wen.[2]. The proposed method 
paper presents a multi-channel UART controller based on 
FIFO technique and FPGA. This controller is designed with 
FIFO circuit block and UART circuit block to implement 
communication in modern complex control systems quickly 
and effectively. In this, the flow charts of data processing as 
well as the implementation state machine are also presented in 
detail. This controller can be used to implement 
communication when master equipment and slaver equipment 
are set at different Baud Rate. It also can be used to reduce 
synchronization error between sub-systems in a system with 
several sub-systems. The controller is reconfigurable and 
scalable.  

From the survey it is observe that the implementation of 
UART basically uses the on-chip UART IP hard core because 
it has high performance but it has poor flexibility and poor 
transportability, hence it is usually unable to meet the high 
requirements of the customer. With the rapid development of 
FPGA soft core plays an increasingly important role in 
embedded system depending on the high performance, high 
flexibility, transportability and configuration. Huimei Yuan, 
Junyou Yang and Peipei Pan presented new methodology that 
provide Optimized Design of UART IP Soft Core based on 
DMA Mode [3]. They provide UART IP soft core based on 
DMA mode. The IP core is AVALON bus-compatible with 
the control and arithmetic logic of entire IP core completed by 
a single FPGA chip so that it is very suited to NIOSII 
embedded system. Since the two kinds of transmission will 
often interrupt the operation of CPU during the data 
transmission process, especially when transmitting large data, 
it will occupy a lot of time of CPU, thus greatly reducing the 
performance of the overall NIOSII system. The whole IP core 
is tested and verified in a simple NIOSII embedded hardware 
system. It turns out that UART IP soft core based on DMA 
mode can reduce elapsed time of CPU greatly in data 
transmission process so that the performance of NIOSII 
system can be improved and design requirement can be better 
met with less resources occupied, high speed, high flexibility 
and high transportability. Researchers have undertaken 

different design processes or phenomena with regards to use 
serial communication as it reduces signal distortion.  

Naresh Patel, Vatsalkumar Patel and Vikaskumar Patel 
proposed design of UART with Status register [4] which 
includes three modules which are the baud rate generator, 
receiver and transmitter that satisfies the system requirements 
of high integration, stabilization, low bit error rate, and low 
cost. The work also supports configurable baud rate generator 
and variable data length from 5-8 bits per frame. This work 
detect the different types of errors occurred during 
communication and hence correct them. In recent year, a need 
of high speed UART might be the first demand in serial 
communication. 

 Hazim Kamal Ansari and Asad Suhail Farooqi introduces 
concept of high speed UART for programming FPGA [5]. 
They suggested that to maintain time triggered communication 
within FPGA a separate controller must be designed within it 
and this controller is called UART. FPGAs are suited to I/O 
intensive operations and it is very fast. Design Partitioning 
across the two devices can increase overall system speeds, 
reduce costs, and potentially absorb all of the other discrete 
logic functions in a design – thus presenting a truly 
reconfigurable system. They describe UART controller which 
is designed within FPGA based on SRAM with high speed 
and high reliability. The controller can be used to implement 
communications in complex system and it also can be used to 
reduce time delays between sub-controllers of a complex 
control system to improve the synchronization of each sub-
controller. According to them, FPGAs are replacing 
convention programmable logic devices and within next few 
years they would be required at each and every application. 

III. PROPOSED WORK 

The UART serial communication module is divided into 
three sub-modules: the baud rate generator, receiver module 
and transmitter module Therefore, the implementation of the 
UART communication module is actually the realization of 
the three sub-modules as shown in fig.1.  

 

 

 

 

 

 

 

 

 

 

 

 

Proposed UART design consists of the basic sub-modules 
of a UART which are the receiver, transmitter and baud rate 
generator that we called prescaler with internal first in first out 

 
 

Fig. 1 UART Module 
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asynchronous buffer. Proposed design has internal buffers in 
both receiver and transmitter. Because design operates in 
serial clock domain and interfaces with parallel clock domain 
of the processor, we implement the buffers to provide smooth 
data transfer between two different clock domains. This 
UART design can operate at any defined serial clock 
frequency and at the same time follows the desired baud rate. 
Here is where the prescaler module comes in hand where it 
acts as a baud rate generator module that calculates the divider 
factor. The divider factor will then generate prescaler pulse 
that acts as a baud clock. The prescaler module is used in this 
design for the transmission and reception to be at the desired 
baud rate. Fig. 2 below shows the register transfer level (RTL) 
view of proposed baud rate generator which is sub-module of 
proposed design. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 The serial clock is set to 100MHz and the desired baud 
clock rate is 1562500bps. The calculation to get prescaler 
divide ratio is shown below:  

 
Divide ratio = Serial clock frequency / (16*Baud rate) 

 
In serial data transmission, a huge stream of data can come 

in too fast and UART may not be quick enough to process 
what it is receiving. This causes data overrun which then 
results in data loss or other serious errors. This is why we need 
flow control in the UART where it will halt the flow of data 
bytes until UART is ready to receive more data. There are 
many ways to implement flow control mechanism. One of the 
older methods used back then is to add bunch of zeros while 
receiving line is busy. This method is called padding. UART 
will ignore the zeros while it processes current data. To make 
it efficient, we need to provide just enough number of zeros 
and figuring this out is not easy.  Another method is to use 
RTS (Request to Send) and CTS (Clear to Send) flow control 
mechanism which is part of RS- 232 standard. These two lines 
allow both sender and receiver to communicate and alert each 
other on their status. When sender has data to be sent, it will 
assert RTS to ask receiver whether it is ready to receive data 
or not. If receiver is free, it will reply by asserting CTS and 

sender will start transferring data. But if receiver is busy, CTS 
line will maintain low and sender needs to halt the data and 
wait until CTS goes high. This method however requires 
additional wires to the UART design.  Most UART nowadays 
has internal buffer with the size big enough to hold the data 
and that is less likely to overrun. The buffer can be set to 
interrupt the processor when the buffer reaches certain 
threshold level. In this paper, we are using this method to do 
flow control. Asynchronous FIFOs are being sued as an 
internal TX buffer and RX buffer in transmitter and receiver 
module respectively. The asynchronous FIFO allows smooth 
data transmission between two different clock domains and 
provides reliable empty and full status [14-16].  

During reception, receiver module writes the received data 
bytes into RX buffer using serial clock. When RX buffer is 
almost full, receiver will interrupt the processor to start 
reading the data (using parallel clock) before RX buffer starts 
to overflow. While in transmission, processor writes data into 
TX buffer using parallel clock. When there is at least one data 
byte inside TX buffer, transmitter will start reading the data in 
serial clock, process the data byte and transmit out serial bits. 
If TX buffer is almost full, an interrupt is sent to processor to 
halt writing into the buffer. The register transfer level view of 
designed asynchronous first in first out (FIFO) buffer is shown 
below in fig. 3. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

IV. SIMULATION RESULTS 

In this paper, we have presented simulation results of 
prescaler i.e. baud rate generator which divides serial clock as 
per user requirement and asynchronous first in first out buffer 
for smooth data flow. Simulation result shows baud rate 
generator consists of two different clocks for receiver and 
transmitter. We can select different baud rate using select 
input which divides clock as per input given to sel signal. Fig. 
4 shows simulation result of proposed baud rate generator with 
100MHz frequency and division ratio of 4. 

 

 
Fig. 3 RTL View of Asynchronous First In First Out 

Buffer  

 
Fig. 2 RTL View of Baud-rate Generator 
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Fig. 5 shows simulation result of internal asynchronous 

first in first out buffer for 8-bit input data. Here, different two 
clocks are used for writing and reading operation named wclk 
and rclk respectively. To enable read and write operation two 
inputs are used which are readen_in and writeen_in 
respectively. 

 

 

 

 

 

 

 

 

 

 

 

 

V. CONCLUSION 

IN THIS PAPER, A MODIFIED UART DESIGN IS 

PROPOSED WITH ADDITIONAL INTERNAL BUFFER AND 

PROGRAMMABLE BAUD RATE GENERATOR FOR SMOOTH 

DATA FLOW AND TO GET DESIRED BAUD RATE. THE SUB-
MODULE OF UART DESIGN IS IMPLEMENTED USING 

VHDL AND SIMULATED AND SYNTHESIS OF SUB-
MODULES TO SEE THE FUNCTIONALITY USING XILINX ISE 

13.1 DESIGN SUITE. THIS DESIGN SHOWS THAT FAST, 

RELIABLE AND SECURE DATA TRANSMISSION CAN BE 

POSSIBLE USING PROPOSED SUB MODULE OF UART 

DESIGN. WITH ALL THE FEATURES STATED, IT ENHANCES 

FLEXIBILITY, STABILITY AND RELIABILITY TO THE NORMAL 

UART DESIGN THAT IS WIDELY BEING USED. 

References 

 
[1] Mohd Yamani Idna Idris, Mashkuri Yaacob, Zaidi Razak, ―A VHDL 

implementation of UART design with BIST capability‖ Malaysian 

Journal of Computer Science, Vol. 19 (1), 2006.  

[2] Shouqian Yu, Lili Yi ,Weihai Chen,Zhaojin Wen,‖ Implementation of a 

Multi-channel UART Controller Based on FIFO Technique and FPGA‖ 
1-4244-0737-0/07/$20.00 c 2007 IEEE 

[3] Huimei Yuan, Junyou Yang,Peipei Pan,‖ Optimized Design of UART IP 
Soft Core based on DMA Mode‖ 978-1-4244-5046-6/10/$26.00 c 2010 

IEEE.  

[4] Naresh patel, Vatsalkumar Patel and Vikaskumar Patel ―VHDL 

Implementation of UART with Status Register‖ 2012 International 
Conference on Communication Systems and Network 

Technologies(IEEE).  

[5] Hazim Kamal Ansari, Asad Suhail Farooqi,‖ Design Of High Speed 

Uart For Programming FPGA‖ International Journal Of Engineering 
And Computer Science Volume1 Issue 1 Oct 2012. 

[6] Nennie Farina Mahat, Member, IEEE, ―Design of a 9-bit UART 
Module Based on Verilog HDL,‖ IEEE-ICSE2012 Proc., 2012, Kuala 

Lumpur, Malaysia, 978-1-4673-2396-3/12/$31.00 ©2012 IEEE. 

[7] J. Norhuzaimin, and H.H. Maimun, ―The design of high speed UART,‖ 

Asia Pac. Conf. on Appl. Electromagnetics (APACE 2005), Johor, 
Malaysia, Dec. 2005.  

[8] C. He, Y. Xia, and L. Wang, ―A universal asynchronous receiver 

transmitter design,‖ Int’l Conf. on Elect. Comm. and Control (ICECC 
2011), Ningbo, China, Sept. 2011.  

[9] Y. Wang, and K. Song, ―A new approach to realize UART,‖ Int’l Conf. 

on Elect. and Mech. Eng. and IT (EMEIT 2011), Harbin, Heilongjiang, 
China, Aug. 2011.  

[10] Using a 9-bit Software UART with Stellaris® Microcontrollers 

Application Note (AN01280), Texas Instruments, P.O. Box 655303, 
Dallas, Texas 75265, USA, Aug. 2010.  

[11] Zilog Z8 Encore! XP® 9-bit UART Implementation Application Note 
(AN014602-1207), Zilog Inc., Dec. 2007.  

[12] Z. Zhang, and W. Wu, ―UART integration in OR1200 based SoC 

Design,‖ 2nd Int’l Conf. on Comp. Eng. and Tech. (ICCET 2010), 
Chengdu, China, Apr. 2010.  

[13] Y. Fang, and X. Chen, ―Design and simulation of UART serial 

communication module based on VHDL,‖ 3rd Int’l Workshop on Intel. 
Sys. and App. (ISA 2011), Wuhan, China, May 2011.  

[14] C.E. Cummings, ―Simulation and synthesis techniques for asynchronous 

FIFO design,‖ Synopsys User Group (SNUG), San Jose, USA, 2002.  

[15] X. Wang, and J. Nurmi, ―A RTL asynchronous FIFO design using 
modified micropipeline,‖ The 10th Biennial Baltic Elect. Conf. (BEC 

2006), Tallinn, Estonia, Oct. 2006.  

[16] X. Wang, T. Ahonen, and J. Nurmi, ―A synthesizable RTL design of 
asynchronous FIFO,‖ in Proc. Int’l Sympo. on SoC 2004, Tampere, 

Finland, Nov. 2004.  
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Abstract—Now a days somewhere Digital video needs to be 

stored and processed in an encrypted format to maintain security 

and privacy. For this purpose, it is necessary to perform data 

hiding in these encrypted videos. In this way, data hiding in 

encrypted domain without decryption preserves the 

confidentiality of the content. In addition, it is more efficient 

without decryption followed by data hiding and re-encryption. In 

this paper, a novel scheme of data hiding directly in the 

encrypted version of H.264/AVC video stream is proposed, which 

includes the following three parts, i.e., H.264/AVC video 

encryption, data embedding, and data extraction. A data hider 

may embed additional data in the encrypted domain by using 

codeword substitution technique, without knowing the original 

video con- tent. In order to adapt to different application 

scenarios, data extraction can be done either in the encrypted 

domain or in the decrypted domain. Furthermore, video file size 
is strictly preserved even after encryption and data embedding. 

Keywords—Data hiding, encrypted domain, H.264/AVC, 

codeword substituting. 

I.  Introduction 
CLOUD computing has become an important technology 

trend, which can provide highly efficient computation and 
large-scale storage solution for video data. Given that cloud 
services may attract more attacks and are vulnerable to 
untrustworthy system administrators, it is desired that the 
video content is accessible in encrypted form. The capability 
of performing data hiding directly in encrypted H.264/AVC 
video streams would avoid the leakage of video content, 
which can help address the security and privacy concerns with 
cloud computing. For example, a cloud server can embed the 
additional information (e.g., video notation, or authentication 
data) into an encrypted version of an H.264/AVC video by 
using data hiding technique. With the hidden information, the 
server can manage the video or verify its integrity without 
knowing the original content, and thus the security and 

privacy can be protected. In addition to cloud computing, this 
technology can also be applied to other prominent application 
scenarios. For example, when medical videos or surveillance 
videos have been encrypted for protecting the privacy of the 
people, a database manager may embed the personal 
information into the corresponding encrypted videos to 
provide the data management capabilities in the encrypted 
domain. The encryption is performed by using bit-XOR 
(exclusive-OR) operation. 

 With the increasing demands of providing video data 
security and privacy protection, data hiding in encrypted 
H.264/AVC videos will undoubtedly become popular in the 
future. Obviously, due to the constraint of the underlying 
encryption, it is very difficult and sometimes impossible to 
transplant the existing data hiding algorithms to the encrypted 
domain. 

II. litreture review 

   In this section we review various studies and development 

carried out by many researchers. We will also see various 

detection techniques. 

 

 [1] W. J. Lu, A. Varna, and M. Wu has proposed a work on 
“Secure video processing: Problems and challenges,” Secure 
signal processing is an emerging technology to enable signal 
processing tasks in a secure and privacy preserving fashion. It 
has attracted a great amount of research attention due to the 
increasing demand to enable rich functionalities for private 
data stored online. In this paper, discussion on the research 
issues and challenges in secure video processing with focus on 
the application of secure online video management. To be 
practical, secure video processing requires efficient solutions 
that may involve a trade-off between security and complexity. 
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  [2] B. Zhao, W. D. Kou, and H. Li proposed a work on 
“Effective watermarking scheme in the encrypted domain for 
buyer-seller watermarking protocol,” In most watermarking 
schemes for copyright protection, a seller usually embeds a 
watermark in multimedia content to identify a buyer. When an 
unauthorized copy is found by the seller, the traitor’s identity 
can be traced by the embedded watermark. In this paper, an 
enhanced watermarking scheme is presented. 

 

[3] X. P. Zhang  proposed a work on  “Separable reversible 
data hiding in encrypted image,” This work proposes a novel 
scheme for separable reversible data hiding in encrypted 
images. In this a content owner encrypts the original 
uncompressed image using an encryption key. Then a data 
hider hide some additional data with the data hiding key, if  
receiver has both the data hiding key and the encryption key, 
he extract the additional data and recover the original image. 

 

[4] Z. Shahid, M. Chaumont, and W. Puech proposed a work 
on video streams “Fast protection of H.264/AVC by selective 
encryption of CAVLC and CABAC for I and P frames,” This 
paper  presents a novel method for the protection of bitstreams 
of state of the art video codec H.264/AVC. The problem of 
selective encryption is addressed along with the compression 
in the entropy coding modules. H.264/AVC supports two 
types of entropy coding modules. Context-adaptive variable 
length coding (CAVLC) is support in H.264/AVC baseline 
profile and context-adaptive binary arithmetic coding 
(CABAC) is support in H.264/AVC main profile. 

 

[5] Dawen Xu, Rangding Wang,& Yun Q Shi proposed a 
work that is “ Data hiding in encrypted H.264/AVC video 
streams by codeword substitution” Digital video sometimes 
needs to be stored and processed in an encrypted format to 
maintain security and privacy. For the purpose of content 
notation and/or tampering detection, it is necessary to perform 
data hiding in these encrypted videos. In this way, data hiding 
in encrypted domain without decryption preserves the 
confidentiality of the content. In addition, it is more efficient 
without decryption followed by data hiding and re-encryption. 
In this, a novel scheme of data hiding directly in the encrypted 
version of H.264/AVC video stream is proposed. 

III. CONCLUSION 
Video steganography in encrypted media  has started to 

draw attention because of the privacy-preserving requirements 
from cloud data management. In this paper, an algorithm to 
embed additional data in encrypted H.264/AVC bitstream is 
presented, which consists of video encryption, data embedding 
and data extraction phases. The algorithm can preserve the bit-
rate exactly even after encryption and data embedding, and is 
simple to implement as it is directly performed in the 
compressed and encrypted domain, i.e., it does not require 
decrypting or partial decompression of the video stream thus 
making it ideal for real-time video applications. It is 
concluded that the proposed encryption and data embedding 

scheme can preserve file-size, whereas the degradation in 
video quality caused by data hiding is quite small. 
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Abstract— Gesture recognition can be seen as a way for 

computers to begin to understand human body language, thus 

building a richer bridge between machines and humans than 

primitive text user interfaces or even GUIs (graphical user 

interfaces), which still limit the majority of input to keyboard 

and mouse. The applications of gesture recognition are manifold, 

ranging from sign language through medical rehabilitation to 

virtual reality, keeping in this mind we proposed a system, which 

will allow humans, to control the machines by simple human 
gesture. 

Keywords—Gesture Spotting, Gesture Recognition, Pattern 

Recognition, Computer Vision. 

I.  INTRODUCTION  

 Gesture recognition is a topic of modern technology with 
the goal of interpreting human gestures via mathematical 
algorithms. Reliable and natural human-robot interaction is a 
subject that has been extensively studied by researchers in the 
last few decades. Nevertheless, in most of cases, human 
beings continue to interact with robots recurring to the 
traditional process. Probably, this is because these “more 
natural” interaction modalities have not yet reached the 
desired level of maturity and reliability. 

Gestures are one of the most important modes of 
communicating with computer in an interactive environment. 
Recent advances in computer vision and machine learning 
have led to a number of techniques for modeling gestures in 
real-time environment. Gestures can originate from any bodily 
motion or state but commonly originate from the face or hand. 
Human motion recognition is a field with a wide variety of 
applications. Of particular interest is gesture recognition for 
new modes of human-computer interaction, and gait 
recognition for video surveillance systems and intrusion 
detection. 

It is very common to see a human being explaining 
something to another human being using hand gestures. 
Making an analogy, and given our demand for natural human-
robot interfaces, gestures can be used to interact with 
machines in an intuitive way.  

Recent research in gesture spotting (gesture segmentation 
plus gesture recognition) aimed at applications in many 
different fields, such as sign language (SL) recognition, 
electronic appliances control, video-game control and human-
computer/robot interaction. The development of reliable and 

natural human-robot interaction platforms can open the door 
to new robot users and thus contribute to increase the number 
of existing robots. 

II. GESTURE ONLY INTERFACES 

 

The gestural equivalent of direct manipulation interfaces is 

those which use gesture alone. These can range from 
interfaces that recognize a few symbolic gestures to those that 

implement fully fledged sign language interpretation. 

Similarly interfaces may recognize static hand poses, or 

dynamic hand motion, or a combination of both. In all cases 

each gesture has an unambiguous semantic meaning 

associated with it that can be used in the interface. 

 

A. Tracking Technologies 

Gesture only interfaces with syntax of many gestures 
typically require precise hand pose tracking. A common 
technique is to instrument the hand with a glove which is 
equipped with a number of sensors which provide information 
about hand position, orientation, and flex of the fingers. 

B. Natural Gesture Only Interfaces 

     At the simplest level, effective gesture interfaces can be 
developed which respond to natural gestures, especially 
dynamic hand motion 

III. GESTURE TYPES 

In computer interfaces, two types of gestures are 

distinguished:  

 
a. Offline gestures: Those gestures that are processed 

after the user interaction with the object. An example 

is the gesture to activate a menu. 

 

b. Online gestures: Direct manipulation gestures. They 

are used to scale or rotate a tangible object. 

 

 

A     Types of Gestures 
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1) Gesticulation: Spontaneous movements of the hands 

and arms that accompany speech. 

2) Language-like gestures: Gesticulation that is 

integrated into a spoken utterance, replacing a 

particular spoken word or phrase. 

3) Pantomimes: Gestures that depict objects or actions, 

with or without accompanying speech. 

4) Emblems: Familiar gestures such as V for victory, 

thumbs up, and assorted rude gestures. 

5) Sign languages: Linguistic systems, such as 

American Sign Language, which are well defined.   

IV. SYSTEM ARCHITECTURE 

 

 
 
Here we can see that the user action is captured by a camera 
and the image input is fed into the gesture recognition system, 
in which it is processed and compared efficiently with the help 
of an algorithm. The virtual object or the 3-d model is then 
updated accordingly and the user interfaces with machine with 
the help of a user interface display.  

 

V. USES 

Gesture recognition is useful for processing information from 
humans which is not conveyed through speech or type. As 
well, there are various types of gestures which can be 
identified by computers. 

1) Sign language recognition: Just as speech recognition 
can transcribe speech to text, certain types of gesture 
recognition software can transcribe the symbols 
represented through sign language into text. 

2) For socially assistive robotics: By using proper sensors 
(accelerometers and gyros) worn on the body of a 
patient and by reading the values from those sensors, 
robots can assist in patient rehabilitation. The best 
example can be stroke rehabilitation. 
 

3) Directional indication through pointing: Pointing has 
a very specific purpose in our society, to reference an 
object or location based on its position relative to 
ourselves. The use of gesture recognition to determine 
where a person is pointing is useful for identifying the 
context of statements or instructions. This application is 
of particular interest in the field of robotics. 

4) Control through facial gestures: Controlling a 
computer through facial gestures is a useful application 
of gesture recognition for users who may not physically 
be able to use a mouse or keyboard. Eye tracking in 
particular may be of use for controlling cursor motion 
or focusing on elements of a display. 

5) Alternative computer interfaces: Foregoing the 
traditional keyboard and mouse setup to interact with a 
computer, strong gesture recognition could allow users 
to accomplish frequent or common tasks using hand or 
face gestures to a camera. 

6)  Immersive game technology: Gestures can be used to 
control interactions within video games to try and make 
the game player's experience more interactive or 
immersive. 

7) Virtual controllers: For systems where the act of 
finding or acquiring a physical controller could require 
too much time, gestures can be used as an alternative 
control mechanism. Controlling secondary devices in a 
car or controlling a television set are examples of such 
usage. 

8) Affective computing: In affective computing, gesture 
recognition is used in the process of identifying 
emotional expression through computer systems. 

9) Remote control: Through the use of gesture 
recognition, "remote control with the wave of a hand" 
of various devices is possible. The signal must not only 
indicate the desired response, but also which device to 
be controlled. 

 

VI. CHALLENGES 

 

There are many challenges associated with the accuracy 

and usefulness of gesture recognition software. For 

image-based gesture recognition there are limitations on 

the equipment used and image noise. Images or video 

may not be under consistent lighting, or in the same 

location. Items in the background or distinct features of 

the users may make recognition more difficult. 
 

Gesture Recognition Challenges: 

1) Latency: Image processing can be significantly slow 
creating unacceptable latency for video games and 
other similar applications. 

2) Lack of Gesture Language: Different users make 

gestures differently, causing difficulty in identifying 

motions. 
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3) Robustness: Many gesture recognition systems do 

not read motions accurately or optimally due to 

factors like insufficient background light, high 

background noise etc. 

4) Performance: Image processing involved in gesture 

recognition is quite resource intensive and the 

applications may found difficult to run on resource 

constrained devices. 
 

VII. CONCLUSION 

This paper proposes robust methods for hand gesture spotting 
and recognition. A method for real-time and continuous hand 
gesture spotting has been presented. Our methods perform the 
hand gesture spotting and recognition tasks simultaneously. 
Furthermore, they are suitable for real-time applications and 
solve the issues of time delay between the spotting and the 
recognition tasks. 
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Abstract----With the continuous rise in the demand and cost 

of energy, increased power efficiency and quality is very 

desirable. Power quality can be fairly increased through 

Power Factor Correction (PFC).In this paper aims to 

build a simple, compact and energy-efficient system for 

automatic power factor monitoring and control. This 

proposed solution based on ARM -Cortex.The use of ARM 

based 32-bit microcontroller promises forcomplete power 

management unit. Apart from lower power consumption, 

it allowseasy extension of functionalities from power data 

logging, remote monitoring and control,emergency alarm 

etc. 
 

Keywords-Efficient Electricity Management System Using 

Power Factor Correction, PFC ARM Cortex. 

 

I. INTRODUCTION  

As we see that electricity is playing most important role 

everywhere like industries, home appliances are utilised more 

power but electricity is limited sources so we have to utilise it 

wisely. Due to this limited source we have to face many 

problems so we need to find some solution so we can avoid 

electricity scarcity problem. This paper proposed a solution 

which can be solve the problem electricity using Power Factor 

Correction (PFC). Power factor is playing very vital role in 

electricity distribution and utilisation process. A compact and 

efficient system for power factor control and power 

management can be very useful in industries with high 

inductive loads. Its use can be extended to within a building or 
a single machine or appliances. Embedded technology is one 

of the biggestboons to mankind. Its use greatly 

reducesManpower, saves time and space.Moreover, it 

increases efficiency withouthuman interference and can 

incorporatebuilt-in intelligence. So, embeddedtechnology is 

incorporated for a compactand efficient power management 

system.Power Factor is defined as the ratio of the real power 

delivered to the load to the apparent power. It is a direct 

measure of the power quality. In an electric power system, a 

load with a low power factor draws more current than a load 

with a high power factor for the same amount of useful power 

transferred. The higher currents increase the energy lost in the 

distribution system, and require larger wires and other 

equipment.Because of the costs of larger equipment 

andwasted energy, electrical utilities usuallycharge a higher 

cost to industrial or commercial customers where there is a 

low power factor. Poor power factor costs our community in 

increased electricity charges and unnecessary greenhouse 

gases. While some countries provide incentives for customers 
to maintain the required power factor, some impose penalties 

for power factor dropping beyond a limit. Thus, power factor 

control is a vital part of efficient power management. 

 

II. TECHNICAL BAGROUND  

The power factor correction is necessary using we can see 

that using power factor correction we can improve the system 

efficiency and also increased power handling capacity using.  

 

A. What is Power Factor  

Power factor is the ratio of Active Power (KW) to Apparent 
Power (KVA). Where,KW is Working Power or Active Power 

or Real Power, KVAR is is Reactive PowerKVA is Apparent 

Power. It is the “vectorial summation” of KVAR and KW. 

 

B. Dragging Mac’s Analogy  

Let us understand What Causes Low Power Factor why 

should we improve power factor in detail.Take an example of 

Dragging Mac’s BMI Analogy (Figure 1). Here we can see 

that Mac dragging a heavy load in forward direction lets Mac 

working power is KW. But his shoulder height adds little 

Reactive Power i.e. KVAR. Apparent power of Mac dragging 

load is vectorial summation of KW &KVAR. From the 
Dragging Mac’s BMI Analogy a Power Triangle is formed. 
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                                      Figure 1 
 

 

Above power triangle represent what is power factor cosine θ 

From that we can better understand the significance of power 

factor correction. 
 

III. OBJECTIVE 

The main objective of this project to power factor 

correction by reducing the effect of reactive power in apparent 

power. 

 

A. Causes of Low Power Factor 

Power Triangle shows the power factor cosine θ, so the 

lowering power factor is due to Reactive power KVAR. 
KVAR increases the amount of apparent power (KVA) in 

your distribution system. As increase in reactive and apparent 

power results in a larger angle θ, as θ increases, cosine θ (or 

power factor) decreases. 

B. Necessity to Improve Power Factor 

By lowering the utility bill by reducing peak KW billing 

demand & eliminating the power factor penalty, in your 

electricity system if you want to increase in system capacity 
and   reduced system losses power factor must improve. 

Increase voltage level in your electrical system and cooler, 

more efficient motor. 

C. Way to Improve Power Factor 

The main reason for lower power factor is Sources of 

Reactive Power (inductive loads) like Transformer, Induction 

motors, Induction, generators (wind mill generators), High 

intensity discharge (HID) and lighting. Thus for the Power 
Factor Correction we have to add Capacitors in to the system 

and improve lowering power factor. By adding equal and 

opposite effect of capacitor (capacitive reactance) in against of 

inductive effect (inductive reactance) so both the effect cancel 

each other. The effect of reactive power get reduces and hence 

power factor get improve.  

IV. METHODOLOGY  

 

    The power factor correction its proposed block diagram 

as shown in figure 2 below. As we can see in block 

diagram the heart is ARM-cortex which performs the 
complete operation switching, monitoring, calculation etc. 

The power factor meter is present which giving continues 

data of how much power factor lowered to ARM. A set of 

relays are present which switches the capacitors according 

to instructions of ARM. Capacitor bank which provide for 

reduce in reactive power which is applied to a load in 

parallel. Monitor displays the current, voltage, energy, 

power factor etc. 

 

 

 

 
 

 

 

                                 Figure 2 
 

 

As we see in figure 2 the 230V AC supply going towards 

load through Power Factor Meter. Due to Reactive Power 

(KVAR) in load the power factor get lower, this 

information fed to ARM by Power Factor Meter.ARM 

first display the information about power factor on monitor. 

ARM calibrates the desire power factor by using Capacitor 

Bank. ARM is giving instruction to Relay Circuit, relay 

switches the capacitor which connected to the load and it 

can compensate the reactive power in the load.So this 
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capacitors helps to improve the lowering power factor of 

the system successfully. 

 

V. USES 

The power factor correction it can be used in real time 

application in industries home appliances anywhere because 

mostly electrical parts contains inductive loads so there is 

chances of reduction in power factor . So improvement is 

necessary for effective utilisation of electricity without losses 

we have to use this method. 

 

 

VI. CONCLUSION  

As we see in this proposed solution what are the necessities 

and causes of power factor reduction, so power factor have to 

improve because it directly affects system efficiency. Power 

factor correction drives the system efficiently with low losses 

and hence its better solution in cost wise. Furthermore we are 

trying to make this solution more accuracy and compact user 

friendly.  
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Abstract—In computer networks increasing need of data 

protection led to the development of several cryptographic 

algorithms, hence it is critically important for sending data 

securely over a transmission link in many applications. Since for 

the declaration, Advance Encryption Standard (AES) has been 

subject to different Differential fault analysis (DFA) attacks and 

many of these attacks targets the AES with128-bit key. DFA finds 

the key of a block cipher using differential information between 

correct and faulty cipher texts obtained by inducing faults during 

the computation of cipher texts. Among many ciphers, AES is the 

main target of DFA due to its popularity. This paper consists of 

an updated version of the AES algorithm with efficient utilization 

of resources such as memory and processor. The new algorithm 

AES- 512 consists of input block of 512 bit and key 512 bit. Due 

to this outline it becomes more resistant to linear and differential 

encrypt analysis which provides high security and throughput by 
consuming less memory and processor. 

Keywords—Differential Fault Analysis (DFA), AES- 512 

 

I. INTRODUCTION 

Cryptography allows us to carry over the confidence found 

in the physical world to the electronic world. Since the amount 

of sensitive data being transmitted over an open environment 

the importance of cryptography is constantly increasing. The 

more information that is transmitted in computer-readable 

form, the more vulnerable it becomes to automated spying. 

Encryption is usually done just before sending data. To utilize 

the channel resources completely encryption algorithm should 
have a speed at least equivalent or same to data transmission 

speed. It is a challenging task to achieve high throughput for 

encryption algorithm for a communication channel of high 

data rate.We can easily find cryptographic hardware devices 

such as smart cards everywhere in our daily lives from 

banking cards to subscriber identity module (SIM) cards for 

global system for mobile (GSM) communications.  

The main reasons why these cryptographic hardware 

devices are widely used is that they are believed to be tamper-

resistant. This is why they host the implementation of many  

 

Fig. 1.Simple model for cryptographic algorithms. 

cryptographic protocols. However, recent development of 
physical attacks shows that a naive implementation of 

cryptographic protocols does not provide security anymore. In 

practice, algorithms have to be implemented on real physical 

devices that are vulnerable to side-channel attacks like timing 

attacks, power attacks or electromagnetic attacks and fault 

attacks. 

DFA is one of the fault attacks used to break block ciphers 

using differential information between correct and faulty 

cipher texts. An attacker gets faulty cipher texts by giving 

external impact on a device with voltage variation, glitch, and 

laser. The first DFA presented by Biham and Shamir in 1997 

targeted DES. Afterward many people tried to break several 
cryptosystems such as Triple-DES and MacGuffin. DFA on 

AES can be split into two categories depending on the fault 

location: the DFA on the State and the DFA on the Key 

Schedule.  
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Furthermore, research on DFA has been diversified into 

several directions: reducing the number of required faults, 

changing fault models (from one-byte fault model to multi-

byte fault model and vice versa), extending to AES-192 and 

AES- 256, and exploiting faults induced at an earlier round. 

The first direction has been most actively researched because 
the attacker can perform the attack more easily as the required 

number of faults decreases. Piret and Quisquater showed that 

two faults induced on the AES State are sufficient to find the 

AES-128 key in a one-byte fault model. 
 

TABLE I.  NUMBER OF ROUNDS 

Version Number of Rounds 

AES-128 10 

AES-192 12 

AES-256 14 

AES-512 22 

 

II. LITERATURE SURVEY 

[1]. The paper presents that DFA finds the key of a block 
cipher using differential information between correct and 
faulty cipher texts obtained by inducing faults during the 
computation of cipher texts  

[2]. The paper presents that presented clockwise collision 
analysis on non-protected AES hardware implementation  

[3]. The paper shows comparison with published AES cipher 
implementations on general purpose processors, design has 
3.5-15.6 times higher throughput per unit of chip area and 8.2-
18.1 times higher energy efficiency  

[4]. The paper presents the hardware implementation of AES 
algorithm using Xilinx–virtex5 Field Programmable Gate 
Array (FPGA).  

III. PRESENT SYSTEM 

Previously many hardware implementation were proposed 
and was implemented they are 128,192,256 bit. There various 
implementation for AES support the fact that different 
application required different implementation for the same 
algorithm. Some application has strict area requirement and a 
compact AES implementation will be very useful to provide 
security as in the some embedded system cases. On the other 
side, some application highly needed the most level of security 
that can be obtained without carrying about the area /time 
limitation. 

The proposed method has several advantages 

1) To avoid the attacker. 

2) Secrecy of the data should be maintained. 

3) The original secret data can be retrieved in 

totality. 

4) Tremendous increase in throughput. 

5) Reducing computation time. 

The main problems that arise in existing encryption process 
are with respect to time it takes for computation and security 
level. This problem that arises in communication network is 
overcome by choosing those ciphers which preferably takes 
lesser amount of computational time so that speed is increased 
with better security. 

 

IV. SYSTEM METHODOLOGY 

AES can encrypt and decrypt 512-bit blocks with 
128, 192 or 256-bit keys. The intermediate computation result 
of AES, called state, is usually represented by a 4*4 matrix, 
where each cell represents a byte. In encryption algorithm 
each round function is composed of four transformations 
except the last round:  

 Sub Bytes 

 Shift Rows 

 Mix Columns 

 AddRoundKey 

The last round is lacking MixColumns. The first nine 
rounds of the decryption algorithm are governed by the 
following four stages: 

 Inverse Shift rows 

 Inverse Substitute Bytes 

 Add round key 

 Inverse Mix columns 

Again the tenth round Inverse Mix columns stage is not 
included. The Overall flow of the encryption and encryption 
algorithm of the AES algorithm is show in Figure 2. 

 

Fig. 2. Design flow of AES Algorithm for Encryption and Decryption Process. 

Therefore, we expect that the key scheduling process as 
well as encryption process should be protected against fault 
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attacks and the larger key size make the algorithm more secure, 
and the larger input block increases the throughput. 
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Abstract—Four-legged robots also referred to as quadruped or a 

quadpods, can have very complex locomotion patterns and it 

provide the means of moving on surface where wheeled robots 

might fail. This conceptual shows usage of different creeping 

walks to accomplish synchronized development of the robotThe 

objective of this project is to develop a reliable platform that 

enables the implementation of stable and fast static/dynamic 

walking on even or uneven terrain. This also consisting of a 

different types of sensors embedded on it for detecting a real time 

status of the environmental condition and transmit it to the base 

station using wireless module. 
Keywords—quadruped, locomotion, terrain, gaits 

I.  INTRODUCTION  

In many cases, there is a requirement for mobile platforms 

that can move in areas with difficult landscape conditions 
where wheeled vehicles can't travel. Samples of such 

situations can be found in search and salvage task, and in 

addition in conveying payloads. Not at all like wheeled robots, 

walking robots are described by great portability in unpleasant 

territory. The primary objective of this paper is to show an 

inventive, modular and reasonable design of a four-legged 

robot for environmental research purposes  

The objective is to create a cheap legged platform, which 

allows research and testing of walking chassises and 

monitoring environmental conditions. The robot should either 

be driven from the base station or remote location that should  

send all available data from sensors, which will be displayed 
on the computer in the user interface program. It is also 

important to create and program a system into the 

microcontroller unit (MCU) of the robot, whichwould have the 

capacity to control the servomotors and sensors. 

A. Why legged robot ? 

Today's era is of robotics. One of the most important part of 

a robot is its chassis. There are several basic robot types: 

wheeled, tracked and legged robot. Wheeled robots are fast, 
but not suitable for rough area. Tracked robots are slower, but 

more suitable to rugged area. Legged robots are slow, much 

difficult to control but extremely powerful in rough area. 

Legged robots are capable to cross large holes and can operate 

even after losing a leg.  Many researches were performed in 

this field in past few years, because of its large potential.  

Legged chassises are especially ideal for space missions. 

There are also several projects in military research. 

 

Legs have unmistakable points of interest over wheels. The 

biggest advantage is in transvers ability and proficiency. 
Legged robot has a unique ability to 

 Isolate their body from territory abnormalities  

 Avoid undesirable foothold 

 Regulate their stability 

 Achieve energy efficiency 

These advantages are very desirable in modern robotics, and 

therefore a lot of research is being put into creating robots that 

can walk. 

 

II. CHARACTERISTICS OF LEGGED ROBOT 

Thispart is focusesonseveralcharacteristics of walking 

robots. Some classifications of walking robots and most 

common walking gaits are described 

A. Classification of walking robot 

There are many ways to define walking robots 

 By a body shape  
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 Number of legs 

 Number of degrees of freedom per leg  

 Locomotion technique.  

To achieve many different configurations various options 

can be combined. By body shape the can be classified into two 

category Mammal and Spider.  
At least two degrees of freedom are needed to construct a 

walking robot – first for lifting the leg, second for rotating it. 

Nevertheless, for a good functioning robot there should be 

three degrees of freedom, because the legs move along a circle 

and the forward movement of the body causes slipping 

between the foot and the surface, which can be compensated 

by third joint. 

Walking chassis movement can be divided into statically 

stable and dynamically stable. Static stability represents the 

ability of the chassis that can remain in a stable position in 

every moment of movement. Static stability is typical for 
quadruped that is always stable during its movement. 

Dynamically stable chassises are sometimes out of balance – 

balancing or falling. This is common for two-legged robots. 

B. Walking gaits 

Walking gait refers to the locomotion achieved through the 

movement of robot legs. Compared to human gait, the legged 
chassis usually has more than two legs. Therefore, the 

locomotion of a robot is much more complicated.There are 

several basic gaits, such as troat, creep   

Theoretical number of different gaits N can be calculated 

using Equation 1. Not all of them are usable for effective 

locomotion.  

N = (2K−1)! (1)  

WhereK isthenumberofthelegsoftherobot. For quadruped 

robot it is 7! = 5040possibilities of locomotion. The number is 

quite large, because this equation calculates all possible 

motions, like motion up and down, which of course doesn’t 

lead to an effective movement. 
 

III. LITURATURE SURVEY 

Examination of walking machines started in the nineteenth 

century. One of the first models showed up around the year 

1870 [1]. For 80-90 years, endeavors were made to build 

walking machines based on different kinematic chains that 

were supposed to generate a desired motion profile during 

operation. During those years, numerous models were 

proposed, yet the execution of a large portion of these 

machines was constrained by general cyclic swalking forms 

and the inability to adjust a walking pattern to the landscape. 
In the late 1950s, it turned out to be clear that machines ought 

not simply be based on kinematic mechanisms that provide 

cyclic movements, and that there was a need to integrate 

planning and control systems. The first robot to move 

independently with computerized control and electric 

propulsion was built in 1966 by McGhee and Frank [2]. The 

main task of the robot’s computer was to unravel the 

kinematic equations involved and to control the electric 

motors that drove the legs, such that the robot could go 

forward while maintaining equilibrium constraints. Since then, 

and following the advance of control technique technologies, 

computing resources and motion actuators, many different 

robots with varied abilities have been built. Examples of these 

abilities include running [3], walking over rough terrain, 

jumping over obstacles [4], climbing [5, 6] and more 

Robots have wide history of being used following the time 

when industrialization. [7] There has been and steadily 
developing improvement in the field which noted in the few 

records.  

Whenin 1954 George C. Devol field a U.S. patent for a 

programmable system for exchanging the article between 

distinctive parts of a manufacturing plant, he composed: “The 

present invention makes available for the first time a more or 

less general purpose machine that has universal application to 

a vast diversity of application where cyclic control is desired.” 

In 1967-68 the initially wheeled walking machine utilizing 

vision and different sensors, were accounted for. In 1974, the 

first servomotor impelled and microcomputer controlled robot 

were monetarily dispatched and they were utilized by NASA 
to gather tests from the surface of mars In 1981, a 

microprocessor based pneumatically worked pick and place 

Robot was indigenously created by the creator S.R.DEB in the 

Production Engineering Department at Jadavpur University. In 

1984, BhabhaAtomatic Research Central has built up a 6-axes 

multipurpose Robot, having weight around 300kg and can 

move an end-of-arm, heap of 10kg, including that of end 

effecter.  

Today, there are a substantial number of active research 

programs in the field of legged locomotion [7–15]. Apart from 

designing and building the robot itself, themain challenges are 
the planning and implementation of the legs’ motions in 

generate a walking sequence,namely, how to plan the steps of 

the robot so that it moves in a desirable way while maintaining 

equilibrium constraints (quasi-static walking) or else 

maintaining the stability of the robot (dynamic walking) 

 

At present, there are number of lab-scale quadruped robots 

being utilized as a part of exploration, for example, LittleDog 

from Boston Dynamics, StarlETH and ALoF from ETH, 

TITAN-IX, MRWALLSPECT III, the "bug like robot" created 

at Technion, AiDIN-III from Sungkyunkwan University 

(SKKU), and others. These models have complex mechanical 
designs, such as custom-made joints and structures, non-

uniform motors and custom electronics. These models are 

specifically designed with powerful processing units or built-

in sensors. The main advantage of the design presented in 

thispaperisthatitcanbebuiltfromoff-the-shelfproducts. 

Therefore, it can be used immediately in a simple and cost-

effective manner. In addition, the proposed robot is based on 

open-source code and hardware, thus enabling future 

improvements. Such improvements might include sensor 

capabilities, control circles and the mechanical structure. The 

combination of the mentioned design 
featuresmakestherobotuniqueandinnovativeandleaves it 

optimized for research purposes. 

 

IV. RELATED WORK 

There are several companies, which are producing quadpod 

models and platforms. These companies offer a variety of 
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hobby and research level robot kits and parts. They come in 

several types of quad pod that differ in the body shape and leg 

construction. Numerous robots accompany programming, 

which gives control of servomotors utilizing inverse 

kinematics and making custom gaits.  

.  
Although several solutions already exist and have great 

potential, each one of them has some disadvantage. The first 

one is price, which is quite high.  Another disadvantage is 

equipment of the robots. Many of the robots have limited 

expansion options, like missing foot sensors, which are 

difficult to install later, or servomotor type with insufficient 

power or features. Also the batteries are often built in the body 

and it is difficult or even impossible to remove them. 
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ABSTRACT: In majority of the digital and high 

performance systems like digital signal processors 

and microprocessors, multiplier acts as one of the 

important hardware unit. Speed of a system is 

actually judged by how a faster an arithmetic 

operations are performed within the structure for 

which mostly multiplication should be carried out at a 

faster rate which thus helps in improving 

theperformance of the system. If you increase the 

speed then the area also increases likewise.Multipliers 

are one of the most significant building blocks in 

processors. Multipliers are of great importance in 

today’s Digital Signal processing applications like 

DFT, IDFT, FFT, IFFT and ALU in 

Microprocessor.Actually, the two high speed 

multipliers, Modified booth multiplier (MBM) as well 

as the Wallace tree multiplier are hybridized with 

Carry select  adder (CSA) and then they  formed a 

hybridized multiplier which delivers high speed 

computation and here power consumption is low . 

Wallace tree multiplier is accompanied for fast 

addition and then finally CSA is used for final 

accumulation. This hybrid multiplier actually gives 

better results considering factors such as speed and 

power than the conventional designs. 

 This work find out  the performance of the 

proposed designs considering the terms such as delay, 

area, power and their products by hand with logical 

effort and through custom design. 

 

Keywords-Carry select adder,Wallace Tree, Booth 

Encoder, Unsigned multiplier, Carry Save Adder 

 

I. INTRODUCTION 

 Most of the applicationsystems which are 

based on DSP need extremely fast processing of a 

large amount of digital data. The multiplier is an 

important element of the digital signal processing 

such as filtering and convolution. Multipliers are 

among one of  the fundamental components of 

many digital systems and, hence, their power 

dissipation and speed are of  great concern. For 

portable applications where the power consumption 

is the most important parameter, one should try to 

reduce the power dissipation as much as possible. It 

is the best way to reduce the dynamic power 

dissipation, so main intention of this paper is to  

minimize the total switching activity, i.e., the total 

number of signal transitions of the system. 

Continuous progress of microelectronic 

technologies actually make better use of energy, 

encode data in a more effective manner, transmit 

information more reliable, etc. Particularly, many 

of these technologies address low-power 

consumption to meet the needs of various portable 

applications. In these application systems, a 

multiplier is a most fundamental arithmetic unit 

and  it is  widely used in circuits.  

 

 

 

. 

II. SYSTEM ARCHITECTURE 

The multiplier can be divided into three stages:  

1. Partial products generation stage 

2. Partial products addition stage 
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3. Final addition stage 

By reducing the number of partial products the 

speed of multiplication can be increased. Lots of 

high-performance algorithms and architectures 

have been proposed  in order to accelerate 

multiplication. Various multiplication algorithms 

like Booth, Modified Booth, Braun, and Baugh-

Wooley have been proposed. The modified Booth 

algorithm actually reduces the number of partial 

products to be generated and   thus is known as the 

fastest multiplication algorithm. 

Wallace Tree Carry Save Adder structures 

have been used to add the partial products in 

reduced time. Our aim is to reduce computation 

time by using Booth's algorithm for multiplication 

and to reduce chip area by using Carry Save 

Adders arranged in a Wallace tree structure. The 

figure below  describes about the Wallace Booth 

multiplier which has  got following steps,  where 

the multiplier and multiplicand is given to the 

booth encoder which thus produces the partial 

products followed by the Wallace tree structure 

which bringth down number of branches in the 

Wallace tree. After the reduction which is done by 

Wallace tree the final stageeventually arrives 

giving the final products for the multiplier. 

 

Fig1: Wallace Booth multiplier 

III. METHODOLOGY 

Wallace multiplier 

A Wallace tree is an efficient hardware 

implementation of a digital circuit that actually 

multiplies two integersWallace tree is known for 

their optimal computationtime, when adding 

multiple operands to two outputs using3:2 or 4:2 

compressors or both. Wallace tree actually 

guarantees thelowest overall delay Fig2 shows nine  

Fig. 2: Wallace tree structure 

 

operands Wallacestructure, where 3:2 compressors 

compress the data havingthree multi-bit inputs and 

two multi-bit outputs. 

 

4:2compressors compress the data having four 

multi-bit inputsand two multi-bit outputs. Using 

both compressor, No. oflevels has been bring down 

that also causes improving the speed of multiplier. 

 

TheWallacetreehasthreesteps: 

1. Multiply (that is AND) each bit of one of 

the arguments, by each bit of the other, 

yielding  

2. Depending on position of the multiplied 

bits,the wires carry different weights, for 

example wire of bit carrying result of is 32 

(see explanation of weightsbelow).   

3. Fig3: Carry select adder 

 

4. Reduce the number of partial products to 

two by layers of full and half adders. 

5. Group the wires in two numbers, and add 

them with conventional adder. 

 

 

 

 

Carry select adder 

 

Usually the CSLA have the two ripple 

carry adder stages and multiplexer. Carry select 

adder selects the correct result using multiplexer 
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with single stage or multiple stage. For two stages 

of ripple carry adders we have  got the two outputs 

(2 sums, 2 carry’s). The  multiplexer will select the 

correct result and speed will be high when 

compared with the different adders. 

 

Unsigned Multiplier 

 

Fig4: Unsigned Multiplier 

The multiplier is one of the hardware and 

fundamental key block in Digital signal processing 

techniques. The multiplier involves generation of 

partial products and summation. The n-bit 

multiplier multiplies with the  

 

 

 

 

n-bit multiplier and it gives the final product term 

is a 2n bit value. The two 32 bit unsigned 

multipliers multiplication output will be shown in 

above Fig4. 

Carry save Adder 

Wallace tree increases the accumulation of the 

partial products. The speed, area and power 

consumption of the multipliers will be directly 

Fig5: Carry save adder 

proportion to the efficiency of the compressor. The 

structure is made of carry save adders. The carry 

save adders to decrease the number of partial 

products and sum rows. Compressors are arithmetic 

components, analogous in principle to parallel 

adders. The 4:2 compressor shown in Fig.5 has 4 

input bits and produces 2 sum output bits (out0 and 

out1 ), it  

 

also has a carry-in ( cin ) and a carry-out ( cout ) bit 

(thus, the total number of input/output bits are 5 

and 3). 

Booth Encoder 

 

Booths algorithm includes encoding of 

multiplier bits and partial product generation. 

Different modified booths algorithms have been 

proposed according to how many number of bits 

are used to encode multiplier. Modified booth 

algorithm reduces the number of partial products. 

Radix 2, radix 4, radix 8, radix 16, radix 32 are the 

different modified booth algorithms. NxN bit 

multiplication involves N partial products but 

modified Radix 2r produces N/r partial .In the 

proposed modified Radix -4 Booth Algorithm, 

multiplier has been divided in groups of 3 bits and 

each group of 3 bits have been taken into 

consideration according to modified Booth 

Algorithm for generation of partial products 0, 

±1A, ±2A. In first group, first bit is taken as zero 

and other bits are least significant two bit of 

multiplier operand. In second group, first bit is 

most significant bit of first group and other bits are 

next two bit of multiplier operand. In third group, 

first bit is most significant bit of second group and 

other bits are next two bit of multiplier operand. 

This process is carried on. Partial product is 

generated using multiplicand operand A. For n bit 

multiplier there is n/2 or [n/2 + 1] groups and 

partial products .for 16X16 bit multiplication 8 

partial products are generated. So it reduces the 

number of partial products in comparison to Booth 

algorithm (radix-2) improves the computational 

efficiency of multiplier, reduce the calculated 

delay. 

 

 

 
 

 

Fig6: Booth recoding table for Radix -2 
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Fig7: Comparison of power consumption among 

various multipliers 

 

Above figure shows the various multipliers and their power 

consumption. Thus it is clear from the figure that Wallace 

tree multiplier structure shows far better performance 

results as compared to other techniques.  

RESULTS 

The figure below shows the result of proposed 16 bit  

carry select  adder. 

 

           Figure 8 Top level entity of 16 BIT Carry select 

adder. 

 

Figure 9 Device Utilization Summary 

 

Figure 10.simulation result of  CSA. 

IV. CONCLUSION 

Thus we designed the efficient multiplier with 

wallance tree with booth encoder. Out of  thetree based 

reduction methodologies  the  reduction technique  of  

wallance multiplier  is based on minimum weight value 

actually  more efficient than the array and serial multiplier. 
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Abstract- This paper describe the design of  viterbi decoder using 

various methods.Hybrid Register (HREM) exchange method 

which is the combination of design  traceback(TB) & register 

exchange method (REM) exchange method which reduces 

further the switching activity and power. Power dissipation  is 

analyzed for  the Hybrid Register Exchange,REM method and 

TB method. The new Register Exchange Method shows an 

average power reduction of 45 percent. 

 
Keywords— Viterbi decoder, HREM, REM, Traceback 

 

1. INTRODUCTION 

Now days with emerging trends and technology in wireless 

communication system it is necessary to reduce the power 

requirement. Viterbi decoder play an important role forward 

error correction and error detection. The Viterbi Algorithm has 

been widely used in digital communication and signal 

processing, was introduced in 1967 by Andrew J Viterbi as a 

method of decoding convolutional codes. By using Viterbi 

decoder we can find out mostly likely sequence at receiver 

side by following the procedure for design of decoder.  

In Mobile station baseband modem, the Viterbi 

decoder consumes more than one-third of the chip area and the 
power dissipation of the baseband modem Therefore, a low-

power implementation of the Viterbi decoder is a significant 

practical matter. Power efficiency  becomes much less than 

1%. If it is assume that the power efficiency can be increased 

to over 50%, the effective talk-time could be more than 250 h. 

Therefore, there is considerable margin in the power 

dissipation of the handset, especially in the power-controlled 

CDMA system. The approach we will adopt in the Viterbi 

design is to use a self-timed (or Asynchronous) timing 

strategy, because it saves power through not having to 

generate or distribute a global clock, instead, timing between 

blocks is performed by local handshake signals . This enables 
an asynchronous system to only consume power when doing 

useful work and to have an  idle power of near zero. 

Furthermore, there is an inherent advantage to asynchronous 

systems in that a system can switch almost instantaneously 

between the idle state and maximum activity.  

There are two well-known methods for Viterbi 

decoder for survivor path storage and decoding, the Trace- 

back method (TBM) and Register Exchange method (REM). 

In trace-back method, memory requirement is high. TBM is 

the preferred method used in Viterbi decoders having large 

constraint length and high performance. However, the TBM 
has drawbacks, which requires last-in-first-out (LIFO) buffer 

and has to use multiple read operations for high speed 

operation. This multiple operation results in complex control 

logic. The REM is logically simple, but it will consume large 

power and area, due to huge switching activity. The problem 

of switching activity of Viterbi decoder can be reduced by 

combining TB and REM that is Hybrid Register Exchange 

Method (HREM).  
. 

2. CONVOLUTIONAL ENCODER 

Fig1 shows the convolutional encoder (3, 1, 2) with code 

rate r=1/2 i.e. the system encodes 1 input bit to 2 output bits  

constraint length K of  3 and number of memory element m is 
2(It consist of 2^m (m=2) shift stages, and modulo-2 adders 

(n=2))as shown in fig1 
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Figure 1 Block diagram of Convolutional Encoder(K=3, k=1,n=2) 

 
 

In convolutional encoder input bit enter the shift register by 

one bit at a time. In order to encode bit x from the input 

stream, this encoder creates two bits, namely Out0 and Out1. 

The encoding bits are produced from the following equations: 

  

   Out0 = Input  FF1  FF0                   (1) 

   Out1 = Input  FF0                              (2) 

 
 

                      

                 3. VITERBI DECODER 
 
 
 
 

 
 
 
 
 
 
 
 

        Figure 2.  Block Diagram of Viterbi decoder 

 

                      Fig 2 shows Viterbi decoder consists of three 

basic computation units. Viterbi decoders  are used to decode 

data which is encoded using convolutional encoders and 

transmitted over noisy channels. 

 

3.1 Branch Metric Unit (BMU) 

           

           This unit computes the branch metric of each transition, 

which is a hamming distance between the received symbol and 

expected symbol. It also counts the number of differing bits. 
 

3.2 The Add-compare-select unit(ACSU) 

 

           The Add-compare-select unit is a collection of ACS 

units. For a single state, an ACS unit receives two branch 

metric and two path metrics. It adds each incoming branch 

metric to the corresponding path metric and compares the two 
results to select a smaller one. The path metric of the state is 

updated with the selected one. 

 

 
 

 

3.3 Survivor Memory Unit 

 

           The Survivor Memory Unit (SMU), which stores the 

decisions of survivor path. The Survivor Memory Unit 

receives decision bits from the ACS unit and compare 

received decision bits for each node in trellis. 

                  
4. DECODING METHODS 

 

4.1 Traceback Method 

           Trace Back Method, a trace back module is placed in 
the decoder which is connected by the ACS unit. Traceback 

memory stores the history of decision bits from ACS 

operation. This memory is a two dimensional circular buffer, 

with rows and columns. The number of rows is equal to the 

number of states N = 2 K-1 where K is the constraint length. 

Each column stores the results of N comparisons 

corresponding to incoming coded bits at each time interval. 

In this method decoding  is performed  by transition from the 

present state and previous state and finding the input tha 

tcaused that transition from theprevious state to this present 

state. 

 
4.2 Register Exchange Method 

              In this method  a register is assigned to each state. 

Each register contains the information  of  the survivor path bit 

throughout the trellis. The register keeps information of the 

partially decoded output sequence of decoder along the path. 

The register exchange method there is no need of traceback 

because  the register present at the final state contains the 

decoded output sequence. This method approach to complex 

hardware and high switching activity due to the need of the 

copying the contents of all the registers from one state to 

another state. 
 

4.3 Hybrid Register Exchange Method 

              

            This method is combination of  register exchange 

method and traceback method hence the name Hybrid register 

exchange method. This method  reduces the switching activity 

and power. In HREM instead of processing single bit in a 

cycle, now two bits are decoded,which reduces the switching 

activity to half as compared to REM.In this method  we are 

using a property of trellis.Initial state can be first find traced 

back through an m cycle.Then contents of initial state transfer 

to current state and the next m bits of the register is the m bits 
of current state itself. 

 

5. Asynchronous Viterbi Decoder 

 

       Asynchronous circuits are consist of blocks that 

communicate to each other by using handshaking protocol via 

asynchronous channels, to carry out the required synchronous 

operation for communication and sequencing. In 

Asynchronous communication channel there are  bundle of 

wires and a protocol to communicate between the data and 

blocks. Asynchronous channels has two types of encoding 
scheme are single rail encoding and dual-rail encoding. Single 

rail encoding is that if the encoding scheme uses one wire per 

bit to transmit the data and a request line to identify when the 

BMU SMU ACSU 

Decoding Unit 
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data is valid.Then channel is called a bundled-data 

channel.Alternatively, in dual-rail encoding the data is sent by 

using two wires for each bit of information.  

             There are different types of asynchronous methods are  

use some of them  given below: 

Quasi Delay Insensitive (QDI): In digital logic design, Quasi 
Delay-Insensitive (QDI) circuits are a class of almost delay-

insensitive asynchronous circuits which are invariant to the 

delays of any of the circuit's wires or elements, except to 

assume that certain fanouts are isochronic. Isochronic forks 

allow signals to reach two destinations with negligible 

difference in delay.  

4-Phase Handshaking Protocol: In this type of protocol, the 

request and acknowledge wires use normal Boolean levels to 

encode information.  

Current Sensing Completion Detection (CSCD) technique: 

The goal of this method is to detect a predefined current 

threshold and generate a signal as soon as the transient-current 
flow is above this threshold level.                        

 

CONCLUSION 

 

            As we see different methods for power reduction but 

some methods have drawbacks such as in traceback method 

memory requirement is more. In Register exchange method 

we are assign register to each state and copying  contents of  

one register to another register increses switching activity and 

power consumption.To overcome these problem our main 

objective is to design asynchronous viterbi decoder using 
hybrid register exchange method for low power application. 

HREM  reduces the switching activity to better extend. 
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Abstract- Maintaining the attendance is very important 

in all the institutes for checking the performance of 

employees. Every institute has its own method in this 

regard. Some are taking attendance manually using the 

old paper or file based approach and some have 

adopted methods of automatic attendance using some 

biometric techniques.  An attendance recording 

system’s basic function is to keep a record of the time at 

which the employees of a particular firm report to work 

and leave from work. It is one of the most widely used 

event recording application in the industry today. A 

track of employee attendance is a must for payroll 

generation. The traditional method of maintaining an 

attendance register makes the job very tedious and 

prone to human errors. The collection and processing of 

data of employee. Attendance which may include leaves, 

half working days, overtime etc. and using it to generate 

the payroll manually consumes important man hours, 

which in turn could be used to increase productivity 

and in turn profitably of the firm. In case of an error, 

even more time will be used to detect and rectify it, if 

the process is manual. The whole process will be 

simplified to great extent. 

Keywords- RFID, biometrics, student’s attendance, 

fingerprint recognize. 

 

I. INTRODUCTION 

Now-a-days, there are lots of colleges and 

Universities around the world and some of them 

consist of students up to thousands or more. To 

handle a large number of students may be a problem 

especially to get the attendance of the students. The 

manual process is that whenever a lecturer comes to 

class, he came with register and manually takes 

attendance by calling roll numbers. This manual 

process has some flaws because in case where 

students can cheat by saying attendance of their 

friends, another problem is that the lecturer had to 

take care of the register and enter the attendance into 

the log (or) data-base, calculate the attendance 

percentage. This would be a big problem in the 

colleges and Universities.  

 

The suitable solution for this problem is by designing 

a system that will record attendance automatically.  

RFID system is used to record the numbers of 

student’s attendance automatically. The ID cards of 

the students is embedded with RFID tag which is read 

by a reader. This RFID system is interfaced to a 

database through a computer or some electronic 

circuits. This method is more effective to prevent 

problem encountered when getting attendance 

manually components that the RFID technology 

consists are RFID Reader and RFID Tag. RFID is a 

nascent technology, deeply rooted by its early 

developments in using radar 1 as a harbinger of 

adversary planes during World War II. A plethora of 
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industries have leveraged the benefits of RFID 

technology for enhancements in sectors like military, 

sports, security, airline, animal farms, healthcare and 

other areas.  

 

Industry specific key applications of this technology 

Include vehicle tracking, automated inventory 

management, animal monitoring, secure store 

checkouts, Supply chain management, and automatic 

payment, sport timing technologies, the distinctive 

components of RFID technology and focuses on its 

core competencies: scalability and security. It will be 

then supplemented by a detailed synopsis of an 

investigation conducted to test the feasibility and 

practicality of RFID technology. 

 

RFID can be used in many applications. A tag can be 

affixed to any object and used to track and manage 

inventory, assets, people, etc. For example, it can be 

affixed to cars, computer equipment, books, mobile 

phones, etc. The Healthcare industry has used RFID 

to reduce counting, looking for things and auditing 

items. Many financial institutions use RFID to track 

key assets and automate compliance.  

II. SYSTEM OVERVIEW 
Biometric technologies enable automatic personal 

recognition based on physiological or behavioural 

characteristics (Prabakar, 2003). Biometric is defined 

as the "automated identification or verification of 

human identity through the measurement of 

repeatable physiological and behavioural 

characteristics" (Association of Biometric, 2004). 

Different types of biometric techniques are shown in 

 

                    Fig. 1 Biometrics Techniques    The absence of 

an automated time and attendance system, [2] companies 

lose productivity, overpay employees, and become 

distracted by the manual tasks of time and attendance. 

The Attendance recording in educational institutions is an 

imperative task. [3] Most present systems provide database 

management but still involve laborious manual data entry 

procedures. The design presented offers a twofold solution 

to the problem. It relieves from handling paper records of 

attendance taken in the class by providing firsthand entry 

into a portable gadget built around the AVR ATmega8 

microcontroller. The attendance entered is firstly stored in 

the microcontroller's EEPROM from where it is transferred 

to application software residing on a computer through the 

serial port. This application stores the attendance data in a 

database and also displays requested information extracted 

from them. 

METHODOLOGY 

 

The proposed system provides solution to lecture 

attendance problems through the use of attendance 

Management software that is interfaced to a 

fingerprint device. The student bio-data 

(Matriculation number, 

Name, Gender and Date of Birth) and the fingerprint 

is enrolled first into the database. 

This section describes the software algorithm for the 

system. 
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The algorithm consists of the following steps 

Image acquisition 

Noise removal 

Face detection 

Face recognition 

Attendance 

In the first step, image is captured from the 

CCTVcamera. There are illumination effects in the 

captured image because of different lighting 

conditions and some noise which is to be removed 

before going to the next 

 

III.SYSTEM DESIGEN 

 

A commercial system based on RFID for attendance 

management for schools and colleges. The system can send 

SMS and email alert to parents/guardians of the students 

automatically. The student will register at the gate by 

touching RFID device with their RFID tag and send the data 

to BISAM server in the school. The server will process the 

attendance data and send an SMS to the parents/guardians 

of the absentee student through BISAM SMS gateway 

server. The system also has Time Manager Software for 

managing employees’ attendance and HR related 

functionalities. The problem in this research is there is 

verification is not done. So proxy attendance may be 

marked. [7] 

 

 

       Fig. 2 Functioning of the System 

In [22] RFID reader was designed with microcontroller, 

transceiver chip, serial communication IC, LCD, USB 

interface, power supply module, etc as components. When a 

staff member touches the reader with their card the data is 

sent to PC manager application which will validate the data 

and extract information like staff ID and access time into 

the data. Is sent to PC manager application which will 

validate the data and extract information like staff ID and 

access time into the database. Again same problem as above 

system is being faced by this research. 

 

 

 

IV.Hardware Architecture 

The attendance system has been more hardware like 

RFID, finger print, Biometric etc  

The hardware to be used can be divided into two 

categories – fingerprint scanner which captures the 

image and personal computer which: houses the 

database, runs the comparison algorithm and 

simulates the application function. The fingerprint 

scanner is connected to the computer via its USB 

interface. Basically this work does not involve the 

development of hardware.  

                                       

                         Figure 3: Fingerprint Device. 

Using the Secugen Fingerprint Reader, the Grainger 

Software Development Kit (SDK) toolbox provided 

by the Griaule (will explain the detail) can be used as 

an interface between the fingerprint reader and the 

attendance software. 

RFID TAG 
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A radio-frequency identification system uses tags, 

or labels attached to the objects to be identified. Two-

way radio transmitter-receivers 

called interrogators or readers send a signal to the tag 

and read its response. 

RFID tags can be passive, active or battery-assisted 

passive. An active tag has an on-board battery and 

periodically transmits its ID signal. A battery-assisted 

passive (BAP) has a small battery on board and is 

activated when in the presence of an RFID reader. A 

passive tag is cheaper and smaller because it has no 

battery; instead, the tag uses the radio energy 

transmitted by the reader. However, to operate a 

passive tag, it must be illuminated with a power level 

roughly a thousand times stronger than for signal 

transmission. That makes a difference in interference 

and in exposure to radiation. 

                        

Fig 4. RFID Tag 

Shows the RFID reader transmits an encoded radio 

signal to interrogate the tag. The RFID tag receives 

the message and then responds with its identification 

and other information.  

FINGER PRINT 

 

Biometric time and presence system is one of the 

most effective solicitations of biometric technology. 

Impression Recognition is an established field today, 

but still identifying individual from a set of enrolled 

fingerprints Isa time  

Taking process. Most fingerprint-based biometric 

systems store the finger point’s template of a user in 

the database has been usually assumed that the 

minutiae pattern of a user does not reveal any 

information about the original  

Fingerprint. This belief has now been shown to be 

false; several algorithms have been proposed that can 

renovate fingerprint images from minutiae templates. 

are construct the segment image, which is then 

converted. 

 

 

 

COMPARISON WITH MANUAL ATTENDANCE 

The manual attendance system average execution 

time for eighty (80) students is approximately 17.83 

seconds as against 3.79 seconds for the this automatic 

attendance management system using fingerprint 

identification. Reports generation for the attendance 

system takes approximately 30s. The table is a 25 

student sample out of the 80 tests conducted. It can 

be shown in the graph below and thus, it can be seen 

that the automatic attendance management system 

using fingerprint authentication is better and faster 

than the use sheets of paper. 

 

 

CONCLUSION 

 

Thus I would like to conclude that automatic 

embedded attendance system is a system where we 

conduct the attendance with the help of RFID, 

Biometrics, and Fingerprint Recognition. Etc this 

report presents an analysis of different technologies 

which are used for attendance making system. 
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Traditionally student attendance is taken by professor 

and it will waste too much time of lecture. Too much 

proxy attendance can be recorded in manual system. 

This can be replaced with computerized system. 

RFID and WhatsApp based will take auto attendance 

for all the students entered in the class which will 

remove the time loss of professor. On the other hand 

Face Recognition will verify the student which will 

remove the proxy attendance. 
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Abstract—The term image segmentation refers to the 

partition of an image into a set of regions that cover 

it. The goal in many tasks is for the regions to 

represent meaningful areas of the image, such as the 

crops, urban areas, and forests of a satellite image. 

Soft computing is an emerging field that consists of 

complementary elements of fuzzy logic, neural 

networks and Genetic algorithms. Soft computing 

deals with approximate models and gives solution to 

complex problems. In this paper, the main aim is to 

survey the various soft computing approaches i.e. 

fuzzy clustering and relevance vector machine (RVM) 

for satellite image segmentation. 

Keywords- Image segmentation, soft computing, 

satellite image, RVM, fuzzy c-means (FCM) 

I. INTRODUCTION 

Digital image processing is application of 

various algorithms on the image to improve the 

quality of the image by removing noise & other 

unwanted pixels and also to obtain more 

information on the image. Among the various 

image processing techniques image segmentation is 

very crucial step to analyze the given image. This 

paper mainly focuses on this method, the various 

methods followed and few algorithms that are 

widely used. An attempt is made to provide the 

comparison on these methods by taking test 

images. The images are operated using MATLAB 

software. 

Image segmentation is a mid-level processing 

technique used to analyze the image and can be 

defined as a processing technique used to classify 

or cluster an image into several disjoint parts by 

grouping the pixels to form a region of 

homogeneity based on the pixel characteristics like 

gray level, color, texture, intensity and other 

features. The main purpose of the segmentation 

process is to get more information in the region of 

interest in an image which helps in annotation of 

the object scene. Image segmentation aims at 

domain-independent partition of the image into a 

set of visually distinct and homogeneous regions 

with respect to certain properties. The main goal of 

segmentation is to clearly differentiate the object 

and the background in an image. Satellite images 

are one of the most powerful and important tools 

used by the meteorologist. They are essentially the 

eyes in the sky. These images reassure forecasters 

to the behavior of the atmosphere as they give a 

clear, concise, and accurate representation of how 

events are unfolding. Forecasting the weather and 

conducting research would be extremely difficult 

without satellites. Data taken at stations around the 

country is limited in its representations of 

atmospheric motion. It is still possible to get a good 

analysis from the data, but because the stations are 

separated by hundreds of miles significant features 

can be missed. Satellite images aid in showing 

what cannot be measured or seen. In addition the 

satellite images are viewed as truth. There is no 

chance for error. Satellite images provide data that 

can be interpreted "first-hand". 

Satellites images give a good representation of 

what is happening at every point in the world, 

especially over oceans where large gaps in data 

occur. Data can only be taken at certain points 

around the world, though, without this data, 

forecasting would be just as difficult as not having 

satellites. It is essential to have both. Having the 

two together gives a much better understanding as 

to how the atmosphere is behaving and greatly 

improves forecasting accuracy. 

There are two types of satellites that orbit the 

Earth, polar and geostationary. Geostationary 

Operational Environmental Satellites (GOES) 

remain above a fixed location on the Earth's 

surface, approximately 22,500 km above the 

equator. Because the satellites rotate with the Earth, 

they always view the same portion of the globe. 

The polar orbiting satellites, in contrast, orbit at 

much lower elevations (800-900 km). Their path is 
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2,400 km wide centered at the orbit path. The polar 

satellites observe a new path on each orbit. Polar 

satellites are not as useful to operational 

meteorologists because they do not continuously 

view the same area. Geostationary satellites allow 

meteorologists to view the weather as it develops 

since they view the same area continuously. 

Satellite Images are of three types: A. Visible 

Image Visible satellite pictures can only be viewed 

during the day, since clouds reflect the light from 

the sun. On these images, clouds show up as white, 

the ground is normally grey, and water is dark. In 

winter, snow-covered ground will be white, which 

can make distinguishing clouds more difficult. To 

help differentiate between clouds and snow, 

looping pictures can be helpful; clouds will move 

while the snow won't. Snow-covered ground can 
also be identified by looking for terrain features, 

such as rivers or lakes. Rivers will remain dark in 

the imagery as long as they are not frozen. If the 

rivers are not visible, they are probably covered 

with clouds. Visible imagery is also very useful for 

seeing thunderstorm clouds building. Satellite will 

see the developing thunderstorms in their earliest 

stages, before they are detected on radar. B. Infra-

Red Image Infrared satellite pictures show clouds 

in both day and night. Instead of using sunlight to 

reflect off of clouds, the clouds are identified by 

satellite sensors that measure heat radiating off of 
them. The sensors also measure heat radiating off 

the surface of the earth. Clouds will be colder than 

land and water, so they are easily identified. 

Infrared imagery is useful for determining 

thunderstorm intensity. Strong to severe 

thunderstorms will normally have cold tops. 

Infrared imagery can also be used for identifying 

fog and low clouds. The fog product combines two 

different infrared channels to see fog and low 

clouds at night, which show up as dark areas on the 

imagery. C. Water Vapor Image Water vapor 
satellite pictures indicate how much moisture is 

present in the upper atmosphere (approximately 

from 15,000 ft to 30,000 ft). The highest 

humanities will be the whitest areas while dry 

regions will be dark. Water vapor imagery is useful 

for indicating where heavy rain is possible. 

Thunderstorms can also erupt under the high 

moisture plumes. [1] 

II. SEGMENTATION APPROACHES 

 Segmentation can be considered the first step and 

key issue recognition, scene understanding and 

image understating. Applications range from 

industrial quality control to medicine, robot 

navigation, geophysical exploration, remote 

sensing, and military applications. In all these 

areas, the quality of the final result depends largely 

on the quality of the segmentation. During the past 

years, many image segmentation techniques have 

been developed and different classification 

schemes for these techniques have been proposed. 

A. Thresholding segmentation:  

This method consists in comparing the measure 

associated to each pixel to one or some threshold in 

order to determine the class which the pixel 

belongs to. The attribute is generally the grey level, 

although color or a simple texture descriptor can 

also be used. Threshold may be applied globally 

across the image (static threshold) or may be 

applied locally so that the threshold varies 

dynamically across the image. Several algorithms 

have been proposed for thresholding segmentation 

of satellite images, proposing thus an automatically 

selection of an adequate threshold for different 

satellite image class[2]. 

B. Edge segmentation:  

Edges segmentation is a particularly simple and 

effective means for increasing geometric detail in 

an image. It is performed by first detecting edges 

and then either adding these back into the original 

image to increase contrast in the vicinity of an 

edge, or highlighting edges using saturated (black, 

white or color) overlays on borders. Indeed, edges 

in images are areas with strong intensity contrasts – 

a jump in intensity from one pixel to the next. Edge 

detecting an image significantly reduces the 

amount of data and filters out useless information, 

while preserving the important structural properties 

in an image. The fundamental importance of line 

and edge information in satellite images has been 

recognized. Indeed, local features, such as lines and 

edges, can describe the structure of a scene 

relatively independently on the illumination. Image 

segmentation techniques based on edge have long 

been in use. Although a variety of methods of edge 

detection have been suggested, and may be 

grouped into two categories: derivative methods 

and optimal filtering method [2]. 

C. Region segmentation:  

Another way of extracting and representing 

information from an image is to group pixels 

together into regions of similarity. One would 

group pixels together according to the rate of 

change of their intensity over a region. In fact, the 

regions formation can be realized in two different 

ways: (i) split and/or merge process founded on 

some global criteria, (ii) a points aggregation 

procedure based on some local similarity criteria. 

Due to the global level of the analysis, in a split 

and merge process the local information is not 

considered. On the other hand, a point’s 

aggregation to a region needs to take into account 

some global information of the region, as well as 
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some local information relative to the pixel. For 

this reason, the region extraction through point’s 

aggregation approach has been retained [2]. 

 

III. SOFT COMPUTING SEGMENTATION 

APPROACH 

A. FuzzyClustering 

Soft or Fuzzy clustering technique classify 

pixel values with great extent of accuracy & it is 

basically suitable for decision oriented applications 

like tissue classification & tumor detection etc. 

Fuzzy clustering divides the input pixels into 

clusters or groups on the basis of some similarity 

criterion, such that similar pixels belong to same 

cluster. Similarity criterion used can be distance, 

connectivity, intensity. The resulting partition 

improves the understanding of human beings & 

helps in a more informed decision making. The 

advantage of fuzzy system is that they are easy to 

understand, as the membership function partition 

the data-space properly [8]. Fuzzy clustering 

algorithms include FCM (fuzzy C means) 

algorithm, GK (Gustafson-Kessel), GMD 

(Gaussian mixture decomposition), FCV (Fuzzy C 

varieties), AFC (Adaptive Fuzzy Clustering) 

algorithm and etc. The FCM is the most accepted 

method since it can preserve much more 

information than other approaches. Fuzzy c-means 

algorithm (FCM) is most popular objective 

function based fuzzy clustering algorithm. 

 

FCM algorithm the procedure is as follows: 

 

(i) Initially the number of clusters c (2≤c<n), m, 

U are specified by user.  

(ii) All the user-defined parameters are defined, 

run the algorithm.  

(iii) The validity index measures the compactness 

of the output cluster is measured.  

Validity index measures like Partition Coefficient, 

Partition Entropy, etc ate used to measure the 

fitness of the outcome.  

(iv) If the calculated index is satisfactory, then it 

moves to next step or the parameters are changed 

and process is repeated.  

(v) Least Square Estimation (LSE) is calculated. 

This error should be minimum.  

(vi) Finally the outputs obtained for various 

inputs are compared and plotted.  

The selection of initial cluster center is directly 

related to the performance of the algorithm. If 

cluster center is close to actual center, then the 

algorithm converges quickly. This also reduces the 

processing time[3].  

B. Support Vector Machine (SVM) Ensemble Fuzzy 

Clustering 

Support vector machine ensemble is a 

classification method which includes two 

procedures: Firstly, it gives the sub-forecasts of a 

new sample using sub-SVM classifiers that can be 

obtained by various ways, and then, combines these 

sub-forecasts to decide the final class. 

Theoretically, compared with the single SVM, the 

SVM ensemble method has better classification 

accuracy. Supposing there are n sub-classifiers and 

a sample to be classified, it is obvious that the 

SVM ensemble has the same classification ability if 

all sub classifiers are equal; else if they are 

different and uncorrelated then the SVM ensemble 

outperforms the individuals. Actually, the theory is 

also suit to any other learning mechanism (strictly, 

weak learning mechanism). Since ensemble 

learning method behaves remarkably well, it has 

been a hot topic in academic circles in recent 

years.[4] 

Selective SVM ensemble approach using fuzzy 

clustering algorithm which is realized in three 

steps: firstly, train a number of SVMs from the 

training set with Bootstrap, then, obtain the 

selected SVMs using clustering algorithm to select 

objects near to each clustering center, finally, 

construct the ensemble with the selected SVMs 

through voting. The group number of clustering is 

that having highest testing precision. The algorithm 

can be described as following:[4] 

Input ： training set S,testing set T,parameters of 

SVM, such as kernel function, penalty coefficient, 

etc； 

 Initialization：set the number of training samples 

n＝N,i＝1,j＝1； 

 Step1 if i<=N then Establish sub-set Si with 

Bootstrap algorithm; Train SVMi ; Let i=i+1; Else 

Goto Step 2； 

Step2 if j<=N then Execute the FCM algorithm to 

cluster the SVMs into j groups based on the 

differences of the classification results by the 

SVMs; Choose one SVM which is nearest to the 

group center from each group to obtain j SVMs for 

constructing the ensemble; Construct the ensemblej 

by voting; Calculate the classification rate Rj of the 

ensemblej; Let j＝j＋1； Else End  

Output：Choose the ensemble with biggest Rj as 

the selected ensemble, j denotes the number of 

SVMs. 
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C. Relevant vector machine 

SVM is methodology for regression and 

classification that has attracted considerable 

interest. It is a constructive learning procedure 

rooted in statistical learning theory, which is based 

on the principle of structural risk minimization. It 

aims to minimizing the bound on the generalization 

error (i.e., the error made by the learning machine 

on data unseen during training) rather than 

minimizing the empirical error such as the mean 

square error over the data set. This results in good 

generalization capability and an SVM tends to 

perform well when applied to data outside the 

training set[5]. 

As RVM is not multi class classifier. So to 

classify image using RVM treestructure is used. In 

tree structure first of all samples are classified into 

twoclasses as pixels of one cluster in one class and 

remaining other pixels in secondclass. And 

following the same procedure all points of an 

image are classified.After feature extraction to 

reduce dimension principal component analysis 

isused. It is one of the most popular techniques for 

dimension reduction. SVM the support vectors are 

typically formed by “borderline”, difficult-to-

classify samples in the training set, which are 

located near the decision boundary of the classifier; 

in contrast, for RVM the relevance vectors are 

formed by samples appearing to be more 

representative of the two classes, which are located 

away from the decision boundary of the classifier. 

Compared to SVM, RVM is found to be 

advantageous on several aspects including: 1) The 

RVM decision function can be much sparser than 

the SVM classifier, i.e., the number of relevance 

vectors can be much smaller than that of support 

vectors; 2) RVM does not need the tuning of a 

regularization parameter ( C ) as in SVM during the 

training phase. As a drawback, however, the 

training phase of RVM typically involves a highly 

nonlinear optimization process. 

The relevance vector machine (RVM) technique 

has been applied in many different areas of pattern 

recognition, including communication channel 

equalization, head model retrieval , feature 

optimization , functional neuroimages analysis and 

facial expressions recognition.The main difficulties 

of RVM when applied to large data sets (such as 

images) are that the computations required for the 

posterior statistics in equation (14) can be 

prohibitive. In what follows we first introduce a 

methodology to ameliorate this problem. 

When the training points are uniform 

samples of a signal (e.g., the pixels of an image) 

and the kernel is symmetric, the RVM for the 

single kernel case can be written using a 

convolution [5]. 

First of all for an input image we will evaluate 

optimal number of clusters using Davies-Bouldin 

index. The davies-Bouldin index is based on ratio 

of within cluster distance and between cluster 

distances. In other words it is based on the ratio of 

inter and intra cluster distance. The equation used 

is as follows: 

 

intra =  

 
where N denotes number of pixels in n image and 

K is the number of clustersand ziis the cluster 

center of respective cluster. 

The inter cluster is calculated as the distance 

between cluster centers and take the minimum of 

them. 

 

inter = min  
 

where i=1,2,...K-1 and J=i+1.....K then we take 

ratio of thesei measures 

validity=intra/inter 

We choose an upper limit let Kmaxfor the number 

cluster and then we calculatevalidity measure for 

each of them. The minimum value of Davies-

Bouldin indexgives optimal clustering and 

maximum value represent worst case.After 

evaluating optimal number of clusters for image i.e. 

K we will pass thisimage along with calculated K 

in fuzzy clustering algorithm such as FCM, 

DeFC,,MoDEFC. Then by using different 

clustering solutions obtained from 

clusteringalgorithm RVM is trained. For this some 

percentage of points are selected astraining points 

from each clusters based on their distance from 

cluster centers,these points can be considered as 

high confidence points and the remaining 

lowconfidence points of image are classified on the 

basis of trained RVM classifier.Since clustering is 

unsupervised learning method, we are using result 

ofunsupervised learning classifier to train 

supervised learning classifier that is RVM. 

For this purpose we are choosing some percentage 

of points to train RVM classifier.As mentioned 

training of RVM is slower as compared to SVM. 

Relevance VectorMachine takes O (N3) time. 

Functional form of both RVM and SVM is 

identicalbut RVM does probabilistic classification. 

In RVM we need to maximize thisequation: 

 

lnP (t|α,β)= ln β − E (t)- ln  - ln (2 ) + 
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With respect to hyper parameters α and β. 

The original algorithm for RVM is for linear 

classifier. RVM belongs to the family of linear 

classifier. Despite this it does not mean that non 

linear datacannot be classified, non linear classifier 

can be created by using kernel trick.Kernel 

functions are used to classify non linear data. 

Kernel function projectsdata to higher dimension 

space so that it can be linearly classified. Since 

theclassifier is a hyper plane in high dimension 

space it may be non linear in theoriginal input 

space. Different types of kernels are there which 

are used to project data in higherdimension space 

so that can be linearly classified. Some commonly 

used kernelsare: 

• Polynomial Homogeneous Kernel 

K (xi, xj) = (xi ・xj)d 

• Polynomial Inhomogeneous Kernel 

K (xi, xj) = (xi ・xj+1)d 

 

As RVM is not multi class classifier. So to classify 

image using RVM treestructure is used. In tree 

structure first of all samples are classified into 

twoclasses as pixels of one cluster in one class and 

remaining other pixels in secondclass. And 

following the same procedure all points of an 

image are classified.After feature extraction to 

reduce dimension principal component analysis 

isused. It is one of the most popular techniques for 

dimension reduction. Othertechniques for 

dimension reduction such as linear discriminate 

analysis (LDA),canonical correlation analysis 

(CCA) can also be used. By computing covariance, 

mean and eigen values it reduces dimensions.After 

classifying all points using trained RVMclassifier 

Cluster based Similaritypartition algorithm (CSPA) 

is used to ensemble solutions from different 

clusteringalgorithm. CSPA is used in situation 

where it is desired to find a single 

clusteringsolution from number of different 

clustering solutions. CSPA works by 

calculatingthat by how many clustering algorithm 

data points are placed in same cluster.Its main task 

to calculate similarity between two data points 

which is done byanalyzing that number of 

clustering algorithm are placing these two data 

pointsin same cluster. More clustering algorithm 

placing these points in same clustermore similar are 

these two data points. 

 

IV. CONCLUSION 

In this survey, an overview of different 

segmentation methods and classification are 

studied, an overview of all related satellite image 

segmentation techniques has been presented in this 

paper. Fuzzy clustering method which is widely 

used for images is powerful unsupervised 

clustering method.RVM is found to be 

advantageous on several aspects.RVM decision 

function can be much sparser than the SVM 

classifier, i.e., the number of relevance vectors can 

be much smaller than that of support vectors. 
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Abstract— In this paper three novel hybrid regional descriptor 

are used for shape classification. The three descriptors are 

regional skeleton descriptor (RSD), regional area descriptor 

(RAD) and tangent function (TF). The RAD and RSD are defined 

by shape’s skeleton as a primitive descriptor. The tangent 

function is generated from the contour by finding the important 

landmark points and gathering regional information about them. 

In the matching stage, optimal path searching algorithm is 

defined in the setting as distance measure function. These shape 

descriptors are tested on common datasets and the results are 

analyzed and compared with state of the art methods. The 

experimental results show that, our results are satisfactory as 

compared to others. 

 

Keywords— RAD, RSD, Tangent Function, skeleton, optimal path 
searching 

I. INTRODUCTION 

 The shape of an object is affected by various factors. The 

variation of shape with protusion. Occlusion, affine 

deformation and noise are called non-rigid transforms[1][2]. 

The good representation should be scale, transition and 

rotation invariant and be robust to non-rigid transform. 

     The procedure to find good features which can 

represent shape and similarity measure for classification is 
called shape classification. Many descriptors have been 

proposed, which can be categorized as 1) contour based 

methods 2) Skeleton based methods 3) region based methods. 

    The boundaries of shapes are used in countour based 

method. The methods which uses contour based features are 

mostly efficient and can be easily implemented. But they are 

insensitive to boundaries. The countour based methods are 

Wavelet Decriptors [3]-[5] on boundary, Hidden Markov 

Models[6] etc. 

      The information inside the shape is used by region 

based method. The whole shape is considered as domain and 

is transformed to another domain for descriptor extraction. 
E.g. Radon transform. The landmark points on contour and 

descriptors are computed by gathering region information 

around those points.  

     Skeleton based methods uses topological information 
from the shape and forms shape descriptors based on it. Many 
methods fall into this category like Shock graph [7] etc. 
However skeleton is heavily affected by protrusion and 
occlusion. Also this category are requires to process alignment 
problems. 

      In this paper, we have proposed regional descriptor for 

shape classification, which includes three descriptors regional 
are descriptor(RAD), regional skeleton descriptor (RSD) and 

tangent function (TF). In next section, the framework of the 

proposed method and how the features are extracted from the 

shape are explained. We have also introduced the dynamic 

algorithm for classification and how the distance generated 

dissimilarity in Section III. The experimental results from the 

proposed method which are done on widely used datasets are 

explained in Section IV. Analyzing of the results and the 

comparison with other methods are done in this section. 

Finally, conclusions are made in Section V. 

II. EXTRACTION OF SHAPE DESCRIPTORS 
        Our work shares similar framework with the Ling’s 

Inner-distance [8], Belongie’s Shape Context [9] and Alajlan’s 
Triangle-Area Representation [10]. We begin with extraction 
of features on local points and gathering surrounding shape 
information. A dynamic algorithm based Optimal Path 
Searching (OPS) is used to find local point’s correspondences 
and measure total distance of two shapes. Finally, the shape is 
classified into the category having minimum distance. In 
previous work, local points were used, whereas in our method 
local regions are used. In our proposed  approach, we have 
defined three descriptors: 1) ) regional area descriptor (RAD) 
and 2) regional skeleton descriptor (RSD), which uses the 
skeletons and contours and can called as skeleton based and 
contour based hybrid descriptors. And 3) Tangent Function, 
which falls into contour based category, collects the 
significant points from the contour according to some rules. It 
is assumed that the shapes are well segmented and considered 
as solid plate, like other shape classification methods. 
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A. Regional Skeleton Descriptor 
  The most useful primitive shape descriptor for 

representing as shape is the skeleton. But matching of two 
skeleton is too tough because the skeleton is the representation 
of the topological structure of the shape and as the shape 
changes, the topological structure changes.  Hence, in our 
proposed approach, we have tried to take advantages of 
skeleton which is effective in topological structure and have 
tried avoiding the disadvantages of it, and we proposed the 
shape descriptor viz. Regional skeleton descriptor. 

   The RSD defines the local part of shape by calculating 
the perimeter of the area from the skeleton to the segment of 
the contour. Following the procedure given below, the 
regional skeleton features are extracted from the specific local 
region: 

1)  A graph of multiple base points, which are distributed 
along the contour, equally, is built. 

2) The skeleton of the shape is found out and the point in 
skeleton must have radius of it maximum disk from the 
contour. 

3) To find the closest points on skeleton from each point, 
skeleton is searched and accordingly, Euclidean distance is 
calculated between them. 

4) Using depth priority search (DPS) algorithm, for each 
pair of consecutive base points, the corresponding closest 
points distance on skeleton is calculated by finding out the 
path length on skeleton.  

5) The regional skeleton descriptor is obtained by adding 
up distances from 3) and 4). 

     Geometrically, this descriptor defines that how much 
area the part of contour between two points is included in the 
shape. Given two base points p1 and p2, and their closest 
points on skeleton sp1 and sp2 , the RSD of the region between 
these points can be mathematically defined as: 

 

 
 

where DPS ( , ) is depth priority search function which 
returns a discrete path . Let O be the global descriptor and it is 
organized into a vector as follows, supposing that we have N 
base points,  

 
 

 
 

B. Regional Area Descriptor 
Though RSD can be used for representation of 

shape, but it solely is not enough to justify distance 
between shapes. Fig. 1 is a very clear counter-

example of the two local shape descriptors shown as 
below: 

 

 
 

Therefore, the regional area descriptor is generated by the 
same procedure as RSD that is based on local part. The 
Regional Area Descriptor (RAD) adds the maximal radii 
information on the skeleton segment which corresponds to the 
segment of contour, which is nearly equal to the quantity of 
area of local region. It could be expressed in mathematical 
form as: 

 

 
 

C. Tangent Function 
A very important primitive descriptor for a shape which 

can be used as complementary descriptor along with the 
skeleton based descriptors is contour, which is show in Fig. 2. 

 

 
 

 

A segmented shape, generally, contains some noise which 
affects its shape descriptors to some extent and cause high 
computational cost. The insignificant information on the 
boundary noise and should be removed and those important 
points on the large turning corners should be preserved. We 
have used the turning angles and considered that other two 
shape descriptors will compensate the loss of information in 
the segment on simplified contour in the whole system. For 
simplifying it: we replace two consecutive line segments on 
the contour with  one line segment which will join their 
endpoints, if joint ‘condition’ of two line segments that are 
consecutive is lower than a pre-defined threshold. The joint 
‘condition’ is a function which is defined to compute that how 
much the two consecutive line segments and their angle is 
contributing to the whole shape. And our approach reduces 
each and every shape to a minimum fixed number of points. 
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We first define the relevance function [11], [12], to achieve 
this: 

 

 
 

The relevance function which is defined on two 
consecutive vectors and gives a value which represents how 
importance the triangle consist of s1 and s2 contributes to the 
whole shape. The higher value of K (s1, s2 ) , the more 
significant. The two vectors that connects the endpoints, are to 
be replaced, and number of points is more than the pre 
constant which is predefined  and if there is an i, such that it is 
minimum. By applying such operation iteratively, the shape 
boundary is traversed until number of points gets equal to to 
our pre-defined value. 

 

 
 

After simplification, as Shown in Fig. 3, a simplified shape 
is generated which has less noise and preserves shape 
information as well. The tangent function(TF),  also called a 
turning function is as shown in Fig. 4 which is a multi-valued 

function defined T(C) :[0,1]- > [ by T(C)(s) =C_' (s)  
and T(C)(s)= C'+ (s) , where T(C)(s) = C'_ (s) and T(C)(s) = 
C'+ (s) are left and right derivatives of C. The value of T( p) , p 
is a point on C, is angle between the line segment vector and a 
reference vector . The tangent function T(C)(s) specifies 
wherever there is turning on the contour, decreasing with right 
turns and increasing with left turns is used as a shape 
descriptor. To achieve rotation invariance, we pick up the 
pixel which is farthest from centroid in the shape to start 
simplification. 

D. Rotation, Scale, Transition Invariance 
The proposed descriptors can achieve RST invariance. 

Firstly, the transition invariant can be naturally satisfied. After 
the contour and skeleton are extracted, our descriptors have 
nothing to do with the position of the shape. As for rotation 
invariant, our descriptors are arranged in vector form in which 
the local features are kept in clock-wised form. Therefore, the 
invariant property can easily solved by a circular shift on the 

vector in matching. Finally, by normalizing the global vector 
or the vectors divided by the sum of local features, the scale 
invariant can be achieved. 

 

III. CLASSIFICATION AND DISTANCE 

MEASURE 
    The Optimal Path Searching (OPS), which is extended 

from dynamic algorithm, was used in our matching stage.  The 
most important advantage of OPS is that it can handle two 
descriptor vectors with different dimensions. The local point 
on one shape is not necessary matched to a fixed point on 
another shape, but could be matched to the neighbors of a 
point on the other shape. This is useful in handling deformed 
shapes which global similarity is exist while some significant 
differences on local parts. The total distance of two shapes is 
computed during OPS as cost of the optimal path to obtain the 
optimal path, searching all the possible paths is a conventional 
approach. However, the time and space complexities are 
prohibitive. To solve this problem, we adopt the dynamic 
programming algorithms based on Bellman’s principle to 
reduce the time and computational cost. In other words, the 
Bellman’s principle tells us that the concatenation of its two 
optimal sub-paths will be considered as the optimal path. 
Therefore, to search the optimal path, we could cast the 
problem into searching its two optimal sub-paths. The 
proposed descriptors have different capability in classifying 
shapes because of different natures and different origins. A 
combination might be a good idea to take all use their 
advantages. In order to avoid complicated combination of 
distance measures, we use a simple linear combination of the 
distances from three shape descriptors. 

 

IV. EXPERIMENTAL RESULTS 

 

A. Classification 
Our classification employed the traditional distance 

measure based approach which determined by the minimal 
distance between sample shape and shapes in the dataset. The 
distance is the dissimilarity of two shape and distance 
functions are usually defined for the feature that proposed. 
The distance measure function takes in two descriptors vectors 
from a pair of shapes respectively and calculates dissimilarity. 
The larger is the output distance, the less similar are the two 
shapes. Every shape in dataset is labeled with a known class. 
A sample from dataset is to be matched with every shape in 
the same dataset except for itself and the distances are also 
calculated. We find out the shape in dataset with minimal 
distance and consider the sample and this retrieved shape are 
in the same class. 

B. Datasets for Experiments 
In order to evaluate which approach is better in this field, 

some standardized databases and benchmarks for experiment 
are designed. Many databases are designed for different kinds 
of methods, owing that different methods may have different 
assumptions on shapes. A commonly used database is 
99shapes, by Kimia et al. It contains ninety nine planar shapes 
which classified into nine classes, with eleven shapes in each. 
Shapes in the same class are in different variant form, 
including occluded, noised, rotated, etc. Other databases 
including MPEG-7 Shape Dataset [5], Articulated Dataset, 
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Swedish Leaf Dataset and Brown Dataset are used to have 
further experiments. Similar to [13], Precision and Recall is 
used for benchmark for the reason of fair comparisons. 

 

 
 

 

 

C. Results and Discussion 
Table I shows the optimal result from test on 99shape 

dataset. The numbers of points we sampled from the shapes 
are 50, 50 and 25 for RSD, RAD and TF respectively. 

 

 
 

For the articulated dataset, 45, 35 and 45 points are sample 
for RSD, RAD and TF. Retrieval result on articulated dataset 
was presented in Table I. We have noticed that result on 
99shape from RAD is slightly better than RSD, while on 
articulated dataset RSD performs slightly better than RAD. 
During the above experiment, we tried to normalize the 
descriptors and found that experiment on 99 shapes received 
little influence from normalization while result from 
articulated dataset has some improvement. 

 

 
 

 
 

From the Table I, our algorithm has a almost 100% correct 
classified rate for Human and Wrench. We noticed that the 
Airplanes class is of the lowest correct rate except for the top 
3 ranks. And the hit rate declined rapidly which make it 
singled out from the Table I. The matching distance in this 
class is carefully investigated and the distance revealed that 
our descriptors have difficulties in classifying sampled with a 
large part of protrusion in proportion to its main part. Another 
reason leads to the low correct rate in Airplanes class is the 
different numbers of sharp protrusions in different samples in 
same class and the numbers are various. Since the sharp 
protrusions influence the branches in skeleton, different 
numbers of protrusion affect the skeletons’ stability within the 
class and diversify the descriptors of this class. 

     Comparison with Shape Context is listed in Table II. 
Compared to Shape Context our proposed shape descriptors 
have the advantageous property of scale and rotation invariant. 
Our method enjoy a high hit rate from 1st to 5th rank however, 
unfortunately, it slightly falls behind from 6th to 10th rank. 

     A comparison of the results on articulated dataset with 
other state-of-the-art methods shows that our method is highly 
articulation insensitive. The articulated dataset is a challenging 
dataset for shape classification owing that most samples in the 
dataset are segmented from real images of same type of object, 
for instance, the scissors and samples in the same class are 
from the same object but with some degree of articulation at 
some branch points. Results data listed in Table III shows that 
the proposed method outperformed others on this dataset. 
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V. CONCLUSIONS 
In this paper, we proposed hybrid regional and global 

descriptor for shape classification. By combining the 
descriptors, the drawbacks of each descriptor are overcome. In 
the matching stage, a dynamic programming based Optimal 
Path Searching is integrated into our method. The matching 
algorithm successfully handled the challenge of matching two 
different descriptors in different lengths. The proposed 
methods are tested on the widely used 99shape and articulated 
dataset. Experimental results are satisfactory. Data of result is 
presented in table form and compared to other the-state-of-art 
methods in literature as well. 
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Abstract- Agriculture is source of livelihood of majority Indians  

and has great impact on the economy of the country. In dry areas 

where there is shortage of water in case of inadequate rainfall, 

Irrigation becomes difficult. So, it needs to be automated for  

proper growth and productions are handled remotely for farmer 

safety. 

In accordance to this we design a GSM based Irrigation 

System Control and monitoring this system will be very economical 

in terms of hardware cost, power consumption and call charges. 

The proposed control system works on two principles one is GSM 

Modem based sensor network and another is of ‘packet switching’ 

used by SMS controlled devices. Hence it can be seen that in India 

the process of automation is very much needed to be spread as to 

achieve good cultivation providing a cheaper approach to the 

‘COMMON MAN’. 

 
Keywords- GSM Modem, irrigation, packet switching, control 

monitoring, automation. 

 

I.INTRODUCTION 

 
The purpose of this project is to monitor and control the 

water flow to an irrigation system using Mobile Phone. This 

can be achieved by the use of soil moisture sensor, which 

senses the water content in the soil. This sensor output is 

given to a Microcontroller based control system for further 

data processing. 

II.LITERATURE REVIEW 

International Conference on Communication Systems 
and Network Technologies 2011-2012, has provided the need of 

remote automation of irrigation. As seen in the recent Monsoon 

the average rainfall has considerably reduced in India thus, 

leading to various adverse effect on the farmer‟s and leading to 

increase of burden leading to high inflation in economic 

standards hence a proper mix of technology with Agriculture 

will provide a new look to the Indian Irrigation system with a 

proper automated irrigation system [2] which can be controlled 

by the farmer anywhere in India [3]. 

A Microcontroller is a single chip inbuilt with advance 

functions [2][8] with the use of various Sensors providing the 
circuit user friendly and very much in accordance with „packet 

data transfer‟ from GSM Modem 1 in User side to the GSM 

Modem 2 in the Field interfaced with simple programming logic 

with hardware providing simple codes to the User to whether 

Switch ON/OFF the pump. 

mailto:1ketanmse@gmail.com
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III. BLOCK –DIAGRAM to the Control and Driver Circuitry which provides indication 
LED Indicators for moisture and Alarm based operations [4]. 

VI.APPLICATIONS 

 

1. As GSM IRRIGATION system control and monitoring finds 
applications in various fields as: It can be used as controlling of 

elevators in multistoried buildings 

2. It can be used for controlling the temperature coefficients in 

case of blast furnace and boilers 
3. It can be used for household water inlet flow controlling incase 

of timely storage of water in tanks. 

4. It can be used for domestic plant irrigation in gardens thus saves 

considerable amount of water and provides good plant growth. 

5. It can provide monitoring of large water wells situated in remote 

locations. 
 

 

 

 

 

 

 

 

 

 

Fig 1: Block Diagram in respect to User Side and Field Side 

 

Base Station Unit works as the main unit for the User side and it 

is connected to the Microcontroller [7] for receiving the  

message for functioning of the water pump in ON/OFF state and 

thus the GSM MODEM 2 provides the Filed side 

synchronization with the Microcontroller as well as the Soil 

Moisture Sensor which acts as Transducer [4] for the working of 
the sensor producing the indication on the LED indicator. 

Moreover, it often happens that the Pump goes out of order for 

that has to be achieved by an error message to the User side 

however the LED indicator will also provide a Light indication 

[3] alarm for manual working and correction of the pump as it 

would have been damaged. 

IV. DISCRIPTION 

To operate the sensor message is sent by the Base Station Unit 

(User/Farmer) GSM Modem1 should send a message to the 

GSM modem 2 in references to that of the soil moisture sensor. 

As we get the feedback of motor status i.e., ON/OFF in form of 
simple message from GSM modem 2 present at the motor end. 

V.METHODOLOGY 

The major building blocks of this project is the Microcontroller 

based control system [7] with regulated power supply. Soil 

moisture sensor for providing the proper sensing of  soil 

moisture [2] and its level which is attached to the GSM   modem 
2 attached to Microcontroller [5] for remote communication 

[4].Controlling the electrical Water motor (pump) with 

Hardware and Software interface of Embedded C is provided [6] 

VII. WORKING & RESULT 

User sends the message through phone to the 

gsm module. That message is captured by gsm module and sends the 

message to the microcontroller. Here we are writing the program 

using the string command that accepts the strings as commands 

directly. If the command is „help‟ then gsm understands that user is 
ready to use the gsm. It stores the number and ready to communicate 

with that number. 

Then it sends a message that “irrigation project is ready to use” Later 

if the user wants to on the pump. He sends the command „on‟ then 

that message is sent to the microcontroller. Microcontroller checks 

the output of soil moisture sensor. 
 

 

 
Fig 2: LM324 Soil Moisture Sensor 
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Fig 3: Simulation of Working 

 

 

Fig 4: Picture of Project Working 

 
Fig 5: SIM 300 GSM MODULES 

 

VIII. CONCLUSION 
 

As the technology is running with time, it is completely 
occupied the life style of human beings. Even though there is 

such an importance of technology in our routine life there are 

even people whose life styles are very far to this well known 
term technology. So it is our responsibility to design few  

reliable systems which can be even efficiently is used by those 

people. This basic idea gave birth to GSM Based Irrigation 

System Control and Monitoring. Here the automation is done 

and divided into User Side and Field Side using Microcontroller 

based Technology in reference to widely used GSM. 
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Abstract-As this universe is concentrated with electrons and its 

nature plays an important role in the energy distribution. In our 

conventional electronic devices we use semi conducting materials for 

logical operation and magnetic materials for storage, but spintronics 

uses magnetic materials for both purposes. 

As referred as Spin Valve Transistor is different from 

conventional transistor. In terms for conduction we use spin 

polarization of electrons. Only electrons with correct spin 

polarization can travel successfully through the device. These 

transistors are used in data storage, signal processing, automation 

and robotics with less power consumption and results in less heat. 

This also finds its application in Quantum computing, in which we 

use Qubits instead of bits. 
Key words- Spin Valve Transistor, Qubits, Quantum 

 

I.INTRODUCTION 
Two experiments in 1920’s suggested spin as an additional 

property of the electron. One was the closely spaced splitting of 

Hydrogen spectra lines, called fine structure.  The other was Stern 

–Gerlach experiment, which in 1922 that a beam of silver atoms 

directed through an inhomogeneous magnetic field would be 

forced in to two beams. These pointed towards magnetism 

associated with the electrons. Spin is the root cause of magnetism 

that makes an electron tiny magnet. Magnetism is already been 

exploited in recording devices. Where data is recorded and stored 

as tiny areas of magnetized iron or chromium oxide. To access 

that information the head detects the minute changes in magnetic 

field. This induces corresponding changes in the head’s electrical 

resistance – a phenomenon called Magneto Resistance. 

 
II. LITERATURE REVIEW 

Spintronics came into light by the advent of Giant 

Magneto Resistance (GMR) in 1988. GMR is 200 times stronger 

than ordinary Magneto Resistance.  It results from subtle electron 

– spin effects in ultra multilayer of magnetic materials that cause  
a huge change in electrical resistance. The literary aspect of it 

shows the discovery of Spin Valve Transistor (GMR in 

magnetic multilayers) has led to a large number of studies on 

GMR systems. Usually resistance of multilayer is measured with 

the  Current  in  Plane  (CIP).  For  instance,  Read  back magnetic 

heads uses this property. But this suffers from several drawbacks 
such as; shunting and channeling, particularly for uncoupled 

multilayer and for thick spaced layers diminish the CIP magneto 

resistance. Diffusive surface scattering reduces the magneto 

resistance for sandwiches and thin multilayer’s. 

The use of Micro fabrication techniques for CPP measurements, 

from 4.2 to 300k was first shown for Fe/Cr multilayer’s, where 

the multilayer’s were etched into micro pillars to obtain a 

relatively large resistance (a few milli ohms). These types of 

measurements have confirmed the larger MR for the CPP 

configuration, but they suffer from general complexity of 
realization and measurement techniques. Experiments using 

electro deposited nano wires showed CPP MR up to 15% at room 

temperature; such multilayers find an application in Spin Valve 

Transistors. 

 

III. PRINCIPAL AND CONSTRUCTION 

 

A spin valve multilayer serves as a base region of an n silicon 
metal base transistor structure. Metal base transistors have been 

proposed for ultrahigh frequency operations because of 1. 
Negligible base transport time. 2. Low base resistance, but low 

gain prospects have limited their emergence.  The first evidence  

of a spin valve effect for hot electrons in Co/Cu multilayers is the 

spin valve transistor. 

In spin valve transistor (SVT) electrons are injected in to 

metallic base across a Schottky barrier (Emitter side) pass through 

the spin valve and reach the opposite side (Collector side) of 

transistor. When these injected electrons traverse the  metallic 

base electrons are above Fermi level, hence hot electron magneto 

transport should be considered in Spin Valve Transistor (SVT). 

For the preparations of transistor we apply direct bonding, both to 
obtain device quality semiconductor material for the emitter and 

to allow room temperature processes. 

Here metal parts were laid down directly on to the doped Silicon 

base layer, which resulted in the information of metal silicides at 

the interface. These degrade device performance due to the large 

depolarizing effect they have on the flow of spin polarized charge 

carriers through the interface which severely reduces the magnetic 

sensitivity of devices. 

mailto:1bapanmfs@gmail.com
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Figure 1. Spin valve Transistor construction 
 

IV. WORKING 

 

The collector barrier height about 0.7eV while the emitter barrier 

height is 0.6eV.The emitter and collector Schottky barrier are in 
forward and reverse bias respectively as illustrated by the CB 

configuration in Fig. 1. The emitter bias accelerates the electrons 

towards the emitter barrier, after which they constitute the hot 

“Ballistic” electrons in the base. The probability of passing the 

collector barrier is limited by the collisions in the base which effect 

their energy and trajectory by optical phonon scattering in the 

semiconductor and by quantum mechanical reflections at the base 

collector interface. For a base transistor with a single metal base 

film, this can be expressed by the CB current transfer ratio r current 

gain. The energy band diagram of the bonded Co/Cu f spin valve 

transistor is shown below. 

 
 
 

 
Figure 2. Energy Band Diagram 

And λ is the hot electron mean free path (MFP), in the base. The 
factor e-w/λ represents the probability of transmission of the hot 

electrons through the base. Jc is the total collector current, Leaks 

the collector leakage current, determined by the reverse biased 

collector Schottky barrier and Jis the injected emitter current. The 

ascend of electrons depend among others, on the type and quality 

of the semi conductors. In the SVT under consideration, the 
thickness of the individual layers (Co/Cu) is much smaller than 

the spin-slip diffusion length. 

V. CHARACTERISTIC APPROACH 

A. Magnetic sensitivity 

The barrier height of collector and emitter as determined at room 
temperature by the current voltage method are 0.7 and 0.6 eV. 

Because of the low barrier heights and large area of the collector  

the leakage current is quiet large (30 µA) and exceeds the magneto 

current for an injection current of 100mA. Magneto current 
measurements have been performed at 77 K reducing the leakage 

current to acceptable values, magneto current measurements have 

been performed with the CB setup of fig.1, I= 0V. The collector 

current Vs the applied magnetic field is plotted in fig. 3 as large 

current change with field is observed, with typical GMR 

characteristics of a second peak Co/Cu multilayer, such as 

saturation field and hysteresis. The corresponding CIP-MR value of 

implemented multilayer was only 3% in 10K Oe. The large values 

of MC (%) and J indicate a short λ↑ (↓) (of order of 0.5 to 1 nm): 

however bulk MFP will require further measurements. 

 

 

 

 

Figure 3. Magnetic sensitivity of collector current at different 

temperatures 

B. Temperature effects 

Transport property of hot electron is not fully understood at very 
low energy regime at finite temperatures. So, It is necessary to 

probe the temperature dependence of the hot electron transport 

property in relation to the SVT. The collector current across the 

spin valve changes its relative orientation of magnetic movements 
at finite  temperature.  Surprisingly the  collector  current showed 
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different behaviors depending on the relative spin orientation in 
Ferro Magnetic layers. The parallel collector current is increasing 

up to 200 K and decreasing after that, while anti-parallel collector 

current is increasing up to room temperature. Actually in ordinary 

metals, the scattering strength increases with temperature T. This 

implies that any thermally induced scattering process enhances 

the total scattering. As a result measured current should be 

decreased, but it is happening so, increasing of collector current 

with temperature T may not be related to the ordinary scattering 

events in the metallic base. Two different mechanisms are 

suggested. One of them is spatial distribution of Schottky barrier 

diode. This may explain the behaviors of both parallel and ant 
parallel collector current up to 200K because thermal energy 

contributes overcome the Schottky barrier height at Collector side 

with the increasing temperature T. This mechanism not related to 

any dependent property but only for the absolute magnitude of 

both parallel and ant parallel collector current.  Therefore, 

physicist attributes the measured temperature dependence of 

magneto current to this spin mixing effect. 

Basically spin mixing is spin flip process by thermal spin wave 
emission or absorption at finite temperatures. For example majority 

(minority) electrons can flip its spin by absorbing (emitting) thermal 

spin wave and then goes into spin down (up) channel. 

 
VI. APPLICATIONS 

Spin transistors have huge potential for incorporation in stable, 
high sensitivity magnetic field sensors for automotive, robotic, 

mechanical engg. & data storage applications. This may also be 

used as Magnetically Controlled Parametric Amplifiers & Mixers, 

as magnetic signal processors, for control of brush less DC motors 

& as Magnetic Logic elements. In log applications they have the 
advantage over conventional semiconductor chips that they do not 

require power to maintain their memory slate. It finds its 

application towards Quantum Computer, a new trend in  

computing. Here we use Qubits instead of bits.Qubit  also 

represents only 1& 0 but here they show superposition these 

classical states. But it is in pioneering stage. 

There are major efforts ongoing at Honeywell, IBM, Motorola in 
developing RAM based on spin valves and metal tunnel junctions 

such devices called MRAM have demonstrated faster speed, high 

density low power consumption, non volatility and  radiation 

harness they are promising replacements for the Semi Conducting 

RAM currently used. 

both. 

2. In most Semi Conducting transistors the relative proportion of 
the up & down carries types are equal. If Ferro Magnetic material is 

used as the carrier source then the ratio can be deliberately skewed 

in one direction. 

3. Amplification and / or switching properties of the Device can be 
controlled by the external magnetic field applied to the device. 

4. One of the problems of charge current electrons is that we pack 

more devices together, the chip heats up. Spin current releases heat 

but it is rather less. 

VIII.CONCLUSION 

Now it is clear that, Spin valve transistor is more versatile and more 

robust but it needs further fabrication methods to improve magnetic 

sensitivity of collector current. The greatest hurdle for spintronic 

engineers may be controlling all that spin. To do it on a single 

transistor is already feasible while to do it on a whole circuit will 

require some clever ideas. However the key question will be 
whether any potential benefit of such technology will be worth the 

production cost. Spin valve transistors and other spin devices will 

become affordable by using common metals. 
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VII. ADVANTAGES 

Traditional transistors use on & off charge currents to create bits – 
the binary 0&1 of Computer information. Quantum spin field effect 

transistor will use up & down spin states to generate the same 

binary data. 

1. A currently logic is usually carried out using conventional 
electrons, while spin is used for memory. Spintronics will  combine 
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Abstract—Blood cell analysis is important for all human beings, 

because there are WBCs, RBCs, and Platelets in human blood, 

White blood cell count gives the important information about our 

blood and diseases related to blood that help diagnosis many of 

the patient’s sickness. This project work presents an adaptive 

approach for extracting, detecting and WBC counting in 

microscopic blood sample images. The measure of WBC and 

RBC Cells are very important for the doctor to diagnose various 

diseases such as anemia, leukemia etc. So, precise counting of 

blood cells plays very important role. In hospital laboratories the 

old conventional method used which involves manual counting of 

blood cells using a device called Haemocytometer. But due to this, 

process is extremely monotonous, time consuming, and leads to 

inaccurate results. Even the hardware solutions such as the 

Automated Hematology Counter exits, they are very expensive 

machines and unaffordable in each and every hospital 

laboratory. In order to overcome these problems, this project 

presents an image processing technique to counting and detecting 

the number of red blood & white blood cells in the blood sample 

image using circular Hough transform and k-means clustering 

technique. The use of image processing technique to helps in 

improving the effectiveness of the analysis in term of accuracy 

and time consumption. 

 

Keywords: WBC, RBC, Automated Hematology Counter, circular 
Hough transform, k-means clustering technique 

I.  INTRODUCTION 

In medical analysis blood cell count plays very vital role for 
blood cell count. Variations in the count of blood cells cause 
many diseases in the human body. For overall health diagnosis 
and health assessment of many human disorders complete 
blood count is required. Abnormal increment or decrement in 
cell count indicates that the person has many indispensable 
medical condition. In which the Complete Blood Count (CBC) 
is a blood test, extensively used to check various disorders such 
as allergies, infections, problems with clotting, anemia, 
leukemia etc. In order to perform CBC test, firstly the blood 
film is imaged and then stained with a transmission light 
microscope. Here the analysis of the blood sample is done 
manually  to count number of blood cells and also to identify 

and to judge disorders in blood samples through a microscope. 
But it is a very time consuming process and undesirable human 
error. In essence, the goal behind of this paper is to develop 
and to validate the required image processing steps to 
countblood cells on blood smear slides. Recentlyaims to 
provide the current work of mitigate problems posed by 
different conditions such as noisy and degraded images; detect 
the overlapping of cells to differentiate RBCs and WBCs 
which are present in a blood smear slide counting RBCs and 
WBCs. 

II. CELLULAR ELEMENTS OF BLOOD 

A. White blood cells or leukocytes 

White blood cells are an important part of the body’s 
immune system. They protect against certain type of the 
bacteria, viruses, cancer cells, infectious diseases. The density 
of the leukocytes in the blood is 5000-7000 /mm3.In 5 different 
types Leukocytes are categorized. They are Neutrophil, 
Eosinophil, Basophil, Monocyte, and Lymphocyte. This type 
of Low WBC counts may indicate that a person is in risk of 
infection. The high WBC counting might indicate an existing 
infection, tissue damage and leukemia. 

B. Red blood cells 

Red blood cells, also known as Erythrocyte are the most 

numerous and important blood cells in the human body. Main 

function of RBCs is to carry oxygen to the cells in the body. 

They are small and minute disc shaped cells and contain a 

protein called hemoglobin bywhich it will found in red color 

to blood. Decrease in level of RBC’s and WBC’s may cause 

severe diseases including anemia, and leukemia. 

C. Platelets 

A platelet is a cell fragment that circulates in all the human 

blood. A low platelet count can cause in human body a person 

to bleed without their blood clotting. A high platelet count can 
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be increase the risk of thrombosis like(blood clots inside blood 

vessels), which stops blood from flowing properly. 

 
 

 

 

 
Fig. 1 (a) Haemocytometer  (b) Haemocytometer in microscope (c) View of 

haemocytometer slide through the microscope 

III. CURRENT METHODS FOR BLOOD CELL COUNTING  

TheHaemocytometer is a conventional device used to count 

blood cells. It consists of avery thick glass microscope slide 

with a rectangular indentation by creating a chamber of certain 

dimensions. This type of chamber is etched with a grid of 

perpendicular lines in this. It is possible to count the chamber 

of cells in a specific volume of liquid fluid, and to calculate 

the concentration of cells in the fluid. To count blood cell, 

physician will be view haemocytometer through a recently 

used microscope and count blood cells using hand tally 
counter. 

IV. PRESENT SYSTEM IN USE: 

At present there are many manual methods for detecting 

blood samples like microscope by using Haemocytometer but 
overlapping of blood cells is a very major problem. In todays 

available equipment there is found overlapping of blood 

sample but by this software based method it is to be overcome 

easily. 

 Manual counting task is time-consuming and 

laborious 

 In blood cells the counting overlapping is a major 

problem 

 Difficult to get consistent results from visual 

inspection 

Work is based on counting blood cells from different 

blood sample images which found in it, it is important for 

every human being to know about their blood cells at low cost 

and by saving their time with accuracy. 

V. PROBLEMS IN THE EXISTING SYSTEM 

Image processing is used to modify the Images to improve 

the image quality. Hence, it can be analyzed in many 

applications such as in the result accuracy and time 

consuming. The major steps in image analysis are 

preprocessing, image segmentation, feature extraction and 

counting. The most important and challenging step is image 

segmentation because the feature extraction and counting 

depends on the correct segmentation of RBC and WBC. 

Besides that, the uncertainties inherent in the microscope 

image to identify whether it is a foreign bodies or cell such as 

dust can interfere in the image analysis process. 

 Manual counting task is very time-consuming 

and laborious 

 Counting overlapping blood cells is a major 

problem 

 Difficult to get consistent results from visual 

inspection 

 

Table I:Normal RBC and WBC in human body:  

 
 

VI. METHODOLOGY: 
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Fig 2. General Methodology for the proposed Method 

A.  Input Image 

 The digital microscope is interfaced to a computer and 

the microscopic images are obtained as digital images. 

B. Resize Image 

For better segmentation of the blood cells, the obtained 

image has to be enhanced. 

 Green Plane Extraction: The green plane is 

extracted from a human imported blood cell 

image. The other planes such as blue and red are 

not considered because they contain less 

information about the image.  

 Contrast Adjustment:To enhance the image, its 

available contrast is adjusted by altering its 

histogram. The image’s histogram is equalized. 

C. Image Segmentation 

By image segmentation, it involves selecting only the 

region of interest in the image. Here only the blood cells 

are selected, because they are the important areas of 

interest. When circular Hough transform is applied, not 

much of the image segmentation is needed because the 

applied transform only looks for the circular objects in the 

image. 

D. Detection of Blood Cells 

The circular Hough transform is mostly applied to the 

contrast adjusted image. This transform searches for the 

blood cells in the image and then to detects them for 

better result. The function “draw circle” draws circles 
around the detected cells. Even the overlapped circles are 

detected. 

E. Counting of Blood Cells 

Counting the number of cells drawn gives the total 

number of blood cells in the image. 
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Abstract— In traditional vertical handover for individual user, is 

aware of the decision made by the other users which helps the 

user to make the choice accordingly. Hence there is a need of 

acquiring a network selection method which will resolve the 

problem of network congestion in group vertical handoff. Here 

Nash equilibrium concept will be used for group of users to 

achieve the best network selection in Heterogeneous wireless 

network. For the network selection various network parameters 

will be taken into consideration for determining the need of 

handoff. This will reduce the network congestion problem in case 

of group handover. The result will be obtained and analyzed with 

the help of simulation tool Network Simulation 2.  

Keywords—Vertical Handoff ,Nash Equilibrium, 4G and LTE 

network. 

I.  Introduction  
A heterogeneous wireless network is a network connecting 

computers and new more devices with different operating 

systems or protocols. In Wireless heterogeneous Network 

there are various networks like WIFI, GPRS, WIMAX, 
UTMS, and WLAN Networks. 

 The main benefits of Heterogeneous are enriched 

capacity and guaranteed spot-free coverage. 

 high-speed, high-capacity communications  

 This is especially popular in densely-populated areas 

and business districts that want to provide consistent 

communication services.  
Need of Handoff: 

        When the mobile travels from one area to another area it 

might be possible that the coverage of that node or mobile 

may get loss so it is very much necessary to keep call active or 

not to break the connection. This is possible because of 
handoff techniques. 

      When all the mobile comes to the area of multi-access 

network then the group of such mobile search for the best 

network at the same time in the same region this processor is 

called the group prediction, then the network congestion and 

degradation occurs and, how to improve such type of 

congestion thus we have described in this paper using the 

various parameters. Previously the network selection is done 

on the only RSSI and QoS  parameter but this parameter gives 

a rough approximation about the network state, thus even if 

the network is unable to handle the handoff request then too 

handoff  occurs their by reducing the network efficiency and 

also the number of successful handoff per unit time.   

      In this paper we propose the fully decentralize algorithm 

for network selection i.e. base station doesn’t have an 

authority to select the  best network this is done on individual 
basis that the user mobile take the decision to choose the best 

network  using the various parameter that will define in this 

paper. 

 

II. Review Of Related  Work  
In literature, unusual vertical handover algorithms be 

compared and discussed in wherever their schemes are 

founded on a universal hypothesis to facilitate the mobiles are 

coming individually along with these schemes are projected to 

select the utmost network for every mobile. Though in GHVO 

circumstances, these VHO schemes may perhaps system 

performance degradation for instance incompetent resource 

exploitation, bigger transmission delay and stumpy network 

accessibility bandwidth, since during these schemes, the 
existing mobile makes his verdict without the knowledge of 

the further mobiles decisions. To reduce the network 

congestion and degradation we use the Nash theory algorithm 

[1]. 

        The mobiles in this state do not require perceptive the 

traffic and decisions of every mobiles as happen, only the 

traffic of mobile they want to know and take the decision [2]. 

Essentially every mobile does not require a bundle of 

information like traffic load and strategy of new mobiles to 

modernize its judgment. What it wants is simply to distinguish 

his effectiveness depending on the other mobiles trial [5]. The 

originality in this paper is that it examines the stochastic 
condition in which mobiles appear concurrently in group, and 

they do not require to be acquainted with several in succession 

about the other mobiles in their crowd. Therefore, it propose a 

completely decentralized algorithm [6] by no information 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 157 
 

broadcasted by means of the base station for network choice 

based on congestion game to tenacity the trouble of network 

blocking in GVHO circumstances. By using the above 

decisions, when the mobile has not got the proper handoff and 

choose the bad network we propose some more parameters. 

As we know that these generations like to use the faster 
network hence propose to use the handoff between 4G and 

LTE networks. 

III. Vertical Handoff Technique  
In this approach, the accessible fuzzy advance and the 

projected approach is Classical approach to vertical handoff 

decision. This is best method of vertical Handoff. In this 

method, the verdict to handoff is based on RSS, whenever the 

mobile user approaches the cell edge. The RSS in a mobile 

radio channel shows to facilitate the received signal power 

decreases logarithmically by means of expanse between a 

transmitter and receiver. The average power received (Pr) at a 

space (d) from the transmitting antenna is given by, 

 

Pr= P0(d/d0)−n (1) 
Pr= P0− [10 × n × log (d/d0)] (2) 

Where n is the course loss model, Pr is the standard received 

power at a distance d from the transmitting antenna, P0 is the 

power transmitted. To maintain a tolerable voice quality at the 

BS receiver, the handoff threshold is reserved vaguely above 

minimum usable signal. The delta (D) is given as 

d = Pr handoff− Pr minimum usable (3) 

Where Pr handoff is the avg. power received at a distance d 

and Pr minimum usable is the min. power. 

d is neither too large nor so small. 

 
 In this paper we are improving the handoff efficiency of 

the network without call drop so we are using the various 
parameters as discussed below: 

A. BANDWIDTH 

 

Bandwidth is used to define the range of frequency. For 

defining the range of frequency there will be upper and lower 

frequencies in the sets. To provide faultless handoff for 

Quality of service (QoS) in wireless area, there is a want to 

control bandwidth constraint of mobile node during progress. 

Capacity of node is defined as bandwidth, higher the 

bandwidth lower the call drop and reduce the call blocking ; 

hence advanced throughput .Bandwidth managing should be 

an vital part of several of the handoff technique. So we define 

the bandwidth of LTE network much less than the 4G 

network. 

B. HANDOFF LATENCY 

 

Handover of calls among two BS is encountered normally and 

the delay can arise during the process of handoffs. This 

hindrance is called as handoff latency. A good quality handoff 

verdict model should judge Handoff latency factor along with 
the handoff latency should be minimized. Various projected 

handoff decision models have tried to reduce the handoff 

latency by incorporating this aspect in their handoff 

assessment models. Handoff Latencies influence the service 

worth of numerous applications of mobile phone users. It is 

essential to consider handoff latency even as crafty any 

handoff procedure. 

C. RECEIVED SIGNAL STRENGTH 

 
The recital of a wireless network correlation depends in piece 
on signal strength. RSS depicts the power there in a received 
signal. A signal must be strong as much as necessary among 
base station and mobile unit to keep signal eminence at 
receiver. The RSS ought to not be below certain threshold 
during a network handoff. VHO includes three chronological 
steps as discussed prior in this paper, specifically handoff 
initiation, handoff decision and handoff carrying out. Handoff 
commencement is concerned with values of RSS. 

D. NETWORK CAPACITY 

 

A multi criterion algorithm for handoff should as well judge 

the network cost feature. The cost is to be minimized in VHO 

in wireless networks. The novel call arrival rates and handoff 

call advent rates can be analyzed by means of cost function. 

New Generation heterogeneous networks can come together 
their respective advantages on coverage and data rates, present 

a high Quality of Service (QoS) to mobile users. During such 

situation multi-interface terminals should faultlessly switch 

from one to other network in order to obtain improved 

performance or else at least to maintain a incessant wireless 

connection. Hence, network choice cost is important in 

handoff decisions. Hence we used to define the network of 

different capability to which the handoff is doing. 
 
 

IV. Theoratic Game Model 
We relate a group of mobiles so as to arrive scheduled the 

same instance to a zone enclosed by two technologies (4G, 

LTE). Let N shows the total quantity of mobiles in group. We 

describe by n1 (respectively n2) the number of mobiles linked 

to system 1 (respectively 2). On behalf of every mobile, we 

regard as that the utility function is the same to the throughput 

professed by the each mobile. The throughput is gritty by the 

number of mobiles with physical rate individual used by the 

technology selected. We presume also that the mobiles choose 
the same technology will receive the related throughput. This 

shows that the utility function of any mobile depends merely 

taking place the number of user in the system. This type of 

non-obliging game is a symmetric congestion game. This kind 

of game for eternity admits at least one untainted Nash 

Equilibrium during when every mobile considers its selected 

strategy near be the best under the certain choices of other 

mobiles. Thus at Nash equilibrium, no user will yield as of 

deviating its approach unilaterally. 

Let Ui   exist the utility function of a user associated to the 

system. Since the game is symmetric, a Nash equilibrium (NE) 
 (n1*, n2*) is shown by the below conditions: 

• U1(n1*) ≥ U2(n2* + 1) 
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• U2(n2*) ≥ U1(n1* + 1) 

 

1. Model 

We have shown here the game scenario: 

1) A= (1……, m) is the rest of available networks in outstate, 

we consider the coexistence among LTE and 4G systems 
(m=2). 

2) B= (1……., n) is the rest of mobiles. Each mobile has to 

choose one system network amongst the two accessible 

networks. 

3) X[q] move toward of mobile q. 

X[q] = 1 if mobile q chooses LTE. 

X[q] = 2 if mobile q chooses 4G. 

4) nw
t
 is the number of players that choose LTE at time t. 

5) nh
t is the number of players that choose 4G at time t. 

6) Utw the utility perceived by each user in LTE at time t. 

7) Uth the utility perceived by each user in 4G at time t. 

 
2. The function utility 

 

The observation shows the entire number of mobiles 

in every set and their allocation in both networks (LTE AND 

4G) after meeting to Nash equilibrium. As we compare the 

parameters of both the network, they don’t have the identical 

decisions (a part of the mobiles choose LTE and the rest 

choose 4G. This procedure solves the problem of network 

congestion.  The capacity of 4G is greater than the capacity of 

LTE, a greatest part of mobiles is moved out to the 4G while 

there are more numbers of mobiles that appear at the matching 
time. This is due to the force of LTE which is the fact that 

technology is firstly intended for a lot of mobiles, while 4G is 

the high speed network .We try to compare the result we have 

achieved with the Traditional Vertical Handover Algorithm 

which is 

based on the parameters to take decisions. In Vertical handoff 

several approaches Mobile is receiving signal from several 

Base station, 

Begin 

If (Bw ≥ Bh) 

Mobile switch to LTE network 

Else 
Mobile switch to 4G network 

EndIf 

If (rss1≥ rss2)  

Mobile switch to LTE network 

Else 

Mobile switch to 4G network 

EndIf 

If (Qos1 ≥ Qos2) 

Mobile switch to LTE network 

Else 

Mobile switch to 4G network 

EndIf 

End 

Hence choosing the best network (4G presents the highest 

accessible network) by all mobiles due to individual selection 

at the same time that leads to considerably degradation of 

mobiles performance. We assume that after convergence to 
Nash equilibrium is declining in both networks, when 

additional mobiles are added to the group, but the performance 

achieved is superior than that achieved by the individuality 

approach, and hence it is the greatest because mobiles choose 

different networks based on every others decisions. This 

results in solving the trouble of network problems due to the 

throughput apparent in Nash equilibrium which cannot be 

improved by varying strategies of every user. And the capacity 

of 4G is greater than the capacity of LTE.                                      

 

V. Conclusion 
We have studied the problem with regard to network choice 

for GVHO circumstances when several mobile nodes require 

to handover at the same time. As each mobile node resolve 
tend to select individually the best network without charming 

into consideration the other nodes decisions, it is liable that 

individual selection occurs degradation and network 

congestion of user function. In this paper the is a prophecy 

done by all mobile in the grouping that helps them to achieve 

Nash equilibrium without any single  information broadcasted 

by the BS and comparing the parameters so that the mobile 

use the best network.  This results in solving the trouble of 

network congestion and performance degradation. 
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Abstract —Traffic management is very difficult task today. In 

urban areas traffic congestion is very serious problem. It leads to 

fuel wastage, irritation of vehicle driver time delay in reaching  

the destination. The existing system uses predetermined traffic 

light sequence with fixed signal cycle timing. 

 

In this paper we have used strategy of making traffic signal 

timing dynamically controlled for real time system. The 

methodology we have used is radio frequency identification RFID 

technology for achieving low cost and efficient transportation 

system. 

 

Keywords—Traffic management, Low cost, Efficient 

transportation system 

INTRODUCTION 

 
In urban areas congestion in traffic network is a daily 

occurrence. Due to high cost building new roads is not an 

option, there are some geographical as well as environmental 

limitations. Traditional traffic controls are not efficient to 

control growing traffic demand. Thus a new technology called 

as is developed. In this paper we will study traffic signal 

control systems which will reduce congestion effects and it will 

make the transportation system efficient. 

In conventional method there is fixed signal setting i.e. the 

time slots for each state (e.g. a red light) is fixed.[2] The signal 

works in cycle. The cycle time is calculated from observations 

of traffic volume in particular period. Thus there is no 

provision to adapt the rapid changes due to various traffic 

incidents. 

 

The efficient way to solve traffic congestion problem is 

using dynamic traffic signal control system. In this system time 

slot for each state is calculated according to traffic volume is 

real time. Hence it is more efficient way to solve traffic 

problem. It saves fuel, money and time. 

 
PREVIOUS APPROACH 

 

Most of the present intelligent traffic lights are sensor 

based with a certain algorithm that controls the switching 

operation of the system This approach considers the traffic to 

be moving smoothly and hence does not require any 

management or monitoring of traffic conditions. When some 

unpredictable situation develops, or when congestion occurs, 

there is no proper way of dealing with such development. The 

sensor based traffic light control on the other hand may  

require sensors that operate with a line of sight detection, 

which may present difficulty in detecting vehicles that pass 

through blind spots detection range. A more elaborate 

approach has been introduced to overcome these problems. It 

employs real-time traffic flow with low cost and using RFID 

technology. 

 
METHODOLOGY 

 

In this system,We are monitoring and displaying 3 main things 

in signal unit display viz Length of traffic ,Amount of 

cars,Signal time.we are monitoring and controlling  these 

things because of same latitude and longitude we can talk 

about  length of traffic and amount of cars in a single road. 
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Microcontroller, RF transceiver, data display unit, power 

supply unit are key elements of the system. Microcontroller is 

used for calculation of signal timing depending upon 

information received from corresponding RFID unit.[3]RF 

transceiver module is used for wireless data communication. 

Data display unit is used for displaying and information like 

calculated signal timing and number of vehicles. 

These basic elements are used in various combinations to form 

three main units viz Signal unit, Roadside unit, Vehicle unit. 

[1]Roadside unit initializes RF transceiver module and checks 

for each consequent unique vehicle ID by transmitting RF 

signal and then it waits for sometime (few milliseconds ) for 

vehicle response. If vehicle responds it increases count and if 

no response comes then it sends net unique ID.In this fashion 

total number of vehicles on one side of intersection is counted. 

this count is sent to signal unit. 

Signal unit receives count from roadside unit ,processes it and 

calculates dynamic signal time depending on count.then it 

displays signal time for vehicles. 

Each vehicle unit has unique ID stored in its memory.When 

unique ID transmitted by roadside unit matches with ID which 

is stored in memory then this unit sends acknowlgement to 

roadside unit. 

 

 

 
 

COMUNICATION PROTOCOL 

 
 

The communication between microcontroller and RF 

transceiver module is done by Serial peripheral interface SPI 

protocol. Serial Peripheral Interfacing is one of the most used 

serial communication protocols, and very simple to use 

Wired transmission of data (though the first 

preference is mostly USART, but SPI can be used when we are 

using multiple slave or master systems, as addressing is much 

simpler in SPI). Wireless transmissions through Zigbee, 

2.4GHz 

 

 

FLOWCHART 

 

 
 

CONCLUSION 

 
In this paper simple RFID technology is used to dynamically 

control traffic signal timing which is based on calculating 

number of vehicles present on corresponding side of 

intersection. One of the leading technology in this issue is 

Digital signal Processing which requires complex processing 

which takes time and also increases cost of the system. 

Moreover environmental factors affect image quality.Instead 

RFID is fast, low cost and solution to manage the traffic 

congestion. 
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Abstract— 
Implementation of MAC unit is essential for any ALU or 

microprocessor based application specific integrated circuit. 

Thus implementing such a circuit with either high speed or low 

power is very essential for the proper operation of the MAC unit. 

The MAC unit implemented has slower speed due to inefficient 

implementation of the multiplier. Ancient Indian mathematics 

proposed a Vedic technique which allows us to implement the 

Vedic based multiplier on hardware. This multiplier is not only 

hardware friendly but also improves the speed of operation of the 

MAC unit. If a MAC unit is used N times in a microprocessor 

based system and we are able to speed up the multiplier by a 

factor of K then the overall speed improvement during the given 

time is NK.In the previous papers the MAC unit implemented 

has slower speed due to inefficient implementation of the 

multiplier .The Vedic multiplier is not only hardware friendly 

but also improves the speed of operation of the MAC unit 

.Instead of simple Vedic multiplier, in this paper we will be using 

a parallel or pipelined Vedic multiplier which will give faster 

outputs than the previous papers. 

Keywords—MAC,Vedic Multiplier,Vedic mathematics, high 

speed and low power,Urdhava Tiryakbhyam Sutra,pipeline. 

 

I.INTRODUCTION 

 

Due to fast growth of transferable electronic systems like 

laptop, calculator and mobile etc., and the low power devices 

has become extremely essential in today’s community. The 
Low power and high throughput circuitry design are playing 

the challenging role in VLSI designing for real-time signal 

processing. A high speed and high throughput MAC unit is 

always a key to attain a high level performance in digital 

signal processing system. The main motivation of this work is 

to explore different pipelined multiplier and accumulator 

structure and circuit design techniques which are suitable for 

implementing high output in signal processing algorithms and 

at the same time achieve low power consumption. A regular 

MAC unit contains of multipliers and accumulators that have 

the sum of the previous consecutive products. In this paper a 

high performance and a high throughput MAC unit with Vedic 

multiplier and pipe lined accumulator is proposed. Digital 

signal processors (DSPs) are very essential in different 

engineering disciplines and the speed of the DSPs is 

determined by the speed of its MAC Unit.Fast multiplication 

is very important for convolution, Fourier transforms etc. A 

fast method for multiplication based on ancient Indian Vedic 

mathematics is proposed in this paper. Out of the 16 sutras of 
Vedic mathematics the Urdhva Triyagbhyam Sutra 

implemented because this sutra is applicable to all cases of 

algorithm for n×n bit numbers and gives minimum delay for 

multiplication of all types of numbers. It enables parallel 

generation of partial products and eliminates unwanted 

multiplication steps. Instead, we focus on bringing high 

performance with new levels of reuse and portability for the 

logic designer. We have modeled our architectures in VHDL 

and analyze achievable performance within a real life 

application as it is being increasingly used for variety of 

computationally demanding. The function of the MAC unit is 

given by the following equation F = Σ Ai X Bi. 
 

   The paper is organized as follows. Section II presents the 

Basic operation and design of MAC architecture. Vedic 

Multiplier and Comparative result described at Section III and 

IV respectively and Section V shows the conclusion ofthe 

work. 

 

 

II. MAC ARCHITCHTURE 

 

The multiplication and accumulation is the main 
computational kernel in Digital Signal Processing 

architectures. The MAC unit determines the speed of overall 

System as it is always lies in the critical path. To develop high 

Speed MAC unit essential for real time DSP application. In 

Order to improve the speed of the MAC unit there are two 

Major factors that need to be considered. The first one is the 
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Fast multiplication network and the second one is the 

Accumulation. Both of these stages require addition of large 

Operands that involve long paths for carry propagation. In 

Recent  MAC accumulation and addition are merging to save 

The time and power. The MAC unit basically do the 

Multiplication of two Numbers multiplier and multiplicand 
and add that product in result stored in the accumulator. For 

high speed MAC unit, faster adder and multiplier circuits are 

Required. Figure 1 shows the MAC unit architecture A basic 

MAC unit can be divided into two main blocks. 

1. Multiplier 

2. Accumulator 

 

 
Fig.1.MAC unit basic structure 

 

The design of MAC unit architecture from Figure 1 shows that 

the design consists of multiplier, accumulator using carry look 

Ahead adder (CLA). In this paper, Vedic multiplier and carry 

Look adder, and full pipelined accumulator are used to high 
Performance MAC unit design. Vedic multiplier is used to 

Multiply the two N-bit number. Given multiplier also reduces 

Power consumption of the MAC unit. The inputs for the MAC 

Are fetched from memory location and fed to Vedic multiplier 

block of the MAC which will perform multiplication and give 

the result to adder which will accumulate the result and then 

will store the result into a memory location. This entire 

process is to be achieved in a single clock cycle [2]. 

 

 

III.VEDIC MULTIPLIER 

 
The use of Vedic mathematics lies in the fact that it reduces 

the typical calculations in conventional mathematics to very 

Simple one. This is so because the Vedic mathematics are 

accepted to be based on the natural principles on which the 

Human mind works. The proposed Vedic multiplier is based 

on the Vedic multiplication Sutras or formulae. These methods 

Have been traditionally used for the multiplication of two 

numbers in the decimal number system. In this paper we apply 

The same ideas to the binary number system to make the 

proposed algorithm compatible with the digital hardware. 

Vedic multiplication based on URDHVA TIRYAKBHYAM 
SUTRA algorithms discussed below. 

 

URDHVA TIRYAKBHYAM SUTRA 

 

Urdhva Tiryakbhyam is a Sanskrit term which means 

―Vertically and crosswise‖ of ancient Indian Vedic 

Mathematics. Urdhva Tiryakbhyam Sutra is a general 

Multiplication formula applicable to all cases of 

multiplication. The idea here is based on a concept which 

results in the generation of all partial products along with the 
concurrent addition of these partial products in parallel. The 

parallelism in generation of partial products and their 

summation is obtained using Urdhva Tiryakbhyam explained 

in Figure blow. Since there is a parallel generation of 

thepartial products and their sums the processor becomes 

independent of the clock frequency. Thus the multiplier will 

need the same amount of time to calculate the product and 

hence is independent of the clock frequency. The Vedic 

multiplier has the advantage that as the number of bits 

increases, gate delay and area increases very slowly as 

compared to other multipliers, thereby making it time, space 

and power efficient. To illustrate this multiplication scheme, 
let us consider the multiplication of two decimal numbers (325 

* 738). Line diagram for the multiplication is shown in Figure 

2. Initially the LSB digits on the both sides of the line are 

multiplied and added with the carry from the previous step. 

This generates one of the bits of the result and a carry. This 

carry is added in the next step and the process goes on 

likewise. If more than one line are there in one step, all the 

results are added to the previous carry. In each step, least 

significant bit act as the result digit and all other digits act as 

carry for the next step. Initially the carry is taken to be zero. 

 
 

 

 
Fig. 2. Multiplication of two decimal numbers by Urdhva Tiryakbhyam 

 

 

Firstly, least significant bits are multiplied which gives the 

Least significant bit of the product (vertical). Then, the LSB of 

The multiplicand is multiplied with the next higher bit of the 

Multiplier and added with the product of LSB of multiplier 

and next higher bit of the multiplicand (crosswise). The sum 
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gives second bit of the product and the carry is added in the 

output of next stage sum obtained by the crosswise and 

vertical multiplication and addition of three bits of the two 

numbers from least significant position. Next, all the four bits 

are processed with crosswise multiplication and addition to 

give the sum and carry. The sum is the corresponding bit of 
the product and the carry is again added to the next stage 

Multiplication and addition of three bits accept the LSB. The 

Same operation continues until the multiplication of the two 

MSBs to give the MSB of the product 

 

 

 

IV. COMPARATIVE RESULTS OF PROPOSED VEDIC 

MULTIPLIER FOR MAC UNIT 

 

To show the efficiency of proposed Vedic multiplier for MAC 

unit, it has been implemented and compared with other 
popular multiplier structures based on different multiplication 

algorithms on the same platform of target FPGA, which has 

been used to implement these popular multiplier structures. 

Comparison tables are shown below:-  

 

In the following given table which target FPGA has been used 

belongs to Virtex 2P (family), XC2VP2 (device), FG 256 

(Package), -7 (speed grade). 

 

Table 1: Comparative table 

 

 
 

In the following given table which target FPGA has been used 

belongs to Spartan 3 (family), XC3S50 (device), PQ 208 

(Package), -4 (speed grade). 

 

Table 2: Comparative table 

 

 
 

In the following given table the target FPGA used belongs to 
Virtex 2P (family), XC2VP2 (device), FG 256 (Package), -7 

(speed grade). 

 

Table 3: Comparative table 

 

 
 

 

In the following given table the target FPGA used belongs to 

Spartan 3 (family), XC3S50 (device), PQ 208(Package),-

4(speed grade). 

 

Table 4: Comparative table 

 

 
 
 

By implementing the proposed Vedic multiplier for MAC unit 

on the same reconfigurable hardware as given make the 

platform (hardware)  independent  algorithmic technique and 
approach based comparison. So by this it can be concluded 

that the algorithm and approach which has been proposed to 

design MAC unit using proposed Vedic multiplier, in this 

research work, is better in comparison to the other popular 

algorithms. 

 

V. CONCLUSION 

 

We have proposed a design for the NxN bit MAC Unit using a 

unique Vedic multiplier which provides better results with 

respect to the conventional MAC unit .This Proposed MAC 
Unit is very useful for designing the high speed digital signal 

processors. And thus the optimized designs can be made for 

FFT, FIR, IIR etc. 

An improved version of the conventional MAC unit has been 

designed and implemented in FPGA. This design can be used 

in Digital Signal Processors and in devices where power and 

area are major constraints. In the future, the delay can be 

further reduced by Introducing a pipelined architecture in the 

multiplier design. 
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Abstract—When we use a camera to click a picture, we 

want the clicked image to be a exact representation of the scene 

that we see—but every image is more or less blurry. Thus, image 

deblurring is fundamental in making pictures sharp and useful. 

A digital image is made of picture elements called pixels. Each 

pixel is assigned an  intensity, meant to characterize the color of a 

small rectangular segment of the scene. A small picture typically 

has around 2562 = 65536 pixels while a high-resolution picture 

often has 5 to 10 million pixels. Some blurring always arises in 

the recording of a digital image, because it is unavoidable that 

scene information “spills over” to neighboring pixels. For 

example, the optical system in a camera lens may be out of focus, 

so that the incoming light is smeared out. The same problem 

arises, for example, in astronomical imaging where the incoming 

light in the telescope has been slightly bent by turbulence in the 

atmosphere. In these and similar situations, the expected result is 

that we record a blurred image.  

In image deblurring, we want to recover the unique, sharp 

image by using a mathematical model of the blurring process. 

The issue is that some information on the lost details is present in 

the blurred image—but this information is “hidden” and can 

only be improved if we know the details of the blurring process. 

unhappily there is no hope that we can recover the original image 

exactly! This is due to various unavoidable errors in the recorded 

image. The most important errors are approximation errors and 

fluctuations in the recording process when representing the 

image with a limited number of digits. The effect of this noise 

puts a limit on the size of the details that we can hope to recover 

in the reconstructed image, and the limit depends on both the 

noise and the blurring process. Keywords—component; 
formatting; style; styling; insert (key words) 

I.  INTRODUCTION  

Image deblurring (ID) is a problem where the observed 

image is produced as the convolution of a sharp image with a 

blur filter, possibly along with some noise (assumed spectrally 

white and Gaussian). With applications in many areas (e.g. 

photography,  surveillance, remote sensing, medical imaging, 

astronomy), research on ID can be split  into non-blind ID 

(NBID), in which the blur filter is assumed familiar, and (real) 

blind ID (BID), in which both the image and the blur filter  are 

(totally or partly) are not familiar. Despite its narrower 
applicability, NBID is already a challenging problem to which 

a large amount of research has been (and still is) devoted, 

mainly due to the ill-conditioned nature of the blur operator: 

the observed image does not uniquely and stably determine the 

underlying original image [38]. If this problem is serious with 

a known blur, it is much worse if there is even a slight 

mismatch between the assumed blur and the true one. Most of 

the NBID methods overcome this difficulty through the use of 

an image regularizes, or prior, the weight of which has to be 

tuned or adapted. Most state-of-the-art regularizes exploit the 

sparsity1 of the high frequency/edge components of images; 
this is the rationale underlying wavelet/frame-based methods  

and total variation (TV) regularization. With application not 

only in ID, but also in other inverse problems, several 

optimization techniques have been proposed to handle 

scarcity-inducing regularizes.  

  In BID, even if the blur operator was not ill-conditioned 

,the problem would still be inherently ill-posed, since there is 

vast number of solutions adaptable with the blurred image. In 

order to obtain reasonable results, most BID techniques 

restrict the class of blur filters, either in a hard way, through 

the use of parametric models, or in a soft way, through the use 

of priors/regularizes. In contrast, a recent BID method does 
not use prior knowledge about the blur, yet achieves state of-

the-art performance on a huge range of synthetic and real 

problems. That method is iterative and starts by supposing the 

main features of the image, using a large regularization 

weight, and gradually learns the image and filter details, by 

slowly decreasing the regularization parameter. From an 

optimization point of view, this can be seen as a continuation 

method designed to obtain a good local minimum of the 

underlying non-convex objective function.  

The disadvantage  of the technique is that it is not automatic 

but it requires manual stopping, which corresponds to 
choosing the final value of the regularization parameter. In 

fact ,adjusting the regularization parameter and/or finding 

robust stopping criteria for iterative (blind or not) ID 
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algorithms is along standing, but still open, research area .A 

crucial issue in the regularization of ill-posed inverse 

problems is the choice of the regularization factor, a subject to 

which much work has been devoted. The discrepancy 

principle (DP) chooses the regularization factors that the 

variance of the residual equals that of the noise; the DP thus 
requires an accurate estimate of the noise variance and is 

known to yield over-regularized estimates. A recent extension 

of the DP uses not only the variance, but also other residual 

moments. Local residual information have also been used to 

obtain locally adaptive TV regularizes for NBID.  

II. IMAGE DEBLURRING 

 

ID can be split  into non-blind ID (NBID), in which the blur 

filter is assumed familiar, and (real) blind ID (BID), in which 

both the image and the blur filter  are (totally or partly) are not 

familiar. 

 
A .Non-blind Deblurring 

 

In NBID, h is assumed to be known and the cost function 

(2) is reduced  with respect to x, given some of the 

regularization factor λ. Many optimization methods for ID 

decrease the cost function (2) iteratively compute the picture 

estimate at iteration t + 1 as a reason of the previous estimate 

xt, the available data (y and h), and the regularization 

parameter λ:  

xk+1 = f(xk, y, h, λ).                       (3) 

Besides requiring a good estimate for the regularization 
parameter λ, these iterative approaches also need stopping 

criteria, which considerably influence the final results. For 

fairness, it should be mentioned that some high-tech methods 

don‘t fall in the category of methods mentioned in the 

previous paragraph. For example, the method proposed in[16] 

(arguably the method yielding the current best results) 

isiterative, but rather than look for a minimize of an objective 

function, it looks for equilibrium between two objective 

functions. Other NBID methods are not based on iterative 

minimization of objective functions. 

 

B .Blind Deblurring 
 

In BID, both the image and the filter are not familiar. A BID 

problem suffers from an obvious scarcity of data, since there 

are many pairs (x, h) that explain equally well the observed 

data y. Most BID methods circumvent this difficulty by 

adding to (2) a regularizer on the blur filter and, usually, by 

alternatingly estimating the image and the blur filter. A 

regularizer on the blur naturally involves a supplementary 

regularization parameter, also requiring alteration, while the 

alternating estimation of the image and the filter requires good 

initialization (since the underlying objective (2) is non-
convex) and a good criterion to stop the iterative process. 

 

 

III. PROBLEM FORMULATION 

 

In the existing system the researchers have focused on 

estimation of parameters for blind and non blinded blurring 

which causes inherent time delay in estimation of residual 

whiteness measures. Thus the system speed in reduced and 

overall system accuracy is compromised. Our approach will be 

to reduce the system time and improve the accuracy. 

 

In our approach we will be integrating residual whiteness 
measures with genetic algorithm so that the speed of 

estimation is improved and also genetic algorithm finds the 

best possible solution of a particular problem so we will get 

the best deblurring results. Genetic algorithm works in the 

following steps 

 

1. Generate population for all possible deblurring solutions. 

2. For each iteration perform the following. 

    A) Find the fitness of each solution. 

    B) Fitness will be a function of delay time and SNR. 

    C) Find the mean fitness. 

    D) Remove all solutions which have fitness value lower  
         than the mean fitness. 

    E) For all other solutions pass them to next iteration. 

 

3. At the end of all iteration select the solution with best 

fitness. 

 

 

IV.ALGORITHM 

Picture editing consists of the processes of altering images, 

whether they are digital photographs, conventional 

photochemical photographs, or illustrations. Traditional 
analog image editing is known as photo retouching, using 

tools such as an airbrush to adapt photograph, or cutting 

illustration with any conventional art medium. Graphic 

software programs, which can be broadly grouped into vector 

graphics editors, raster graphics editors, and 3D modelers, are 

the primary tools with which a user may change, enhance, and 

transform images. Many image editing programs are also used 

to create computer art from scratch. 

 

To achieve clear and bright images under dim lighting 

conditions is a challenging work. The brightness of the images 

can be determined by sensor sensitivity (ISO),exposure time 
and aperture. A higher ISO value, longer exposure time, and 

wider aperture setting increase the image brightness at the cost 

of image quality. A longer exposure time effectively ensures 

brightness of acquired image but leads to a higher probability 

of movement in both the scene and the camera while the 

shutter is open. Conversely, a higher ISO setting to obtain 

brighter image introduces more noise which is composed of 

time-independent and time-dependent components. The 

situation requires a higher ISO value implies a weak image 

signal and a relatively high level of time-independent noise 

which is inherent in the sensor. A shorter exposure time for 
compensating the high ISO results in time-dependent noise 

due to increased randomness of captured photons. In most 

cases, since the incoming light is insufficient in dark 

situations, both noise and blur a represent in the image. 

 

1.To improve the speed of image deblurring. 

2.To improve the SNR of deblurred image. 
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Fig. 2. Illustration of the proposed approach; results obtained with the Lena 

image, blurred with an out-of-focus blur and contaminated with noise at 30dB 

BSNR. Evolution along the iterations (from top to bottom) of: Rrr, residual 

image r, whiteness measure MR, and ISNR. 

. 

 
Fig. 3. Real-life photos used in the experiments. (b), (c), and (d) are out of 

focus; (a), (e), (f), and (g) suffered motion blur. 

 

V. CONCLUSIONS 

 

We have suggested new technique that can be used to 

choose the regularization factor and to stop iterative blind and 

non-blind picture deblurring algorithms. Our suggestion is 

based on measures of the whiteness of the residual image. The 

technique is quite general and does not need any information 

about the type of convolution factor. The suggested method 

were aggravated by blind de-convolution complexity, and it is 
particularly well suitable to a new state-of-the-art method that 

uses a continuation scheme based on the regularization 

parameter. On a huge range of synthetic experiments ,mwe 

show that the best of the suggested criterion yield ISNR losses 

with the respect to the best ISNR of only 0.15dB, on average. 

The method was also compare with two other criterion, of the 

few that can be used in blind de-convolution complexity, 
showing to execute better in terms of SNR. Finally, test on 

more than a few real images, dishonored with a variety of out-

of-focus and motion blurs, show that the proposed method 

yields visually good outcome. The proposed technique was 

shown to be also adequate for estimate both the regularization 

factor and the number of iteration of non blind deblurring 

algorithm. 

 
 

Fig. 5. Results obtained with real blurred photos. From left to right, at each 

row: restored image at the ―optimal‖ (visually selected) iteration, estimated 

blur filter at the ―optimal‖ iteration, restored image at the iteration chosen  

using MlR, blur filter estimate at the iteration chosen using MlR 

. 
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Abstract—Cellular  automata (CA) are made up as of a 

regular grid of cells, all of which can be in one of a finite set of 

states. At a particular instance the state of every cell is updated in 

parallel, and is determined as a function of the value in the 

neighborhood cell in the preceding time step, i.e. by a set of cell 

state transition rules. CA is discrete dynamical systems, 

furthermore their ease coupled by means of their complex 

behavior has made them popular for simulating complex systems 

In the previous work, researchers have implemented cellular 

automata to remove noise from the input signal. But this method 

does not give the best results in real time noisy environments like 

airport. We planned to propose a hybrid cellular automata based 

system which consists of combination of LMS( Least Mean 

Squares) estimation applied to cellular automata for removing 

the noise. 

By  this  approach we intend to reduce the noise from 

the input sound or speech signal and improve the signal to noise 

ratio, reducing the time of denoising the speech signal. A cellular 

automata takes large time as it analyses the system of speech both 

finegrain and coarse but we can apply coarse denoising based on 

LMS and finegrain denoising based on cellular automata. 

Thereby reducing the delay and improving the efficiency of 

denoising.By compressing the data using CA less storage space is 

required. 

Keywords—Cellular Automata, LMS,Coarse denoising,Finegrain 

denoising 

I.  INTRODUCTION  

Noise reduction of audio signals is a important challenge in 
speech enhancement, speech recognition and speech 
communication applications.In every realistic situations, the 
received speech waveform have a few form of noise 
component. This noise can be a consequence of the limited 
precision involved in coding the transmitted waveform 
(quantization noise), or due to the addition of acoustically 
coupled surrounding noise. Depending on the quantity and 
form of noise, the quality of the received waveform can vary as 
of being a little degraded to being irritating to listen to, and 
lastly to being entirely meaningless. The difficulty of removing 
the unwanted noise component from a received signal has been 
attracted many researchers. 

II.  RELATED WORK 

A. Dual Channel Delay Speech Denoising Based on 
Underdetermined BSS 

We reviewed the study of mixture of speech and Gaussian 

noise. A delay speech denoising method, which considers two 

received speeches with time delay, is proposed. The algorithm 

is based on underdetermined BSS method and applies time 

frequency sparsity. The noisy speeches are firstly divided the 

two parts by means of a threshold and then one part less than 

the threshold can be regard as noise. Speech signal will be 

separated from another part by time frequency mask. The 

separated speech is finally furthermore smoothed by a filter. 

This paper discusses the problem of the two delay speeches are 
corrupted by Gaussian white noise. We reviewed a delay 

speech denoising method using the blind source separation 

method. It is more practical than Dual speech denoising 

algorithm[1]. 

B. Cellular Automata and Chaotic Maps for Speech Signal 

Encryption 

We reviewed the permutation process based on permutation 

key that generated from Game of Life matrix which is a simple 

cellular automaton, remarkable for its complex behavior. . The 

substitution performed with mask key that generated from one 

dimensional cubic and sine chaotic maps. The preliminary 

conditions and control parameters for chaotic maps are used as 

password for the sender and receiver.  The outcome shows that 

the encryption system provides encryption speech signal of low 

residual intelligibility though preserves the good quality of the 

recovered speech signal. The system has a large key sensitivity 

because a small change in the secret key causes a large change 
in the encrypted signal[2]. 

C. Performance Comparison of STFT, WT, LMS and RLS 

Adaptive Algorithms in Denoising of Speech Signal 

The performance of a particular technique depends on mean, 

variance and maximum amplitude of error. simultaneously the 

process time of signal and complexity of realistic 

implementation of circuits is also a measuring tool for 

performance of a technique. We reviewed the compared 
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performance among the short time Fourier transform (STFT), 

wavelet transform (WT), least mean square (LMS) and 

recursive least square (RLS) methods in cancellation of noise 

from a speech signal. The analysis of the paper provides us the 

way of selection of the best denoising technique based on the 

statistical parameters of the above four mentioned 
techniques[3]. 

D.Adaptive Noise Canceling for Speech Signals 

We reviewed least mean-square (LMS) adaptive filtering 

approach for removing the deleterious effects of additive noise 

on the speech signal. Unlike the classical LMS adaptive 

filtering scheme, the proposed method is designed to cancel out 
the clean speech signal. This scheme takes benefit of the quasi-

periodic nature of the speech signal to form an estimate of the 

clean speech signal at instance t from the value of the signal at 

instance t minus the estimated pitch period.For additive white 

noise distortion, preliminary tests indicate that the method 

improves the perceived speech quality and increases the signal-

to-noise ratio (SNR) by 7 dB in a 0 dB environment. The 

method has also been revealed to partially remove the 

perceived granularity of CVSD coded speech signals and to 

lead to an improvement in the linear prediction 

analysis/synthesis of noisy speech [4]. 

D Audio and Speech Compression Using DCT and DWT 

Techniques   

We reviewed ―Audio and Speech Compression Using DCT and 
DWT Techniques‖, in this there is a simple discrete wavelet 

transform & DCT based audio compression. It is implemented 

using MATLAB. Experimental results show that in general 

there is improvement in compression factor & signal to noise 

ratio with DWT based technique. Also Specific wavelets have 

varying effects on the speech signal being studied.[5] 

III. OUR APPROACH 

In the previous work, researchers have implemented 

cellular automata to eliminate noise from the input signal. But 
this method does not give the best results in real time noisy 

environments like airport. We planned to propose a hybrid 

cellular automata based system which consists of combination 

of LMS( Least Mean Squares) estimation applied to cellular 

automata for removing the noise. By  this  approach we intend 

to reduce the noise from the input sound or speech signal and 

improve the signal to noise ratio, reducing the time of 

denoising the speech signal. A cellular automata takes large 

time as it analyses the system of speech both fine grain and 

coarse but we can apply coarse denoising based on LMS and 

fine grain denoising based on cellular automata. Thereby 
reducing the delay and improving the efficiency of 

denoising.Also due to compressing the data using CA less 

storage space is required. 

A. CELLULAR AUTOMATA 

Because of simple arrangement of cellular automata (CA) to 

form complex behavior system, it has attracted many 
researchers from diverse areas. Cellular automata primarily 

announced by Ulam and Von Neumann  in 1950’s and also 

discussed in the book of Wolfram ’A New Kind of Science’ 

with the idea of obtaining models of biological self-

reproduction.. In cellular automata state of a cell at the next 

time step is determined by the current states of a surrounding 

neighborhood of cells all along with its own state and is 

updated synchronously in discrete time steps. Cellular 

automaton is a discrete dynamical system. Space, time, and the 
states of the system are discrete. Each point in a regular spatial 

lattice, called a cell, can have any one of a finite number of 

states. The states of the cells in the lattice are updated 

according to a local rule. That is, the state of a cell at a given 

time depends only on its own state one time step previously, 

and the states of its nearby neighbors at the previous time step. 

All cells on the lattice are updated synchronously. Thus the 

state of the entire lattice advances in discrete time steps. 

Formally, a (bi-directional, deterministic) cellular automaton is 

a triplet  

A = (S;N; δ), 

Where, S is an non-empty state set, N is the neighborhood 
system, and δ: SN → S is the local transition function 

(rule).This function defines the rule of calculating the cell’s 

state at t +1 time step, given the states of the neighborhood 

cells at previous time step t[6]. 

 

B.LMS 

An adaptive filter is a system with a linear filter that has a 

transfer function controlled by variable parameters and a 

means to adjust those parameters according to an optimization 

algorithm..Least mean squares (LMS) algorithms are a class of 

adaptive filter used to mimic a desired filter by finding the 
filter coefficients that relate to producing the least mean 

squares of the error signal (difference between the desired and 

the actual signal). It is a stochastic gradient descent method in 

that the filter is only adapted based on the error at the current 

time. The basic idea behind LMS filter is to approach the 

optimum filter weights  

, 

 by updating the filter weights in a manner to converge to the 

optimum filter weight. The algorithm starts by assuming small 

weights (zero in most cases) and, at each step, by finding the 

gradient of the mean square error, the weights are updated. 
That is, if the MSE-gradient is positive, it implies, the error 

would keep increasing positively, if the same weight is used for 

further iterations, which means we need to reduce the weights. 

In the same way, if the gradient is negative, we need to 

increase the weights. So, the basic weight update equation is : 

 

where Ɛ represents the mean-square error. The negative sign 

indicates that, we need to change the weights in a direction 

opposite to that of the gradient slope. The mean-square error, 

as a function of filter weights is a quadratic function which 
means it has only one extreme, that minimizes the mean-square 

error, which is the optimal weight. The LMS thus approaches 

towards these optimal weights by ascending/descending down 

the mean-square-error vs. filter weight curve. 
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IV. COMPARISION 

METHODS PERFORMANCE 

DWT For real time noise signals it is 

preferable 

RLS For non real time case it is 

preferable 

STFT AND WT STFT and WT transforms are 

suitable for denoising of a signal 

but in case of recovery of fading 

signals of wireless 

communication, adaptive 

algorithms are the best. 

CELLULAR 

AUTOMATA 

Suitable for real time noisy 

environment .We can apply coarse 

denoising based on LMS and fine 

grain denoising based on cellular 

automata. Thereby reducing the 

delay and improving the efficiency 

of denoising 

 

 

V.CONCLUSION 
 By this approach we intend to reduce the noise from the input 

sound or speech signal and improve the signal to noise ratio, 

reducing the time of denoising the speech signal. Also due to 

compressing the data using CA less storage space will be 

required. 
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Abstract—Extending network lifetime and sensor 

functionality is crucial for the successful utilization of wireless 

sensor networks (WSNs) in applications where replacing or 

charging energy storage units is impractical or not cost effective.  

In the previous work, the system of WSN was used for reducing 

the power consumption in the network .This allowed the network 

to improve its lifetime by using cluster head based algorithm .In 

cluster head based algorithm the system selects the nodes with 

the highest energy in the network and sends data via this node 

only .This allow the network to perform multiple communication 

in a given period of time and the lifetime is automatically 

improved. We propose a cluster of cluster head based algorithm 

where we will be selecting at least two nodes from each cluster to 

become the cluster and perform all communication via this 

cluster head. The main advantage of this protocol over the 

existing protocol is that this protocol has a backup of cluster head 

which when the current cluster head has lost enough energy, 
thereby further improving the lifetime of the network. 

Keywords- Energy balance, wireless sensor networks, cluster 

head based algorithm, clustering, energy efficient clustering, 

LEACH, network lifetime, energy efficient algorithms, energy 

efficient routing. 

 

I. INTRODUCTION 

A Wireless Sensor Network is a spatially scattered 

autonomous sensor to monitor physical and environmental 

conditions, such as temperature, pressure and to cooperatively 

pass their data through a network to the main location. 

 
Extending network lifetime and sensor functionality is 
important for the successful utilization of wireless sensor 
networks (WSNs) in implementations where changing or 
charging energy storage units (i.e. batteries) is impractical or 
not affordable. Different techniques were evolved to extend 
the lifetime of sensor networks, the most prominent approach 
is to balance the WSN communication in the network in order 
to exhaust energy at a similar time or rate. In such approach, 
routing decisions play an important role in selecting nominee 
paths in order to balance energy in the network. 

The main objective of this paper is to introduce a new method  
for extending the network lifetime.  

 

Fig 1. Block diagram of wireless sensor nodes. 

 

With a view to achieve high energy efficiency and increase the 

network scalability, sensor nodes can be organized into 

clusters. The increased density of the network may lead to 

multiple neighbor sensors generating redundant data, thus 

aggregation of data can be used to eliminate the data 

redundancy and reduce the communication load. In periodical 
data gathering applications, methods promise to efficiently 

create the network since data collection and processing can be 

done. Among the sources of energy consumption in a sensor 

node, wireless data transmission is very important. 

 

In a clustering organization, intra-cluster communication can 

be single hop or multi hop, as well as inter-cluster 

communication. However, the hot-spots issue arises when 

using the multichip forwarding model in inter-cluster 

communication. Because the cluster heads nearer to the data 

sink are burdened with heavy relay traffic, they will die much 

faster in comparison to the other cluster heads, reducing 
sensing coverage and causing network separation. 
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Although many protocols reduce energy consumption on 

forwarding paths to increase energy efficiency, they do not 

necessarily increase network lifetime due to the continuous 

many-to-one traffic pattern 

. 

 
Fig 2 .DATA COMMUNICATION IN CLUSTER NETWORK 

 

 
II .     CHALLENGES  OF WIRELESS SNSOR 

NETWORKS 

In WSN sensor nodes have limited amount of processing 
power, communication bandwidth, and storage space. This 
gives rise to new and different challenges in data management 
and information processing methods, such as data aggregation 
need to be developed. Network lifetime is the main feature 
used for calculating the performance of any sensor network. A 
lifetime of the network is determined by the amount of 
residual energy of the system, hence main and most important 
problem in WSN is the efficient use of energy resources. 

III  Hierarchical Routing in WSNs 

       The main motive of hierarchical routing or cluster 

based routing is to efficiently manage the energy usage of 

sensor nodes by using them in multi-hop communication 

within a specialized cluster. Cluster formation is based on the 

energy storage of sensors and sensors proximity to the Cluster 

Head (CHs). Clustering plays a vital role for energy storage in 

WSNs. With the help clustering in WSNs, energy 

consumption, lifetime of the network can be improved. 

Because only cluster head node per cluster is required to 

operate routing task and the other sensor nodes just forward 

their data to cluster head. Clustering has major applications in 
high-density sensor networks, because it is much easier to 

manage a set of cluster group (cluster head) from each cluster 

as compared to managing whole sensor nodes. In WSNs the 

sensor nodes are dependent on resource which means they 

have limited energy, transmit power, memory, and 

computational complexities. Energy consumed by the sensors 

for communicating data from sensor nodes to the base station 

is the critical cause of energy degradation in sensor nodes 

systems. 

 
IV. CLUSTER HEAD BASED ALGORITHM 

Energy consumption is the most crucial design issue in WSNs. 
In order to solve the issue and prolong the network lifetime, 
energy resources of each node in wsn need to be effectively 
managed. With respect to energy efficiency, the best known 

protocol are hierarchical in nature .Energy consumption can be 
reduced efficiently by using „clustering based hierarchical 
routing protocol. 

    In cluster head based algorithm the system selects the 

nodes with the highest energy in the network and sends data 

via this node only .This allow the network to perform multiple 

communication in a given period of time and the lifetime is 

automatically improved.  We propose a cluster of cluster head 

based algorithm where we will be selecting at least two nodes 

from each cluster to become the cluster and perform all 

communication via this cluster head. 

 

V. CLUSTER FORMATION 

Sensor nodes typically use irreplaceable power with the 

limited capacity, the node‟s capacity of computing, 
communicating, and storage is very limited, which requires 

WSN protocols need to conserve energy as the main objective 

of maximizing the network lifetime. An energy-efficient 

communication protocol LEACH, has been introduced which 

employs a hierarchical clustering done based on information 

received by the BS. The BS periodically changes both the 

cluster membership and the cluster-head (CH) to conserve 

energy. The Cluster Head collects and aggregates information 

from sensors in its own cluster and passes on information to 

the BS. By rotating the cluster-head randomly, energy 

consumption is expected to be uniformly distributed.        
However, LEACH possibly chooses too many cluster heads at 

a time or randomly selects the cluster heads far away from the 

BS without considering nodes' residual energy. As a result, 

some cluster heads drain their energy early thus reducing the 

lifespan of WSN. 

 

In each round of the cluster formation, network needs to 

follow the two steps to select cluster head and transfer the 

aggregated data. (i) Set-Up Phase, which is again subdivided 

in to Advertisement, Cluster Set-Up & Schedule Creation 

phases. (ii) Steady-State Phase, which provides data 

transmission using Time Division Multiple Access (TDMA). 
The election of cluster head node in LEACH has some 

deficiencies such as, some very big clusters and very small 

clusters may exist in the network at the same time, 

unreasonable cluster head selection while the nodes have 

different energy, cluster member nodes deplete energy after 

cluster head was dead. The algorithm does not take into 

account the location of nodes.  
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Fig 3:  LEACH clustering communication hierarchy for WSNS 

 

VI.   CLUSTERING STRATEGIES 

LEACH are low energy adaptive clustering hierarchy, while 
improving the limitations of LEACH, many clustering 
proposals for increasing network lifetime are reported 
suggesting different strategies of cluster head selection and its 
role rotation among the sensor nodes, using different 
parameters. Based on these parameters, these strategies of 
cluster head selection may broadly be categorized as 
deterministic, adaptive and combined metric (hybrid). In 
deterministic schemes special attributes of the sensor node 
such as their identification number (Node ID), number of 
neighbors they have (Node degree) and in adaptive schemes 
the resource information like remnant energy, energy 
dissipated during last round , initial energy of the nodes are 
used to decide their role during different data gathering 
rounds. Based on who initiates the cluster head selection, the 
adaptive schemes may be categorized as base station assisted 
or self organized (Probabilistic). Based on the parameters 
considered for deciding the role of a sensor node, the 
probabilistic schemes may further be classified as fixed 
parameter or resource adaptive. 

 

Fig 4:  Classification of WSN topology 

 

VII LEACH BASED CLUSTERING 

An energy efficient routing protocol is a major concern in 
wireless sensor networks. In this paper we present energy 
efficient hierarchical routing protocols, developed from 
conventional LEACH routing protocol .main focus is how 
these extended protocols work in order to increase the lifetime 
and how quality routing protocol is improved for WSNs. 
LEACH assumes that each node has a radio powerful enough 
to directly reach the base station or the nearest cluster head, 
but that using this radio at full radio at full power all the time 
would waste energy. All nodes that are not cluster heads only 
communicate with cluster head in a TDMA fashion according 
to the schedule created by cluster head . They do so using the 
minimum energy needed to reach the cluster head and only 
need to keep their radios on during their time slots. LEACH 
protocol has a relatively good function in energy consumption 
through dynamic clustering, keeps the data transmission in 
cluster which reduces the energy consumption by 
communicating directly between nodes and the base station, 
but there are still a lot of inadequacies. The LEACH protocol 

uses the mechanism of cluster-head rotation, elects cluster-
head randomly, after several rounds of data transmission, the 
residual energy of the nodes will have a great difference, 
cluster-head or the nodes which are far from the base station 
will consume more energy  in transmitting data of the same 
length relatively, if they are selected as cluster-heads after 
that, they will run out of energy and become invalid.  

 

 

VII  COMPARATIVE RESULTS 

 

Fig 5: comparative results with LEACH 
algorithm 

 

VII CONCLUSION 

Generally, clustering in WSNs has been of high interest .As it 
was pointed out, grouping nodes into clusters, thus leading to 
hierarchical routing and data gathering protocols, has been 
regarded as the most efficient approach to support scalability 
in WSNs. The hierarchical cluster structures facilitate the 
efficient data gathering and aggregation independent to the 
growth of the WSN, and generally reduce the total amount of 
communications as well as the energy spent. The main 
objective of most of the existing protocols lies on how to 
prolong the lifetime of the network and how to make a more 
efficient use of the critical resources. To maximize network 
lifetime in Wireless Sensor Networks (WSNs) the paths for 
data transfer are selected in such a way that the total energy 
consumed along the path is minimized. To support high 
scalability and better data aggregation, sensor nodes are often 
grouped into disjoint, non overlapping subsets called clusters. 
Clusters create hierarchical WSNs which incorporate efficient 
utilization of limited resources of sensor nodes and thus 
extends network lifetime. The objective of this paper is to 
present how the lifetime of WSNs are maximized by using 
cluster of cluster head based algorithm Our paper presents a 
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taxonomy of energy efficient clustering algorithms in WSNs. 
And also present timeline and description of LEACH . 
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Abstract— This method can be observe as a type of multi-

class image classification with a very huge no. of classes - as large 

as the vocabulary amount. generally, image inquiry in the form 

of extracted feature vectors and the coaching annotation words 

are used by machine learning approach to attempt to 

automatically handle annotations to newly added images. The 

first methods learned the interaction between image features and 

training annotations, then techniques were developed 

using machine adaptation to try to translate the textual 

vocabulary with the 'visual vocabulary', or clustered regions 

known as blobs. Work following these efforts have included 

classification approaches, relevance models and so on. 

The advantages of automatic image annotation versus content-

based image retrieval (CBIR) are that queries can be more 

naturally specified by the user . CBIR generally (at present) 

requires users to search by image concepts such as color 

and texture, or finding example queries. Certain image features 

in example images may override the concept that the user is 

really focusing on. The traditional methods of image retrieval 

such as those used by libraries have relied on manually annotated 

images, which is expensive and time-consuming, especially given 

the large and constantly growing image databases in existence. 

 

I. INTRODUCTION 

Due to the idolization of diverse digital cameras and the 

increasing growth of social media tools for internet-based 

photographs sharing[2], recent years have witnessed an 

explosion of the number of digital photos clicked and saved by 

consumers. A large portion of photographs shared by users on 

the Internet are human facial images. Some of these facial 

images are tagged with names, but many of them do not 

tagged properly.  
 

This has inspired the inspection of auto face annotation, an 

important approach that intent to annotate facial images 

automatically. For example, with auto face annotation 

techniques, online photograph-sharing sites (e.g., Face book) 

can automatically annotate user’s uploaded photographs to 

expedite online photograph search and management. Besides, 

face annotation can also be adapted in news video territory to 

catch important persons appeared in the videos to expedite 

news video retrieval and summarization tasks [3],[4]. 

Classical face annotation approaches are often conducted as an 

lengthy face recognition problem, where various classification 
models are trained from a collection of bag of features of 

facial images by employing the supervised or semi-supervised 

machine learning techniques [3],[4],[5],[6],[7]. However, the 

“model-based face annotation” techniques are limited in 

several aspects.  

 

First, it is usually time-consuming and costly to collect a large 

amount of human-labeled training facial photographs. Second, 

it is usually hard to generalize the models when new data or 

new persons are added, in which an intensive retraining 

process is usually compulsory. Last but not least, the 
annotation performance often scales poorly when the number 

of persons is very large. 

 

Recently, some rising studies have attempted to analyze a 

promising search-based annotation paradigm for facial image 

annotation by scooping the World Wide Web (WWW), where 

an enormous number of bag of features of facial images are 

freely available. Instead of training explicit classification 

models by the regular model-based face annotation 

approaches, the search-based face annotation (SBFA) 

paradigm aims to tackle the automated face annotation task by 

exploiting content-based image retrieval (CBIR) techniques in 
scooping enormous bag of features of facial images on the 

web. The SBFA framework is data-driven and model-free, 

which to some extent is inspired by the search-based image 

annotation techniques [8],[9] for generic image annotations.  

 

The main objective of SBFA is to assign correct name labels 

to a given query facial image. In particular, given a novel 

facial photo for annotation, we first retrieve a short list of top 

K-most similar facial images from a bag of features of facial 

image database, and then annotate the facial image by 

performing voting on the labels associated with the top K 
similar facial images.  
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In particular, we propose a novel unsupervised label 

refinement (URL) scheme by exploring machine learning 

techniques to enhance the labels purely from the weakly 

labeled data without human manual efforts. We also propose a 

clustering-based approximation (CBA) algorithm to improve 

the efficiency and scalability. As a summary, the main 
contributions of this paper include the following: 

 We investigate and implement a promising search 

based face annotation scheme by mining large 

amount of weakly labeled facial images freely 

available on the WWW. 

 We propose a novel ULR scheme for enhancing label 

quality via a graph-based and low-rank learning 

approach. 

 We propose an efficient clustering-based 

approximation algorithm for large-scale label 

refinement problem. 

 We conducted an extensive set of experiments, in 

which encouraging results were obtained. 

 

We note that a short version of this work had appeared in 

SIGIR2011. This journal article has been significantly 

extended by including a substantial amount of new content. 

The remainder of this paper is organized as follows: Section 2 

reviews the related work. Section 3 gives an overview of the 

proposed search-based face annotation framework. Section 4 

presents the proposed unsupervised label refinement scheme.  

II. RELATED WORK 

 
Our work is related to various groups of research work. 

The first group of related work is on the topics of face 

recognition and authentication, which are classic analysis 

complication in computer eyesight and pattern recognition and 

have been extensively studied for many years .Recent years 

have observed some emerging criterion studies of 

unconstrained face detection and verification techniques on 

facial photographs that are merge from the web, such as the 

LFW criterion studies. Some recent study had also attempted 

to increase classic face recognition techniques for face 

annotation tasks[8]. Complete reviews on face recognition and 
authentication topics can be found in some survey papers and 

books. 

 

The second group is about the studies of generic image 

annotation. The classic image annotation approaches usually 

apply some existing object recognition techniques to train 

allocation models from human-features training images or 

attempt to assume the correlation/probabilities between 

images and annotated keywords. Given finite training data, 

semi-supervised learning methods have also been used for 

image annotation. For example, Wang et al. proposed to refine 

the model-based annotation results with a label similarity 
graph by following random walk principle. Similarly, Pham et 

al. proposed to annotate unlabeled facial images in video 

frames with an iterative label propagation scheme. Although 

semi-supervised learning approaches could leverage both 

labeled and unlabeled data, it remains fairly time-consuming 

and expensive to collect enough well-labeled training data to 

achieve good performance in large-scale scenarios. Recently, 

the search-based image annotation paradigm has attracted 

more and more attention. For example, Russell et alia. Built a 

huge assemblage of web images with ground truth features to 

expedite object acceptance research. However, most of these 

works were concentrating on the ratio, search, and bag of 
feature techniques. dissimilar these existing works, we 

propose a unsupervised features clarification scheme that is 

concentrate on optimizing the features quality of facial images 

towards the content-based face annotation task. 

 

The third group is about face annotation on 

personal/family/social photos. Several studies have mainly 

focused on the annotation task on personal photos, which 

often contain rich contextual clues, such as personal/family 

names, social context, geotags, time stamps and so on. The 

number of persons/classes is usually quite small, making such 

annotation tasks less challenging. These techniques usually 
achieve fairly accurate annotation results, in which some 

techniques have been successfully deployed in commercial 

applications, for example, Apple photos, Google Picasa, 

Microsoft easy Album, and Facebook face auto tagging 

solution.  

 

The fourth group is about the studies of face annotation in 

mining weakly labeled facial images on the web. Some studies 

consider a human name as the input query, and mainly aim to 

refine the text-based search results by exploiting visual 

consistency of facial images. For example, Oscan and Duygul 
proposed a graph-based model for finding the densest sub-

graph as the most related result. Following the graph-based 

approach, Le and Satoh proposed a new local density score to 

represent the importance of each returned images, and 

Guillemin et al. introduced a modification to incorporate the 

constraint that a face is only depicted once in an image. On the 

other hand, the generative approach like the Gaussian mixture 

model was also been adopted to the name-based search 

scheme [6] and achieved comparable results. Recently, a 

discriminate approach was proposed in to improve over the 

generative approach and avoid the explicit computation in 

graph-based 
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Fig. 1. The system flow of the proposed search-based face annotation scheme.  

 

(a) We collect weakly labeled facial images from WWW using 

web search engines. (b) We preprocess the crawled web facial 

images, including face detection, face alignment, and feature 

extraction for the detected faces; after that, we apply LSH to 

index the extracted high-dimensional facial features. We apply 

the proposed ULR method to refine the raw weak labels 

together with the proposed clustering-based approximation 

algorithms for improving the scalability. (c) We search for the 

query facial image to retrieve the top K similar images and use 

their associated names for voting toward auto annotation. 

 
By using ideas from query expansion, the performance of 

name-based scheme can be further improved with introducing 

the images of the “friends” of the query name. Unlike these 

studies of filtering the text-based retrieval results, some 

studies have attempted to directly annotate each facial image 

with the names extracted from its caption information. For 

example, Berg et al. proposed a possibility model combined 

with a clustering algorithm to estimate the relationship 

between the facial images and the names in their captions [5]. 

For the facial images and the detected names in the same 

document (a web image and its corresponding caption), 
Guillemin et al. proposed to iteratively update the assignment 

based on a minimum cost matching algorithm. In their follow-

up work, they further improve the annotation performance by 

using distance metric learning techniques [5] to achieve more 

discriminative feature in low-dimension space. Our work is 

different from the above previous works in two main aspects. 

First of all, our work aims to solve the general content-based 

face annotation problem using the search-based paradigm, 

where facial images are directly used as query images and the 

task is to return the corresponding names of the query images. 

Very limited research progress has been reported on this topic. 

Some recent work mainly addressed the face retrieval 
problem, in which an effective image representation has been 

proposed using both local and global features. Second, based 

on initial weak labels, the proposed unsupervised label 

refinement algorithm learns an enhanced new label matrix for 

all the facial images in the whole name space; however, the 

caption-based annotation scheme only considers the 

assignment between the facial images and the names appeared 

in their corresponding surrounding-text. As a result, the 

caption-based annotation scheme is only applicable to the 

scenario where both images and their captions are available, 
and cannot be applied to our SBFA framework due to the lack 

of complete caption information. The fifth group is about the 

studies of purifying web facial images, which aims to leverage 

noisy web facial images for face recognition applications. 

Usually these works are proposed as a simple preprocessing 

step in the whole system without adopting sophisticated 

techniques. For example, the work in applied a modified 

means clustering approach for cleaning up the noisy web 

facial images. Zhao et al. proposed a consistency learning 

method to train face models for the celebrity by mining the 

text-image co occurrence on the web as a weak signal [11] of 

relevance toward supervised face learning task from a large 
and noisy training set. Unlike the above existing works, we 

employ the unsupervised machine learning techniques and 

propose a graph-based label refinement algorithm to optimize 

the label quality over the whole retrieval database in the SBFA 

task. Finally, we note that our work is also related to our 

recent work of the WLRLCC method in  and our latest work 

on the unified learning scheme in.1 Instead of enhancing the 

label matrix over the entire facial image database, the 

WLRLCC algorithm is focused on learning more 

discriminative features for the top retrieved facial images for 

each individual query, which thus is very different from the 
ULR task in this paper. Last but not least, we note that the 

learning methodology for solving the unsupervised label 

refinement task are partially inspired by some existing studies 

in machine learning, including graphbased semi supervised 

learning and multilabel learning techniques. 

 

III. content-based image retrieval 

 

Content-based image retrieval (CBIR), also known as query 

by image content (QBIC) and content-based visual 

information retrieval (CBVIR) is the application of computer 

vision techniques to the image retrieval problem, that is, the 
problem of searching for digital images in large databases (see 

this survey for a recent scientific overview of the CBIR field). 

Content-based image retrieval is opposed to traditional 

concept-based approaches [7],[3],[5]. 

 

"Content-based" means that the search analyzes the contents 

of the image rather than the metadata such as keywords, tags, 

or descriptions associated with the image. The term "content" 

in this context might refer to colors, shapes, textures, or any 

other information that can be derived from the image itself. 

CBIR is desirable because searches that rely purely on 
metadata are dependent on annotation quality and 

completeness. Having humans manually annotate images by 

entering keywords or metadata in a large database can be time 

consuming and may not capture the keywords desired to 

describe the image. The evaluation of the effectiveness of 

keyword image search is subjective and has not been well-
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defined. In the same regard, CBIR systems have similar 

challenges in defining success. 
 

The interest in CBIR has grown because of the limitations 

inherent in metadata-based systems, as well as the large range 

of possible uses for efficient image retrieval. Textual 
information about images can be easily searched using 

existing technology, but this requires humans to manually 

describe each image in the database [4]. This can be 

impractical for very large databases or for images that are 

generated automatically, e.g. those from surveillance cameras. 

It is also possible to miss images that use different synonyms 

in their descriptions. Systems based on categorizing images in 

semantic classes like "cat" as a subclass of "animal" can avoid 

the miscategorization problem, but will require more effort by 

a user to find images that might be "cats", but are only 

classified as an "animal". Many standards have been 

developed to categorize images, but all still face scaling and 
miscategorization issues. 
 

Initial CBIR systems were developed to search databases 

based on image color, texture, and shape properties [6]. After 

these systems were developed, the need for user-friendly 

interfaces became apparent. Therefore, efforts in the CBIR 

field started to include human-centered design that tried to 

meet the needs of the user performing the search. This 

typically means inclusion of: query methods that may allow 

descriptive semantics, queries that may involve user feedback, 

systems that may include machine learning, and systems that 
may understand user satisfaction levels. 

 

The most common method for comparing two images in 

content-based image retrieval (typically an example image and 

an image from the database) is using an image distance 

measure. An image distance measure compares the similarity 

of two images in various dimensions such as color, texture, 

shape, and others[6]. For example a distance of 0 signifies an 

exact match with the query, with respect to the dimensions 

that were considered. As one may intuitively gather, a value 

greater than 0 indicates various degrees of similarities between 

the images. Search results then can be sorted based on their 
distance to the queried image. Many measures of image 

distance (Similarity Models) have been developed. 

 

a) Color 

Computing distance measures based on color similarity is 

achieved by computing a color histogram for each image that 

identifies the proportion of pixels within an image holding 

specific values. Examining images based on the colors they 

contain is one of the most widely used techniques because it 

can be completed without regard to image size or orientation. 

However, research has also attempted to segment color 
proportion[9] by region and by spatial relationship among 

several color regions. 

b) Texture 

Texture measures look for visual patterns in images and how 

they are spatially defined[10]. Textures are represented by 

texels which are then placed into a number of sets, depending 

on how many textures are detected in the image. These sets 

not only define the texture, but also where in the image the 

texture is located. 

Texture is a difficult concept to represent. The identification 

of specific textures in an image is achieved primarily by 

modeling texture as a two-dimensional gray level variation. 

The relative brightness of pairs of pixels is computed such that 
degree of contrast, regularity, coarseness and directionality 

may be estimated. 

IV. Violajones Algorithm With Cascade Object 

Detection 
The Viola–Jones object detection groundwork is the 

first object detection groundwork to provide competing object 

detection rates in real-time, it was inspire primarily by the 

complication of face detection. The problem to be solved is 

detection of faces in an image. A human can do this easily, but 

a computer needs precise instructions and constraints. To 

make the task more manageable, Viola–Jones requires full 

view frontal upright faces. Thus in order to be detected, the 

entire face must point towards the camera and should not be 

tilted to either side. While it seems these constraints could 

diminish the algorithm's utility somewhat, because the 
detection step is most often followed by a recognition step, in 

practice these limits on pose are quite acceptable.  
The characteristics of Viola–Jones algorithm which make it a 

good detection algorithm are: 
 

 Robust – very high detection rate (true-positive rate) 

& very low false-positive rate always. 

 Real time – For practical applications at least 2 

frames per second must be processed. 

 Face detection only (not recognition) - The goal is to 

distinguish faces from non-faces (detection is the first 

step in the recognition process). 

  

The algorithm has four stages: 

1. Haar Feature Selection 

2. Creating an Integral Image 

3. Adaboost Training 

4. Cascading Classifiers 

Haar Features – All human faces share some similar 

properties. These regularities may be matched using Haar 

Features. 
 

A few properties common to human faces: 

 The eye region is darker than the upper-cheeks. 

 The nose bridge region is brighter than the eyes. 

Composition of properties forming matchable facial features: 

 Location and size: eyes, mouth, bridge of nose 

 Value: oriented gradients of pixel intensities 

The four features matched by this algorithm are then sought in 

the image of a face (shown at left). 

Rectangle features: 
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 Value = Σ (pixels in black area) - Σ (pixels in white 

area) 

 Three types: two-, three-, four-rectangles, Viola & 

Jones used two-rectangle features 

 For example: the difference in brightness between the 
white &black rectangles over a specific area 

 Each feature is related to a special location in the 

sub-window 

 

Fig 1:Haar Feature that looks similar to the bridge of the nose is 

applied onto the face 

 

Fig 2: 3rd and 4th kind of Haar Feature 

1. An image representation called the integral 

image evaluates rectangular features in constant time, which 
gives them a considerable speed advantage over more 

sophisticated alternative features. Because each feature's 

rectangular area is always adjacent to at least one other 

rectangle, it follows that any two-rectangle feature can be 

computed in six array references, any three-rectangle feature 

in eight, and any four-rectangle feature in nine[1][2]. 

2. The speed with which features may be evaluated does 

not adequately compensate for their number, however. For 

example, in a standard 24x24 pixel sub-window, there are a 

total of [4] possible features, and it would 

be prohibitively expensive to evaluate them all when testing 
an image. Thus, the object detection framework employs a 

variant of the learning algorithm AdaBoost to both select the 

best features and to train classifiers that use them. This 

algorithm constructs a “strong” classifier as a linear 

combination of weighted simple “weak” classifiers. 

 

Each weak classifier is a threshold function based on the 

feature . 

 

The threshold value  and the polarity  are 
determined in the training, as well as the coefficients . 

3. In cascading, each stage consists of a strong 

classifier. So all the features are grouped into several 

stages where each stage has certain number of 

features. 

The job of each stage is to determine whether a given sub-

window is definitely not a face or may be a face. A given sub-

window is immediately discarded as not a face if it fails in any 

of the stages. 

A simple framework for cascade training is given below: 

 User selects values for f, the maximum acceptable 
false positive rate per layer and d, the minimum 

acceptable detection rate per layer. 

 User selects target overall false positive rate Ftarget. 

 P = set of positive examples 

 N = set of negative examples 

 

V. Comparison Schemes and Setup 

 
In our analysis, we implemented all the algorithms 

described previously for solving the proposed task. We 

finally accept the soft-regularization formulation of the 

proposed ULR technique in our appraisal since it is 

analytically quick than the convex-constraint formulation 

confering to our implementations. To better audit the 

adequacy of our technique, we also implemented some 

baseline annotation method and existing algorithms for 

comparisons. Specifically, the compared methods in our 

experiments include the following[1]: 

 “ORI”: a baseline design that easily accept the 
original featurs information for the search-based 

annotation scheme, denoted as “ORI” for short. 

  “CL”: a flexibility learning algorithm proposed to 

boost the weakly labeled facial photograph database, 

denoted as “CL” in short[1]. 

 “MKM”: a altered K-means bundle algorithm 

proposed to bundle web facial photograph correlate 

with the extracted names from the neighboring 

captions, stand as “MKM” in short. We note that the 

original MKM algorithm was proposed to address a 

similar erroneous label improvement complication, 

but lightly contrasting from our setting in that the no. 
of raw erroneous labels of each facial photograph in 

their complication setting can be more than 1, which 

is, however, equal to 1 in our problem setting. 

 “LPSN”: a label multiplication through scant 

neighborhood algorithm proposed to propagate label 

https://en.wikipedia.org/wiki/Viola%E2%80%93Jones_object_detection_framework#cite_note-4
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information amid the neighborhoods achieved by 

scant coding, denoted as “LPSN” in short. 

 “ULRβ=0”: the proposed ULR algorithm  formulation 

in without the absence regularizer Ee (F). 

  “ULR”: the proposed indivisually label clarification 

approach, stand as “ULR” in short.  
To evaluate their annotation performances, we adopted the 

hit rate at top t annotated results as the performance metric, 

which measures the likelihood of having the true label 

among the top t annotated names. For each query facial 

image, we retrieved a set of top K similar facial images 

from the database set, and return a set of top T names for 

annotation by performing a majority voting on the labels 

associated with the set of top K images [1]. 

Further, we discuss parameter settings. For the ULR 

implementation, we constructed the sparse graph W by 

setting the number of nearest neighbors to 5 for all cases. 
In addition, for the two key regularization parameters  and  

in the proposed ULR algorithm, we set their values via 

cross validation. In particular, we randomly divided the test 

data set into two equally-sized parts, in which one part was 

used as validation to find the optimal parameters by grid 

search, and the other part was used for testing the 

performance. This procedure was repeated 10 times, and 

their average performances were reported in our 

experiments [1]. 

 

 

Fig.1. The examples of web facial images and the corresponding alignment 

results with the DLK algorithm. 

 

The subscript for the permeability of empyiness 0, and other 
common scientific constants, is zero with subscript formatting, 

not a small letter “o.” 
 

In American English, commas, semi-colons, periods, question 

and exclamation marks are situated within quote marks only 

when a complete thought or name is cited, such as a title or 

full quote. When quote marks are used, rather of a bold or 

italic typeface, to highlight a word or phrase, punctuation 

should appear outside of the quote marks. A parenthetical 

phrase or statement at the end of a sentence is punctuated 

outside of the closing parenthesis. 

 A graph within a graph is an “inset,” not an “insert.” 
The word willingly is favored to the word “rather”. 

 Do not use the word “essentially” to mean “relatively” 
or “effectively.” 

 Be aware of the different meanings of the homograph 
“affect” and “effect,” “complement” and “compliment,” 
“discreet” and “discrete,” “principal” and “principle.” 

 Do not confuse “imply” and “infer.” 

 The noisy signal is passed through filters like, 
prepossessing filter[11] 

 The affix “non” is not a word; it should be joined to the 
word it modifies, usually without a elbow. 

 There is no time-period after the “et” in the classic 
abbreviation “et al.” 

 The abstraction “i.e.” means “that is,” and the 
abstraction. 

  

VI.  CONCLUSIONS 

This paper investigated a promising content-based face 

annotation groundwork, in which we attract on tackling the 

critical complication of boost the feature quality and proposed 

a violajones algorithm. To further increase the scalability, we 

also proposed a bundle-based approximation solution, which 

strongly increased the optimization assignment without 

introducing much performance degeneration. From an 

comprehensive set of experiments, we found that the proposed 

approach accomplish promising conclusion under a array of 

settings. Our experimental conclusion also determines that the 

proposed ULR approach significantly exceed the other regular 

approaches in article. Future work will address the problem of 
duplicate human names and analyze supervised/semi-

supervised learning approach to further boost the features 

quality with economical human manual clarification exercise. 
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Abstract— system has been developed for improving the coverage 

via energy efficient techniques. But these techniques do not take 

into consideration the movement of the node required foe energy 

efficient coverage improvement. Thus the major energy of the 

node is spend on moving from location to location for coverage 

improvement. So each node had the responsibility to contribute 

for coverage efficiency of the entire network, which made the 

node to move from network to network in the entire area for 

coverage improvement which causes a huge energy consumption. 

Thereby reducing the overall energy of the network.  

                                 To overcome this problem we will use the 

concept of Voronoi diagrams to divide the entire network into 

regions of varying nodes. So a node will only have the 

responsibility to improve the coverage of the area in which 

Voronoi diagram has placed it. Thus the node movement is 

restricted. So the energy needed for movement will be reduced 

and the coverage area will be improved. This will allow the 

network to retain energy for a longer time duration. 

 
 

Keywords—Wireless Sensor Network; Coverage; 

Conectivity;Coverage Control; Sensonig Range; 

I.  Introduction  

Wireless sensor network is a comprehensive area of research 

in the field of wireless communication. A WSN involves of a 

number of electronic devices, mentioned to as a node that 

communicates through wireless transmission. Each node is 

prepared with a sensor to collect data from the environment. 

 

Wireless sensor networks have involved tremendous research 
attention because of its number of applications like security 

surveillance, environmental monitoring, etc. All applications 

required a reliable detection, which can only be accomplished 

if there is no coverage holes in the target field which is 

monitored by the WSN. For instance a sensor network can be 

deployed in a remote island for monitoring wildlife habitat or 

near the crater of volcano to measure the temperature and 

pressure, in such cases the environmental conditions is not 

suitable for human intervention. Thus the sensor nodes will be 

arranged randomly or sprinkled from air   and will remain 

unattended for a extended time without any battery 

replacement. So energy consumption is also of a great 

importance here .So it is necessary to sense the coverage holes 

and to recover the coverage area and connectivity of wireless 
sensor networks to safeguard the full operability of the WSN. 

 

Each sensor node is facilitated with the multiple power levels 

to transmit the data in the wireless channel. Each sensor node 

innings by the battery power and has sensing capability so it 

can sense the data within the restricted area called sensing 

radius .Coverage is usually interpreted as how well the nodes 

in the wireless sensor network monitor the specified   

environment. Along with the coverage, connectivity is 

likewise important in wireless sensor networks. 

 
Connectivity is defined as the ability of any sensor node to 

conduct the collected information to the sink. If no route is 

available for the sensor node to send the data to the sink then 

there will be no connectivity and hence the collected data is 

unserviceable. Communication range of the node is defined as 

the area in which another node can be traced in order to 

receive the data. The sensing range is not the same which is 

defined as the area where a node can perceive an event. 

 

Obstacles and environmental elements affect the network 

coverage and may consequence hole in the sensing area. 

Efficient sensor deployment strategies are established to 
increase the coverage in wireless sensor networks. The sensors 

invention coverage holes within their Voronoi polygon and 

then move in an appropriate direction to minimize them. The 

movement strategies are based on the expanses of each sensor 

and the points exclusive its Voronoi polygon from the edges 

and vertices of the polygon. The distances of each sensor from 

the vertices of its Voronoi polygon are obtained and the 

preferred location for the sensor is measured. Some   

approaches use Voronoi diagram and Delaunay triangulation 

to detect sensing holes in the network and create an optimal 

arrangement of the sensors to eliminate the holes. In order to 
achieve both coverage and connectivity in WSN, sensor 
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deployment also plays an key role .Sensor deployment is of 

two types i.e. dense deployment and sparse deployment. 

Dense deployment is usually helpful in situations where every 

event needs to be discovered or multiple sensors need to cover 

a desired area. Sparse deployment basically helps in 

accomplishing maximum coverage using minimum number of 
sensor nodes. 
 

II. Related Work 

In the previous work, system has been developed for 

improving the coverage     via   energy efficient techniques. 

But these techniques do not take into consideration the 

movement of the node required foe energy efficient coverage 
improvement each node had the responsibility to contribute 

for coverage efficiency of the entire network, which made the 

node to move from network to network in the entire area for 

coverage improvement which causes huge energy 

consumption. Tian et al. [10] planned a coverage algorithm In 

this ,he proposed that complete coverage area Using the 

sponsored area technique.when a node receive the packet from 

active neighboring nodes  then the nodes decides whether it 

will be considered as a redundant node or not on the sponsored 

area. The sponsored area is defined as maximal sector covered 

by the neighbor. if the sensing area of the nodes enclose by the 

active nodes of the neighbor then the nodes itself decided as 
redundant and gets deactivated. and all the nodes which are 

not   redundant remain active. So in this paper author focus 

only the coverage, without considering connectivity.  

 

In this, nodes will be presented in 3 states; That’s are sleeping, 

probing and working. At the stating posission each nodes are 

in sleeping state.after definite period of time each nodes 

wakeup and goes into the probing states’in this stage a node 

send to probe messege to  find out whether any working nodes 

are  there in its probing range or not.if no replay comes from 

the neighbors as working nodes then the present node change 
its own state to working state.otherwise its goes back to 

sleeping mode.The protocol is very simple and it gives 

provision to changing the probe range.so no of working nodes 

can be increase or decreased in order to satisfied to complete 

the coverage . 

 

Gupta et al proposed a centralized as well as distributed 

algorithm for coverage .This protocol also .satisfied the 

connectivity in between the active nodes. The centralized 

algorithm constructs an optimal connected cover within O 

factor of the optimal size n is the no. of nodes.where as the 
distributed algorithm does not satisfy the same O (log n ) 

Factor. Considering the fact that sensor nodes are consumed 

the energy.in this paper author is also purposed the weighted 

Version of the same protocol, Where each node is assigned 

with some weight. The protocol selected subset of nodes with 

minimum total weight. In order to to encompass  the network 

life time, the node which have a less remaining energy can be 

assign with higher weight ,so that the selection of connect 

subset ,the node which have a higher remaining energy will 

get selected. 

 

Zhang and Hou measured the coverage along with 

connectivity problem and proposed a theorem, in this if the 

communication radius of the node is at least twice of the 

sensing radius then the whole coverage of the curving area 

involves connectivity amid the set of active nodes. Authors 

have also designed a circulated geometry density control 
algorithm named OGDC which is only  appropriate in the 

situation that the communication radius of the node is greater 

then or equal to 2 times of the sensing radius .there for we use 

this algorithm to active the sensor nodes at the starting stage of 

our suggested algorithm. 

 

 After analyzing the related work mentioned above,it is found 

that for maintaining connectivity between the active nodes, 

they trust upon the critical condition mentioned by Zhang et 

al. therefore in this paper we will use the concept the Voronoi 

diagram  to divided the entire network into the region of the 

varying nodes .So a node will only have the responsibility to 
improve the coverage of the area in which Voronoi diagram 

has placed it. Thus the node movement is restricted. So the 

energy needed for movement will be reduced and the coverage 

area will be improved. This will allow the network to retain 

energy for a longer time duration. 

 

III. Our Approach 
In the previous work, system has been developed for 

improving the coverage via energy efficient techniques. But 

these techniques do not take into consideration the movement 

of the node required foe energy efficient coverage 
improvement. Thus the major energy of the node is spending 

on moving from location to location for coverage 

improvement. So each node had the responsibility to 

contribute for coverage efficiency of the entire network, which 

made the node to move from network to network in the entire 

area for coverage improvement which causes a huge energy 

consumption. Thereby reducing the overall energy of the 

network.  

 

To overcome this problem we will use the concept of Voronoi 

diagrams to divide the entire network into regions of varying 

nodes. So a node will only have the responsibility to improve 
the coverage of the area in which Voronoi diagram has placed 

it. Thus the node movement is restricted. So the energy needed 

for movement will be reduced and the coverage area will be 

improved. This will allow the network to retain energy for a 

longer time duration. 
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Frist we develop the Wireless sensor Network for improve 

Coverage due to this improving coverage and connectivity in 

between nodes .after that we find out the coverage based and 

random development .then we apply coverage improvement 

without Voronoi .then We will use the simulation tool i.e NS2 

to implement the voronoi diagram and Delaunary 

triangle.From this concept we improve the coverage and 

consumed the energy 

  

V. Conclusions 

 

This review paper is concentrated to improve coverage and 

connectivity .we purposed the concept of voronoi diagram 

.The Voronoi diagrams to divide the entire network into 

regions of varying nodes. So a node will only have the 

responsibility to improve the coverage of the area in which 

Voronoi diagram has placed it. Thus the node movement is 

restricted. So the energy needed for movement will be reduced 

and the coverage area will be improved. This will allow the 

network to retain energy for a longer time duration. 
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Abstract – This is a new approach towards image enhancement by increasing the resolution of image with the help of 

sparse priors. High resolution of videos and images are being required for processing and analysis. In this paper, we 

tend to gift a unique software-based image enhancement technique that may be utilized in improvement in the quality of image 

which may get distorted due to motion blur and camera misfocus. There are different approaches for Super Resolution image 

reconstruction, but sparse representation enhances the image more efficiently. We take a sparse representation for each 
patch of the low-resolution input, and then use the coefficients of this representation to generate the high-resolution 
output. In this paper main aim of this technique is to improve the visual quality and consistency of available Low Resolution 
images. 

 

 

                                                  Keywords: Super Resolution, Patches, sparse coding, image reconstruction. 

                                                    
  

__________________________________________________*****_________________________________________________ 

I. INTRODUCTION 

 

IN RECENT years, there has been increase in the demand of 

high quality of images and videos. Due to certain 

circumstances such as atmospheric and environmental effects 

& passage of time Image gets distorted. Degradation comes in 

many forms such as Motion Blur, Noise and Camera 

Misfocus. There is an inherent resolution limitation of low-

cost imaging sensors (e.g., cell phone or surveillance cameras)   

allowing better utilization of the growing capability of  high 

resolution displays (e.g. high definition LCDs). Such 

resolution enhancing technologies is proved to be very 

essential for the applications in medical imaging and satellite 

imaging where diagnosis or analysis from low-quality images 

can be extremely difficult. 

 

The Super Resolution Image Reconstruction technique 

produces High Resolution Image from sequence of Low 

Resolution Images by taking more samples of the same scene 

and merges the samples to get High Resolution Image. Image 

enhancement is a method which eradicates the dis 

advantage or drawback of low Resolution Image by 

improving the quality of image by estimating amount of noise 

and blur involved in image thereby increasing the high 

frequency components and removing the degradations caused 

by the imaging process of the low resolution camera. 

 

Conventional approaches to generating a SR image normally 

require as input multiple low-resolution images of the same 

scene which are aligned with sub pixel accuracy. The basic 

idea behind SR is to combine the non-redundant information 

contained in multiple low-resolution frames to generate a 

high-resolution image. Sparse representation has been 

successfully applied to many other related inverse problems in 

image processing, such as denoising and restoration. Sparse 

representation is one of the methods of super resolution 

increasing technique which give high resolution image and is 

proved to be essential in comparison with other techniques. 

 

 

Researchers have specially made their attention towards 

developing good resolution of images which distinguishes 

between Low and High Resolution using different properties 

along with challenges. Similar to the aforementioned learning-

based methods, we will rely on patches from the input image 

and according to these patches we will try to develop high 

quality of image. However, instead of working directly with 

the image patch pairs sampled from high- and low-resolution 

images. We learn a compact representation for these patch 

pairs to capture the co-occurrence prior by improving the 

speed of the algorithm. 

      

II    LITERATURE SURVEY  
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In this section we review various studies and development 

carried out by many researchers. We will also see various 

detection techniques.  

 

[1] J. Yang, J. Wright, T. Huang, and Y. Ma has proposed a 

work on Super Resolution of image and discuss a novel 

approach in terms of coupled dictionaries jointly trained from 

high- and low-resolution image patch pairs with the help of 

sparse coding. To meet the requirements they have developed 
different algorithms to counter the low resolution images using 

sparse technique.  

 

They have presented various schemes for dictionary training 

discussing their advantages and limitations based on 

parameters such as optimal size of dictionary, range and 

accuracy. By Providing good resolution and acceptable 

recognition performance. They worked on the SR problem by 

using patches i.e. each pair of high and low-resolution image 

patches have the same sparse representations with respect to 

the two dictionaries Dh and Dl. A straightforward way to obtain 
two such dictionaries is to sample image patch pairs directly. 

  

Developing such scheme is very crucial as resolution of the 

image has increased to great extent.  

 

 [2] R. C. Hardie, K. J. Barnard, and E. A. Armstrong 

proposed work in estimating a high-resolution image, with 

reduced aliasing, from a sequence of under sampled frames. 
Many works in SR reconstruction have followed the 
Maximum a Posteriori (MAP) approach where the techniques 
vary in the observation model assumptions for the desired 

solution. There are different approaches applied to overcome 

the problem of aliased image.  

 

In the proposed method, the registration parameters are 

iteratively updated along with the high-resolution image. 

Quantitative error analysis is provided and several images are 
shown for subjective evaluation 

 

[3] S. Farsiu, M. D. Robinson, has worked on a method to 

develop the Multi-frame Super Resolution. There have been 

several techniques developed in the field of Super Resolution. 

But this method is usually very sensitive to their assumed 

model of data and noise. 

 

They have designed a robust super-resolution method to 

enhance the quality of a set of noisy blurred images and 

produce a HR image with less noise and blur effects. It also 

removes outliers efficiently resulting in images with sharp 
edges. For the development robust Multi-frame method they 

have proposed a frequency domain approach, which is simple 

and computationally cheap, they are extremely sensitive to 

model errors. Algorithm for a fast and robust super-resolution 

is developed for the regularization and the data fusion terms. 

 

[4] M. E. Tipping and C. M. Bishop has proposed an image 
super resolution system that computes a high resolution image 

of a target from multiple low resolution images of the same 

target. Bishop proposed a Bayesian approach for SR where the 

unknown high-resolution image is integrated out and the 
marginal is used to estimate the point spread function (PSF) 

and motion parameters.  

 

By using Bayesian analysis registration parameters and an 

acuity parameter are improved. In this method each low 

resolution image differs slightly in perspective from each of 

the other low resolution images. A low resolution image is 

optimized to determine the improved estimates of the 

registration parameters and the acuity parameter, which are 

used to solve for the high resolution image. 

 

 
 

[5] S. Baker and T. Kanade has worked on all super-resolution 

algorithms are based on the fundamental constraints to 

generate high Resolution Image. They have used various kinds 

of schemes for low-resolution input images when 

appropriately warped and down-sampled to model the image 

formation process.  
 
They propose a super-resolution algorithm that uses a different 

kind of constraint in addition to the reconstruction constraints. 

The algorithm attempts to recognize local features in the low-

resolution images and then enhances their resolution in an 

appropriate manner. They called super-resolution algorithm a 

hallucination or reconstruction algorithm and then limits on 

super-resolution. 
 

III CONCLUSION  

 

This paper describes method of reconstructing High 

Resolution image from low-resolution image. It is observed 

that among various methods for SR reconstruction, sparse 

representation with learning dictionary is best suited and it is 

extensively used. It is concluded that after enhancing the low-

resolution image is reconstructed and consistency is 

maintained with respect to original image. 
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Abstract— Packet Classification is a crucial function used in 

an internet router, firewall, network security and quality of 

services. Packet classification technique is very crucial since 

various unauthorized and malicious networks are being exposed 

to. For secure networking and avoiding unauthorized access, 

incoming packets flow based on predefined rules available in a 

classifier. Available software solution’s performance is not 

efficient for wire speed processing in high speed networks. To 

meet the line-card requirement and wire speed processing 

hardware solution is more efficient and secure than software 

solution. For implementing hardware architecture for wire speed 

processing different algorithms have been proposed. This paper 

presents review on different algorithm and technique used to 

implement packet classification architecture. High performance 

packet classification architecture can be implemented using Field 

programmable gate array (FPGA) and large number of rules can 
be stored using on-chip memory resource of FPGA 

Keywords— Packet classification, 5-tuple, Quality of services, 

latency, throughput 

I.  INTRODUCTION 

Modern packet processing system uses technique known as 
packet classification in place of de-multiplexing due to various 
advantages like high speed and ability to cross multiple layers. 
Various services like firewalls, Virtual Private Network 
(VPN), network security, policy-based-routing, traffic shaping 
and Quality of Services (QoS) require packet classification. 
This makes packet classification an integrated part of network 
intrusion detection system (NIDS). To access various services, 
it is required to figure out which rule matches with incoming 
packet and depending on it necessary action is taken. In other 
words, flows are decided by rules applied to incoming packets 
and each rule in a rule-set specifies a flow to which a packet 
may belong based on values in header fields.   

Packet classification process involves inspection of multiple 
fields against a rule-set may be containing thousands of rules. 
This is one of the challenge and difficulty in the process of 
classification. Each rule in a classifier has a priority and action 
is taken according to their priority. Basic 5-tuple are present in 
the standard packets header which include destination and 
source IP address field, destination and source port number 

field and the protocol type field as depicted in figure.1. For 
different combination of values of the fields require different 
matches like prefix match for destination and source IP 
address field , range match for destination and source port 
field and exact match for protocol field. For better 
performance, packet classification system must support all the 
type of match. 

 

 

 

Fig.1 Standard 5-tuple packet header fields 

Considering the fact that packet classification system is the 
central part of firewalls, internet routers and various intrusion 
detection systems. Various packet classification algorithms 
have been proposed to perform packet classification; just 
because of special computational method most of the existing 
algorithms may not be suitable for hardware implementation. 
The main performance metrics that should be taken into an 
account while designing algorithms for implementing 
hardware packet classification system are as follow: 

  Memory requirement: memory requirement for storing 
number of rules is limited in hardware solution. The on-
chip SRAM of FPGAs can be used to store large number 
of rules. 

  Multi match classification: packet classification algorithm 
should support exact match, prefix match and range 
match. It should also avoid the use of prefix to range 
match conversion which is memory inefficient. 

  High speed: algorithm must meet the in-line requirement 
of 100/200/400 Gbps while supporting large number of 
rules. 

  Update, modify and delete rules: Dynamic modification, 
updating and removing of out-dates rules is required for 
supporting various new applications. 

   Latency: low latency application requires parallel 
orientation in cost of memory while in some application 
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series orientation is feasible. It is important that algorithm 
should be flexible in orientation for supporting all types 
of application. 

Above performance matrices are very crucial while 
designing hardware packet classification architecture to avoid 
degradation of performance of the architecture. However, 
performance of architecture depends on an algorithm used for 
designing it. 

II. DETAIL STUDY ON PACKET CLASSIFICATION 

TECHNIQUE 

From literature survey and review of related work, it is 
observed that researchers have designed the packet 
classification architecture using algorithms based on these four 
methods: exhaustive search, decision tree based, tuple search 
and decomposition based method. Decision tree based 
approach and decomposition based approach are desirable for 
hardware implementation of packet classification system. 
Efforts have been undertaken by researchers for designing of 
multi-match packet classification architecture for firewalls and 
all type of intrusion detection systems. Researchers put their 
best to implement hardware solution for packet classification. 

For one-dimensional packet classification, Ternary 
Content Addressable Memory (TCAM) is the desirable 
hardware solution because of its simple management and 
speed.  To check all fields at a time and at high speed, TCAM 
based search engine is used. For multi-dimensional packet 
classification using TCAM, Yeim-Kuan Chang and Cheng-
Chien Su have proposed an efficient range-encoding Scheme 
for Packet Classification using Gray code [3]. Experimental 
result‟s shows the proposed binary reflected gray code-based 
(BRGC) encoding scheme requires less TCAM storage than 
parallel packet classification encoding (PPCE) scheme. The 
BRGC based encoding scheme is proposed for range values of 
source and destination port number but it is also used for 
source and destination address field of packets having prefix 
addresses. Problems like limited scalability and the range to 
prefix blowout for large number of rule-set have solved using 
BRGC based encoding scheme.   

Lu Sun, Hoang Le, Viktor K. Prasanna have proposed 
optimizing decomposition-based packet classification on 
FPGA [4]. Decomposition-based IP classification algorithms 
consist of two phase: in first phase, independent searches are 
performed on each field of packets, while in second phase: 
results from the first phase are combined. Due to limited 
resources and limited on-chip memory on FPGAs, the second 
phase of the decomposition based algorithms become 
challenging. To solve this problem, they have proposed a 
systolic-array-based architecture which efficiently combines 
the results of the first phase in the second phase. The proposed 
architecture on set intersection and compact representation of 
matching rules yields better performance in second phase of 
the algorithm. The design is more efficient, feasible and 
attractive in logic resources, in handling large rulesets and in 
area than any other decomposition based algorithm. The 
proposed architecture has implemented on Xilinx Virtex-6 
XC6VLX760 with -2 speed grade as a target in Verilog using 
Xilinx ISE 12.4 tool. The implemented design achieves high 
throughput of 107 Gbps while supporting rules upto 64K of 
minimum packet size of 80 bytes.  

Weirong Jiang and Victor K. Prasanna have introduced Field-
Split Parallel Bit Vector (FSBV) based architecture [2]. The 
FSBV architecture is suitable for Snort rule and it is a novel 
SRAM-based architecture which exploited the use of 
BlockRAMs of current FPGA. It supports multi match packet 
classification and also handles the negation and value list 
problem. The architecture is memory efficient because range 
to prefix conversion is not used for range values. Proposed 
architecture used TCAM algorithm for source and destination 
address fields, CAM algorithm for protocol field and Bit 
Vector (BV) algorithm for source and destination port fields. 
The FSBV architecture achieved clock frequency of 167 MHz 
and processed two packets every clock cycle with the use of 
dual-port RAMs on a Xilinx Virtex-5 XCVFX200T device. 
Using SRAM-based architecture and low memory 
requirement, one fourth power reduction can be achieved over 
BV-TCAM. 

Researchers have developed various software solutions for   
packet classification, but hardware solutions yield high 
performance and supports dynamic updates. Yun R Qu, Shijie 
Zhou, and Viktor K. Prasanna have proposed a high 
performance 2-dimensional pipelined architecture for packet 
classification on FPGA which supports dynamic updates of 
rules [6]. The proposed architecture consists of self-
reconfigurable processing elements. A modular processing 
element (PE) can handle range match as well as prefix match 
and does not need range to prefix conversion. Multiple 
modular processing elements (PEs) are used in the architecture 
to construct a 2-dimensional architecture for handling large 
number of rules. Striding and clustering technique is used in 
the implemented architecture to vary size of sub-field and 
number of rules. The architecture can perform packet 
classification of s-bit subfield against a set of n rules using 
striding and clustering technique. A set of algorithm supports 
modification, deletion and insertion operations on the 
proposed architecture. Dynamic updatable of rules on 
hardware is possible without deteriorating the pipeline 
performance. The architecture is scalable with respect to large 
input length. The Proposed architecture maintains very high 
clock frequency of 324 MHz and can achieve throughput of 
190 Gbps with 1K 15-tuple rule-set on Virtex-6 XC6VLX760 
FFG1760-2 FPGA device.  

A scalable and modular architecture for high performance 
packet classification have been proposed by Thilan 
Ganegedara, Weirong Jiang, and Viktor K. Prasanna [1]. They 
have proposed a novel modular Bit-Vector based architecture 
on field programmable logic array (FPGA) using StrideBV 
algorithm. Range integration search in the architecture avoids 
the use of range-to-prefix conversion and supports all type of 
match. The architecture is scalable on hardware and pipelined 
priority encoder is used for extracting highest priority match. 
Proposed serial and parallel versions of StrideBV based 
architecture are ruleset-feature independent solution. Their 
solution is flexible in orientation depending on an application 
and latency requirement. Proposed architecture is memory 
efficient, achieves 100+ Gbps throughput while supporting 
upto 28K rules using only on-chip resources on a state-of-the-
art Xilinx Virtex-7 2000T FPGA device and evaluates the 
performance of both serial and parallel version of strideBV 
using post place-and-route results. 
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III. OUR PROPOSED WORK 

StrideBV is the one of the efficient decomposition based 
packet classification technique which supports hardware 
implementation. StrideBV algorithm achieves low latency and 
sustains high throughput than any other existing technique. 
However, it is not memory efficient technique for large 
number of rules which is the major drawback of this 
technique. Because of all the above reasons, in this paper we 
presented our proposed method which classify a packets using 
XNOR gate. Our proposed method is memory efficient and 
can achieve low latency for same number of rules than 
StrideBV. 

In our work we use 512 rules of ternary string format having 
values in „1‟, „0‟ and „-‟. In strideBV, lookup table indicates 
status of rules. A look-up table is stored in a memory having 
depth (height) of 2^k and entry (width) in each row is equal to 
number of rules (N). An incoming stride extracts N-bit vector 
from the corresponding memory location. An N-bit vector 
from corresponding memory location contains matching result 
of rules with incoming stride. The memory required in this 
method is generally depends on number of rules and stride 
size. The priority encoder is used to select incoming stride for 
highest priority rule. The register transfer level view of 
priority encoder is depicted below in fig. 2. 

 

 

 

 

 

 

 

 

 

 

  

In proposed work, we use basic XNOR gate for matching 
incoming packets against a set of rule and produce bit vector 
of same size as that of rule and then ANDed all bits of match 
result and produce one bit for each rule. Each bit after 
ANDing operation gives status of incoming packet against 
each rule of the rule-set.   For selecting highest priority rule 
from the rule-set, priority encoder is used. Technology 
schematic view of proposed work is shown in fig. 3. For same 
number of rules our proposed method of packet classification 
is memory efficient because each rule in our proposed work 
require only 32 bit whereas in strideBV each rule requires 
2^32 bit for lookup table. 

 

We have designed and optimized the proposed method in 
VHDL using Xilinx ISE 13.1 tool. We select Spartan6 as a 
family and 6slx4tqg144-3 as target device for performing 

synthesis and optimizing the design using Xilinx tool. 
Simulation results are shown in next section to check the 
functionality of designed module of packet classification. 

 

 

 

 

Fig. 3 RTL View of Xnor Based Packet Classification 
 

IV. SIMULATION RESULT 

 
Fig. 4 shows simulation result of priority encoder for input 

of 32-bit and output will be the highest match. Here, MSB has 
highest priority whereas LSB has lowest priority. It means 
rules should be arranged in descending order of their priority.   

 

 

 

 

 

 

 
 

 

 

 

 
 

Fig. 5 shows simulation result of Xnor based packet 
classification where input packet is of 32-bit and output is a 
vector which indicates match and mismatch of rule against 
predefined ruleset. From simulation results it is cleared that 
we get output in one clock cycle. Pipelining stages are not 
used in this design to get less latency and also lookup table is 
not used to minimize the memory cost.    

 

 

 

 

 

 

 

 

 
 

Fig. 2 RTL View of Priority Encoder 
 

 

Fig. 4 Simulation Result of Priority Encoder 

 
Fig. 5 Simulation Result of Packet Classification 
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V. CONCLUSION 

Our proposed method of packet classification is latency and 
memory efficient as compared to strideBV algorithm. Latency 
achieved in proposed work is one clock cycle which is better 
as compared to strideBV for same rule-set. Memory required 
to represent one rule in the proposed work is less which has 
overcome the major bottleneck of hardware solution. In future 
we can implement the packet classification architecture for 
complete packet header field.  
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Abstract— The radio spectrum is one of the profoundly used 

and valuable natural resources in wireless communication. 

Cognitive radio is an rising technology to deal with the problem 

of radio spectrum scarcity and spectrum underutilization. In 

Cognitive radio, channel selection is the method by which one can 

choose a desired channel and it is one of the essential issues to be 

taken into account. In this project, improvement of channel 

selection will be done for routing protocol such as AODV (Ad-hoc 

On Demand Distance Vector)  and DSR (Distance Source 

Routing) using the technique which is based on no. of packets 

and based on access time by the primary user. The evaluation of 

the performance of these routing protocols will be done using 
simulations in NS-2. 

 

Keywords— Cognitive radio, AODV (Ad-hoc on demand 

distance vector), DSR (Distance source routing), Channel 

Selection. 

I. INTRODUCTION  

 

Cognitive Radio is a new method of implement radio 

communications which allows for further proficient use of the 

frequency spectrum. This is essential since currently there is a 

large part of the spectrum which is underutilize. The overall 

purpose of opportunistic spectrum access (OSA) is provide 

spectral access to secondary users without disturbing the 

consistency or performance of the primary users service. 
Cognitive networks (CN) are wireless networks which consist 

of two types of users primary and secondary (or cognitive) 

users. 

• Primary users: These wireless users are the primary license-

holders of the spectrum band of interest. In general, they have 

priority access to the licensed spectrum, as well as matter to 

certain Quality of Service (QoS) constraints which should be 

guaranteed. 

• Secondary users: These users could access the spectrum 

which is licensed toward the primary users and can 

opportunistically communicate in licensed spectrum by 

varying their communication parameters in an adaptive 
approach when spectrum holes are available. 

There are various standard unlicensed bands. Some of the types 
of unlicensed radio bands are as and other devices that operate 

in the 900 MHZ, 2.5 GHz, and 5.9 GHz bands. Unlicensed 

National Information Infrastructure (U-NII): This type defines 

the terms for the use of wireless devices such as WLAN access 

points and routers in the 4 GHz band. Unlicensed Personal 

Communications Services (UPCS): This kind defines the terms 

for devices operating in the 1.8 GHz band, wherever DECT6 

cordless phones operate. Unlicensed National Information 

Infrastructure (U-NII): This type defines the terms for the use 

of wireless devices such as WLAN access points and routers in 

the 5 GHz band. Unlicensed Personal Communications 
Services (UPCS): This type defines the terms for devices 

operating in the 1.8 GHz band, wherever DECT6 cordless 

phones work. 

II. RELATED WORK 

 

A. Performance assessment of AODV-based and DSR-based      

Multi-radio Routing Protocols in Cognitive Radio Ad Hoc 

Network 

 We reviewed the attempt towards a comprehensive 

performance evaluation of AODV-based and DSR-based 

multi-radio routing protocols in CR. In this study, we reviewed 

about protocol performance of the AODV-MR, the extended 
DSR and the MR-LQSR in CRAHN was evaluated under CBR 

traffic with varying simulation period, using NS-2 simulator. 

Performance metrics considered are average throughput, 

average end-to-end delay and average jitter.[6] 
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B. Cognitive Radio Technology: System Evolution 

We reviewed numerous techniques presented for detecting 

while the spectrum is within use, accessing the spectrum while 

not in use, selecting the mainly capable channel for use by the 

secondary user, and transmitting over channels by high 

interference. In every category, an optimal technique was 

planned. Upcoming work in cognitive radio might lead to the 

finding of how these techniques interrelate by each other to 

conclude if they are able to form an effective system as a 

whole.[1] 

 

C. Performance Evaluation of AODV and DYMO Routing 
Protocols in MANET 

We reviewed this paper in brief described the key features of 

the AODV and DYMO routing protocols and evaluated them 

based on packet-level simulations using an ns-2 simulator. The 

simulation results showed that while the path accumulation of 

DYMO less the routing overhead, the size of the routing 

packet was increased. Plus, at moving speeds between 1m/s 

and 9m/s, the total throughput of DYMO could outperform 

that of AODV. Though, at moving speeds among 11m/s and 

15m/s, AODV might achieve a high throughput than 

DYMO.[3] 
 

D. Our spectrum sharing between energy Harvesting 

Cognitive radio users & primary users 

 We reviewed in this the investigation of the maximum 

achievable throughput for an SU sharing the spectrum among 

a PU. The SU has a fixed capacity battery and is equipped 

with energy harvesting capability. We assume that the SU 

harvests energy from primary RF transmissions as well as  

natural resources .The obtained results reveal the promises of 

employing RF energy harvesting. They have showed that the 

SU throughput can be improved as the arrival rate to the 

primary queue increase. This is attributed to the raise in the 
total of energy that the SU harvests from primary RF 

transmissions. [2] 

 

III. OUR APPROACH 

 

We are improving channel selection for routing protocols on 

the basis of channel selection technique. 

 

 A. Based on no. of packets : 

 

In this approach, selection of a threshold of packets sent by the 
primary user, if the no. of packets go beyond the particular 

threshold then one secondary user packet will be sent on the 

channel. This will make sure that the secondary user does not 

starve of communication & the packet flow is continuous 

without disturbing the primary user. 

 

 B. Based on Access time by the primary user: 

 
In this case, first scanning of channel will be done. If the 

primary user is not accessing the channel for some amount of 

time then that channel will be allocated to the secondary user 

thereby optimizing the utilization of channel for both the user. 

 

IV. COMPARISION 

Algorithm Comments 

Myopic Require awareness of channel 
statistics. 

Simple, yet not consistently 

accurate. 

Unable to track channel evolution. 

Online 

Learning 

Require no prior knowledge of the 

channel. 

Used with Thompson Sampling to 

find the greatest channel for 

unlicensed users. 

Used to predict whether switching 

channels or remaining on the same 

channel is optimal. 

Based on no. of packets Selection of threshold. 

Based on access time by 

primary user 

Scanning of channel is done. 

 

V.CONCLUSION 

 

In the previous system, channel selection was limited to only 
some selected routing protocols. This made application of 

cognitive radio restricting to only selected routing protocols. In 

this project, the concept of channel selection can be extending 

between primary user and secondary user in a flexible manner. 
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Abstract:  

               In wireless communication applications, low power 

encoders and Decoders are highly beneficial. This work presents 

Hybrid method Viterbi decoder which has less delay in data 

transmission compared to trace back type and register exchange 

type. Also it needs very less power and area. The Viterbi algorithm 

is a widely used algorithm for decoding of convolution codes. The 

algorithm helps to find a path of the trellis diagram, in which the 

sequence of output symbols is nearly equal to the received 

sequence.  

To accomplish this task, it calculates for each path the path 

metric, which measures the distance to the received symbols 

sequence. The metric distance between the received noisy symbol 

and the output symbol of the state transition is calculated by branch 

metric unit. ACSU computes the accumulated metric associated 

with the sequence of transitions (path) to reach a state. When more 

than one path arrives to a state, ACSU selects the path with the 

lowest metric value, which is the survivor path. SMU (survivor 

memory unit) stores the information that permits to trace back from 

a state to the previous one. Hybrid unit is incorporated between 

ACS unit and SMU. 

 In Hybrid method number of memory blocks are reduced. This 

in turn reduces the area requirement. The two clock cycle is used, 

in which one is for trace back the information and another for 

storing the information in register block. This leads to a major gain 

in speed of data correction along with low power. The overall 

System will be designed using HDL language and simulation.  

Keywords— Branch Metric Unit (BMU), Add Compare and Select 

Unit (ACSU), Survivor Memory Unit (SMU), Hardware 
description Language (HDL) 

I.  INTRODUCTION  

Convolution codes, which allow for efficient hard-

decision. It has been widely deployed in many wireless 

communication systems to improve the limited capacity of the 
communication channels. The Viterbi algorithm is the most 

extensively employed decoding algorithm for Convolutional 

codes. The availability of wireless technology has 

revolutionized the way communication is done in our world 

today. With this increased availability comes increased 

dependence on the underlying systems to transmit information 

both quickly and accurately. Because the communication 

channels in wireless systems can be much more hostile than in 

“wired” systems, voice and data must use forward error 

correction coding to reduce the probability of channel effects 

corrupting the information being transmitted. Wi-Fi is a 

popular technology that allows an electronic device to 

exchange data wirelessly from transmitter to receiver. A new 

type of coding, called Viterbi coding, can achieve a level of 
performance that comes closer to theoretical bounds than more 

conventional coding systems.  

      The Viterbi Algorithm, an application of dynamic 

programming, is widely used for estimation and detection 

problem in digital communications and signal processing. It is 

used to detect signals in communication channels with 

memory, and to decode sequential error control codes that are 

used to enhance the performance of digital communication 

systems. Convolutional codes are frequently used to correct 

errors in noisy channels. They have rather good correcting 

capability and perform well even on very bad channels. 
Convolutional codes are extensively used in satellite 

communications. Although Convolutional encoding is a 

simple procedure, decoding of a Convolutional code is much 

more complex task. Several classes of algorithms exist for this 

purpose.  
The Viterbi decoding algorithm, proposed in 1967 by 

Viterbi, is a decoding process for Convolutional codes in 
memory-less noise. The algorithm can be applied to a host of 
problems encountered in the design of communication systems. 
The Viterbi decoding algorithm provides both a maximum-
likelihood and a maximum a posteriori algorithm. A maximum 
a posteriori algorithm identifies a code word that maximizes 
the conditional probability of the decoded code word against 
the received code word, in contrast a maximum likelihood 
algorithm identifies a code word that maximizes the 
conditional probability of the received code word against the 
decoded code word. The two algorithms give the same results 
when the source information has a uniform distribution. 

II. PRELIMINARY RESEARCH 

In the preliminary research it has been found that the 

constraint  length associated  with  the  input  bits  are  large,  



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 198 
 

hence  it  needs  to implement  the  larger  constraint  length  

with  lesser  hardware and lesser computations for decode the 

original data. So the proposed method uses Hybrid method of 

Viterbi decoder which will lover down the power consumption 

and increase the speed of operation. 

III. LITURATURE SURVEY 

Song Li and Qing-Ming Yi (2006) proposed a 

scheme based on Verilog language for the implementation of 

high-speed and low power consumption bi-directional viterbi 

decoder . The decoding was done in both positive and negative 

direction and the delay was half of that of the unilateralism 

decoder and the decoding speed was greatly improved. 

Yun-Nan Chang and Yu-Chung Ding (2006) 

presented a low power design for viterbi decoder based on a 

novel survivor path trace mechanism. By incorporating the 

dynamic multiple path convergence scheme, the survivor path 

can be determined at earlier stage such that the overall 

survivor memory access can be reduced. 
The experimental results show that the average 

memory reference can be reduced up to more than 30% for 

digital video broadcasting (DVB) application at high signal-to-

noise ratio. The bit-error-rate (BER) performance of the 

proposed approach can be even better in some cases. This 

approach can lead to the reduction of power since memory 

operation is considered as the major power consumption of the 

entire decoders. 

Lupin Chen et al (2007) presented a low-power trace-

back (TB) scheme for high constraint length Viterbi decoder. 

This paper presents a new low-power memory-efficient trace-
back (TB) scheme for high constraint length Viterbi decoder 

(VD). With the trace-back modifications and path merging 

techniques, up to 50% memory read operations in the survivor 

memory unit (SMU) can be reduced. The memory size of 

SMU can be reduced by 33% and the decoding latency can be 

reduced by 14%. The simulation results show that compared 

to the conventional TB scheme, the performance loss of this 

scheme is negligible. 

Xuan-zhong Li et al (2008) discussed a high speed 

viterbi decoder which was based on parallel radix-4 

architecture and bit level carry-save algorithm. Seongjoo Lee 

(2009) presented an efficient implementation method for 
parallel processing viterbi decoders in UWB systems. 

From the literature survey, viterbi decoder is mainly 

used in all communication techniques. Logic styles like 

CMOS, Pseudo NMOS and Dynamic logic design of circuits 

at ACS level are done but the switching activity in these logic 

styles are high and hence lead to high power dissipation. From 

the literature survey we found that Viterbi decoder is designed 

by using Register Exchange method or Trace Back method. 

1. Trace back method has very high delay. Suitable 

for larger constraint length of data. 

2. Register Exchange method requires large area. 
suitable for shorter constraint length of data. 

So that in proposed method we will try to combine 

both the methods so we will get the advantages of both the 

methods. By using Hybrid method Delay is reduced and area 

required is less as compare to register exchange method, 

because in Hybrid method it will store alternative memory 

locations. 

IV. PRESENT SYSTEM IN USE 

Present system uses two basic ways to keep track of the best 

path to get to each state. These are the register-exchange, and 

the trace back method. The register exchange is very easy to  
 

understand, and works well for small constraint lengths. The 

trace back method is a bit more difficult, but works well for 

longer constraint length codes.  

 

V. FUTURE OBJECTIVE 

 

The present system is complicated to use and has some 

limitations. 

 Trace back method requires several reads to trace 

backwards to find exact path. This operation needs extra 

read ports.  The address (word and bit) of the second step 

back is based on the value of the first step back. This 

means possibly doubling the clock to out of the RAM, or 

using a large MUX after the second read. 

 Register exchange method results in complex hardware 

and high switching activity due to the need to copy the 

content of all the registers from state to state.It is time 

consuming process. 

 So, by considering above limitations our future objective 

will be to implement Viterbi decoder using Hybrid 

method which will combine the processes and advantages 

of register exchange method and trace back method. 

 Implement an efficient design of viterbi decoder. 

 Reduce the power consumption without degrading the 

decoding speed. 

 Reduce the Area and Delay. 

 Design of area optimize synchronous pipelined 

architecture for high throughput core. 

 

 Maximum operating frequency greater then 200Mhz for 

high speed application. 
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Abstract- Agriculture is the backbone of 

India’s economic activity and our experience during 

last 50 years has demonstrated the strong correlation 

between agricultural growth and economic 

prosperity. If India has to emerge as an economic 

power in the world then our agricultural productivity 

should equal to those countries, which are currently 

rated as economic power of the world.  

About, 95% of plants (either food crops or 

cash crops) are grown in open field. But in some of 

the temperate regions where the climatic conditions 

are extremely adverse and no crops can be grown, 

man has developed methods of growing some high 

value crops using controlled environment, which is 

called as Greenhouse Technology. So, Greenhouse 

technology is a technique of providing favorable 

environment condition to the plants irrespective of 

the weather changes.  

This paper gives design of prototype model 

of the hardware and firmware of the system. In this 

project we would be making a system which will be 

sued for proving favorable environment conditions to 

plants by monitoring parameters such as 

temperature, light intensity, humidity, moisture etc. 

using microcontroller. 

Further this is a sponsored project by Sri 

Sai Fibers, Hyderabad. 

I.       INTRODUCTION  

Presently the market of Greenhouse 

technology is growing a lot in India. Companies 

like ABB, Dupoint etc. are investing in this field as 

it has tremendous scope of development in India. 

As we all know that the climate in India is 

becoming unfavorable fro plants day by day. Due 

to which farmers are incurring huge loss and due to 

this suicide of farmers is becoming common in 

India. 

To overcome this problem the only 

feasible solution is to use Greenhouse technology 

i.e. growing plants in controlled environment 

irrespective of the exterior climatic changes. 

Greenhouse controllers are a small unit which is 

used for controlling the parameters such as 

Temperature, Humidity, Soil moisture, Controlling 

Light intensity etc. The main advantage of using 

Greenhouse Controller is that one can grow any 

plant in any place at any time by providing suitable 

environmental conditions with minimum labour. 

The Government of India is also taking initiative 

by giving subsidy and easy loan facility to farmers 

for installing Greenhouse technology. 

Greenhouses are framed or inflated 

structures covered with transparent or translucent 

material large enough to grow crops under partial 

or fully controlled environmental conditions to get 

optimum growth and productivity. Currently PLC’s 

are used for controlling the parameters. But in our 

project we will be replacing these PLC’s by 

microcontroller. The prime intention of doing this 

is to reduce cost but provide the same facility so 
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that this technology can be used in a very high 

scale. 

Some of the advantages of using 

Greenhouse controller are as follows: 

1. The yield may be 10-12 times higher than 
that of outdoor cultivation depending upon 

the type of greenhouse, type of crop, 

environmental control facilities. 

2. Reliability of crop increases under 

greenhouse cultivation. 

3. Ideally suited for vegetables and flower 

crops. 

4. Year round production of floricultural 

crops. 

5. Off-season production of vegetable and 

fruit crops. 

6. Disease-free and genetically superior 

transplants can be produced continuously. 

7. Efficient utilization of chemicals, 

pesticides to control pest and diseases. 

8. Water requirement of crops very limited 

and easy to control. 

 

            II.   DESIGN AND ARCHITECTURE  

 

 

 
 

 
Figure 1  shows the Basic block diagram of the whole system. 

 

The above block diagram explains the basic 

working of the project. As we can see that the 

MSP432 processor is the heart of the whole system. 

As we can see in the above block diagram, 

basically we are controlling 4 bays using a single 

microcontroller which is not possible in the current 

PLC based system. 

A 12V SMPS is used for giving the basic 

power to the whole circuit. But the voltage is 

regulated using a simple passive regulator. The 

output of the regulator is of 5V DC which is given 

as an input to the MSP432 microcontroller the 

OLED display, the touchpad. 

 

Next different bays are connected to the single 

microcontroller i.e. the MSP432 microcontroller. 

Each bay has its own set of sensors and the user 

can set different values for different bays according 

to the requirements. 

For setting all the parameters a resistive 

touchpad with a graphic LCD will be used. All the 

current measurement parameters of all the bays will 

be displayed on the screen simultaneously. The 

main reason for using resistive type of touch screen 

is that it is more immune to electromagnetic 

interference from the environment. 

Once the values are entered by the user and the 

user decides the mode of the system in which it 

will work i.e. Auto mode or Manual mode. The 

functioning of the unit will start accordingly. 

 

 

Figure 2  shows the Basic block diagram of each Bay. 

 

As we can see in fig.2 each bay consists of 

four sensors for reading the physical parameters. 

The parameters that we are measuring are 

Temperature, Humidity, Light intensity, Moisture 

of the soil. 

For measuring the temperature we are using a 

digital sensor DS18B20 which has a resolution of 

measuring the temperature of up to 0.1°C. The 

main reason behind using a digital sensor is that 

they are more immune to noise. As the Bay’s 

http://agrifarming.in/tag/greenhouse-cultivation
http://agrifarming.in/tag/vegetables
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would be away from the main controller, noise gets 

into the wire and the impedance of the wire also 

plays a big role in analog sensors. But this is not 

the case with the digital sensors. Digital sensors 

can be used up to 100 feet’s with a small pull-up 

resistance. This range can be increased by simply 

increasing the pull-up resistance values. 

Next for measuring the humidity we would be 

using the analog sensor HS320. To reduce the cost 

of the system and make the system cheaper so that 

it can be sold in market like India where the 

farmers are very poor and can’t afford costly 

greenhouse controlling system, we have used 

analog sensor. A good analog humidity sensor is 

approximately 5 times cheaper than a good digital 

humidity sensor, and due to this the cost of the 

system decreases drastically. 

Both the Lux and Moisture sensors are analog 

sensors and would be used with the analog pin of 

the controller. Again the main reason of using 

analog sensor is to reduce the cost of the system. 

Relays are being used to drive the 3-phase 

contactors which are controlling the 3-phase 

motors and fans. 

The USB flash drive is used for storing the real 

time data for future references. This system can 

further be synchronized with network so that 

remote access to the system is possible. 

This system would be having a manual button 

so that if the system gets failed then also the user 

can manually access the relays. 

 

                   III. MSP432 

 

MSP432 is a ARM 32-Bit Cortex-M4F CPU 

and can operate at frequency up to 48MHz. It has a 

256KB of flash main memory which supports 

simultaneous read and execute during program or 

erase. This means that there will be no need to turn 

off the system when OTA (over the air) up 

gradation of the firmware is done. 

It has a 16KB of Flash information memory. It 

also has 64KB of SRAM and 32KB of ROM with 

Driver libraries. 

It can work on a wide supply voltage range of 

1.62V to 3.7V. The active power consumption is 

very low i.e. 90µA/MHz. 

The stand-by power consumption is only 

430nA. This makes it highly suitable for battery 

operated systems and in the systems which are at 

remote location and frequent power cuts happens. 

Has a UART with automatic Baud-Rate 

detection. This makes it suitable for the systems in 

which many sensors are used and also the system in 

which master slave communication will take place. 

It also has a 14-bit ADC which make is 

suitable for handling ultra high precision analog 

sensors. It also supports port mapping feature due 

to which one can reduce the PCB size and 

indirectly the cost of the system.   

 

 

Figure:4 shows the Basic Functional Block Diagram of 

MSP432. 

This project is currently under development 

and it is sponsored by Sri Sai Fibers, Hyderabad. 

SSF, Hyderabad is currently developing 

greenhouse system with and without electronic 

controllers. Previously they were using PLC based 

systems but due to the cost factor they are now in 

the R&D phase of the controller based system. 
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Abstract- This paper presents mobile ad-hoc networks 

(MANETs) which are based on a fundamental aspect, 

which is the collaborative parameter. This parameter 

may compromise the networks. In MANET based on 

SISO (Single-Input Single-Output) technology, the 

interferences at the monitor no deco promise the 

observation and the accuracy of the cooperation report. 

That is why, we concentrates on the MIMO (Multi-

Input and Multi-Output) technology to overcome these 

drawbacks and to significantly improve the monitoring 

process. Adopting Multiple Input-Multiple-Output 

(MIMO) technology, we devise two many-to-one 

cooperative plans under converge-cast for both static 

and mobile ad hoc networks (MANETs), respectively. 

We call them Convergimo Schemes. In fixed networks, 

our Convergimo scheme highly utilizes hierarchical 
cooperation MIMO transmission.  

 
Keywards:-  MANET, Throughput, Delay, MIMO, Packet 

Size, AODV, NS2(Network Simulator), TCL. 

 

I. INTRODUCTION 

 

            As we know that significant progress has been 

made in securing MANETs via the development of 

secure routing protocols. The network topology in an 

ad hoc network is highly dynamic due to the 

movement of the nodes, hence mobility is a major 

limitations in designing routing protocols for them. 

Apart from mobility, the other major restriction s are 

bandwidth and resource availability.  Basically 
Mobile Ad-hoc network (MANET) is a collection of 

independent mobile nodes that can liaise with each 

other via radio waves. The mobile nodes that are in 

radio range of each other can directly communicate, 

whereas others  require the aid of intermediate 

nodes to route their packets in multi-hop fashion. 

MANETs are used in tragedy recovery, rescue 

operations, military communication and many other 
applications. In multi-hop wireless ad hoc networks, 

designing energy logical routing protocols [1] is 

critical since nodes have very limited energy, 

computing power and communication abilities. 

Routing is an important aspect in mobile ad hoc 

Network. Routing protocol determines the path to be 

followed by data packets from a source node to a 

destination node. Mobile ad-hoc networks are 

wireless networks that offers multi- hop connectivity 

between self configuring & self organizing mobile 

hosts. Nodes are serves as routers &may arbitrarily. 

Self-configuring network of mobile routers (and 
related hosts) connected by wireless links. While 

MANETs are self contained, they can also be  trussed 

to an IP-based global or local network – Hybrid 

MANETs. A set of nodes can be easily compromised 

such that detecting the malicious behavior is tedious.  

                 

 Such nodes inundation other nodes with routing 

traffic; advertise non –existent links, drop packets, 

changes the contents of packets and thus inflicting 

failure in network. One of the most well liked routing 

protocol, Ad-hoc on demand distance vector (AODV) 
is used in MANET. It is a source aligned routing 

protocol where routes are uncovered only on demand. 

However, AODV is unsafe to packet dropping attack. 

A malicious node stealthily drops some or all data 

packets or control packets without forwarding them 

to destination. A group of nodes can drop packets in 

collaboration in network at such a rate that message 

communication in network may get degraded or even 

disrupted. Due to lack of physical protection and 

https://www.google.co.in/search?biw=1366&bih=667&q=define+collaborative&sa=X&sqi=2&ved=0ahUKEwjz1cWsuv7JAhXOwY4KHdBuAGwQ_SoIHzAA
https://www.google.co.in/search?biw=1366&bih=667&q=define+plan&sa=X&ved=0ahUKEwi8ooP4uv7JAhUXB44KHcAWAyAQ_SoIHDAA
https://www.google.co.in/search?biw=1366&bih=667&q=define+fixed&sa=X&ved=0ahUKEwi3gbfpu_7JAhXOB44KHXB7BHQQ_SoIHTAA
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reliable mechanisms, packet dropping attack posts a 

serious threat to routing in MANETs. 

 

MANETs are used in disaster recovery, rescue 

operations, military transmission and many other 

applications. In multi-hop wireless ad hoc networks, 
designing energy-efficient routing protocols [1] is 

critical since nodes have very limited energy, 

computing power and communication capabilities. 

Routing is an important aspect in mobile ad hoc 

Network. Routing protocol determines the path to be 

followed by information packets from a source node 

to a destination node. Concentrating on throughput 

and delay performance in this paper, we present a 

new type of many-to-one cooperative schemes with 

MIMO in both static and mobile networks, from the  

view of converge-cast. We call them Convergimo 

schemes. For Convergimo scheme in a static 
network, the whole network is split into clusters with 

equal number of nodes in each of them. 

Communications between clusters are coordinated 

through distributed MIMO transmissions amalgamate 

with multihop strategy while within a cluster, it is 

operated through joint  dispatch of multiple nodes to 

others. Under mobile ad hoc networks (MANETs) 

where hierarchical cooperation cannot be accepted 

due to the mobility of nodes, we devise another 

Convergimo scheme where the network is still split 

into equal cells. In each time aperture, multiple nodes 
that possess information for the same destination are 

allowed for joint  dispatch to other nodes within the 

cell. Other nodes will receive a combination of the 

information from these transmitters due to the 

outcome of MIMO through fading channels. This 

procedure continues, with the number of nodes that 

hold such mixed  data increases, until 

all the destinations receive sufficient mixed 

information that can be decipher with high 

probability. Our main benefactions can be 

summarized 

 
For our Convergimo scheme under MANETs, with 

optimal network division, the per-node throughput 

is_ð1Þ with the corresponding delay reduced to 

_ðkÞ. Our results well combine, and generalize some 

previous works since all of them can be easily 

implemented to other traffic modes. Especially, our 

plan in MANETs breaks the vacancy of such MIMO 

plan design remaining in mobile networks before. 

 

    II      DESIGN AND IMPLEMENTATION 

 

Comparing  three scenarios:-  

 User moving towards base station. 

 user is stable. 

 user moving away from base station. 

     
 Parameters of comparision:- 

 Throughput. 

 Packet delivery. 

 Packet loss. 

 Maximum delay 

 

III.   MOTIVATION 

             

As we know that ,Wi-Fi and Wi-Max are both 

wireless technologies but Wi-Fi can only be operated 

in short ranges (max 250m) and Wi-Max could be 

operated in long ranges (around 30 kilo meters). Wi-

Max has fixed and mobile version which could be 

used with higher bandwidth (around 40 mbps). And it 

uses connection oriented MAC protocol. Radio 

spectrum will be used 10 to 66 GHz for line of sight 

(LOS) and 2 to 11GHz for non line of sight (Non 

LOS). Adaptive modulation and coding that will be 

used. Thus in this project we are using Wi-Max 

instead of Wi-Fi to achive following parameter   

requirements:- 

 Increased Packet delivery. 

 Increased Throughput. 

 Decreased Packet loss. 

 Decreased Delay. 

 

and also to increase network efficiency. 

 

IV. PROBLEMS 

 

First of all, the resources in MANETs are limited in 

terms of energy, bandwidth, etc. Then, the nodes try 

to increase their lifespan  duration by reducing their 

energy consumption and the cost of the transmission 

operation is important in expressions of energy. 
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Secondly, when the nodes route and forward the 

packets of other nodes, this increases the delay of 

their own carton transmission and reduces their own 

average throughput. Thus, this operation may be 

recognized by nodes as punishment and not as global 

network interest. In order to deal with this problem, 
many researchers focus on the observeing 

mechanisms in order to detect the selfish nodes and 

to punish them. 

                                                        

 However, all the proposed mechanisms are 

established on the classical SISO (Single-Input 

Single-Output) technology to monitor the 

communication channel and to  diagnose the non 

forwarding nodes (selfish behavior). The most cited 

mechanism is Watchdog. Many proposed solutions 

are based on it, but it  bears from the high false alarm 

rate [1]. The main problem of these mechanisms is 
related to the intervention at the monitor node which 

makes the results of its observations wrong.  That is 

why we propose a new MAC agreement called 

MIMODog-SPACE-MAC based on MIMO (Multi-

Input Multi-Output) technology, particularly a 

SPACE-MAC protocol to significantly cancel the 

potential interferences at the monitor nodes and to 

enhance the accuracy of the monitoring results. Our 

benefactions are summarized as follows:- 

 

• The monitoring problem persists in MANETs, even 
when we employ MIMO technology, 

• A new MIMO MAC protocol is proposed to cancel 

the interferences at the monitor nodes without 

influencing the total network ability. 

• A different impact on the monitoring process with: 

DCF MAC, SPACE-MAC and MIMODog-SPACE-

MAC is dispensed and discussed. MIMODog-

SPACE-MAC significantly enhances the monitoring 

process without affecting the network ability. 

• MIMODog network modelling is done and lower 

and upper bounds of the number of monitor nodes are 

investigated. 
 

V. PROPOSED WORK 

 

Mobile next generation wireless targeted as the 

demand emerging application. The key strategies will 

be used for data rate improvement that are MIMO 

and Adaptive modulation &coding. Mobile 

communication Simulation we will do. Coverage 

range will be up to 10 kilo-meter. WiMax – Large 

coverage area, high speed, low cost per bit, high 

mobility.Routing protocols-AODV. Use of MIMO in 
MANET. Implementing network for different 

mobility patterns for mobile user. Tool-Ns2.31 with 

wimax module. To improve the QoS -Throughput, 

Delay, Packet delivery ratio, Packet loss ratio & to 

design MANET with Wi-Max. To design MIMO 

technique for sending and receiving data by using 

multiple channel. To AWK file of Throughput, 

Packet delivery, Packet loss. Also to compare 

different scenarios and to improve quality of service 

network. execution of MIMO (multiple input 

multiple output) for increasing network efficiency. 

Comparing all three scenario separately and calculate 

results based on various parameters.  

 

VI. CONCLUSION 

 

After complication of my project I will            

conclude that, this project having good 1.Throughput,  

2. High packet delivery rate,  
3. Low power loss. 
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Abstract— Removal of shadow from any of the single image is a 

very difficult task .To produced a high quality of shadow free 

image which is indistinguishable from a true shadow free scene is 

even more difficult. Shadow in any image are affected by many 

things like lighting conditions, unwanted behavior of any 

shadowed surfaces and occluding object etc. Shadows regions 

may also in a post acquisition in image processing, transforming, 

e.g. contrast enhancement. An intrinsic image is the same 

purpose to be removing the shadow through edge detection 

method .In this propose work intrinsic image is use to edge 

detection of image. For shadow detection and removal edge is 

very important. It differentiate the shadow affected area and 

other portion of image. We first derive a 2-D intrinsic image 

from a single RGB camera image based solely on colors, 

particularly chromaticity. We next present a method to recover a 

3-D intrinsic image based on bilateral filtering and the 2 D 

intrinsic image. The luminance contrasting regions with similar 

surface reflectance due to geometry and illumination variances is 

effectively reduced in the derived 3-D intrinsic image, while the 

contrast in regions with different surface reflectance is preserved.  

Keywords—  chromaticity, intrinsic image. 

I. INTRODUCTION  

Shadows are created wherever an object obscures the light 

source. A shadow caused by the interaction of light with object 

claims a fraction of the image surface. Deriving intrinsic 

images from images sequences is based on image sequences. 
Hamiltonian path based shadow removal are used to find 

shadow edges of invariant and non-invariant images. Shadow 

detection and reconstruction in High-Resolution Satellite 

Images via morphological Filtering based on bimodal 

histogram used to determine shadow and non-shadow pixels. 

An approach to detect and remove shadows from a single still 

image is implemented till now. Shadow detection and removal 

using various methods has been used but are implemented only 

for single shadow removal Shadow detection and removal  

using various method has been used but a Derivation of 2-D 

intrinsic image from a single RGB camera image based solely 

on colors, particularly chromaticity is used. 

  

The texture of the surface that was under the shadow is 
preserved to a good extend and no harsh transition between the 

shadowed parts and non-shadowed parts. In digital 

photography, shadows are typically considered as artifacts in 

the image that need to be removed, whether for enhancing 

certain parts of the image or simply for esthetic reasons. The 

problem of generating an intrinsic image that is invariant to 

illuminations is very important but challenging. The Problem 

of generating an intrinsic image that is invariant to 

Illuminations is very important but challenging, and the recent 

Methods can be divided into the following three categories. 

1) Methods that use multiple images. Weiss [1] derived an 

intrinsic reflectance image of a scene given a sequence of 
images of the scene under a range of illumination conditions. 

Weiss’s method implicitly assumes that the scene is composed 

of Lambertian surfaces. If a surface exhibits Lambertian 

reflectance, light falling on it is scattered such that the 

apparent brightness of the surface to an observer is the same 

regardless of the observer’s angle of view. These methods 

produce successful results. However, multiple images 

acquired under the required conditions are not always 

available in practice, e.g., for dynamic scenes and moving 

cameras. 

2) Methods that use a single image but require human 
interaction. Levin and Weiss [4] proposed a user-assisted 

method to perform reflection separation and one of its 

applications is shadow removal shadow formation problem as 

one of energy minimization guided by user-supplied hints in 

the form of a quad-map which can be specified easily by the 

user. These methods produce good results with careful user-

assistance, but are not of fully automatic. 

3) Methods that use a single image without human interaction. 

Learning-based approach to separate reflectance edges and 

illumination edges in a derivative image. Although this 
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method successfully separates reflectance and shading for a 

given illumination direction used for training, it is not 

designed for arbitrary lighting directions. The transformation 

of RGB representation to a 1-D grayscale representation 

reduced the discrimination between every two surfaces in the 

image. Finlayson and Drew [10] extended this  method to 
derive a 2-D intrinsic image using a four   band camera, and 

theoretically proved that 3-D invariant images can be 

recovered with  six-band cameras. in the image. Finlayson and 

Drew [10] extended this  method to derive a 2-D intrinsic 

image using a four  band camera, and theoretically proved that 

 3-D invariant images can be recovered with six-band 

cameras. The problem with this approach is that four-band and 

six band cameras are rarely used. The image can be then 

decomposed into two components using this correlation, and 

one of them is illuminant-invariant. The shadow removal 

problem is then equal to removing the other component which 

is related to the illumination temperature. 
 

            II. REMOVING ILLUMINANT DEPENDENCES 

In this section, we give a detailed description of the derived 

2-D and 3-D intrinsic images in which the illuminant 

dependences are removed. We start with a brief review of the 

adopted illumination and reflection model, then present the 

method for deriving the 2-D and 3-D intrinsic images, and 

finally consider the issue of camera calibration. 

 

                  III. RESTORING LUMINANCE  
The luminance contrast in regions with similar surface 
reflectance due to geometry and illumination variances is 

effectively reduced in the derived 3-D intrinsic image while 

the contrast in regions with different surface reflectance is 

preserved. However, the estimated 3-D intrinsic image may 

contain incorrect luminance values. In this section, we present 

a method which abstracts the luminance of the original image 

and transfers it to the intrinsic image such that a shadow-free 

image with correct luminance can be obtained.  

 

                   IV. RELATED WORK 

The template is this given project required the data at the 

base is of the multiple shadows from various website, real 
world images and the floured light images. Shadow removal is 

typically the part of which performed in two stages: (1) it is the 

detection stage in which through the shadows regions are 

detected and, mainly  determining the shadows boundaries, and 

(2) it is the reconstruction stage in which the shadows is  

sufficiently removed and a shadow-free images is reproduced. 

(Eli Arbel and Hagit Hel-Or, 2011) In this section, we suggests 

a novel reconstruction stage for the shadow removal, i.e., 

removing the shadows to the image once they have been 

detected and. Any shadows detection algorithm will be used, 

but since our method is not in confined to images with the 
certain stage the part illumination conditions such as the 

outdoor scene images, one should use a shadow detection 

algorithm that should be the best method suits the illuminating 

conditions in a given images. 

 

V. REMOVING SHADOW FROM INTRINSIC IMAGE     

USING EDGE DETECTION   

  This method works on only for a single image, in which 

invariant to the images are obtaining by finding an image that 

should be orthogonal and the direction of intensity and also 

the color change. Shadow detection using color and edge 

information classify a texture based approach for shadow 

detection. Deriving intrinsic images from images sequences is 
based on image sequences. Hamiltonian path based shadow 

removal are used to find  shadow edges  of invariant and non-

invariant images Shadow detection and removal and further 

reconstruction in high resolution Satellite Images via 

morphological Filtering based on bi modal histogram used to 

determine shadow and non-shadow pixels (Huifang Li, 

2014).This section shadow are detected through their edges 

and using that particular edges shadow free.  

 

                     VI. INVARIANT IMAGES 

This is showing that any original images which is captured 

through the camera this our original image and after the 
shadows detected the original images are rotated from the 

different different angle like 45,60,etc. But in this work all 

images are rotated into the 45degree of an angle and converted 

them to the invariant images and after this all the work both 

two images original and as well as invariant images must be 

cross correlation using them. 

 

                              VII. MOTIVATION  

Since the last decade, the study of image plays a very important 

role in security and sports event. We can see great progresses 
both in theory and in practice. However, the research interest in 

this field is still growing. The main motivations of this survey. 

With these goals in mind, we achieved the following research 

results: A study of the multiple shadow removal method. The 

image enhancement problem can also be addressed in the 

FHDI by utilizing the inter-scale dependencies of Histogram. 

By adapting to different edge shapes, we successfully estimate 

the high contrast images. Shadow detection and removal 

methods have been studied extensively in the literature. 

However, the method is basically correlations between the 

shadow effected area and the other background images.  

 

                        VII. PROBLEM IDENTIFICATION 

     A. Multiple shadow color images 

The aim of image is often to improve the visual quality, 

typically for the  human observer and  this report some 

concepts from this field will arise time and time again and we 

need to familiarize ourselves with them. 

    A.1 Basics of Digital Images 

In this report we have the basic form of:  

digital image I (sometimes denoted J) is a two dimensional 

matrix of pixels, with some height n and some width m. We 

also adopt the standard way of thinking of I as a function M 
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→ V, with M = {(i,j):i≤m,j≤n} and V being a set of pixel 

values, which means that by I(i; j). We will denote the value 

of the pixel in row i and column j of image I.Throughout this 

report we will only deal with grey scale images which means 

that all pixels have a single (but variable) value: the pixel's 

intensity or grey level. The pixels can take on intensity values 
within some preened range V, e.g. V = [0,255] in an 8-bit 

representation, where the smallest value in the range 

corresponds to black and the largest to white. Extending this 

notion to images, we consider a image I = {J_t } to be a 

collection of images,. Correspondingly we let I(i, j; t) point to 

the pixel in row i and column j. 

       

                 A.2 Shadow in Images 

Use the shadows are occurs when an object are partially or 

totally occludes direct light from a  source is  illumination. In 

general, shadows must be divided into two major classes:  self 

shadows and cast shadows, a self shadow occurs in the portion 
of an object which is must not illuminated by direct light.  A 

cast shadows are the area projected by the object in the 

direction of directed to the light. Figure 1 shows some 

examples of different kinds of shadows to an image. Figure.1 

(a) (James J. Simpson and James R. Stitt, 1998) shows scene 

image with both cast and self shadows; Figure.1 (b) gives  an 

example of cast shadow of two photographers on a grass                                           

field; (Yang Wang, 2009) Figure.1 (c) shows an  example of 

self shadow. Cast shadows can be further classified into umbra 

and penumbra region, which is a result of multi-lighting and 

self shadows also have many Sub-regions such as shading and 
inter relation. Usually, the self shadows are vague shadows 

and do not have clear boundaries (James J. Simpson and 

James R. Stitt, 1998). On the other hand, cast shadows are 

hard shadows and always have a violent contrast to 

background. Because of these different properties, algorithms 

to handle these two kinds of shadows are different. For 

instance, algorithms to tack le shadows cast by buildings and 

vehicles in traffic systems could not deal with the attached 

shadows on a human face. Accordingly, this survey attempts 

to classify various shadow removal algorithms by the different 

kind of shadows they focus on and in fact, by the different 

assumptions they made to the shadows 
 

  
     

Figure A.1 Different Kinds of Shadows In Image: (A) An 

Overview of Different Kinds of Shadows In One Image, (B) 

Cast Shadow In A Natural Scene Image,(C) An Example of 

Attached Shadow 

 

                   A.3 Shadow Detection  

In some applications, especially traffic analysis and 

surveillance system (YingLi Tian, 2011), the existence of 

shadows may cause serious problems while segmenting and 

tracking objects: shadows can cause object merging. For this 

reason, shadow detection is applied to locate the shadow 

regions and distinguish shadows from foreground objects. In 
some cases, shadow detection is also exploited to infer 

geometric properties of the objects causing the shadow 

(“shape from shadow” approaches). In spite of the different 

purposes, invariably the algorithms are the same and can 

extend to any of these applications.  A. Pratietal (Hongya 

Zhang, 2014) conducted a survey on detecting moving 

shadows; algorithms dealing with shadows are classified in a 

two-layer taxonomy by the authors and four representative 

algorithms are described in detail. The first layer classification 

considers whether the decision process introduces and exploits 

uncertainty. Deterministic approaches use an on/off decision 
process, whereas statistical approaches use probabilistic 

functions to describe the class membership.   As the parameter 

selection is a crucial problem for statistical methods, the 

authors further divided statistical methods into parametric and 

nonparametric method .For deterministic approaches, 

algorithms are classified by whether or not the decision can be 

supported by model-based knowledge. The authors reviewed 

four representative methods for their categories of his 

taxonomy and argued that Deterministic Model-based 

methods (Qingxiong Yang, 2012) rely so much on models of 

the scene that they inevitably become too complex and time-

consuming T. Horprasert et all’s method (F. P. S. Luus, 2013) 
is an example of the statistical nonparametric approach and 

the authors denote it with symbol SNP. This approach exploits 

color information and uses a trained classify to distinguish 

between object and shadows. I. Mikic et al (Huifang Li, 2014) 

proposed a statistical parametric approach (SP) and utilized 

both spatial and local features, which improved the detection 

performance by imposing spatial constraints’. Salvador et al 

proposed an approach to detect and classify shadows for still 

images.  

 
 

FigureA.2. Shadow detection and classification results of E. 

Salvador et al.(courtesy (Eli Arbel and Hagit Hel-Or, 2011)]) 
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(a) original image, (b) cast shadow map, (c) self shadow 

map. 

 

                               IX. METHODOLOGY 

 

According to literature serve as we find out the scope for the 

proposed work and   as we set goal and mentioned in problem 

identification chapter so further we proceed forward to 

achieve that goal and taking Force Histogram Decomposition 

and Pair Region which is used for Shadow removal and find 

the best output which gives minimum difference, maximum 

mean and standard deviation 

B. Shadow Detection 

the process of the shadow detection could be a primary step for 

compensation of the shadows are followed by an eventual step 

of the image analysis task, such as object are recognition or it 

should be a fundamental steps where the detection results are 

directly using by 3D shape estimation and there similar tasks. 

In any cases, shadows detection is the initial process for the 

final image analysis task. Hence, the performance of the final 

task is a highly dependent on the shadow detection 

performance 

 

B.1 Shadow Features 

In this section, shadow features are analyzed. Changes in 

shadow are analyzed on image samples, which are colored as 

Yellow, Black, Blue, Green, Red and White. The sample 

images are given infigure8. An example setup of these sample 

pictures is given infigure9.In these setups a uniform colored 

paper is laid on the surface, an obstructing object is set beside 

to the side of the sun light and a shadowed part is obtained. 

Then by using a photo editor program the sample images are 

cropped. No further image processing or filtering is applied to 

preserve original color on the sample image. The shadows 
appear in areas where the light from a source does not reach 

directly. An object can also cast a shadow on itself. The Force 

Histogram Decomposition (FHDI) decomposes the image 

along its intensity level-sets into N layers encodes two types 

of information First-order: shape contour information. (F. P. S. 

Luus, 2013) Second-order: relative spatial relations, histogram 

of forces between two different layers. Histograms of forces 

computed with 180 directions. Constant force for shape 

information. Gravitational force for spatial organization. 

 

 
 

 

Figure B.1– Sample images that are used for shadow feature 

analyses 

 

B.2 Overview of Shadow Detection Methods 
Shadow detection methods are to be classified according to 

the input data of the given image. The work in the literature 

survey should be divided into mainly two classes; one class is 
deals with moving shadow detection and the other class deals 

with static formation of the images shadow detection 

. 

B.3 Moving Shadow Detection 
Shadow detection in dynamic scenes are referred to moving 

shadow detection (Yang Wang, 2009) and usually their 

detection method approach and their steps are different from 

non-dynamic scenes (still images). Also the purpose of the 

shadow detection is in dynamic scenes should be change 

detection method, scene matching and surveillance so that it is 

different them and also the purpose for shadow detection is in 

dynamic scenes could be change. Scene matching or  

surveillance that it is different them and There are several 
studies on moving shadow detection. 

  

 
Figure B.2 –Moving shadow detection and foreground 

detection result in  
 

                         XI. CONCLUSION 

We have introduced an automatic shadow removal method 

in this paper. Two illuminant-invariant image representations 

were first derived in this paper: 2-D intrinsic image computed 

based solely on colors, and 3-D intrinsic image estimated 
based on the 2-D intrinsic image and joint bilateral 

filtering. The details of the 3-D intrinsic image were then 

transferred to the original image to reduce the luminance 

contrast in regions with similar surface reflectance due to 

geometry and illumination variances. Unlike most previous 

methods, the presented technique does not require shadow 

detection. 
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Abstract—Now-a-days, Stress is one of the major problems. 

There is hardly a week passes without hearing and reading about 

stress and its hazardous effects on body or health we can say. In 

general, overall response of the body to any demand is called 

Stress. In this work, we present a solution for  the stress 

experience of people, by considering skin temperature of person 

and its heart rate also. Main motto to alert people suffering from 

stress just by sensing our body or skin temperature. This will 

probably helps person to live healthy life, one should keep 

himself away from the hazardous mental and physical diseases.  
 

Keywords—stress, heart rate, skin temperature, stress detection. 

I.  INTRODUCTION (Heading 1) 

Work is such a state of life through which everyone should 
get happiness pride and health. But because of increasing 
development in every field competition increases rapidly. 
Every person is running behind the name, fame and money; so 
interest related to work is no more. Work is now equal to the 
mass production. Therefore, Stress is directly proportional to 
work of any kind. It can be industrial, official, or can be 
domestic workload. Work at offices, that too at corporate 
offices affects people of different professions, age. This is all 
because the globalization in economy, new information and 
communication, increasing mental workload. 

Sometimes stress is caused by the heavy workload and 
mental fatigue and sometimes it is caused if very uncertain 
situation happens with us or in front of us. If someone gave us 
a task of which we have a phobia  then it also leads to stress. 
i.e. person may suffer from stress. If a particular person is 
always dominated by the others or if a person posses negative 
thoughts throughout their mind  then it leads to increase mental 
stress of that particular person. 

Lets have a diagrammatic view of a person if he fails to 
handle or manage stress. 

 

 

Quick view of a stressor 

 

A. Causes of stress  

This stress results in increased heart rate, respiratory rate, 

sweating, muscle tightening, skin diseases. All the above 

changes are easily dignosable. i.e. one can easily recognise 

these changes just by observing the stressor. But some 

changes are tere which are not easily dignosable. For eg- 

increased blood pressure, diabetes, metabolism, circulation 

fats, harmonal imabalance etc. 
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B.  Measurement of stress 

Here are some quick ways to measure stress- 

To check muscle tension:-  

Usually when person is under stress tightening of muscles 

takes place. Tighetening of muscles of jaws, forehead is very 

usual and observable when person is under stress. 

To check the body temperature:- 

Put your hands on the side of the neck and if your hand 

temperature is noticeably cooler than neck then particular 

person is under stress. 

 

To check sweating:- 

 

When person is under stress; person sweats a lot. This is 

because of secretion of stress hormones. Sweating is one of 

the simple indicator to identify stressor. 

 

To check pulse rate:-  
 

Pulse rate usually increases and if it is greater than 75 bpm i.e. 

75 beats per minute then that particular person is a stressor 

one. 

 

One of the simple identifications we are considering in this 

project is- 

Without taking any help of external equipment just by sensing 

our skin temperature. 

                         If skin is cooler (wet) – under stress 

                         If skin is warmer (dry) – no stress 
 

C.  Reason behind the cooling of hand temperature- 

 

When person is under stress then body functioning is 

somewhat gets disturbed. Tightening of muscles takes place. 

And generally temperature of hands and feet gets cooler. 
 

         This is because the muscles at the top of the fingers of 

hands and feet gets contract and therefore it obstructs the 

blood supply to flow to that parts of the body. ( specially 

hands and feet). Since there is very fewer amount of blood 

supply over those parts so temperature undoubtedly becomes 

cooler and cooler. This is the main reason behind the cooling 

of body temperature.   

  

        

II. SOURCES OF STRESS 

There are three categories of Stress- 

1. Situational Stress 

2. Body Stress 

3. Mind Stress 

 

 

 

Situational Stress-  

                    The stress which is entirely depend upon the 

situations in our day to day life is called the situational stress. 

Situational stress is nothing but your environment where you 

lives, works etc. 

If environment at a workplace is quiet unhealthy, busy then 
one must have to run back and forth, deal with the people of 

different professions of different age groups at different 

situations, handle their work according to their availability 

then one must experience a high level of situational stress. 

 

Body Stress- 

           The stress which is caused by abuse and neglectance is 

a body stress. Body stress is a physical stress. 

Abuse generally includes consuming too much drugs, alcohol, 

too much exercise. 

Neglectance generally includes the ignorance to body 

requirement with respect to proper sleep, nutrition etc. 
All these leads to increase the body stress. 

 

Mind Stress- 

              The stress which is generally caused by negatively 

perceiving life events are called mind stress. In this case, 

person usually think in a negative direction i.e. he always 

conclude the negative side of the situation and reacts 

accordingly. A person, under bad conditions, holds himself 

responsible for the cause. So such type of behavior often 

found under this source. 

 
 

  

III. METHODOLOGY 

 

By considering the hazardous effects of stress; one should not 

reach to the critical condition. So to avoid stress this project 

will make people aware of their state of mind just by sensing 

skin temperature. Person will get his stress level in terms of 

figure. So he could take the preventive action from becoming 

a stressor. 

 

So the basic methodology behind this is given below- 
 

It basically contains three main blocks- 

 

1 Sensor 

 

2 Micro-controller 

 

3 LCD display 
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 So simple methodology beind this is- 

Sensor will sense the skin temperature through the fingers of 

hands and then its output is send to the microcontroller. 

Microcontroller then send the signal to A/D converter and 

finally we get the output on LCD display in figures. 

This is how person can measure his stress level. Using this 

device we can very well tell the person’s stress level 

depending upon the body or skin temperature. 

Standard and general format to identify stress condition 

according to the Dr.s is given below- 

Below 26 degree celcius => Highly tense 

Between 26-29 degree celcius => Slightly tense 

Between 29-32 degree celcius => Mildly calm 

Between 32-35 degree celcius => Quietly calm 

Above 35 degree celcius => Deeply relaxed 

 

So by considering these level we can tell the person’s stress 

level at any instant and can take action to control stress. 

 

IV. DEALING STRESS 

There are certain ways through which person can reduce our 

stress and maintain a good mental condition and can leave a 

better life. 

 

 Daily exercise and yoga- Exercise like walking, 

jogging that too in the early morning and yoga 

(suryanamaskar & various asnas) keeps you fresh 

throughout a day. It also gives you energy to do lots 

of activities. 

 
 Meditation-  Meditation keeps your mind stable and 

calm. It also gives positivity which keeps you away 

from mind stress. 

 

 Sharing your feelings- This is one of the best 

methods to keep ourselves away from being a 

stressor. Because sharing your problems as well as 

joys with your friends, family members, or with 

loved one gives a solution on your problems. So we 

can able to face the critical conditions. It is said that 
70% of stress gets reduced just by sharing your 

problems or feelings with friends and etc. 

 

 Listening to songs-  Listening to light music or your 

favorite songs also reduces your stress and makes 

you fresh. 

 

 “Say no” depending on the conditions- If a particular 

person has lots off workload, responsibilities which 

are somewhat difficult to handle for himself and 

during that condition someone is asking to do their 

work then just say no. If that person fail to say no to 
the other person then it is very difficult to handle or 

fulfill both the responsibilities at a time. And finally 

it results in a poor performance followed by stress.    

 

 

 

 

 

 

 
 

LCD display 

Sensors 

Micro- 

Controller 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 216 
 

 Avoid alcohol, smoking, drugs etc- Consumption of 

alcohol, smoking, drugs increases stress to large 

extent. It also increases fatigue, drowsiness, 

irritability. It also leads to vitamin deficiency, kidney 

problems, heart problems, cancer. It also affects 

lungs. 
 

 Avoid much consumption of sugar, salt- Much 

consumption of sugar leads to dizziness, hunger, 

headaches, irritability, diabetes. All these directly or 

indirectly depend to increase stress level 

 

  Much consumption of salt also leads to high blood 

pressure, abnormal mental activities through which 

stress can be increased rapidly. 

 

So all these ways are useful to balance or maintain your stress 

level. We can also say that all these are the remedies to control 
the stress or come out from the stress.  

V. ADVANTAGES OF THE DEVICE 

Main objective of the project is to make a stress level detector 

which gives digital output using microcontroller. 

 

To make people aware of their state of mind and the conscious 

of how they feel. 

 It’s a Biomedical device. 

 It is a non invasive device. 

 It is an economical device 

 Device can be easy in handling. 
 One can measure at any instant of time. 
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Abstract— Now a day’s, Secure Communication is an important 

part of any type of internet applications. With the fast growth in 

the field of information technology, it also needs the basic 

requirement like better security, authentication, and integrity 

over the environment. Basically Cryptography is based on the 

complex calculation for determining the private and public key. 

This paper aims to increase the security of traditional RSA 

algorithm by calculating the keys using four prime numbers. As 

the security depends on the public component ‘N’, here N is 

calculated by using 4 prime numbers and also both the keys are 

dependent on it. This proposed method is not being easily 

breakable. Comparison of traditional RSA and proposed 

technique, in terms of time, traditional RSA is fast but in terms of 
security, proposed technique is stronger than traditional RSA.  

Keywords—Cryptography, RSA. 

I.  INTRODUCTION  

Cryptography is divided into two parts crypto and graphy, 

Greek word crypto means “hidden, secret” and graphy means 
“writing”. A technique in which secret messages are 

transferred from one person to another over the 

communication Channel, the process is called Cryptography. 

Earlier, the cryptography is used by the kings of the states that 

were simply writing a secret message into the code words that 

most of the person could not be able to recognise it. Initially 

only the symmetric key cryptography is invented, later on with 

the need of security increases then asymmetric key 

cryptography is being introduced.  
 

 
Fig 1: Basic Diagram for Cryptography 

 

RSA is a asymmetric key cryptography technique which uses 
both the private key and public key. RSA is the short form of  

Rivest Shamir Adleman. It was develop by Rivest, Adi Shamir 

and Leonard Adleman of MIT in 1997. 

 

 
 

Fig 2: Classification of Cryptography. 

 

Similarly the other cryptography technique RSA also works 

with three steps - Key generation, Encryption and Decryption. 

RSA algorithm security basically depends on the product of 

prime number i.e. modulus „N‟. Only two prime numbers are 

used in the traditional algorithm, having a probability that it 

can be cracked by the attacker if the modulus is small. For 

security purpose no. of prime used and the modulus „N‟ is 

large is necessary. In this paper, proposed algorithm use four 

prime numbers and modified the calculation part of modulus 

„N‟. Hence calculation is complex and takes little more time 
than traditional algorithms but it couldn‟t be breakable easily. 

Encryption and Decryption techniques are remained same only 

the key generation process is modified for security purpose. 
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II. LITERATURE SURVEY 

B.Persis Urban Ivy, Purshotam Mandiwa and Mukesh Kumar 

proposed modified RSA cryptosystem to use „n‟ prime 

numbers and provide maximum security. In this implemented 

method „n‟ prime numbers are used which are not easily 
breakable and decompose. But this work only depends on the 

no. of prime number used not on the process of calculation of 

modulus “N” [11]. Hybrid RSA and Diffie Hellman 

encryption algorithm is also proposed by Shilpi Gupta and 

Jaya Sharma in order to achieve higher security. Thus it gives 

the better efficiency in terms of complexity of time. A 

limitation of this paper is that size of algorithm is large [16]. 

Modified RSA based algorithm is described by Ritu Patidar 

and Rupali Bhartiya, keys are stored offline before process 

start so that speed of exection get increased. Here only three 

prime numbers are used. If small prime number can be used 

than „N‟ could be decomposed by the attacker [5, 10]. Sami A 
Nagar and Saad Alshamma works on high speed 

implementation with modified key exchange. This works 

focus on the key exchange through offline storage real values 

of N, e and d in the SQL database and exchange through 

gateway. But this method only provides the speed but not the 

security to the original RSA algorithm [15]. For data 

communication, comparative analysis of encryption 

algorithms is done by Shashi Mehtrota and Seth Rajan Mishra. 

The result of the survey is that DES gives better result than 

RSA. It has suggested the several improvements in RSA or 

RSA should hybrid with other cryptography technique [22]. 
An Enhanced and Secured RSA Key Generation Scheme is 

introduced and implemented by M.Thangavel, P. 

Varalakshmi, Mukund Murrali and K. Nithya uses the four 

prime numbers for the enhancement of key generation. Thus 

the system is highly secure and not easily breakable, but the 

time consumption by this proposed method is large as 

compare with RSA algorithm[6].  

III. PROPOSED METHODOLOGY 

In proposed method, key generation involves the usage of four 

prime numbers. The value of E, D depends on the value of N, 

which is the product of 4 prime numbers. Most RSA systems 

are easily breakable because the computation of keys is based 
on n. This n can be easily found by factoring methods because 

it is only a product of 2 primes. If this n is obtained, the hacker 

can easily find the keys and thus break the system.  Only the 

value of n is kept as public and private component. Thus the 

attacker with the knowledge of n cannot determine all the 

primes which are the basis for finding the value of N and 

subsequently D. The encryption and decryption are based on n 

but the computation of keys is not based on n but on N. This 

makes the system secure and not easily breakable. The 

proposed algorithm is described below-  

 

Key Generation  

1. Enter the four prime numbers p, q, r and s.  

2. Calculate modulus N 

N= n*m  

Where n= p*q and m= r*s 

3. Calculate Euler phi(N) 

phi (N) = phi(n)*phi(m) 

Where, phi (n) = (p-1)*(q-1) 

and phi (m)= (r-1)*(s-1) 

4. Find a random number e, such that 1< e <phi (N) and 

gcd (e, phi (N)) =1. 

5. Compute a random number d, such that 1< d< phi (N) 

and e*d mod (phi (N)) = 1. 

Encryption  
Cipher text (C) = Me mod N 

Where M is the plain text or input message.  

e is the public key component. 

 

Decryption  

         Plain text (M) = Cd mod N 

         Where d is the private key component. 

 

  
 

Fig 3: Flowchart of Proposed Algorithm 
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IV. RESULT AND DISCUSSION  

 
 

Fig 4: Input of the proposed algorithm  

Inputs of the proposed algorithm for key generation are four 

large prime numbers. Calculation of keys i.e. both public and 

private key takes more time than original RSA algorithm but 
proposed algorithm provide the stronger key than original 

RSA algorithm.  

  

 
 

Fig 5: Key Generation for Proposed Algorithm 

 

The encryption and Decryption process are same as used in 

original RSA technique. The output of the proposed algorithm 

is shown in below figure -  

  

 
 

Fig 6: Output of Encryption and Decryption 

 

The comparison table is prepared in terms of prime number 

used, execution time and security which show the highly 

secured algorithm is proposed algorithm but its process is time 

consuming. 

 

Table1: Comparison of Different RSA based Algorithms. 
  

ALGORITHM  NO. OF PRIME 

NUMBERS 

USED 

EXECUTION 

TIME              

(in seconds) 

SECURITY 

RSA 2 0.33345 Low 

Modified 

RSA 

3 0.33291 Medium 

Proposed 

Algorithm 

4 2.5725 High  

 

V. CONCLUSION 

In this paper, proposed algorithm is implemented in MATLAB 

R2013a, the various modifications on RSA algorithm are 

based on its security. In this proposed method only few 

concepts are modify, further RSA can be modified with many 

logical changes in mathematical calculation and also it can be 

merging with Digital signature and also it can be further 

implemented in image, video, etc. 
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Abstract— Adaptive filter are primary method to remove power 

line interferences from biomedical signal like ECG signal. There 

are  Digital filter i.e. FIR filter based on various window and IIR 

filter that are very efficient to remove or minimize of such a low 

frequency signal. Adaptive filter with LMS algorithm are more 

sufficient method to remove noises from ECG signal due to its 

simplicity and robustness properties which have made to uses in 

many applications and this Application includes adaptive channel 

equalization, adaptive predictive speech coding, Noise 

Suppression and  system identification. These algorithm are used  

for faster convergence rate and better result of tracking 

properties than earlier techniques could offer. The LMS 

algorithm is currently the most popular method for adapting a 

filter, because of  its simplicity and robustness properties. When 

the signal and noises are passed through the LMS filter there are 
sign, sign-sign and sign regression are represent. 

Keywords— ECG, Adaptive Filter,LMS algorithm, Noises. 

 

I.  Introduction  
ECG  (electrocardiography) signal is most important for 

diagnosis and many other cardiac problem but when ECG 
signals are recorded it may be corrupted by noises like as 
power line interferences, base line wandering, electrode 
contact noise , motion artifacts, muscle contraction etc. 
Adaptive filters are computational device and it is self 
designing system and Adaptive filter with LMS algorithm 
shows good performance for analyzing of ECG signal so there 
are algorithm is used due to is simplicity [1]. LMS algorithm 
is most important for cancel  the noise from ECG signal due to 
its simplicity and robustness properties. LMS algorithm  have 
a weight update equation given as- 

W(n+1) = W(n) + µe(n) X*(n)              ….(1) 

Where, x(n) = input vector , W(n+1) = value of the new 
weight at time (n+1) , W(n) = value of the weight at time n 
and µ = step size . 

e(n) = d(n) – y(n)                         ……(2) 

y(n) =  ∑ Wn(k) X*(n - k)          …….(3) 

There are LMS algorithm is used when the cost is major 
criteria. In LMS algorithm , the update function is obtained by 
the multiplication of the step size with the current value of the 
error signal and input signal and does not depend other 
previous value [3].   

 

           Fig - adaptive filter 

II. LITERATURE REVIEW 

Uzzal biswas and Md. Maniruzzaman has used two Adaptive 
filter, such  as normalized least mean square (NLMS) adaptive 

filter and recursive(RLS) adaptive filter and compare with 

notch filter  both in time and frequency domain to remove 

power line interference from ECG signal.The affected 

segment create problem during the diagnosis of arrhythmia. So 

to obtain a reliable ECG signal for the diagnosis of arrhythmia 

it has become very crucial to remove the 50 Hz of power line 

interference from the recorded ECG signal. A comparison of 

the performance of FIR notch filter, wiener filter and adaptive 

filter in reducing power line interference in ECG[1]. 

M. Sushmitha and T. Balaji has be introduced Kalman based 
least mean square filter. The Kalman base,  least mean square 

filter are essentially to remove or minimize the mean square 

error and 50 Hz power line interference and uses different 

Adaptive filter algorithm  such as BLMS,DLMS filtered 

XLMS and Kalman based LMS algorithm [2]. Akash Singh 

Bhoi, Karma Sonam Shepra, Devakishore Phurailatpam, 

jitendra singh Tmang introduced noice cancellation of ECG 
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signal. It seems that  ECG signal are most important for heart 

related diagnosis and many other cardiac problem, and there 

are ECG signal is very low frequency about (0.5-100Hz) . 

ECG signal i.e. recorded during ambulatory process that signal 

is corrupted by noise, hence in signal processing noise 

removal is important so there are five type of filter median, 
Low Pass Butter worth, FIR, Weighted Moving Average and 

Stationary Wavelet Transform (SWT) with  their filtering 

effect on noisy ECG are presented remove noises. After study 

the paper there are  morphological changes in  ECG 

waveforms are shown in the filtering results of median and 

FIR filters where as there is no significant change in the noisy 

and filtered signal in case of LP Butterworth filter [4]. 

 

III. Methodology 
The least mean square algorithm adjust the filter 

coefficient to minimize the cost functions. When ECG signal 
is passed through the LMS filter than there are ECG signal and 
type of noises like as power noise , color noise and Gaussian 
noise can corrupted signal. Adaptive filter are adapt the signal 
and there are Adaptive filter with LMS algorithm are shows 
better performance for processing and analyzing of infected 
ECG signal.  

A. ECG Signal 

ECG signal is electrocardiography  Today diagnosis problems 

are increasing day by day and the ECG signal  play  important 

role in biomedical. Electrocardiography  (ECG) is a diagnosis 

tool which is used for recording the electrical activity of heart 

with the help of electrodes that   attached from skin. 
 

B. Type of Noise in ECG signal  

There are different types of noises that can change the 

characteristics of ECG signal: power line interference, base 

line wandering, muscle contraction , electrode contact noise 

ect. 
 

C. Adaptive Filter 

Adaptive filter is a computational device Adaptive  Filter  is  a  
computational  device  that are attempted   to  model  give  the  

relationship between two signal in real time in iterative 

manner. An Adaptive filter may be called as a self modifying 

digital filter. These filters are adjusts its coefficient in order to 

minimizing an error function. The result of the filter 

parameters a moment ago, automatically adjust the filter 

Parameters of the present moment, to adapting to the unknown 

Signal [2] Types of Adaptive filter: LMS , RLS ,NLMS, 

kernel  , Kalman , weiner Adaptive Filter. 
Following the flow chart that demonstrate the  algorithm that 
are used: 

                                                                          

 

 

 
      

                             

 

   

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig: Flow Chart 

 

D. LMS Adaptive Filter 

The least mean square adaptive filter adapts the signal then it 

compute filter output error and weight using LMS adaptive 

filtering. The filtered LMS algorithm is currently the most 

popular method for adapting a filters, due to its simplicity and 

robustness properties, which have made it widely adopted in 

many applications  and this Applications are  includes 

adaptive channel equalization, adaptive predictive speech 

coding, Noise Suppression and on-line system identification. 
 

E. LMS Algorithm 

Introducing LMS adaptive algorithm, a number of new 

adaptive filter algorithms have been briefly explained and 

applied to use for faster convergence rate and better result of 

tracking properties than earlier techniques could offer. The 
Filtered LMS algorithm is currently the most popular method 

for adapting a filter, because of  its simplicity and robustness 

properties, which have made it to use to  adopted in many 

other applications. Those Applications are adding adaptive 

channel equalization, adaptive predictive speech coding, Noise 

Suppression and on-line system identification [3]. 

 There are types of ECG signal and Noises: 

 

 Start  

ECG Signal  

Applying Adaptive Filter 

ECG passed in LMS 

Adaptive filter 

Using LMS Algorithm 

LMS (least mean square) 

+  Noise filter(Gaussian , 

color and power) 

Types of LMS  

Stop  
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Fig - ECG Signal and Noises 

 

 

IV. result 
There are result obtained after simulation of various filters in 

MATLAB and result got after filtration. The result of the noise 

cancellation with LMS as well as the proposed technique are 

presented. The generated sequence was considered as the input 

The noise in the signal from channel was almost removed. 

Following figure shows the output of the signal where the 

ECG signal is passed through LMS filter algorithm. In the 

figure results are indicate signal value and coefficient value, 

where blue line show desired signal, green line shows output 

and red line is error signal. 
 

    

 

 

 
Fig. ECG signal passed to the LMS adaptive filter 

 

There are when the ECG signal passed to tha LMS filter than 

there are types of LMS(least mean square) are included. 

 Sign LMS 

 Sign- Sign LMS 

 Sign regression LMS 
 

 
 

Fig- sign LMS 

 

 

  

.Fig- Sign -Sign LMS 
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Fig – Sign Regression LMS 

V. CONCLUSION 
In these algorithm discussed the LMS adaptive algorithm used 

in adaptive filters, because it give good performance for 
analysis and processing of biomedical (ECG) signal. LMS 

algorithm is used when cost is  about  major criteria. There are  

Adaptive filter with LMS algorithm is better because its 

simplicity and robustness. 
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Abstract: A Parallel self timed adder is been discussed in brief 

with a recursive approach. A multibit binary addition can be easily 

performed by the discussed design.  It gives good performance 

without any special speed up circuitry It consists of simple circuitry 

along with a special completion detection unit. The use of recursive 
method decreases the power consumption. 

          KEYWORDS:         CMOS DESIGNS,ASYNCHRONOUS 
CIRCUIT,RECURSIVE APPROACH 

I.  INTRODUCTION  

The most basic operation that a processor performs is 

binary addition. Developing clockless circuit is of high interest 

nowadays. Synchronous circuits involve many problems 

which can be easily eliminated by the use of clockless circuits 
as these circuits do not involve any quantization of time. The 

logic flow in asynchronous circuit is controlled by a request 

and acknowledge signal. These are called handshaking signals. 

       Here we are discussing Parallel Asynchronous Self Timed 

Adder. The design consists of half adders, multiplexers and a 

completion detection unit. Using explicit blocks for 

handshaking signals in small elements like adders becomes 

very expensive .Therefore dual rail carry propagation is used 

.Asynchronous adders are either based on full dual rail 

encoding of all signals or pipelined operation using single-rail 

data encoding and dual-rail carry representation for 

acknowledgments. The design is efficient for proper VLSI 
implementation. For independent carry chain blocks, the 

design works in parallel manner. The feedback consists of 

XOR gate which constitute a single rail cyclic asynchronous 

sequential adder .Cyclic circuits are more efficient then there 

acyclic counterparts. The discussed circuit takes care of 

inertial and propagation delay involved in the circuit path. By 

doing so it manages the automatic single rail pipelining of the 

carry inputs. 

                                

                                    BACKGROUND   

 
Binary adders have many designs but here we will discuss 

asynchronous adders. The logical circuits that assume time for 

correct operation are referred to as self timed circuit. 

                     The self timed adders are capable to run faster as 

compared to clocked circuits .The early completion sensing in 
self timed circuit can avoid the bundled delay mechanism 

which is a problem related to synchronous circuit. 

Self timed circuits can be classified as follows: 

 

 

 

1. PIPELINED ADDER USING SINGLE RAIL DATA 

ENCODING: To enable the adder block as well as to establish 

the flow of carry signals asynchronous handshaking signals 

are used. For internal bitwise flow of carry output, a dual rail 

carry convention is used. .It provides more than two logic 
values and thus provides bit level acknowledgement when a 

bit operation is completed. .When all bit acknowledgement 

signal are received, the final completion is sensed. An 

example of pipelined adder is carry completion sensing adder. 

It uses full adders and functional blocks. 

 

 

 

2. DELAY INSENSITIVE ADDER USING DUAL RAIL 

ENCODING: Bundling constraints or delay insensitive 

operations are asserted by delay insensitive adder. These 

adders are asynchronous in nature. Hence in presence of 
unknown gate and wire delays they can operate correctly. 

There are various types of DI adders, such as DI carry look 

ahead adder (DICLA)and DI ripple carry adder(DIRCA).           

Dual rail encoding is used by DI adders and it increases the 

complexity. The wire complexity gets doubled in dual rail 

encoding but capable to produced efficient circuits such as 

single rail variants. .The DICLA defines carry propagate 

,generate and kill equations in terms of dual rail encoding just 

like .The carry signals are organized in hierarchical tree rather 

than connecting them in a chain. So, it can perform operation 

much faster where there a long carry chain exists.  By setting 
either 0 or 1 path dual rail encoding logic can get benefited. In 

dual rail logic there is no need to wait for the evaluation of 

both paths. The speed of carry look ahead adder circuitry can 

be increased. This increased speed can be used to send carry 

generate/carry kills signal to any level in the tree.   
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DESIGN OF PASTA 

 
Architecture and PASTA theory is presented in this section.  

On each bit half addition is performed by the adder when it 

accepts two input operand. Earlier generated carry is used for 

subsequent iteration .Half additions are performed till all the 

carry bits become zero. 

 

A.PASTA Architecture: The architecture of PASTA is shown 

in fig 1. Here the select line of a two input multiplexer 

corresponds to the request hand shaking signal. This signal is a 
single 0 to 1 transition..When the SEL is 0 it will select the 

actual input operand .When SEL is 1 then the feedback/carry 

path for the iteration process will get selected. The multiple 

iterations will be continued by feedback paths in half adders 

till all carry signals will become zero. 

 
 

 
 
 

 
B.STATE DIAGRAMS: 

 

In the proposed architecture there are two phases namely 
the intial  phase and the iterative phase .State diagram of 

both these phases have been shown in fig 2.  (Ci+1, Si) 

pair is present in in each state. Ci+1, Si stand for carry out 
and sum valuesfrom the ith bit adder block respectively.  

The circuit in its initial phase works only as a 

combinational half adder during the initial phase. State 
(11) cannot appear due to the presence of half adders 

instead of full adders..The feedback path through the 

multiplexers are activated when the SEL is 1.During this 

the circuit is in iterative phase.To complete the 
recursion, the carry transitions (Ci) are allowed as many 

times as its needed .As the inputs and outputs have to go 

through several transitions before a final output is 
produced, this design cannot be said as fundamental 

mode circuit .State diagram in fig 2 shows the many 

transition involved in the circuit. It is similar to cyclic 
sequential circuits because it  separate individual state   

 

 

 
 

by using gate delays. 

 
 

 

 
 

 

RECURSIVE APPROACH USED IN DESIGN: 
 

 Sij, Cji+1  represent  the sum and carry, respectively, for 

ith bit at the j th iteration. For the initial condition when 
j=0 ,the formulae for addition are as follows: 

 

 

    
For the jth iteration the recursive addition formulae are 

given as: 

 

    

              
When the following condition is met  at kth iteration , 
the recursion is terminated: 

 

                    

                 
The recursive formula’s correctness is checked by the 
following theorem: 

Theorem 1: The formula for recursion gives the correct sum 

result irrespective of the number of bits and within finite time 

it will get terminated.  
 

CMOS IMPLEMENTATION OF PASTA 
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Fig 3 shows CMOS implementation of recursive circuit 

.Implementation of transmission gate XOR is used in 

multiplexers to match the delay with AND gate. 

To obtain an active high completion signal , the completion 

detection unit is negated. A large fan in n input NOR gate is 

required for above purpose..The high fan in problem in 
completion detection unit can be avoided by using pseudo N-

MOS design .Since it has all connections in parallel. .To 

ensure that completion detection unit do not gets turned ON 

accidentally during the initial phase ,the negative of SEL 

signal is also included along with Cis in TERM signal. 

 

 
 

 

 
 

 

 

 
 

 

 
 

 

Fig.3. CMOS implementation of PASTA. (a) Sum 

module for single bit  (b) 2:1 mux for single bit adder. 
(c) Module for single bit carry (d)Completion detection 

unit. 

 
 

SIMULATION RESULTS 

Mux simulation: 
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SUM SIMULATION 

 

 

 

 

 

CARRY SIMULATION: 

 

 

 

Above results are the simulation results for MUX,SUM and 
CARRY respectively.The simulations are performed in 

microwind tool.Among self timed adders PASTA performs 

best. PASTA completes the first iteration of the recursive 

formulation when “SEL = 0.”  

                                                     Therefore, the best case delay 

represents the delay required to generate  the TERM signal 
only and of the order of picoseconds. 

 

CONCLUSION 

This brief presents  Performance Analysis Of Parallel Self 
Timed Adder.CMOS implementation and architectural 
designs are presented.A very simple n bit adder using a 
recursive approach is used.For independent carry chain the 
circuit works in parallel manner. As in today’s case  there 
is a need of highly compact chips size so here we will try to 
make the circuit more area efficient. 

Power is a very important criteria and here we will also try 
to reduce the power requirement of the circuit. 
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Abstract—Comparator is an important device in many high 

speed applications. For these high speed devices, a major 

emphasis is given towards low power methodologies. Also 

comparators are the basic building blocks for designing various 

analog and mixed signal systems. Low power high speed 

comparators with low chip area are required by many high speed 

analog to digital converters. In this paper an efficient design of 

double comparator is proposed which operates at a high speed 

and consumes less power. 

  

Keywords—double tail comparator, positive feedback, switching 

transistor, cross coupled transistors. 

 

I. INTRODUCTION 

The most widely used component in many applications is a 

comparator. It is used in applications like analog to digital 

converters, phase locked loops, high speed ADCs. The 

operation of a comparator is just like an operational amplifier 

in which it has two inputs (inverting and non- inverting) and 

an output. The function of CMOS comparator is to compare 

two voltages or currents and produces a binary output based 

on the comparison. Comparators are also known as 1 bit 

analog to digital converters and thus are widely used in 
Analog to digital converters. In analog to digital conversion 

first the input signal is sampled, this sampled signal is then 

applied to a combination of comparators to determine the 

digital equivalent of the analog signal. The speed of the 

comparator depends on decision making time of comparator. 

The performance of comparator plays a crucial role in the 

overall performance and cost of the high speed application. 

 

  When supply voltage is smaller it becomes more 

difficult to design high speed comparators. Thus, in order to 

achieve high speed large size transistors are required so as to 
compensate for the reduced supply voltage and to achieve high 

speed. But large size transistors means more die area and 

power is required. Also low voltage operation limits the  

 

 

 

 
common mode input range. This common mode input range is 

important in many high speed architectures 

 
 The two most important features of the comparator are fast 

speed and low power consumption which are essential for the 

overall performance of high speed ADCs. In this paper the 

design of conventional dynamic comparator and double tail 
comparator are shown which will be compared with the 

modified design of double tail comparator. This paper is 

organized as follows. Section II, describes the working of 

conventional dynamic comparator, its advantages and 

disadvantages. Section III describes conventional double tail 

dynamic comparator, its working, advantages and 

disadvantages. Section IV describes the proposed double tail 

comparator. Section V describes simulation result for 

conventional dynamic comparator and conventional double 

tail comparator. Section VI draws the conclusion of the work 

done.  
 

II. CONVENTIONAL DYNAMIC COMPARATOR 

 Conventional dynamic comparators are mostly used in 

analog to digital converters. The advantages of this 

comparator are high input impedance, rail to rail output swing 

and zero static power consumption. The diagram of the 

conventional dynamic comparator is shown in fig 1. 

The operation of the comparator is as follows. During reset 

phase when CLK=0 Mtail is off. Thus a start condition is 

established as the reset transistors M7 and M8 pull both the 

output nodes Outn, Outp to VDD. Hence a logical level is 
obtained in the reset phase. 

During comparison phase, when CLK = VDD, transistor Mtail 

is on and transistors M7 and M8 are off. Depending on 

corresponding input voltages (VINP, VINN), output nodes (Outp, 

Outn) which are previously charged to VDD, start to discharge 

at different rates. When VINP > VINN, the output node Outp 

discharges faster as compared to output node  Outn, hence 

with Outp (discharged by transistor M2 drain current), falling 

mailto:khantanveer02@gmail.com
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down to VDD–|Vthp| before Outn (discharged by transistor M1 

drain current), the corresponding PMOS transistor (M5) will 

turn on to initiate the latch regeneration caused by back-to-

back inverters (M3-M5 and M4-M6). Thus, the output node 

Outn pulls to VDD and Outp discharges to ground. If the input 

voltage VINP is less than VINN, the circuit works vice versa. 
 

 

 

 

 fig1. Conventional Dynamic Comparator 

 

Though the comparator has number of advantages, it has 

also got a disadvantage. As the design have several stacked 
transistors, it needs a high supply voltage for its operation. 

Thus this comparator cannot be used in applications where the 

supply voltage is small. 

III. CONVENTIONAL DOUBLE TAIL COMPRATOR 

The schematic diagram of conventional double tail 

comparator is shown in the fig 2. The design shown has less 

stacking and therefore can operate at lower supply voltages. 

Thus this structure is efficient than the conventional dynamic 

comparator. 

 

Fig.2 Conventional Double Tail Comparator 

      The double tail comparator has a wider Mtail2 which 
enables a large current in the latching stage. Thus fast latching 

takes place which is independent of the input common mode 

voltage (Vcm).  Because of smaller Mtail1, small current 

flows in the input stage, which is required for low offset.  

       The operation of the conventional double tail comparator 

is described below. 

        During reset phase, when CLK=0, transistors Mtail1 and 

Mtail2 are off, the transistors M3 and M4 precharge the nodes 

fn and fp to VDD. This makes transistors MR1 and MR2 to 

discharge output nodes Outn and Outp to ground. 

During comparison phase when CLK = VDD, transistors 
Mtail1 and Mtail2 get switched ON. The transistors M3,M4 

turn off and thus the voltages at nodes  fn, fp start to drop with 

the rate defined by IMtail1/Cfn(p)  and an input-dependent 

differential voltage ΔVfn(p) builds up. the transistors MR1 

and MR2 forms the intermediate stage that passes ΔVfn(p).  

Thus providing a good shielding between input and output so 

as to get a reduced value of kickback noise. 

Various advantages of this structure are, it does not require 

boosted voltage or stacking of too many transistors, Separate 

designing of input and cross coupled stage results in faster 

operation that results in power savings. 

During reset phase, nodes fn and fp have to be charged 
from ground to Vdd which means more power consumption, 

which is undesirable. 

 

IV. PROPOSED DOUBLE TAIL COMPARATOR 

 The schematic diagram of the proposed double tail 

comparator is shown in fig.3. The proposed double tail 

comparator is designed by modifying the existing double tail 

comparator as it performs well when the supply voltage is 

small. 
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Fig.3. Proposed Double Tail Comparator 

  

The total power consumption in the circuit is greatly 

reduced in this circuit. For this, two switching transistors  

Mn1 and Mn2 are added to the second stage in series with M1 

and M2 transistors.  
  The operation of the proposed double tail comparator 
is as follows. During the reset phase CLK = 0 transistors 
Mtail1 and Mtail2 are off, thus avoiding static power. 
Transistors M3 and M4 pull nodes fn and fp  to VDD.  MR1 and 
MR2 are the intermediate transistors that reset both output 
latches to ground. 

 During comparison phase when CLK = VDD, 
transistors Mtail1 and Mtail2 are switched ON and transistors 
M3 and M4 are turned OFF, since fn and fp are precharged to 
VDD. According to the input voltages the output nodes fn 
and fp start to drop with different rates. Assume that VINP > 
VINN then fn drops faster than fp, as transistor M2 provides 
more current than transistor M1.As fn continues to fall, the 
corresponding PMOS transistor M3  starts to turn on, 
thereby pulling fp node back to the VDD., thus another 
transistor M4 remains off. This allows fn to get  completely 
discharged. Thus in the proposed double tail comparator as 
soon as the comparator detects that for example node fn 
discharges faster, the PMOS transistor M3 gets ON, 
thereby pulling other node fp back to VDD. This is very 
unlikely to the conventional double tail comparator, in 
which ΔVfn/fp is a function of input voltage difference and 
input transistor transconductance. Thus with the passage of 
time, the difference between fn and fp (ΔVfn/fp) increases 
exponentially and hence reducing the latch regeneration 
time.  

 Thus in the proposed structure, the average power 
consumption of the circuit is reduced when compared to the 
existing double tail comparator. 

V. SIMULATION RESULTS 

The various comparator architecture are simulated using 
microwind simulation tool 

 

Fig.4 Design Of Conventional Comparator 

 

 

 

 

 

Fig.5 Simulation results for conventional comparator 
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Fig.6 Design Of Conventional Double Tail Comparator 

 

 

VI. CONCLUSION 

In this paper, an efficient design of double tail comparator 
is proposed. From the simulated results it is found that the 

delay is lesser in conventional double tail comparator as 

compared to the conventional dynamic comparator. Also from 

the study of the proposed design it is observed that it will 

consume less power than the existing comparators. Hence the 

proposed double-tail comparator can be used for the design of 

high speed applications that require low power. 
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Abstract— For the secured transmission of data, many 

cryptographic algorithms are in use. It enables us to transmit the 

sensitive information across insecure networks so that 

unauthorized persons cannot access it. Rijndael represents an 

algorithm for advanced encryption standard consists of different 

operations required in the steps of encryption and decryption. 

The design uses lookup table implementation of S-box with block 

size of 128 bits and key size of 192 bits. This gives low complexity 

architecture and easily achieves low latency as well as high 

throughput. Simulation results are generated and compared with 

previous reported designs. Quartus II Modelsim Project 

Navigator is used for synthesis and simulation of this proposed 

architecture purpose. Implementation of Encryption and 

Decryption, also known as Rijndael Algorithm which has been 

selected a new algorithm by the National Institute of Standards 

and Technology (NIST) as US FIPS 197 in November 2001 after a 
5-year standardization process. 

Keywords—Rijndael; cryptography; key; encryption; 
decryption; VHDL. 

I.  INTRODUCTION  

Rijndael algorithm is an efficient cryptographic technique 

consists of different operations in iterative looping approach in 

order to minimize hardware consideration, with block size of 

128 bit, lookup table implementation of S-box. It includes 

generation of ciphers for encryption and inverse ciphers for 

decryption by performing four rounds of transformations by 

192 bit key size cipher 
 

On October, 2, 2000, The National Institute of Standards and 

Technology (NIST) announced Rijndael as the new 

Encryption Standard .The Predecessor to the encryption 

standard was Data Encryption Standard (DES) which was 

considered to be insecure because of its vulnerability to brute 

force attacks. DES was a standard from 1977 and stayed until 

the mid 1990‟s. However, by the mid 1990s, it was clear that 

the DES‟s 56-bit key was no longer big enough to prevent 

attacks mounted on contemporary computers, which were 

thousands of times more powerful than those available when 
the DES was standardized. The Rijndael is a 128 bit 

Symmetric block Cipher.  

 

This paper includes the complete step by step implementation 

Rijndael Technique, i.e. encrypting and decrypting 128 bit 

data using the Rijndael algorithm and it‟s modification for 

enhanced reliability and security. The encryption process 

consists of the combination of various classical techniques 
such as substitution, rearrangement and transformation 

encoding techniques. The encryption and decryption modules 

include the Key Expansion module which generates Key for 

all iterations. The modifications include the addition of an 

arithmetic operation and a route transposition cipher in the 

attacks iterative rounds. The Key expansion module is 

extended to double the number of iterative processing rounds 

in order to increase its immunity against unauthorized attacks. 

 

II. RIJNDAEL ALGORITHM 

 
Rijndael algorithm is the winner of the contest, held in 1997 

by the US Government, after the Data Encryption Standard 

was found too weak because of its small key size & the 

technological advancements in processor power. Fifteen 

candidates were accepted in 1998 and based on public 

comments the pool was reduced to five finalists in 1999. In 

October 2000, one of these five algorithms was selected as the 

forthcoming standard: a slightly modified version of the 

Rijndael.  

 

The Rijndael, whose name is based on the names of its two 

Belgian inventors, Joan Daemen and Vincent Rijmen, is a 
Block cipher, which means that it works on fixed-length group 

of bits, which are called blocks. It takes an input block of a 

certain size, usually 128, and produces a corresponding output 

block of the same size. The transformation requires a second 

input, which is the secret key.  

 

It is important to know that the secret key can be of any size 

(depending on the cipher used) and that encryption standard 

uses three different key sizes: 128, 192 and 256 bits. While 

Encryption standard supports only block sizes of 128 bits and 

key sizes of 128, 192 and 256 bits, the original Rijndael 
supports key and block sizes in any multiple of 32, with a 

minimum of 128 and a maximum of 256 bits. 
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Fig1: Complete Rijndael Encryption and Decryption process 

A. Algorithm Specification 

Rijndael is an iterated block cipher with a fixed block size of 

128 and a variable key length. The different transformations 

operate on the intermediate results, called state. The state is a 

rectangular array of bytes and since the block size is 128 bits, 

which is 16 bytes, the rectangular array is of dimensions 4x4. 

(In the Rijndael version with variable block size, the row size 

is fixed to four and the number of columns varies. The number 

of columns is the block size divided by 32 and denoted Nb). 

The cipher key is similarly pictured as a rectangular array with 
four rows. The number of columns of the cipher key, denoted 

Nk, is equal to the key length divided by 32.  

It is very important to know that the cipher input bytes are 

mapped onto the state bytes in the order S0,0, S1,0, S2,0, S3,0, 

S0,1, S1,1, S2,1, S3,1 ... and the bytes of the cipher key are 

mapped onto the array in the order k0,0, k1,0, k2,0, k3,0, k0,1, k1,1, 

k2,1, k3,1 ... At the end of the cipher operation, the cipher output 

is extracted from the state by taking the state bytes in the same 

order. Rijndael uses a variable number of rounds, which are 

fixed: A key of size 128 has 10 rounds. A key of size 192 has 
12 rounds. A key of size 256 has 14 rounds.  

Table 1: Key/Block/Round Size 

Type  Key length 

( Nk words )  

Block Size 

(Nb Words )  

Number of 

Rounds ( Nr 

words )  

Rijndael-

128  

4  4  10  

Rijndael-

192  

6  4  12  

Rijndael-

256  

8  4  14  

 

The complete assembly of Rijndael can be grasped through 

fig: 1.The input is just a single data of128 bit for the purpose 

of decryption & encryption and is recognized as the in 
dimension plain text  is of as a 128 bit and key is of 192 bit 

square dimension of bytes. This key is later expanded into a 

dimension of key schedule words (32 bits) (the w matrix). It 

need to be noted that the during of bytes within the in matrix is 

by column. The same is applicable to the w dimension.During 

each round.  

S0,0 S0,1 S0,2 S0,3 

S1,0 S1,1 S1,2 S1,3 

S2,0 S2,1 S2,2 S2,3 

S3,0 S3,1 S3,2 S3,3 

 

Fig 2 (a) Conversion of 128 bits data to state array 

 

    

    

 

 

Fig 2(b)  Conversion of 192 bits data of key in matrix 

K0,0 K0,1 K0,2 K0,3 K0,4 K0,5 

K1,0 K1,1 K1,2 K1,3 K1,4 K1,5 

K2,0 K2,1 K2,2 K2,3 K2,4 K2,5 

K3,0 K3,1 K3,2 K3,3 K3,4 K3,5 

128 bits 

 
 192 bits 
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The four bytes in each column of the state array form 32 bit 

words, where the row number r provides an index for the four 

bytes within each word. For ex. state can be considered as an 

array of four words (W0 – W3) and key length of four as- 

W0 = S0,0, S1,0, S2,0, S3,0 W2 = S0,2, S1,2, S2,2, S3,2 

W1 = S0,1, S1,1, S2,1, S3,1 W3 = S0,3, S1,3, S2,3, S3,3 

For 192 bit key, state considered as an array of six words (W0 

– W5) so that‟s why the key length is represented by Nk = 6 by 

W0 = K0,0, K1,0, K2,0, K3,0 W2 = K0,2, K1,2, K2,2, K3,2 

W1 = K0,1, K1,1, K2,1, K3,1 W3 = K0,3, K1,3, K2,3, K3,3 

W4 = K0,4, K1,4, K2,4, K3,4 W5 = K0,5, K1,5, K2,5, K3,5 

 
After an initial round key addition, the state array is 
transformed by implementing a round function depending on 
the key length ,with the final round differing slightly from the 
first Nr-1 rounds. The final state is copied to the output .The 
round function is parameterized using a key schedule that 
consists of a one-dimensional array of four – byte words 
derived using the key expansion routine. 

B. Rijndael Encryption Process 

The algorithm initiates from Add round key process followed 

by total of 11 iterations of four transformations and the 12th 

iteration of 3 tranformations. This is applicable for both 

encryption and decryption . Four  transformations  used are as 

given below : 

1. Add Round Key   
2. Shift rows  

3 Subbyte  

4. Mix column 

The 12th iteration just doesn‟t use the Mix Columns 

transformation. Different key for each round and derived from 

the Rijndael key schedule Salient Features:  

• The cipher key is expanded into a larger key, which 

is later used for the actual operations  

• The round Key is added to the state before starting 

the with loop  

• The Final Round () is the same as Round (), apart 
from missing the Mix Columns () operation.  

• During each round, another part of the Expanded 

Key is used for the operations  

• The Expanded Key shall always be derived from the 

Cipher Key & never be specified directly.  

 

Rijndael Operations 

 1. The AddRoundKey operation:  

In this operation, a Round Key is applied to the state 

by a simple bitwise XOR. The Round Key is derived from the 

Cipher Key by the means of the key schedule.The Round Key 

length is equal to the block key length (=24bytes).A 16 byte 
state matrix and  24 byte key matrix results 16 byte cipher 

matrix representation is shown as follows:Input state matrix 

XOR with key size matrix ,result is new state matrix.Each 

round key cosist of Nb wordsfrom round key.Nb words are 

added to the column of the state we get 

[ S‟0,0  S‟1,0  S‟2,0 S‟3,0 ]  =  [  S0,0  S1,0  S2,0 S3,0  ]     xor   [ wround*Nb + c  ]         

for 0< c < Nb  

 

       

 

 

 

 
 

    

 

 

 

 

 

 

 

 

 
Fig.3: Add Round Key Operation 

 

2. The ShiftRow  operation:  

In this operation, each row of the state is 

cyclically shifted to the left, depending on the row 

index.  

 The 1st row is shifted 0 positions to the left.  

 

 The 2nd  row is shifted 1 position to the left.  

 

 The 3rd row is shifted 2 positions to the left.  

 

 The 4th row is shifted 3 positions to the left.  

 

 

 
 

 

F

i

g

.
2 

 

 

Fig.4: Shift-Operation 
 

3. SubBytes operation:  

The SubBytes operation is a non-linear byte 

substitution, operating on each byte of the state 

independently. The substitution table (S-Box) is 

invertible and is constructed by the composition of 

two transformations:  

1. Take the multiplicative inverse in Rijndael's finite 

field  

2. Apply an affine transformation which is 

documented in the Rijndael documentation.  

Since the S-Box is independent of any input, 

pre-calculated forms are used. Each byte of the state 
is then substituted by the value in the S-Box whose 

index corresponds to the value in the state:  

a(i,j) = SBox[a(i,j)]  

S0,0 S0,1 S0,2 S0,3 

S1,0 S1,1 S1,2 S1,3 

S2,0 S2,1 S2,2 S2,3 

S3,0 S3,1 S3,2 S3,3 

K0,0 K0,1 K0,2 K0,3 K0,4 K0,5 

K1,0 K1,1 K1,2 K1,3 K1,4 K1,5 

K2,0 K2,1 K2,2 K2,3 K2,4 K2,5 

K3,0 K3,1 K3,2 K3,3 K3,4 K3,5 

S‟0,0 S‟0,1 S‟0,2 S‟0,3 

S‟1,0 S‟1,1 S‟1,2 S‟1,3 

S‟2,0 S‟2,1 S‟2,2 S‟2,3 

S‟3,0 S‟3,1 S‟3,2 S‟3,3 

S0,0 S0,1 S0,2 S0,3  S0,0 S0,1 S0,2 S0,3 

S1,0 S1,1 S1,2 S1,3   S1,1 S1,2 S1,3 S1,0 

S2,0 S2,1 S2,2 S2,3  S2,2 S2,3 S2,0 S2,1 

S3,0 S3,1 S3,2 S3,3  S3,3 S3,0 S3,1 S3,2 

Sr,c 

S‟r,c 

Nochange 

Shift by 3 

Shift by 2 
Rows 

Shift by 1 
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Fig 5 : SubBytes ( ) applies SBox to each byte of the State 

 

SBox used in SubByte( ) transformation in hexadecimal form 

 
Fig 6 SBox: Substitution values for byte xy (in hexadecimal format) 

 

For Example: If S1,2  = {89} then substitution value is 

determined by intersection of row with index „8‟ and column 

with index m‟9‟,the result in S‟1,2  is {a7}. 

 

4. The MixColumn Operation:  

Mixcolumn operates on the state column by 

column,treating each column as four term polynomial.The 

columns are considered as polynomials over GF( 28  ) and 

multiplied modulo  

x
4
 + 1with fixed polynomial a(x) as- 

a(x) = {03}x3 + {01}x2 + {01}x + 01 

 

 
           S‟(x) =    a(x)        S(x)  

 
                   
 Fig 7: Mixcolumn ( ) operates on state column-by-column 

 

For Example: 

lets take the first column of a matrix to be s0,0 = 

{87}, s1,0 ={6E}, s2,0 = {46}, s3,0 = {A6}. 
(02 • 87)  (03 • 6E)  46  A6 = 47 

Inversr MixColumn( ) is inverse of MixColumn ( ) 

transformation. 

S‟(x) =  inv a(x)      S(x)  

 

C. Rijndael Decryption Process 

 For decryption the same process occurs simply in 

reverse order taking the 128-bit block cipher text and 

converting back into plaintext by application of inverse of four 

operation.Addround key is same for both encryption and 

decryption this process in the inverse of encryption 

process.The last round values of both data and key are the first 

round inputs for the decryption process and follows in 

decreasing order. 

 

III.    The Rijndael Key Schedule  

 The Key Schedule is responsible for expanding a 
short key into a larger key, whose parts are used 

during the different iterations. Each key size is 

expanded to a different size:  

  128 bit key is expanded to an 176 byte key.  

 An 192 bit key is expanded to an 208 byte key.  

 An 256 bit key is expanded to an 240 byte key. 

There is a relation between the cipher key size, the 

number of rounds and the Expanded Key size. For an 

128-bit key, there is one initial AddRoundKey 

operation plus there are 10 rounds and each round 

needs a new 16 byte key, therefore we require 10+1 
Round Keys of 16 byte, which equals 176 byte. The 

same logic can be applied to the two other  

Cipher key sizes. The general formula is that:  

 

Expanded Key Size = (nbrRounds+1) * Block Size 

 

Table 2: Expanded Key Size in Bytes 

 

S0,0 S0,1 S0,2 S0,3 

S1,0 S1,1 S1,2 S1,3 

S2,0 S2,1 S2,2 S2,3 

S3,0 S3,1 S3,2 S3,3 

S‟0,0 S‟0,1 S‟0,2 S‟0,3 

S‟1,0 S‟1,1 S‟1,2 S‟1,3 

S‟2,0 S‟2,1 S‟2,2 S‟2,3 

S‟3,0 S‟3,1 S‟3,2 S‟3,3 

Key Size 

(Bytes)  

Block 

Size 

(Bytes)  

Expansion  

Algorithm 

 Rounds 

Rounds Key 

Expansion 

Expanded 

Key(Bytes)  

16 16 44 40 176 

24 16 52 46 208 

32 16 60 52 240 

Sr,c 

SBox 

S‟r,c 
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The Rijndael key extension calculation takes input as a 6-word 

key and crops a direct cluster of 52 words (32 bits). Every one 

round uses 4 of these words. Each one expression holds 32 

bytes which implies each one sub key is 192 bits in length.The 

key is duplicated into the initial four expressions of the 

stretched key. The rest of the stretched key is packed in 4 
words at once. Each one included word w[i] hinge on the 

promptly going before word, w[i - 1], and the expression 4 

places back w[i - 4]. In 3 out of 4 cases, upfront XOR is 

utilized. For a statement whose location in the w exhibit is a 

numerous of four, a more random capacity is utilized.  

  RotWord just rotates the word data by a one-byte 

round left movement. This implies  

that a data word [a0, a1, a2, a3] is changed into [a1, 

a2, a3, a0].  

 

 SubWord substitutes every bytes of the word using 
byte substitution method , utilizing  

the S-box portrayed prior.  

 

 The consequence of above processes is bitwise 

XORed with round constant, known as  

Rcon[j]. The round constant (RCON) is a word (32 

bit) which has the 3 right hand-side bytes are zero 

every time. Therefore, the result of an XOR of the 

word with Rcon is just only to achieve an XOR on 

the left hand-side byte of word. The round constant is  

dissimilar for each iteration and is well-defined 

asRcon[j]=( Rc[j] /   000) with RC[1]=1, 
RC[j]=2 *RC[j-1] and multiplication is done over the 

GF (28).  

 

 The key expansion remained intended to be 

impervious to recognized cryptanalytic assaults. The 

consideration of a round-needy round steady 

dispenses with the symmetry, or 

comparability,between the courses in which adjust 

keys are produced in diverse iterations. Schedule uses 

the same S-Box substitution as the main algorithm 

body.  
 

IV.    RESULTS 

FPGA was designed as shown for the purpose of encryption 

and decryption using Rijndael algorithm. Here we have 

provided plain text of unknown length. We can clearly see the 

cipher text  in fig. 8 and the decipher text in fig.11  as 

generated. 

 

 Encryption Result 

Input Plaintext – 0101 0010 

Key – 0110 1000 

Output CipherText – 0011 1010 

 
Fig 8: Implementation of  Encryption Result on FPGA 

 

 
 

Fig 9: Waveforms of Encryption Process 

 

The above figure 9 signifies the waveforms produced by 
encryption process. plaintext128-bits state input  and 192 bit 

key is used whose outcome is encrypted as described in 

Rijndael algorithm. We get Ciphertext output  by encryption 

process. 
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Fig 10: RTL Schematic of Encryption process 

 

Rijndael Encryption architecture takes 128 bits of data as input 

along with the 192 bits of key along with control signal clk, 

reset signal each of single bit. The block diagram of the 

Rijndael Encryption block is provided above in fig.10, gives 

the 128 bit Cipher output when Encryption Done = 1. 

 
 

 Decryption Result 

Input Cipher Text – 0011 1010  

Key – 0110 1000  

Output Plaintext – 0101 001 

 

Fig 11: Implementation of  Decryption Result on FPGA 

 

 
 

Fig 12: Waveforms of Decryption Process 

The above figure 12 signifies the waveforms produced by the 

128-bit Decipher and its block architecture. 128-bit state as a 

std_logic_vector whose outcome is decrypted as described in   

Rijndael algorithm.  

 

 
 

Fig 13: RTL Schematic of Decryption process 

 

Inside of Rijndael comprises of Cipher block and a Decipher 

block. Cipher block is connected to decipher block Cipher 

block takes all the input provided to Rijndael block and give 

us a Cipher Text of 128 bits as output. Cipher block controls 

the processing of decipher block, it keeps the decipher block 

in wait state unless it is ready with the cipher text,. Decipher 

block takes the cipher text as input128 bit and provide us the 
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decipher text 128 bit which would be exactly similar to the 

input data with 192 bit decryption key and control signals clk 

and reset. 

 

V.   CONCLUSION 

 
Rijndael Algorithm is an iterative symmetric block cipher that 

can process data blocks of 128 bits through the use of cipher 

keys with lengths of 128, 192 and 256 bits.              
 
An  FPGA implementation of 128 bit using block and 192 bit 

key Rijndael Algorithm  design is implemented on Altera 

Quartus II ,Optimized and Synthesizable VHDL code is 
developed for the implementation of both 128 bit data 

encryption and decryption process & description is verified 

using modelsim  functional simulator from Altera Quartus II. 

All the transformations of algorithm are simulated using an 

iterative design approach in order to minimize the hardware 

consumption. Each program is tested with some of the sample 

vectors provided by NIST. The throughput reaches the value 

of  2Gbps and frequency 580.948MHz for both encryption and 

decryption process with device cyclone II EP2C35F672C6 of 

Altera Quartus II. 
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Abstract— Now a day, secure transmission of data is the biggest 

challenge in communication. AES is a cryptographic algorithm 

enables us to transmit the sensitive information across insecure 

networks so that unauthorized persons cannot access it. It 

consists of different operations in iterative looping approach in 

order to minimize hardware consideration. The design uses 

lookup table implementation of S-box with block size of 128 bits 

and key size of 192 bits. This gives low complexity architecture 

and easily achieves low latency as well as high throughput. 

Simulation results are generated and compared with previous 

reported designs. Xilinx ISE 14.2 Project Navigator is used for 

synthesis and simulation of this proposed architecture purpose. 

  

Keywords—AES; decipher; key expansion; cipher; VHDL; 
FPGA. 

I.  INTRODUCTION  

For a long time, the Data Encryption Standard (DES) was 

considered as a standard for the symmetric key encryption. 

DES has a key length of 56 bits. However, this key length is 
currently considered small and can easily be broken. In 

October 2000, the Rijndael algorithm was approved by the 

National Institute of Standards and Technology (NIST) as the 

Advanced Encryption Algorithm (AES) providing strong 

security and high flexibility. 

 

AES can be specified with key and block sizes in any multiple 

of 32 bits, with a minimum of 128 bits and a maximum of 256 

bits. Therefore, the problem of breaking the key becomes 

more difficult [1]. In cryptography, the AES is also known as 

Rijndael [2]. AES has a fixed block size of 128 bits and a key 
size of 128, 192 or 256 bits. The proposed implementation 

supports the AES-192 Encryption and Decryption. 

 

This paper is organized as follows. Section II is a brief 

description of the AES cryptographic algorithm. In section III 

AES algorithm process is described. Then section IV presents 

simulation results and section V, VI describes conclusion and 

future scope. 
 

II. AES ALGORITHM 

The AES algorithm, developed by Joan Daemen and Vincent 

Rijmen was selected as the winner of the AES development 

process in October 2000.The advanced Encryption Standard 

(AES) algorithm is a symmetric block cipher that processes 

data blocks of 128 bits using three different cipher key lengths 

128,192 or 256 bits. Based on the key length used, the number 

of execution rounds of the algorithm is 10, 12 or 14 

respectively. The proposed implementation supports the AES-

192 encryption.  
 

The algorithm is composed of three main parts: Cipher, 

Inverse Cipher and Key Expansion. Cipher converts data to an 

unintelligible form called cipher text or encrypted data while 

Inverse Cipher converts data back into its original form called 

plaintext or decrypted data. Key expansion generates a Key 

Schedule that is used in Cipher and Inverse Cipher procedure. 

 

The 128 data bit as well as 192 bit cipher key are formulated 

into a 4*4 state matrix and 4*6 key matrix respectively. At the 

start of the algorithm, the state matrix is initialized with the 
original plaintext while the key matrix is initialized with the 

input master key. The basic unit of AES algorithm process is a 

byte. 

 
Table 1: Key/Block/Round Size 

 

AES can be implemented in many languages i.e. Matlab, C, 

Java and VHDL. The AES algorithm is basically used in ATM 

machines for security of transactions and Windows Vista fault 

analysis program software to provide configuration file 

AES 

Types 

Block Size Nb 

words 

Key Length Nk 

words 

Number of 

Rounds Nr 

AES 128-

bits key 
4 4 10 

AES 192-

bits key 
4 6 12 

AES 256-

bits key 
4 8 14 
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security. It is used in broad applications including smart cards 

and cellular phones, WWW servers and automated teller 

machines, and digital video recorders. 

 

III. AES PROCESS 

 
The AES block structure is as shown in following figure 

 
 

Fig1: AES Encryption and Decryption process 

Each round consists of mainly four transformations: 

for Encryption they are SubByte, ShiftRow, MixColumn and 

Addroundkey, similarly for Decryption they are   InvSubByte, 

InvShiftRow InvMixColumn and Addroundkey. 

 

A. SubByte transformation :  

The SubBytes transformation is a non-linear byte substitution, 

operating on each of the state bytes independently.The 
SubBytes transformation is done using a once-precalculated 

substitution table called S-box. That S-box table contains 256 

numbers (from 0 to 255) . In this design, we use a look-up 

table as shown in Table I. This is a more efficient method than 

directly implementing the multiplicative inverse operation 

followed by affine transformation. 

 

 Encryption S-Box: 

 

 
 

Decryption S- Box: 

 

 
 

 B. ShiftRow Transformation:  
 

In ShiftRows transformation, the rows of the state are 

cyclically left shifted over different offsets. Row 0 is not 

shifted; row 1 is shifted one byte to the left; row 2 is shifted 

two bytes to the left and row 3 is shifted three bytes to the left. 

 

 

 

 

 

 

 

 

 

 
C. MixColumn Transformation: 

 

S0,0 S0,1 S0,2 S0,3 

S1,0 S1,1 S1,2 S1,3 

S2,0 S2,1 S2,2 S2,3 

S3,0 S3,1 S3,2 S3,3 

S’0,0 S’0,1 S’0,2 S’0,3 

S’1,1 S’1,2 S’1,3 S’1,0 

S’2,2 S’2,3 S’2,0 S’2,1 

S’3,3 S’3,0 S’3,1 S’3,2 

Shift 

Row 
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In MixColumns transformation, the columns of the state are 

considered as polynomials over GF (28) and multiplied by 

modulo x4 + 1 with a fixed polynomial c(x), given by:  

c(x)={03}x3 + {01}x2 + {01}x + {02}. 
 

 

  

   

 = /++++ 

 

 

 
D. AddRoundKey Transformation:  
 
In the AddRoundKey transformation, a Round Key is added to 

the State - resulted from the operation of the MixColumns 

transformation - by a simple bitwise XOR operation. The 

RoundKey of each round is derived from the main key using 

the KeyExpansion algorithm. The encryption/decryption 

algorithm needs eleven 128-bit RoundKey, which are denoted 
RoundKey[0] RoundKey[12] (the first RoundKey [0] is the 

main key). 

 

E.Key Expansion:  
 
This phase works on the original 192bit cipher key generating 

12 different expanded keys to be used respectively in each 
round of the AES algorithm.Each new key value is generated 

column by column from its preceding expanded round key 

value as described by  

         

Wr, i = Wr-1,i XOR Wr,i-1,  0<i≤3, 

Wr,0 = SubWord (RotWord(wr-1,3)) XOR Rcon[r]   XOR Wr,0 

 

The function SubWord( ) applies the SubByte transformation 

on each of the 32-bit word.the function RotWord( ) performs a 

left cyclic shift on the bytes of the given word.the Rcon[r] is 

the 32bit word given by [xr-1,{00},{00},{00}]. 

 
 

III.    VHDL IMPLEMENTATION  

For the software implementation VHDL language is used in 

order to design the hardware elements, which will be run time 

reconfigured. Some important features of VHDL are: it is one 

of the most used HDL, it has a large and flexible syntax which 

allows describing a circuit by using different abstraction 

levels, it is possible to indicate low-level constraints etc. The 

synthesis of VHDL components is done by means of XST tool 

Xilinx ISE Project Navigator 14.2.the parallelism of code is 

done for calculating total cipher text or original plain text. 

 

All the transformation of both Encryption and Decryption are 
simulated using iterative design approach in order to minimize 

the hardware consumption with less number of slices. 

 

IV.   SIMULATION RESULT  

 

The simulation outputs is as follows by using Xilinx14.2 ISE 

software 

 
                      Fig. 2: Encryption RTL structure 

 

 

Fig. 3: Decryption RTL structure 

 

AES encryption simulation: 

 
Plaintext Input:   

E9E93E1C603334C2ED2833F5E20A8A40 

 

Key:  

123456789012345678901234567890120123456789123456 

 

Cipher text Output:  

00001111222233334444555566667777 
 

02 03 01 01 

01 02 03 01 

01 01 02 03 

03 01 01 02 

S’0,1 

S’0,2 

S’0,3 

S’0,4 

S0,1 

S0,2 

S0,3 

S0,4 
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Fig. 4: Waveforms Generation by Enecryption Process 

 
AES decryption simulation: 

Cipher text Input:  

00001111222233334444555566667777 

 

Key:  

123456789012345678901234567890120123456789123456 

 

Plaintext Output:   

E9E93E1C603334C2ED2833F5E20A8A40 

 
Fig. 5: Waveforms Generation by Decryption Process 

 

V.   CONCLUSION 

 

 An AES implementation with 128 bit plaintext and 

192 bit key using VHDL code is developed and results are 

verified using Xilinx ISE 14.2 both for encryption and 

decryption. 
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Abstract— Multimedia forensic for image source 

identification is based on digital single lens reflex (DSLR) 

camera. Digital single lens reflex (DSLR) camera has 

interchangeable lenses due to that whenever lenses 

attached or detached environmental dust attracted 

towards the imaging sensor and it creates a persistent 

pattern and that pattern act as a unique fingerprint for 

the source identification. Multimedia Forensics has 

become important in the last few years. There are two 

main interests, namely source identification and forgery 

detection. Source identification focuses on identifying the 

source digital devices (cameras, mobile phones, 

camcorders, etc) using the media produced by them, while 

forgery detection attempts to discover evidence of 

tampering by assessing the authenticity of the digital 

media (audio clips, video clips, images, etc). In this paper, 

uses a novel source DSLR camera identification method 

based on detection and matching of dust-spot 

characteristics that settle in front of the imaging sensor 

create a persistent pattern in all captured images of 

camera, mobile phones, camcorders, etc. To prevent false 

detections, lens parameter dependent characteristics of 

dust spots are also taken into consideration. 

Keywords— Multimedia Forensic, Digital Single 

 Lens Reflex (DSLR), Sensor Dust, Normalized cross correlation 

I. INTRODUCTION. 

Multimedia Forensics has become important in the last few 

years. There are two main interests, namely source 

identification and forgery detection. Source identification 

focuses on identifying the source digital devices (cameras, 

mobile phones, camcorders, etc) using the media produced by 

them, while forgery detection attempts to discover evidence of 

tampering by assessing the authenticity of the digital media 

(audio clips, video clips, images, etc). In the analog world, an 

image (specifically a photograph) has generally been accepted 

as a "proof of occurrence" of the event it depicts. In today's 

digital age, however, the creation and manipulation of digital 

images, audio and videos are made simple through digital 

processing tools that are easily and widely available. As a 
consequence, they can no longer take the authenticity of 

images and videos for granted, be they analog or digital. This 

is especially true when it comes to legal evidence. Image 

audio and video forensics, in this context, is concerned with 

uncovering some underlying fact about an image audio or 

video. In this paper, review several techniques in digital 

camera image forensics, i.e. in source camera identification 

and in forgery detection. Source camera identification 

methods explore different processing stages of the digital 

camera for unique characteristics and exploit the presence of 

1) lens radial distortion 2) sensor imperfections, 3) color filter 

array (CFA) interpolation 4) inherent image features etc. 
Image forgery includes splicing of images to construct a new 

concocted image, applying region duplication/swapping to 

hide/relocate certain objects in the image and applying image 

editing to remove/add new objects from/into the image. For 

forgery detection, some of the methods inspect the image for 

inconsistencies in chromatic aberration, lighting, and camera 

response function (CRF) as signs of forgery. Others try to 

detect certain modes of manipulation using JPEG quantization 

tables, bicoheren and robust matching. 

A. Digital single lens reflex (DSLR) 

This paper uses a novel source camera identification method 
based on detection and matching of dust-spot characteristics 

that settle in front of the imaging sensor create a persistent 

mailto:hemalanje@gmail.com
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pattern in all captured images of Digital Single Lens Reflex 

(DSLR) camera. In this paper DSLR camera is use because it 

has unique features like sensor dust pattern than other 

cameras. It is used in high profile function, larger and higher 

quality sensors, low noise power, parallex-free optical 

viewfinder that allows error free viewing of the scenery, less 
shutter lag, interchangeable lenses, and better control over 

depth of field. 

DSLR cameras showed a consistent growth with a total market 

and a 59% increase from the 2009figure. Not surprisingly, 

DSLR cameras also take the top place in most popular camera 

lists of photo sharing websites like and social networking like 

facebook. For instance, the top five cameras for November 

2010 in Flickr (flickr.com) and Pbase (pbase.com) photo 

sharing websites are all DSLR cameras. Unlike the compact 

camera market which is cluttered with various brands like 

Sony Olympus, Canon, Nikon have over 95% market share in 

DSLR market in India of which Nikon claims to have 55% 
market share. 

In Section II, we investigate the optical characteristics of 

sensor dust as a function of imaging parameters .In section III, 

a model-based dust spot detection method and its use in source 

camera identification. Section IV,V and VI are presented by 

conclusion, acknowledgment and references. 

B. Related Work 

Choi et al [2006] proposed the lens radial distortion as a 

fingerprint to identify source camera. Radial distortion causes 

straight lines to appear as curved lines on the output images 

and it occurs when the transverse magnification MT (ratio of 
the image distance to the object distance) is not a constant but 

a function of the off-axis image distance r.  Although this 

method is not tested for two cameras of the same model, based 

on the authors’ arguments on radial distortion differences, they 

can expect a low accuracy. Additionally, this method will fail 

to measure radial distortion if there is no straight line in the 

image since the distortion is measured using the straight line 

method.  

Geradts et al [2001] examine the defects of CCD pixels and 

use them to match target images to source digital camera. 

Pixel defects include point defects, hot point defects, dead 

pixel, pixel traps, and cluster defects. To find the defect pixels, 
a couple of images with black background are taken by each 

of the 12 cameras tested and compared to count the common 

defect points that appear as white. The result shows that each 

camera has distinct pattern of defect pixels. Furthermore, for 

cameras with high-end CCD, the authors cannot find any 

visible defect pixel, which means that not all cameras 

necessarily have pixel defects. In addition, most cameras have 

built-in mechanisms to compensate for the defective pixels. 

Therefore, the method cannot be directly applied for all digital 

cameras. 

Identifying source camera based on sensor pattern noise is 
proposed by Lukas et al [2006].The pixel non-uniformity 

(PNU), where different pixels have different light sensitivities 

due to imperfections in sensor manufacturing processes, is a 

major source of pattern noise. This makes PNU a natural 

feature for uniquely identifying sensors. The study 9 camera 

models where 2 of them have similar CCD and 2 are exactly 

the same model. The camera identification is 100% accurate 

even for cameras of the same model. The result is also good 

for identifying compressed images. One problem with the 

conducted experiments is that the authors use the same image 

set to calculate both the camera reference pattern and the 
correlations for the images .It run several experiments with 

this model for cropped images. It turns out that the model fails 

to predict the source camera of cropped images.  

Bayram et al [2005] explores the CFA interpolation process to 

determine the correlation structure present in each color band 

which can be used for image classification. The main 

assumption is that the interpolation algorithm and the design 

of the CFA filter pattern of each manufacturer (or even each 

camera model) are somewhat different from others, which will 

result in distinguishable correlation structures in the captured 

images. No experiment is run for cameras of the same model 

but we expect the method to fail because cameras of the same 
model normally share the same CFA filter pattern and 

interpolation algorithm. In addition, the authors have pointed 

out that this method does not work well for compressed 

images. 

Kharrazi et al [2004] identify a set of image features that can 

be used to uniquely classify a camera model. The 34 proposed 

features are categorized into 3 groups: Color Features, Image 

Quality Metrics, and Wavelet Domain Statistics. Features are 

extracted from images of two cameras, which are then used to 

train and test the classifier. The result is as high as 98.73% for 

uncompressed images and 93.42% for JPEG images 
compressed with a quality factor of 75. The accuracy rate 

drops to 88% when five cameras are used. Hence, this method 

does not work well for cameras with similar CCD and is 

unsuitable for identifying source cameras of the same model. 

Furthermore, it requires all cameras to take images of the same 

content and resolution, which is not easy in practice. 

II. DUST SPOT CHARACTERISTICS. 

A. Intensity Degradation due to Dust Spot 

Essentially, dust spots are the shadows of the dust particles in 

front of the imaging sensor. The shape and darkness of the 

dust spots are determined primarily by the following factors: 

distance between the dust particle and imaging sensor, camera 
focal length, and size of aperture. A general optical model 

showing the formation of dust spots is given in Fig. 1. When 

the focal plane is illuminated   uniformly, all imaging sensors 

will yield the same intensity values. However, in the presence 

of sensor dust, light beams interact with the dust particles and 

some of the light energy is absorbed by the dust particles. The 

amount of the absorbed energy is directly related to the 

parameter f-number (F/#) which is defined as the ratio 

between the focal length f and aperture A  
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At small apertures and high f-numbers, the light source can be 

assumed to be a pinpoint source resulting in a relatively 

narrow light cone which can be blocked mostly with a tiny 

sensor dust. As a result, a strong dust shadow will appear on 

the image. This phenomenon is illustrated in Fig.1. On the 

other hand, for wide apertures or small f -numbers which 
cause wide light cones in the DSLR body, most light beams 

pass around the dust spots causing a blurry and soft blemish in 

the image. In Fig.2 the actual intensity degradations caused by 

dust spots are shown for different f-numbers. It can be seen 

from the figures that the change in f-number affects the 

intensity and radius of the dust spot wherein an increase in the 

f –number (smaller aperture) causes dust spots to appear 

darker and smaller. 

 

 

 

Fig1. Formation of Dust Spot under uniform illumination 

 

 

Fig.2 :Intensity Degradation due to the dust spot. 

B. Dust-Spot Shape: 

The dust particles in front of the imaging sensor mostly appear 

as round-shaped blemishes. However, dust spots with different 

shapes are also possible due to larger particles, such as lint or 

hair (Fig.3). Since these large spots, with unique shapes, are 

likely to cause very large intensity degradations, they are 
easily noticeable. 

 

                   

 

                 Fig.3: Spot of hair/lint for different f -numbers 

(Nikon D40). 

Although this type of sensor dust is very suitable for camera 

identification, it is likely to attract the user’s attention due to 

their annoying appearance. As a result, they are more likely to 

be cleaned out. Therefore, in this paper, we will focus on dust 

spots due to much smaller particles that yield round-shaped 

dust spots that are less likely to be cleaned by many users and 

are, in fact, difficult to clean as discussed earlier. 

C. Dust Spot Size 

The formation of dust spots as a function of the camera 

parameters is analyzed. 
.                                                     

 

Fig. 4. Same dust spot for different f –numbers 

 

Fig.4 shows the change in diameter of a dust spot for fixed 

focal length and different apertures. It can also be seen from 

the table 1 that the dust-spot size decreases with a decrease in 

aperture.          

Table1. Dust-Spot properties for different –f-numbers (f = 55 

mm) 

 

F-number 5.6 10 20 36 

Aperture 9.82 5.5 2.75 1.53 

Max-intensity 

degradation  

11 46 61 83 

Dust-spot 

diameter[pixels] 

20 14 11 10 
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III. FORENSIC USE OF SESOR DUST 

In this section, we develop a technique for camera 

identification based on sensor dust detection. The use of dust 

spots for Source camera identification first requires 

determining the positions of dust spots in an image. Since dust 

particles do not tend to move easily, they appear in all images 
taken with high f-numbers, and their proper cleaning is not 

trivial, these dust-spot locations can be used as a unique 

fingerprint of a DSLR camera. This fingerprint can be 

represented by a camera dust template that includes 

information on all detectable dust spots. It must be noted that 

this template can be directly obtained from images taken by 

the camera at a high f-number setting or from a number of 

images when the camera is not available by collating dust 

spots detected from different images together. To decide 

whether an image is taken by a given DSLR, the dust spots 

detected in an image can be compared to those in the camera 

dust template and a decision is made depending on the match 
between detected dust spots and the template. 

A .Dust Model 

Our sensor dust model relies on the observation that sensor 

dust has two major characteristics: (a) causing an abrupt 

change on the intensity surface (e.g., intensity loss) depending 

on the aperture size; and (b) appearing most generally the 

form of rounded shapes, see figure 4. To model the intensity 

degradation due to sensor dust we utilize a 2D inverse 

gaussian function with a particular standard deviation and 

gain. It should be noted that as f-number increases the 

diameter of the dust spot in the image decreases and the 
intensity loss in the dust spot increases. Moreover, the shape 

of the intensity loss becomes more kurtotic. Since the 

dimensions of the dust is related with aperture, it is also 

essential to detect f-number to locate dust spot properly. (In 

our work we assume the EXIF data of the image is not 

available.) To locate the position of the dust speck, we apply 

fast normalize fast correlation with estimate dust model in 

eq.1 

 

 
 

Where G– Gain factor, σ - Standard deviation 

 

In the equation G refers to the intensity loss. The diameter of 

the dust speck is controlled by ¾. We estimate the diameter of 

dust speck based on cross-correlation results obtained under 

different ¾ values ranging from 1 to 3. The sigma value which 

produces the maximum cross-correlation is chosen as the dust 

model parameter, and the corresponding correlation output is 

used to detect dust specks. Once the correlation output is 

computed, the local maximums higher than a empirically 
determined threshold (such as 0.4) are labelled as dust 

candidates. In order to eliminate false positives, dust 

candidates in highly detailed regions are ignored. 

 

 

                       Fig.5: Dust model, G=1.0, σ = 1:0 

B. Camera Dust Pattern Generation 

a. Digital Camera Available 

In this case the dust pattern of an image can be generated by 

taking the picture of distant smoothly varying scenery by 
manually setting the focal length to high values (f/32 or 

f/36).Then proposed dust detection method is applied to create 

dust pattern of the camera. 

b. DSLR Camera Unavailable. 

When the camera is not available but rather a number of 

images taken by the camera is present, the dust points that are 

determined by correlation and through shape characteristics in 

each image is superimposed together to form the dust 

pattern/template of the camera. Once the template is created, a 

threshold is applied to the template to reduce the number of 

falsely labeled specks in the dust pattern. The underlying idea 

of applying a threshold to the template is that the actual dust 
speck should show up at least in two or more images. Since 

the probability of getting a false dust candidate at the same 

position in multiple images is very low, we expect that false 

positives due to image content will be eliminated after 

thresholding. The dust candidates which have higher 

confidence values than a fixed threshold are considered to 

represent the dust pattern of the camera 
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Fig.6 Dust template of camera 3 and the images used in template generation 

A.Camera Identification: 

The final step of DSLR camera identification is done by 

matching the dust spots detected in an image with dust spots in 

the camera dust template. The identification process is 

comprised of three steps: 

Step 1) dust-spot detection and matching; 

Step 2) computing a confidence value for each matching dust 

Step 3) decision making. 

In the first step, dust spots are detected as explained in Section 
III. Once dust spots are located, each dust position is matched 

with the dust positions in the camera dust template. The 

comparison is realized by measuring Euclidian distances. If 

the distance is lower than a predetermined value, the 

corresponding dust position is added to the matching dust-spot 

list. In the second step, three metrics are computed for each of 

the matching dust spots as follows. 

1) The dust occurrence metric m1 is the number of coinciding 

dust for the corresponding dust spot in the dust template. 

Higher values of correspond to salient dust spots. 

2) Smoothness metric m2 presents the smoothness of the 

region in which a dust spot was detected. Measuring the 
amount of local intensity variations is essential in making 

decisions since dust spot detection in smooth regions is more 

reliable than in busy regions. This is computed via the 

intensity gradient around the dust spot as a binary value. For a 

smooth region, becomes one, and for a nonflat or nonsmooth 

region m2 around the dust spot, it becomes zero. 

3) Shift validity metric m3 indicates the validity of a dust spot 

based on the shift it exhibits. To compute, we do the following 

a) Each dust spot in the matched dust-spot list is tracked in all 

template images, used in template generation. (It should be 

noted a different subset of dust spots will be detected in each 
image.) 

b) For each dust spot in the list, a set of the shift vectors (i.e., 

magnitude and angle) is computed by measuring the shifts 

between a dust spot and its matched counterparts in the 

template images). 

c) Shift vectors associated with each of the template images 

are collected together. 

VI. EXPRIMENTAL RESULTS 

Our experiments are based on the assumption that the digital 

camera is not available and that the sensor dust pattern has to 

be obtained from a number of images taken by a DSLR 

camera where obtaining a precise dust template is not easy. To 
create an image set we have downloaded DSLR images from 

three different personal galleries at www.pbase.com. All 

images are taken with Sigma SD10. We also created an 

alternative image data set taken from compact consumer 

cameras. In order to reduce computation time of cross-

correlation, all images are resized to 800× 533 pixels. Since 

dust spots are almost invisible at large aperture rate. 

 

Almost invisible at large aperture rates, images with low f 

numbers (below than 8) are not used at experiments. From 

each three gallery, we randomly select 10 images to create a 
dust template. As described in Section III, we computed the 

cross-correlation outputs for each image and then 

superimposed all the outputs to create a camera dust pattern. 

The contour analysis is then used to refine the final result. 
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After dust patterns of three cameras are computed, in the 

testing and verification step previously unseen images in each 

image gallery are analyzed to determine if they include any 

traces of dust patterns in the locations pointed in the dust 

template of the camera. In Figure 7and 8, we provide results, 

when the dust template is generated only from 10 images, and 
tested on 20 images taken by the same and 60 random images 

taken by other cameras. Our matching results indicate that, we 

achieve a detection rate around 92% with 0% false positive 

rate by setting the confidence threshold 1.2. In the figures x-

axes shows the image index and y-axes is the proposed metric 

indicating confidence in the match. Spot becomes a 

challenging task. Another important problem is the detection 

of dust spot in non-smooth, complex regions without yielding 

many false-positives. In the future work, we will address these 

 

 

Fig.7 Num. of matches between the template of the camera 3 and dust 

candidates. (num. of dusts in the template : 18) 

 

 

Fig.8. Num. of matches between the templates of the camera 

2 and dust candidates. (num. of dusts in the template : 38) 

V. CONCLUSION 

In this paper, we have introduced a latest technique of 

multimedia forensic in that we have concentrate on source 

DSLR camera identification scheme based on sensor dust 

traces. The location and shape of dust specks in front of the 

imaging sensor and their persistence make dust spots a useful 

fingerprint for DSLR cameras. Although many DSLR cameras 

come with built-in dust removal mechanisms, these hardware-

based removal solutions are not as effective as they claim to 

be. Besides, since most dust spots are not visible or visibly 
irritating, most DSLR users ignore them completely. To the 

our best knowledge, this is the first work in the literature 

which uses sensor dust spots for individual camera 

identification. The efficacy of the proposed camera 

identification scheme is tested on higher than 1000 images 

from different cameras. Experimental results show that the 

proposed scheme provides high detection accuracy with very 

low false alarm rates. The biggest challenge in this research 

direction is the detection of dust spots in very complex regions 

and low f -numbers. 
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Fig 1.Nerve fiber taking the signal from skin or muscles to brain 

 

Fig 2.Anatomical Model for recording of EMG Signal. 
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Abstract—EMG Signal classification has become the area of 

interest for the researchers since past years. Electromyography is 

a technique which plays an important role in diagnosing 

neuromuscular disorders in the field of biomedical engineering. 

Multiple methods have been proposed for the classification of 

EMG signals. But the scholars are focusing on neural network 

due to its classification accuracy and Motor Unit Action Potential 
(MUAP) as a feature of classification to the neural network. 

                   This paper explores an approach for processing 

the EMG signal and its classification based on Artificial Neural 

Network (ANN) whereas Discrete Wavelet Transform (DWT) as 

a tool for classification of neuromuscular disorder. In this work a 

multilayer feed forward neural network with back propagation 

algorithm is used to train the Neural Network. For achieving 

maximum efficiency Back Propagation Algorithm (BPA) with 

Discrete Wavelet Transform (DWT) is used to classify the 

Neurological and Neuromuscular Disorders. This work explores 

a comparison between k-Nearest Neighbours (kNN) classifier and 
Feed Forward Neural Network (fNN). 

Keywords—Electromyography (EMG); Artificial neural 

network (ANN);Motor unit Action Potential (MUAP); Amyotrophic 

Lateral Sclerosis (ALS); k-Nearest Neighbors (kNN);Discrete 

wavelet transform (DWT); feed forward neural network (fNN) 

I.  INTRODUCTION 

Human body generates a set of electrical signals as a 
function of time. Electromyography evaluates and records 
electrical variations of skeletal muscles with time. Our interest 
is to make a tool for diagnosing neuromuscular disorders. The 
neurons that connect muscles and brain surface i.e. grey matter 
generates electrical signals to and fro ash shown in figure 1. 
These neuron fibers actually take the signal from brain to 
muscle or skin and from muscle to brain, thereby control the 
muscle movements. 

Multiple types of electrodes are available for recording of 
EMG signal. Needle Electrode is used to read muscle EMG 

signal and Surface Electrode is used to read skin EMG signal. 
For this research, a 25 mm Needle Type Electrode is suitable 
under hygienic clinical environment to read potential of motor 
nerve. This is called as Motor Unit Action Potential or MUAP. 
These signals are generated by muscles and goes to Central 
Nervous System CNS through motor nerve. This is shown in 

figure 2. 

 The Neurophysiologist usually decode the MUAPs 
information from graphical patterns using oscilloscope [1]. As 
a single needle electrode makes the contact with multiple 
nerves, therefore receives a composite signal of different 
shapes and sizes on graphical screen. To classify muscular 
disorders visually from the received composite signal is very 
difficult, thus various algorithms have been developed. 
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Fig 3. Block Diagram for Classification of EMG signal. 

 

Fig4.Back Propagation neural network 

In this work,to classify between myopathy, ALS and 
healthy patient signals we have used wavelet based 
classification scheme. This has been accomplishedthrough 
Feed Forward Neural Network using Back Propagation Neural 
Network. 

Here, features are extracted using DWT (discrete wavelet 
transform). As we know that in practical case, EMG signal is a 
continuous composite signal varying with time, thus, 
decomposing it using wavelet transform is quite efficient. For 
decomposing a software known as EMG-LODEC is specially 
developed for recording multichannel long-term signals. The 
wavelet based algorithm distinguishes single MUAP by 
superposing the input signal [3]. 

II. METHODOLOGY 

Classification of EMG signal needs following steps, which 
include (1)Reading EMG signal in wave format, (2) Feature 
extraction using wavelet, (3) Classification using NN. The 
block diagram of proposed work is shown in figure 3. 

 

The EMG signal samples of a myopathy, ALS and a 
normalperson were collected from [4]. Signals from arm biceps 
of different persons are taken. The recording is done at low 
level but just above the threshold of constant contraction. The 
HPF of EMG amplifier is set at 2 Hz while LPFis set at 10 kHz 
[5].  

III. DWT FEATURE EXTRACTION   

Any classification method can‟t be directly to the EMG 
samples, due to the large amount and the high dimension of the 
examples are necessary to describe such a big variety of 
clinical situations. A set of algorithms is usually adopted to 
perform a quantitative description of the signal and a parameter 
extractionfrom the signal conditioning to the measurements of 
average wave amplitudes, durations, and areas, [6].  

Discrete wavelet transform (DWT) in comparison with 
discrete Fourier transform (DFT) is anefficient time-frequency 
approach which has been used for processing multiple 
biomedical engineering signals, viz. EMG. Thus, for EMG, 
DWT provides the time and frequency information 
simultaneously [7]. Equation (1) showswavelet function. 

X a, b =
1

 b
 x t Ψ  

t−a

b
 dt

∞

−∞
 

Where „a‟ and „b‟ are the dilation and the translation 
parameters respectively. In this present work Db4(Wavelet 
Daubechies-4) wavelet is used. For best result, the pre-
processed EMG signal is decomposed by using the discrete 
wavelet transform up to the 10thlevel because only 262134 
samples are available with this work. The feature set consists of 
levels 1 to 10 and coefficients cd1 to cd10 and ca10. The 
energy peak of the EMG signal lies between 0.5 Hz and 40 Hz. 
This energy of the wavelet coefficients is muchintense in the 
lower sub-bands ca10, cd10, and cd9. The levels 1 to 8 and 
coefficients cd1 to cd8 areignored as they lack information and 
intolerable noise is present in the frequency band of these 
levels. Coefficients cd9 and cd10 shows the highest frequency 
components and ca10 shows the lowest one.  The obtained 
feature vectors form Db4 and wavelets decomposition is given 
as an input to the Neural Network classifier.  

A. Discrete wavelet algorithm 

The EMG Signal information is passed through two 
convolutions functions (filters), each of which gives an output 
stream which is half in length to that of original input.One half 
of the output is produced by the LPFgiven by equation (2). 

𝑦1 𝑘 =  𝑥 𝑛 ℎ0[2𝑘 − 𝑛]𝑛   (2) 

While another half of it is produced by the HPF given by 

equation (3). 

𝑦2 𝑘 =  𝑥 𝑛 ℎ1[2𝑘 − 𝑛]𝑛   (3) 

Where y1 and y2 are the output of LPF & HPFrespectively, 
which are known as an approximate and detail component. 
These outputsare down sampled by a factor of 2, which is 
known as 1-level decomposition. This process is repeated up to 
10 levels of decomposition, which results in a reduction of 
samples from 262134 to 262. This issuitable for training of 
neural network. 

IV. NEURAL NETWORK AS A CLASSIFIER 

The neural network is one of the efficient and accurate 
classifier. It hasdense parallel structure& it learns from 
previous experience. The accuracy of the classification is based 
on trainingof the neural network.Here,Multilayer Feed Forward 
Neural Network with Back Propagation Algorithm is used. 
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The informationobtainedfrom experience is stored in the 
form of connection weights. The weighs updatesafter training, 
which runs in multiple iterations to get the desired level of 
training.Since this algorithm is a supervised training 
algorithm,three issues need to be solved in designing an ANN 
for a specific application. In this work, total 14 hidden neurons 
are used, simplified network is shown in figure 4. 

V. K-NEAREST NEIGHBOR TECHNIQUE 

The k-Nearest Neighbor is denoted by k-NN. If the cost of 
error is same for each class, the estimated class of an unknown 
sample is chosen to be the class, which is normally represented 
in the collection of its K nearest neighbors. This technique does 
not consider a priori assumptions about the distributions 
wherefrom the training samples are taken. For classification of 
a new sample, the distance to the nearest training case is 
calculated then the sign (plus or minus) of this point classifies 
the sample. The k-NN classifier picks the k nearest points and 
allot the sign of the majority. Large value of k reduces the 
effects of noisy points within the training data set, andcross-
validationis used to choose the value of k. This way, its 
Euclidean distance d is calculated. Equation (4) with all the 
training samples classifies to the class of the minimal distance. 

𝑞 𝑥, 𝑦 =    𝑥𝑗 − 𝑦𝑗  
2𝑛

𝑗=1   (4) 

Each training example with a class label is a vector in a 
multidimensional feature space. The algorithm‟s training phase 
includes only storing of the feature vectors and class labels of 
the training samples. The algorithm‟s classification phase has 
„k‟as a user-defined constant, and the unlabeled vector is 
classified by assigning the label. Even if the Euclidean 
distanceis only applicable to continuous variables, it is used as 
the distance metric. 

VI. RESULT AND DISCUSSION 

In this method, features are extracted using wavelet for 
neural network. Decomposition up to 10 levels for the samples 
from ALS, Myopathy and Healthy person is shown in figure 5. 
Decomposition to higher levels depends on the number of 
samples present in a given signal. To get clear information for 
a very large number of samples, it can be decomposed to a 
level higher than tenth level. 

 
(a) 

 
(b) 

 
(c) 

 
Fig 5.  (a) Healthy (b) ALS (c) Myopathy 

 

After tenth level of db4, the Histograms of samples shown 
in figure (6) distinguish the three classes, which are to be given 
to neural network. 

 
(a) 

 
(b) 

 
(c) 

 
Fig 6. Histogram of (a) Healthy (b) ALS (c) Myopathy   

 

VII. CONCLUSION 

The results of Decomposition and Histogram is clearly 
showing the difference between Healthy, ALS & Myopathy. 
The kNN and fNN classifiers will be used to differentiate 
between Healthy, ALS and Myopathy.These classifiersare 
efficient to classify the data with a greater accuracy. This work 
will be an assistive contribution to doctors for a neuromuscular 
disorder. 
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Abstract— This paper focuses on the 

development of a portable roadside magnetic 

sensor system for vehicle counting, classification, 

and speed measurement. This paper describes a 

portable sensing system that can be placed 

adjacent to a road and can be used for vehicle 

counting, vehicle classification, and vehicle speed 

measurements. The proposed system can make 

these traffic measurements reliably for traffic in 

the lane adjacent to the sensors. The developed 

signal processing algorithms enable the sensor to 

be robust to the presence of traffic in other lanes 

of the road. Project proposed to add RFID 

device    for vehicle classification 

Keywords— RFID Tagg; WSN; Vehicle Detection, 

Vehicle Speed Measurement. Portable Sensor platform; 

GPS;ARM7LPC2148 platform  

I.  INTRODUCTION  

The sensor system consists of wireless 
anisotropic magnetic devices that do not require to 
be embedded in the roadway—the devices are 
placed next to the roadway and measure traffic in 
the immediately adjacent lane. An algorithm based 
on a magnetic field model is proposed to make the 
system robust to the errors created by larger vehicles 
driving in the nonadjacent lane. These false calls 
cause an 8% error if uncorrected. The use of the 
proposed algorithm reduces this error to only 1%. 
Speed measurement is based on the calculation of 
the cross correlation between longitudinally spaced 
sensors. Fast computation of the cross correlation is 
enabled by using frequency-domain signal 
processing techniques. An algorithm for 
automatically correcting for any small misalignment 
of the sensors is utilized. A high-accuracy 

differential Global Positioning System is used as a 
reference to measure vehicle speeds to evaluate the 
accuracy of the speed measurement from the new 
sensor system. The results show that the maximum 
error of the speed estimates is less than 2.5% over 
the entire range of 5–27 m/s (11–60 mi/h). Vehicle 
classification is done based on the magnetic length 
and an estimate of the average vertical magnetic 
height of the vehicle. Vehicle length is estimated 
from the product of occupancy and estimated speed. 
The average vertical magnetic height is estimated 
using two magnetic sensors that are vertically 
spaced by 0.25 m. Finally, it is shown that the sensor 
system can be used to reliably count the number of 
right turns at an intersection, with an accuracy of 
95%. The developed sensor system is compact, 
portable, wireless, and inexpensive. Data are 
presented from a large number of vehicles on a 
regular busy urban road in the Twin Cities, MN, 
USA. 

II. PROPOSED WORK 

 

The use of the proposed algorithm reduces previous 

problems. Speed measurement is based on the 

calculation of the cross correlation between 

longitudinally spaced sensors. Fast computation of 

the cross correlation is enabled by using frequency-

domain signal processing techniques. An algorithm 

for automatically correcting for any small 

misalignment of the sensors is utilized. A high-

accuracy differential Global Positioning System is 

used as a reference to measure vehicle speeds to 

evaluate the accuracy of the speed measurement 

from the new sensor system. 

The work in the project proposed to add RFID 

device to the WIM sensor. An RFID Tag responds 

mailto:kahurkeminal@gmail.com
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to the magnetic field of each vehicle (just like an 

inductive loop). RFID Tags are currently already 

being used as traffic sensors. RFID Tags cannot 

measure the number of axles or the weight of any 

axle. However, they can reliably count vehicles, 

differentiating one consecutive vehicle from 

another. 

Herewith we develop the system with data 

identification system and data monitoring system. 

Data identification system with sensorized 

arrangement with magnetic sensor and RFID reader. 

It provides input to ARM7 according to application. 

ARM7LPC2148 get location form GPS with 2D 

position of system then information about every 

vehicle transfer to DATA monitoring 
unit.Maintaining the Integrity of the Specifications 

 
 

 

Problem Defination: 

The sensor system consists of wireless anisotropic 

magnetic devices that do not require to be 

embedded in the roadway—the devices are placed 

next to the roadway and measure traffic in the 

immediately adjacent lane. An algorithm based on a 

magnetic field model is proposed to make the 

system robust to the errors created by larger 

vehicles driving in the nonadjacent lane. These false 

calls cause an 8% error if uncorrected. 

 

Motivation: 

This paper describes a portable sensing system that 

can be placed adjacent to a road and can be used for 

vehicle counting, vehicle classification, and vehicle 

speed measurements.This paper presents an 

improved algorithm based on Saber Taghvaeeyan 

and Rajesh Rajamani’ Portable roadside sensors for 

Vehicle counting, Classification, and Speed 

Measurement’  
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The increasing traffic volume over the last decades 

poses high challenges on today’s traffic research 

and planning. Detection, Counting and 

classification of vehicles in a video has become a 

potential area of research due to its numerous 

applications to video-based intelligent 

transportation systems. For most traffic surveillance 

systems, major stages are used to estimate desired 

traffic parameters, i.e., vehicle detection, Counting, 

tracking, and classification. Each year, motor 

vehicle crashes account for about thousands deaths, 

more than million injuries. Counting vehicles over a 

period of time on a busy intersection will help the 

concerned authority to efficiently control the 

duration of traffic signal on road thus reducing the 

level of traffic congestion during rush hours. It 

helps in minimizing the possibilities of fraudulent 

activities in toll collection. It is necessary to provide 

better traffic surveillance to reduce the accidents. So 

the main Goal of our paper is to provide better 

traffic surveillance.  

The proposed method has several 

advantages. 

1. To avoid the Traffic in Cities. 

2. Stolen vehicle or theft vehicle detection 

With This system 

3. Using Classification we can classify 

vehicle types.  

4. Local network implementation. 

5. Magnetic sensors have also been 

evaluated for vehicle classification 

6. RFID have also been evaluated for 

vehicle  

 

Future Scope: 

 
Currently in our system we are just accessing the system 

from embedded based system. So in future we can 

implement a system with IOT using Wi-Fi. Then we 

manage complete network by web portal. 
 

 
CONCLUSION  

In the project, we have presented a computer vision 

system which uses a video to count and classify 

vehicles with the aim of replacing ILDs, particularly 

on highways. Additionally, this system 

distinguishes itself from other computer-vision-

based approaches in the way in which it can handle 

the system without the need for any hardware other  

than cameras, such as GPS. This makes the system 

inexpensive to use. In this, we have presented two 

different parameters for the traffic surveillance 

system, one is counting the vehicles and other is 

classification of the vehicles. The processing is 

carried out on pre recorded video. Vehicle counting 

is done by finding the centroid and the distance 

between the marked border and the vehicle. 

Classification is done by finding the area and 

thresholding method. New traffic sensing devices 

based on wireless sensing technologies were 

designed and tested. Such devices encompass a 

cost-effective, battery-free, and energy self-

sustained architecture for real-time traffic 

measurement over distributed points in a 

transportation system. This scalable technology can 

monitor traffic parameters such as flow, occupancy, 

point speed, and vehicle classification on road 

systems in real-time. 
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Abstract 
This paper brings the idea of novel approach to 

steganography where the data in one medium is 

hidden in anmessage in the last three LSB bits of the 

pixels of the carrier color image. This paper 

overcome the drawback on previous method where 
the bits of the secrete audio data are hidden in the 

only last two bits of the cover image thus offers more 

key based secure data transmission and reception 

with same cover medium. other medium in such way 

that no one except sender and receiver suspect the 

existence of the message. In this we are using Least 

Significant Bit method to hide the content of the 

encoded audio  

Keywords:  steganography, RGB channels, LSB 

substitution, bit array conversion    

1. Introduction 
 Major requirement of today’s computer 

communication is to prevent the data to be disclosed 

to the illegal user. Various technique of such data 

hiding are steganography, cryptography, 

watermarking etc. Apart from these three 

,Steganography is the method of hiding confidential 

or sensitive informational data related to finance or 
anything within something that will not appears to 

any one . Both the  techniques stignography and 

watermarking are use to protect important 

information. The difference between the two is that 

Steganography involves hiding information so it 

appears like no information is hidden at all. 

Steganography in the modern era sense of the world 

usually refers to information or a file that has been 

concealed inside a digital picture, video or audio file. 

What Steganography essentially does is exploit 

human perception, human senses are not trained to 

look for files that have information hidden inside 
them, although there are programs available that can 

do what is called stegnalysis process . An computer 

algorithm can perform stignalysis process very easily 

and effectively. Data hiding, or stegnalysis, is a 

challenging and interesting area for research which 

has attracted much attention of researchers for 

centuries. As an active area of research, new 

techniques are constantly emerging using 3 bit  LSB 

algorithm. In contrast to the active research focusing 

on image or video schemes, there has been a little 
research on data hiding in audio formats. However, 

effective audio data hiding in an color image can 

create robust and imperceptible data thus allowing 

high  protection or secret data exchange over 

communication channels. 
 

 

2. RGB color channels and LSB substitution 

method 
An image can be represented by a collection of color 

pixels arranged in systematic manner . These  pixels 

are having various color intensities .The individual 

pixels are represented by their optical characteristics 

like “brightness”, “intensity””contrast”,etc. Each of 

these characteristics can be digitally expressed in 

terms of 1’s and 0’s. These images are a collection of 

different  color pixels haviing different intensities. 

There are three color channels that present different 

forms for storing images. A color space method  is a 
method by which it is possible to specifically, create 

and visualize color pixels. The most common color 

space among all is RGB (Red, Green, and Blue). The 

RGB color model is additive in the sense that the 

three light beams are added together, and their light 

spectra are added , to make the final color's spectrum. 

Each pixel in a 24-bit bitmap image in this space is 

described by 3 sets of 8 bits (3 bytes), that each set 

contains the intensity value of individual red, green 

and blue.  
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For example, the following grid can be considered as 

3 pixels of a 24-bit color  image, using 9 bytes of 

memory: 

(100110011  11001110  101110010) 

( 011010011 11001010  101111010) 

(11001000   00100111   111100100) 
When the character B, which binary value equals 

10000010, is inserted, the following grid results  

(00100111 11101000 11001000) 

(00010110 11001000 00001000) 

(11001000 00100111 11101000) 

3. Proposed methodology of LSB 

The conventional method says, one LSB can 

be replaced with the data bit. Instead of hiding a 

single bit in each byte, two bits of data can be hidden 
in a single byte as it can cause no change in the 

image as per the human visual system. As there are 8 

bits in a byte, first and the second and third bits can 

be hidden in Red values and next three bits in the 

green value and next three in the blue value byte. For 

example, consider the 24 bit pixel value- 

11001000   00100111 101000100 

Consider the data byte- 111 010 110 

Data can be hidden in the following way- 

00100111 010010101 1010110 

The main advantage of this technique is the increase 

in the amount of space for hiding the data. Thus 1 
byte of audio data can be hidden in the one pixel of 

the cover image. 

 

4. Block Processing 
Encoder block used for hiding the audio message in 

the image. This audio message is first sampled and 

then transformed into binary format and then encoded 

with color image using 3bit LSB substitution 

technique that is  discussed above, 

 
  

Figure 1. Hiding the  audio message 

The main advantage of this technique is the increase 

in the amount of space for hiding the data. Thus 1 

byte of audio data can be hidden in the one pixel of 

the cover image. 

5. Implementation and Proposed Output 
Using image processing toolbox above proposed 

work has been implemented. We obtained the 

screenshot of the result which show the color image 

encoded into the binary format shown in fig 1.The 

changes that has been made in the cover image in 

which the audio is hidden are so small that cannot be 

observed by the human perception. Thus, 

steganographic  image looks like the cover image and 

the recovered audio message will also appears 
identical to the original data that was sent. 

6. Conclusion 

This technique provide greater amount of 

flexibility to the user since it allow the hide the audio 

content in the last three bit of each byte. Therefore it 

avoids the major limitation of conventional method 

so more data can be hidden within same medium.  
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Abstract— Nowadays , the biomedical instrumentation holds a 

prominent position within medicine . Heart rate is the number of 

heartbeats per unit of time, typically expressed as beats per 

minute. Heart rate can vary as the body’s need to absorb oxygen 

and excrete carbon dioxide changes during exercise or sleep. The 

measurement of heart rate is used by professionals to assist in the 

diagnosis and tracking of medical conditions .These devices are 

mostly used in hospitals and clinics but are gradually finding 

their way into domestic use. This paper demonstrates on an 

approach to design a cheap, accurate and reliable device which 

can easily measure the heart rate of a human body. 

  Keywords – Finger tip sensor; Microcontroller ; Opamp, RF 

module, PCB.  

                                       I.  INTRODUCTION 

Heart rate is the number of heartbeats per unit of time, typically 
expressed as beats per minute (bpm). Heart rate is the speed of 
the heartbeat measured by the number of contractions of the 
heart per unit of time, typically beats per minute (bpm) . The 
heart rate can vary according to the body's physical needs, 
including the need to absorb oxygen and excrete carbon 
dioxide. It is usually equal or close to the pulse measured at 
any peripheral point. Activities that can provoke change 
include physical exercise, sleep, anxiety, stress, illness, 
ingesting, and drugs. The measurement of heart rate is used by 
medical professionals to assist in the diagnosis and tracking of 
medical conditions. Heart rate measurement is one of the very 
important parameters of the human cardiovascular system. 
Electro-cardiogram (ECG) is accurate method for measuring 
the heart rate.ECG is an expensive device and its use for the 
measurement of heart rate only is not economical. Wrist 
watches are also available for instantaneous measurement of 
heart rate but their cost is usually in excess of several hundred 
dollars, making them uneconomical. 

This paper describes the design of a very low-cost device 
which measures the heart rate of subject by keeping the 
fingertip on fingertip sensor and then displaying the result on a 

text based LCD. The device has the advantage that it is 
microcontroller based and thus can be programmed to display 
various quantities, such as the average, maximum and 
minimum rates over  a period of time and so on. Another 
advantage of such a design is that it can be expanded and can 
easily be connected to a recording device or a PC to collect and 
analyses the data for over a period of time. 

                     II.   BLOCK DIAGRAM 

Heart rate signal is found using a fingertip sensor. After 

getting the signal, it must be amplified, because the signal 

amplitude is very low. This is done using amplifier circuit. 
Then the amplified signal is counted using microcontroller. 

Finally, the signal is transmitted by the RF transmitter. 

Figure 1 shows the block diagram of proposed design. 

 

 
 

Figure 1: Block diagram of Heart rate measurement System 
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After transmitting the heart beat signal, it is received by the 

RF receiver. Then signal will be shown on 16*2  LCD display 

through another amplifier.  

 

                     III.   CIRCUIT DESIGN 

There are two parts in the heart rate measurement circuit. One 
is transmitting circuit and another one is receiving circuit. 

A. Transmitting Part 

The transmitting circuit consists of Pulse Sensor,    

 ATmega8, RF transmitter. 

Figure 2: Schematic of heart rate measurement and transmitting circuit 

 

 

            Figure 3:  PCB layout (Transmitting Circuit) 

 

                               Figure 4: Pulse sensor 

Consider figure 4, The front of the sensor is the pretty side 

with the Heart logo. This is the side that makes contact with 

the skin. On the front you see a small round hole, which is 

where the LED shines through from the back, and there is also 
a little square just under the LED. The square is an ambient 

light sensor, exactly like the one used in cell phones, tablets, 

and laptops, to adjust the screen brightness in different light 

conditions. The LED shines light into the fingertip or earlobe, 

or other capillary tissue, and sensor reads the light that 

bounces back. The back of the sensor is where the rest of the 

parts are mounted. We put them there so they would not get in 

the way of the of the sensor on the front. Even the LED we are 

using is a reverse mount LED. 
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The cable is a 24” flat color coded ribbon cable with 3 male 

header connectors. 
RED wire = +3V to +5V, BLACK wire = GND 

PURPLE wire = Signal. 
 

B. Receiving Part 

   The receiving circuit consists of RF receiver, ATMEGA8 

and a LCD display. Figure 5 shows the receiving circuit. The 

ATMEGA8 runs at 8.0 MHz using internal oscillator. 

Measurement is completed in 15 seconds and the result is 
transmitted to receiver circuit and it is displayed in 16*2 LCD 

Display. 

 
 

Figure 5:  Schematic of the signal receiving circuit 

 

 
 

Figure 6:  PCB layout (Receiving Circuit) 

 

                  IV.   HARDWARE IMPLEMENTATION  OF HEART        

                                   RATE MEASUREMENT SYSTEM 

 

This microcontroller based wireless heart bit rate measurement 

device has been fabricated in Printed Circuit Board (PCB). 

A. Hardware design of transmitting  Part 

Consider the figure 7; There is a on-off switch above the 

microcontroller which is used for getting power supply. 

There are two push to on switches for the users. On the left of 

the PCB      there is black chip which is microcontroller we are 

using. In this PCB it is ATMEGA8.On the left side of PCB we 

 have transmitter and antenna.  
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Figure 7:  Hardware implementation of heart rate measurement device 

(Transmitting part) 

 

B.   Hardware design of receiving  Part 

On the left side of PCB another ATMEGA8 microcontroller is 

used. In the below of the figure there is LCD where the output 

result will be shown. 

 

 
 

Figure 8: Hardware implementation of heart rate measurement device 

(Receiving part) 

                  

                                  V.   CONCLUSION 
 

This microcontroller based heart beat monitoring system is 

portable device. This type of technology can be used by doctor 

from any remote place like villages. Any non professional 

educated person can also operate this type of device. So the 

heart rate device which is being designed is cheap in terms of 

cost also easier to understand. 
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Abstract—Fatigue is a dormant physical condition that can be 

witnessed right before one falls asleep. Fatigue affects one’s 

reaction time, ability, concentration and general understanding 

particularly while driving on road adversely. This thing is 

primarily based on the movement of human eyelid which 

distinguished level of alertness. Various visual causes that 

generally characterize the level of alertness of a person are 

extracted systematically combined to check the fatigue level of 

the person. A probabilistic model is developed to model human 

fatigue and to predict fatigue based on the visual causes obtained. 

The simultaneous use of multiple visual causes and their 

systematic combination yields a much more robust and accurate 

fatigue characterization than using a single visual cause. The 

system uses a camera that points directly towards the person’s 

face and monitors the person’s eyes in formed to detect fatigue. 

In such a case when fatigue is detected, a warning signal is issued 

to alert the driver. This system describes how to detect the eyes, 

and also how to determine if the eyes are open or closed. The 

system deals with using information obtained for the binary 

version of the image to find the edges of the face, which narrows 

the area of where the eyes may exist. Once the face area is found, 

then eyes are found by computing the horizontal averages in the 

area. After finding the eyes to monitor the eye movement in the 

real time capturing the video in the camera is specific consecutive 

frame that gives 10 up to the 200 frames. The proposed system 

will be designed in MATLAB. 

Keywords—MATLAB(Matrix Laboaratory), Computer Vision 

System Toolbox 

I.  Introduction  

Driver fatigue is a significant factor in a large number of 
vehicle accidents. The development of technologies for 
detecting or preventing drowsiness at the wheel is a major 
challenge in the field of accident avoidance systems. Because 
of the hazard that drowsiness presents on the road, methods 
need to be developed for counteracting its affects. The aim of 
this project is to develop a prototype drowsiness detection 
system. The focus will be placed on designing a system that 
will accurately monitor the open or closed state of the person’s 

eyes. By monitoring the eyes the symptoms of person fatigue 
can be predicted. Detection of fatigue involves a sequence of 
images of a face, and the observation of eye movements and 
blink patterns. The analysis of face images is a popular 
research area with applications such as face recognition, 
virtual tools, and human identification security systems. This 
project is focused on the localization of the eyes, which 
involves looking at the entire image of the face, and 
determining the position of the eyes, by a self-developed 
image-processing algorithm. Once the position of the eyes is 
located, the system is designed to determine whether the eyes 
are opened or closed, and detect fatigue. Skin color and 
textures are important physiological traits that people use 
consciously or unconsciously to infer variety of culture-related 
aspects about each other  

II. Proposed Work 

In this proposed work we detect closed eyes simultaneously to 
observed and alert the driver on fatigue detection. This is done 

with the help of mounting a camera in front of the driver and 

continuously captured its real time video using skin detection, 

eye detection and Hough Transform algorithm. 

The conventional fatigue detectors are most efficient 

and successful only on frontal images of faces. The system can 

barely cope with 45° face rotation. The detection area is both 

around the vertical and horizontal axis. Another shortcoming 

with these processes was that they were perceptive to lighting 
conditions. For a few cases the designed system detected 

multiple recognition of the same face, due to overlapping sub-

windows. 

The system uses a camera that points directly towards the 

person’s face and monitors the person’s eyes in formed to 

detect fatigue. In such a case when fatigue is detected, a 

warning signal is issued to alert the driver. This system 

describes how to detect the eyes, and also how to determine if 

the eyes are open or closed. The system deals with using 

information obtained for the binary version of the image to 
find the edges of the face, which narrows the area of where the 

eyes may exist. Once the face area is found, then eyes are 
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found by computing the horizontal averages in the area. After 

finding the eyes to monitor the eye movement in the real time 

capturing the video in the camera is specific consecutive frame 

that gives 10 up to the 200 frames. If the eyes are open, it 

shows eyes in the normal condition mean Fatigue is not 

predicted. If the eyes are open and close in some consecutive 
way it shows the possible fatigue detection. If the eyes are 

continuously close for a while it predicted the fatigue is 

detected. It gives warning signal given by the system so it 

alerts to the user to avoid an accident. 

In this proposed design take test cases up to 200 frames. This 

system describes a method to track the eyes and detect 

whether the eyes are closed or open. The next item to be 

considered in image acquisition is the video camera. To 

demonstrate the project we have used the simple Laptop 

camera. To create the video frames used Computer Vision 

System Toolbox.  

The camera uses the function 

vision.CascadeObjectDetector creates a System 

object, detector that detects objects using the Viola-Jones 

algorithm. The Classification Model property controls the 

type of object to detect. By default, the detector is configured 

to detect faces. Computer Vision System Toolbox provides 

algorithms, functions, and apps for the design and simulation 

of computer vision and video processing systems. Using this 
tool box the system can perform object detection and tracking, 

feature detection and extraction, feature matching, stereo 

vision, camera calibration, and motion detection tasks. The 

system toolbox also provides tools for video processing, 

including video file I/O, video display, object annotation, 

drawing graphics, and compositing. Algorithms are available 

as MATLAB functions, System objects, and Simulink blocks. 

 

III. SOFTWARE USED 

 
MATLAB, which stands for Matrix Laboratory, is a state-of-

the-art mathematical software package, which is used 

extensively in both academia and industry. 

It is an interactive program for numerical computation and 

data visualization, which along with its programming 

capabilities provides a very useful tool for almost all areas of 

science and engineering.  

Unlike other mathematical packages, such as MAPLE or 

MATHEMATICA, MATLAB cannot perform symbolic 

manipulations without the use of additional Toolboxes. 

 
To create the video frames we have used “Computer Vision 

System Toolbox” of MATLAB. 

The camera uses Viola-Jones algorithm for identifying the 

face of the driver. Our Mat lab Code creates a System object 

that detects objects using the Viola-Jones algorithm. 

 

IV. METHODOLOGY 

 

 

Step 1. It captures the video and opens a facial view where the 

user has to point his face properly in front of the camera.  

 

Step2. The MATLAB script detects the face and displays the 

image and lets the user place a bounding box around the face.  

Step 3.Afterwards one the eye, mouth portions of the frame 
are recognized, it rescales the eye, mouth portions to 24*24 

pixels.  

 

Figure 1: Proposed Work Flow Chart 

The camera uses Viola-Jones algorithm to scan a sub-
window capable of detecting faces across a given input frame. 
The standard image processing approach would be to rescale 
the input image to different sizes and then run the fixed size 
detector through these frames. 

A. Image Acquisition 

We will have to capture an image using camera. The user’s 

face is captured by camera with some frame intake and 

processed in MATLAB software.  

B. Face Detection 

The first step in MATLAB is to detect the face of the driver. 

We will use two algorithms that are Skin detection and Viola 

Jones. First step in extraction skin color pixels from the 

image is to convert the image to gray scale image and 

then subtract all non-skin color pixels from the original 

RGB image. We use pixels adjustment method to 

differentiate between skin color and non-skin color 

pixels. Pixels having value near to 0 (i.e. black) are 
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rounded to 0 and pixels having value near to 1 (i.e. 

white) are rounded to1. 

Once we detect face our next step is to detect eyes and 

mouth. In this paper, we have detected eyes from the 

face detection. 

 

C. Eye Detection 

After inputting a facial image, pre-processing is first 

performed by binarizing the image. The top and sides of the 

face are detected to narrow down the area of where the eyes 

exist. Using the sides of the face, the centre of the face is 

found, which will be used as a reference when comparing the 

left and right eyes. Moving down from the top of the face, 
horizontal averages of the face area are calculated. Large 

changes in the averages are used to define the eye area. The 

following explains the eye detection procedure in the order of 

the processing operations. All images were generating in 

MATLAB using the image processing toolbox. 

The process of detecting Skin and Eye is shown in 

the below figure’s by the Step by Step execution in the 

MATLAB. 

a) Take the input image from the web-cam. 

b) Apply the Skin detection algorithm to the input 

image. 
c) Label the face parameters. 

d) Apply Eye detection algorithm to the Image. 

e) Measure the distance between two eyes.  

 

        
                    Figure 2                                             Figure 3 

Figure2 above shows the input image from the web cam for 

Face Detection and Finding the Eye Distance. 
Figure3 above shows the Skin Detection of the input image 
after applying skin detection algorithm       

                                                  

 

 

 

 

 

 

                         

 

                         Figure 4                                              Figure 5 

 

Figure4 shows the after applying eye detecting algorithm to 

find the circular point on the screen (that is circular region is 

in circular plot). 
Figure5 shows the distance between two eyes after applying 
the eye detection algorithm. 

V. FUTURE SCOPE 

 
The proposed work in this paper is till eye detection, to detect 
fatigue detection of the driver we have to also detect mouth 
detection which signifies fatigue that is yawning. To detect 
fatigue of the driver the two most vital parameters will be eyes 
and mouth detection. In this paper, we have done three parts of 
the methodology that is image acquisition, face detection and 
eye detection. The future work will be mouth detection which 
will give the complete scenario of the fatigue detection.  

VI. CONCLUSION 

This paper describes fatigue detection system based on Voila 
Jones algorithm using MATLAB software. In this paper we 
have focused on the image acquisition by using laptop camera, 
the image captured in then processed into MATLAB for 
further processing of the image. After image acquisition we 
have detected the face by using Skin detection and Viola Jones 
algorithm. Hence ,a system that can be detect oncoming driver 
fatigue and issue timely warning could help in preventing 
many accidents . 

 

VII. REFERENCES 

 

[1]  Ijaz Khan, Hadi Abdullah, Mohd Shamian Zainal, Shipun Anuar,Hazwaj  

       Mhd, Mohamad Md.”Vision Based Composite Approach for Lethargy         

      Detection”. Md,2014 IEEE CSPA2014,7-9 Mac.2014 kuala Lumpur,    

      Malaysia. 

 [2] Amandeep Singh, Jaspreet Kaur, “Driver Fatigue Detection Using 

       Machine Vision Approach”, Robotics and Autonomous Systems, 

         Kaur,978-1-4673-4529-3/12/$31.00@2012 IEEE. 

 [3] D.J.M.Bomriver,,“ Vision-based Real-time Driver Fatigue Detection 

       System for Efficient Vehicle Control,” nternational Journal of Engineering  

        and Advance Technology(IJEAT)ISSN:2249-8958,Volume-2 Issue-1  

       Oct 2012 . 

[4] Narendra Kumar,Dr.N.C.Barwar “Analysis of Real Time Driver Fatigue 

      Detection Based on Eye and Yawning”, ,(IJCSIT)international Journal of  

      Computer Science and Information Technologies Vol5(6),2014.78217826. 

 [5] Narendra Kumar,Dr.N.C.Barwar,“ Detecting of Eye Blinking an 

        Yawning for Monitoring Drivers Drowsiness in Real Time” International  

        journal of Application or Innovation in Engineering & 

       Management(IJAIEM) Volume 3,Issue 11,November 2014 

 [6] 021Mr. Swapnil V. Deshmukh #1, Ms.Dipeeka P. Radake*2, Mr. Kapil 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 268 
 

       N. Hande#3,“ Driver fatigue Detection Using Sensor Network”. 

       International  Journal of Engineering Science and Technology (IJEST),  

       NCICT Special Issue Feb 2011. 

 [7]Yang M. H., Kriegman J. and Ahuja N,“ Detecting Faces in Images: A 

      Survey”. IEEE Transaction on Pattern Analysis and Machine Intelligence,  

     Vol. 24, pp. 34-58 (2008). 

 

 

  



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 269 
 

 

Review on Relative Analysis of  Peak to Average Power Ratio(PAPR) 

Enhanced BER Performance For OFDM

Sneha Metkar
1
 

Department of Electronics and Communication Engineering  

Abha Gaikwad-Patil College of Engineering 

 Nagpur, Maharashtra, India 

e-mail:sneha.metkar7@gmail.com 

Prof. Sagar Pradhan
2
  

Department of Electronics and Communication Engineering  

Abha Gaikwad-Patil College of Engineering 

Nagpur, Maharashtra, India 

e-mail: sp8728@outlook.com

 

Abstract— Orthogonal frequency division multiplexing (OFDM) is vastly used in wireless networks. Its superiority relies on the 

fact that information can be split in large amount of frequencies. Each frequency is called information subcarrier. OFDM exhibits 

excellent annotation in channel fades and interferers as only a few subcarriers can be affected and consequently a small part of the 

original data stream can be lost. Orthogonality between frequencies ensures better spectrum management and obviates the danger 
of intersymbol interference. However, an essential problem exists. OFDM systems have high peak to average power ratio. This 

implies large fluctuations in signal power, ending up in increasing complexity of ADCs and DACs. Also, power amplifiers must 

work in a larger linear dynamic region. In this review paper we present two new techniques for reducing Peak to Average Power 

Ratio (PAPR), that can be added in any OFDM system and we compare them with other existing schemes.  

Keywords: OFDM, Convolutional Encoding, QPSK, Zero padding, IFFT, Cyclic Prefix, ISI, PAPR, Soft Reduction, µ-Law Algorithm, 

Clipping Ratio (CR), Peak Ratio (PR), BER, CCDF, µLSR, µLaCP.  

  

I.  INTRODUCTION 

Orthogonal Frequency Division Multiplexing (OFDM) has been 

distinguished between other types of data transmission and 

reception schemes, for its excellent tolerance towards multipath 

fading and for supporting even higher data rates. OFDM has 

been a primary part of interest in many scientific researches and 
it has been included and implemented in various standards and 

application fields. Digital Audio Broadcasting (DAB), Terrestrial 

Digital Video Broadcasting (DVB-T), Wireless Local Area 

Network (WLAN – IEEE 802.11), High-Performance LAN type 

2 (HIPERLAN/2), Broadband Wire- less Access (BWA – IEEE 

802.16), Mobile Broadband Wireless Access (802.20), WiMAX, 

Broadcast Radio Access Network (BRAN), Digital Subscriber 

Lines (DSL) and Multimedia Mobile Access Communication 

(MMAC) have all adopted OFDM [1].  

II. PROBLEM REVIEW  

The key feature of splitting data in various orthogonal 
information carriers along with the fact of introducing a guard 
band called cyclic prefix for avoiding ISI, characterizes a 
strong candidate transceiver for all future wireless applications. 
The main drawback is Peak to Average Power Ratio. This 
essential problem of subcarriers power fluctuation imposes 
undesirable complexity in Digital to Analog converters as they 
must operate in a wider dynamic range. Also the power 
amplifier, located on the transmitter part, must operate in a 
very large linear region for preventing spectral growth and 
consequently out-of-band noise. All previous demands relevant 
to existence of high PAPR, increase the overall cost of an 
OFDM system. 

III. PROBLEM DEFINATION  

  Many schemes for reducing PAPR have been proposed and 

are worth mentioning not only for their innovations but also 

due to hard work that appears to have been done by all 

authors. Clipping is very simple and has a quick 

implementation [2]. Unfortunately it causes out- of-band 

radiation. Even if digital filtering is used for reducing 

radiation [3] which is very proper to do, BER deteriorates. 

Constellation shaping using SLM method in conjunction with 

Hadamard code [4] offers good results but complexity of this 

method is relatively high compared to others, like Low 

Complexity Technique which utilizes simple algorithm [5]. 

The latest still requires magnifier in receiver. Also in-depth 

BER performance is not mentioned. But, we must not omit the 
fact that its PAPR performance is fine. Another scheme is 

PAPR reduction with Huffman Coding [6] but it introduces 

the necessity of transmitting the encoding table to receiver. 

Even if bandwidth will not be affected, a serious drawback 

remains. System complexity is high. Another excellent idea is 

about recovering the clipped part of the OFDM signal [7], but 

it has restrictions, like trading-off between low CR and 

increasing the amount of the copied signal which in turn 

introduces redundancy in the transmitted data. Using a root 

commanding transform technique still requires expander in the 

receiver and exhibits good trade-off between PAPR and SER. 

SER Performance appears to be good but not innovative. 
Other technique using combined interleaving and 

commanding [6][7] exhibits good CCDF performance but 

introduces the necessity of k interleavers in transmitter’s part. 

Also side information must be sent to receiver containing 

identities of corresponding interleavers. This deteriorates 

simplicity of system design. 

IV. PROBLEM ANALYSIS 

The review first part of our work involved with the study of 

selected companders and was focused especially in two already 

known schemes which are soft reduction and µ-algorithm. We 

selected these as they are simple techniques compared to 

others. We didn’t use the expanded parts of these algorithms in 

the receiver in order to avoid overall complexity. Then we 

conducted various simulations ending up in finding two new 
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strong candidates for PAPR reduction without deteriorating 

BER system performance. In the third part of our study final 

simulations of an OFDM system (with IFFT subcarriers) were 

conducted. This system was consisted of a convolutional 

encoder [10] and a viterbi decoder along with other blocks. 

V. OBJECTIVES 

Our platform which is used as a basic simulation testbed, 

forms an OFDM system. All system delays were 

computed in order to apply a perfect synchronization 

between transmitter and receiver. Also, each time we 

added or removed blocks we calculated the power 

characteristics of the new generated OFDM signal, in 

order our simulations to produce the highest possible 

accurate results. Transmitter system under test was 

constituted of a random generator, a convolutional 

encoder, a QPSK modulator, a serial to parallel 

converter, an oversampling procedure using double zero 

padding, an IFFT block, a cyclic prefix generator and an 
unbuffering procedure. All inverse computations were 

implemented in receiver’s part. Specifically for 

implementing convolutional encoder we used a design 

with one input, six shift registers and two adders 

complying with industry standard rate of 1/2 [1]. The 

review simulation system that we developed is proposed 

to produce to from 64 to 8192 subcarriers in IFFT output. 

Table characteristics of up to 4096 subcarriers system 

were used from our previous study on noise effects in 

large number of subcarriers [2][3]. Simulation testbded 

of 8192 subcarriers in IFFT output was conformed 

accordingly to table structure of previous paper. Our 
system design appears in Figure 1.  

VI. DESIGN ANALYSIS 

The proposed scheme µ-Law Soft Reduction – µLSR 
introduces the attachment of a new compressor after 

Cyclic Prefix function[4][5]. Companded output can be 

represented by following equations without the need of 

expanding it in receiver’s part:  

µLSROUT = VSRlog(1+µ|xSR|/VSR)/log(1+µ) 

*sgn(xSR)----------------------------------(1)Equn. 

 

 

 

 

 

 
Figure 1. OFDM system overview 

By using Soft Reduction (SR) in the output of Cyclic 
Prefix, signal peaks which exhibited larger values than 

others in relation to threshold, were attenuated in a greater 

extend [6]. PAPR decreased along with the peak-to- peak 

amplitude of the CP. This led us to connecting this 

algorithm with µ-Law compression technique for PR = 2 

[7]. Result was the amplification of the reduced signal 

xSRout, while giving gain superiority to lower amplitudes 

and decreasing even more Also, in Figure 2, BER 
performance of µLSR is compared to SR, to µ-Law, and to 

OFDM system without convolutional encoder. There is 

clearly shown that BER performance of the proposed 

scheme is identical to that of SR and µ-Law compressor (µ 

= 3, PR = 2) with the amplification in original power levels 

can be accomplished easily by using a gain block. In our 

simulations we didn’t implement the previous block in 

order to keep low complexity in system design. 

 

 

 

 

 

 

 
 

 
Figure 2. BER Performance of µLaCP for 8192 subarriers 

respectively (IFFT output). 
 

VII. METHODOLOGY 

As maximum PAPR rarely occurs additional simulations had 

to be conducted with higher amount of information data. This 

was done in order to verify the innovative performance of the 

proposed methods through the calculation and plotting for 64 

and 128 OFDM carriers. Actually, Figure 2 shows that µLSR 

(for 64 carriers) with proposed Equation(1) has better 

performance compared to µ-Law and to OFDM system with 
convolutional encoder, by almost 1 dB and 2.5 dB PAPR 

respectively (for theoretical maximum PAPR). Also µLSR 

(for 128 carriers) exhibits PAPR decrease by almost 0.5 dΒ 

and 2.5 dB compared to previously mentioned systems. 

VIII. TOOLS USED 

In terms of various simulations an integrated environment 

based with Tanner Tools is been used compatible with 

operating systems based on 32-bit Windows XP, Windows 7 

with supported MATLAB environments. 

IX. CONLUSION AND FUTURE SCOPE 

In this paper we are in review process of proposed two new 

techniques for decreasing Peak to Average Power Ratio. The 

primary concern was to accomplish this with no BER 

deterioration and hence to keep complexity of the system as 

low as possible. BER curves for µLSR and µLaCP which were 

derived from simulations (in the absence of ADC and DAC) 
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showed clearly not a severe deterioration. µLSR had a slightly 

better performance (0.5 dB) compared to µLaCP, but the last 

exhibited a superior PAPR performance in terms of 

probability and maximum PAPR. Also, µLaCP is even 

simpler technique compared to µLSR. Both techniques don’t 

include an expander in receiver’s part, for simplicity reasons. 
This is also a future goal of us, along with the design of a final 

OFDM system (vast number of subcarriers) introducing 

precise channel estimation. reduced, which could result in 

higher-speed with reference to dynamic scaled data transfer. 
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Abstract – Automation of the surrounding environment of a 

modern human being allows increasing his work efficiency and 

comfort. There has been a significant development in the area of 

an individual’s routine tasks and those can be automated. In the 

present times, we can find most of the people clinging to their 

mobile phones and smart devices throughout the day. Hence with 

the help of his companion a mobile phone, some daily household 

tasks can be accomplished by personifying the use of the mobile 

phone. Analyzing the current smart phone market, novice mobile 

users are opting for phones.  Home Automation System (HAS) 

has been designed for mobile phones in which GSM is interfaced 

with  microcontroller which controls a number of home 

appliances like lights, fans, bulbs and many more using on/off 

relay. This paper presents the automated approach of controlling 

the devices in a household that could ease the tasks of using the 

traditional method of the switch. The most famous and efficient 

technology is GSM wireless communication system. The HAS 

system for users is a step towards the ease of the tasks by 

controlling different appliances in any home environment. 
Previous established automation systems 

 

 

Keywords- Home Automation System, GSM, Microcontroller, 

Mobile Phone, Appliance 

 

1. INTRODUCTION 

GSM based Control System” implements the emerging 

applications of the GSM technology. Using GSM networks, a 
control system has been proposed that will act as an embedded 

system which can monitor and control appliances and other 

devices locally using built-in input and output peripherals. 

Remotely the system allows the user to effectively monitor and 

control the house appliances and equipments via the mobile 

phone by sending missed calls to the GSM kit and receiving 

the appliances status. The main concept behind the project is to 

provide miss call to the GSM kit and processing it further as 

required to perform several operations. The type of the 

operation to be performed depends on the number of rings 

provided in miss calls. The principle in which the project is 
based is fairly simple. First, a miss call is provided to the GSM 

chip and polled from the receiver mobile station and then the 

required control signal is generated and sent to the  

 

 

intermediate hardware. A microcontroller based system has 

been proposed for our project. There are several terminologies 

that are used extensively throughout this project. GSM (Global  

System for Mobile Communications): It is a cellular 

communication standard. 

There are many definitions of home automation available in 
the literature. [1] describes home automation as the 

introduction of technology within the home to enhance the 

quality of life of its occupants, through the provision of 

different services such as multimedia entertainment and energy 

conservation. There has been significant research into the field 

of home automation. The X10 industry standard, developed in 

1975 for communication between electronic devices, is the 

oldest standard identified from the author‟s review, providing 

limited control over household devices through the home‟s 

power lines. Recently, research into the field of home 

automation has continued to receive much attention in 

academia. [2] developed a Java based home automation 
system. An embedded board physically connected all the home 

automation devices and, through integration with a personal 

computer (PC) based web server, provided remote access to 

the system. The use of Java technology, which incorporates 

built-in network security features, produces a secure solution. 

However, the system requires an intrusive and expensive wired 

installation and the use of a high end PC. [3] introduced a 

Bluetooth based home automation system, consisting of a 

primary controller and a number of Bluetooth sub-controllers. 

Each home device is physically connected to a local Bluetooth 

sub-controller. The home devices communicate with their 
respective sub-controller using wired communications. From 

the sub-controller all communications are sent to the primary 
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controller using wireless communications. It is desirable for 

each home device to have a dedicated Bluetooth module. 

However, due to the fiscal expense of Bluetooth technology, a 

single module is shared amongst several devices. This 

architecture reduces the amount of physical wiring required 

and hence the intrusiveness of the installation, through the use 

of wireless technology. However, the architecture does not 

completely alleviate the intrusiveness of the installation due to 

the incorporation of some wired communications. 

Moreover the sharing of single Bluetooth module between 
numerous devices has the disadvantage of incurring an access 

delay. Introduced a phone based remote controller for home 

and office automation. The system differs in that all 

communications occur over a fixed telephone line and not over 

the Internet. The system can be accessed using any telephone 

that supports dual tone multiple frequency (DTMF). The 

disadvantages of this system are threefold: users are not 

provided with a graphical user interface, users have to 

remember an access code, and they have to remember which 

buttons to press for the control of connected devices. [5] 

proposed a novel control network, using hand gestures. The 
controller uses a glove to relay hand gestures to the system. 

The problem with the system lies in the inaccuracy of hand 

gestures, with the potential for normal arm movements being 

inaccurately interpreted as commands. Moreover, there is the 

risk of user fatigue if repetitive hand gestures are required. The 

introduction provides a short review of the existing academic 

research into home automation. The publically available 

research into home automation lies predominantly in the 

academic arena, with little industrial research being publically 

available. The adoption of home automation technologies into 

commercial systems has been limited, and where available 

consumer uptake has been slow. The aforementioned systems 
offer little in the way of interoperability. Attempts have been 

made to provide network.  Interoperability and remote access 

to home automation systems through the development of home 

gateways. [6] Defined a home gateway as the point of ingress 

between a personal area network and a public access network. 

They developed a web server based home gateway to 

interconnect IEEE1394; with a power line based home 

automation system, and the Internet. To make the system more 

attractive to home owners, a real time AV transcoding 

capability was included. The system offers an insightful look 

into the development of a home gateway; however, the use of 
power lines as the communication medium limits the 

positioning of devices within the home to areas in close 

proximity to power sockets. [7] Proposed a home energy 

management focused home Gateway, which connects the 

home network with the Internet. The system was installed in 

twenty houses in the Tokyo area. [8] Proposed a home 

gateway based on the OSGI (Open Service Gateway 

Initiative), which allows service providers to access home 

automation systems for administration and maintenance 

services. The proposed system is divided into two subsystems. 

The first is the DSM (Digital Home Service Distribution and 

Management System), which provides a user interface for the 
control and monitoring of connected home automation 

devices. The second is the Home Gateway, which is 

responsible for managing the home automation system. This 

open architecture raises privacy problems which, for some 

users, may be much greater than the advantages offered by 

granting third party access. [9] Implements a home gateway 

that accepts mobile phone signals and activates or deactivates 

A. LED representing a home device. 

These systems have made a significant contribution to the 

Development of a home gateway. However, the existing 

Network infrastructure within the home environment has not 

been taken into consideration when selecting the networks for 

integration with the respective home gateways. Moreover, the 

existing research has focused on the provision of remote 

connectivity and has largely neglected . 

B. Analysis of the Existing Systems 

The adoption of home automation technology by consumers 

has been limited. We propose that, from the home automation 

domain analysis, the problems limiting wide spread consumer 

adoption can be grouped into five general categories. Firstly, 

complex and expensive architecture: the existing systems 

architectures generally incorporate a personal computer for the 

purposes of network management and provision of remote 

access. This adds additional complexity to the system, hence 

increasing the overall fiscal expense. Secondly, intrusive 

installation: the majority of systems require varying levels of 
physical wiring in their architectures. This, in some cases, is 

due to the expense of the alternative wireless technologies. 

Hence, these systems require intrusive and expensive 

installations. Thirdly, lack of network interoperability: both 

home networks and the home automation systems which 

utilise them have been developed and adopted in an unplanned 

and ad-hoc manner. This has lead to a home environment 

consisting of a complex maze of heterogeneous networks. 

These networks and the systems that utilise them normally 

offer little interoperability; leading to three potential problems. 

• Duplication of monitoring activities, due to lack of 

Interoperability; 

• The possibility of interference, between co-existing 

Networks;  

• The potential for two simultaneous, autonomous actions on 

co-    existing networks, interacting and resulting in an 

undesirable      outcome. Fourthly, interface inflexibility: the 

existing systems  offer varying approaches for users to control 

and monitor the connected devices. However, this is normally 

limited to a single method of control, which offers users 

limited flexibility.    

  The systems which provide more than one interface ndevice 

normally provide different user interfaces and risk confusing 
users. Finally, security and safety: the existing approaches 

have not focused on security and safety problems that may 

arise from their implementation. Moreover, the systems that 

offer some degree of security have neglected the problems 

with sharing information between devices produced by 

multiple vendors for the purposes of establishing security. 

C. Features of the proposed System 

This paper presents a novel, stand alone, low-cost and flexible 

ZigBee based home automation system. The architecture is 

designed to reduce the system‟s complexity and lower fiscal 

costs. Hence, the system endeavours not to incorporate 

complex and expensive components, such as a high end 
personal computer, where possible. The system is flexible and 
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scalable, allowing additional home appliances designed by 

multiple vendors, to be securely and safely added to the home 

network with the minimum amount of effort. The system 

allows home owners to monitor and control connected devices 

in the home, through a variety of controls, including a ZigBee 

based remote control, and any Wi-Fi enabled device which 

supports Java. Additionally, users may remotely monitor and 

control their home devices using any Internet enabled device 

with Java support. A home gateway is implemented to 

facilitate interoperability between heterogeneous networks and 
provide a consistent interface, regardless of the accessing 

device. A virtual home pre-processes all communications 

before they are realised on the real home automation system. 

All communications are checked for security and safety before 

being allowed to continue to their respective destinations. This 

paper is organised as follows: Section 2 discusses the 

developed home automation architecture, including a review 

of the technology used. Section 3 describes the implementation 

of the proposed system. Section 4 provides a discussion of the 

system evaluation and Section 5 provides a conclusion . 

SYSTEM ARCHITECTURE 

 

 

fig 1 shows system architecture 

 

DESCRIPTION 

The figure shown above is the simple block diagram of our project. It 

is a simple illustration of how we have implemented our project and 
the various parts involved in it. From the above representation, the 
first Mobile station is used as a transmitting section from which the 
user provides miss call to the GSM chip which is based on a specific 
area where our control system is located. The received miss call is 
given to the microcontroller and processed accordingly to carry out 
specific operations. The relay driver (BUFFER ULN2003) is used to 
drive the relay circuits which switches the different appliances 

connected to the interface. The operation performed by the 
microcontroller and also its inclusion makes the overall system user-
friendly. The input from different sensors are feed to micro-controller 
and processed to operate respective task semi autonomously and 
autonomously. 

 

 

 

fig 2 Shows GSM Based Control System 

Assuming that the control unit is powered and operating 

properly, the process of controlling a device connected to 

the interface will proceed through the following steps; 

• The remote user provides miss call to the receiver. 

• GSM receiver receives the rings of miss call sent from the     

   user cell phone , GSM receiver sends the miss call as a    

   signal to the microcontroller. 

   • Microcontroller issues commands to the appliances and the  
     devices connected will switch ON/OFF. 

 

Goals and Objectives 

 

The project “GSM based Control System” at the title 

suggests is aimed to construct a control system that enables 

the complete control of the interface on which it is based. 

General objectives of the project are defined as; 

a. To co-ordinate appliances and other devices by providing 

miss call to the GSM chip. 

b. To effectively receive and transmit data via SMS 

c. To eliminate the need of being physically present in any 
location for tasks involving the operation of appliances 

within a household/office. 

d. Minimize power and time wastage 

 

Intended Users and Uses 

This system is aimed toward all the average users who wish 

to control their household/office appliances remotely from 

their cell phones provided that the appliances are electrically 

controllable. Example of feasible appliances and 

applications under consideration include; enable/disable 

security systems, fans, lights, kitchen appliances, and 
adjusting the temperatures settings of a 

heating/ventilation/air conditioning system. 

 

Circuit Components 

A. Micro-Controller 
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An embedded microcontroller is a chip, which has a computer 

processor with all its support function (clocking and reset), 

memory (both program storage and RAM), and I/O (including 

bus interfaces) built into the device. These built in function 

minimize the need for external circuits and devices to the 

designed in the final applications. The improvements in micro-

controller technology has meant that it is often more cost-

effective, faster and more efficient to develop an application 

using a micro-controller rather than discrete logic. Creating 

applications for micro-controllers is completely different than 
any other development job in computing and electronics. In 

most other applications, number of subsystems and interfaces 

are available but this is not the case for the micro-controller 

where the following responsibilities have to be taken. 

• Power distribution 

• System clocking 

• Interface design and wiring 

• System Programming 

• Application programming 

• Device programming 

 
There are two types of micro-controller commonly in use. 

Embedded micro-controller is the micro-controller, which has 

the entire hardware requirement to run the application, 

provided on the chip. External memory micro-controller is the 

micro-controller that allows the connection of external 

memory when the program memory is insufficient for an 

application or during the work a separate ROM (or even 

RAM) will make the work easier. 

 

B. ATMEL Micro-controller 

The AT89C52 is a low-power; high performance CMOS 8-bit 

microcomputer with 8K bytes of Flash programmable and 
erasable read only memory (PEROM). The device is 

manufactured using Atmel‟s high-density non-volatile memory 

technology and is compatible with the industry-standard 

80C51 and 80C52 instruction set and pin out. The On-chip 

Flash allows the program memory to be reprogrammed in-

system or by a conventional non-volatile memory 

programmer. By combining a versatile 8-bit CPU with Flash 

on a monolithic chip, the Atmel AT89C52 is a powerful 

microcomputer which provides a highly-flexible and cost-

effective solution to many embedded control applications. 

The main features of this micro-controller are as follows; 
 

• Compatible with MCS-51TM \Products 

• 8K Bytes of In-system reprogrammable Flash Memory 

• Endurance: 1,000 write/erase cycles 

• Fully static operation: 0 Hz to 24 MHz 

• Three-level Program Memory Lock 

• 256 x 8-bit internal RAM 

• 32 Programmable I/O lines 

• Three 16-bit Timer/Counters 

•  Programmable Serial Channel 

• Low-power Idle and Power-down Modes 

 

 

 

C. Relay 

NC: - Normally Connected 

NO: - Normally Open 

COM: - Common 

 

 

Fig 2: shows relay circuit 

The relay driver is used to isolate both the controlling and the 

controlled device. The relay is an electromagnetic device, 

which consists of solenoid, moving contacts (switch) and 

restoring spring and consumes comparatively large amount of 
power. Hence it is possible for the interface IC to drive the 

relay satisfactorily. To enable this, a driver circuitry, which 

will act as a buffer circuit, is to be incorporated between them. 

The driver circuitry senses the presence of a “high” level at the 

input and drives the relay from another voltage source. Hence 

the relay is used to switch the electrical supply to the 

appliances. From the figure when we connect the rated voltage 

across the coil the back emf opposes the current flow but after 

the short time the supplied voltage will overcome the back emf 

and the current flow through the coil increase. When the 

current is equal to the activating current of relay the core is 

magnetized and it attracts the moving contacts. Now the 
moving contact leaves from its initial position denoted “(N/C)” 

normally closed terminal which is a fixed terminal. The 

common contact or moving contact establishes the connection 

with a new terminal which is indicated as a normally open 

terminal “(N/O)”. Whenever, the supply coil is withdrawn the 

magnetizing force is vanished. Now, the spring pulls the 

moving contact back to initial position, where it makes a 

connection makes with N/C terminal. However, it is also to be 

noted that at this time also a back emf is produced. The 

withdrawal time may be in microsecond, the back emf may be 

in the range of few kilovolts and in opposite polarity with the 
supplied terminals the voltage is known as surge voltage. It 

must be neutralized or else it may damage the system. 

D. ULN2003 IC 

The ULN2003 is a monolithic high voltage and high current 

Darlington transistor arrays. It consists of seven NPN 

Darlington pairs that feature high-voltage outputs with 

common-cathode clamp diode for switching inductive loads. 

The collector-current rating of a single Darlington pairs 

500mA. The Darlington pairs may be paralleled for higher 

current capability. Applications include relay drivers, hammer 

drivers, lamp drivers, display drivers (LED gas Discharge), 
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line drivers, and logic buffers. The ULN2003 has a 2.7kW 

series base resistor for each Darlington pair for operation 

directly with TTL or 5V CMOS devices. 

Features: 

• 500mA rated collector current ( Single output ) 

• High-voltage outputs: 50V 

• Inputs compatible with various types of logic. 

• Relay driver application. 

GSM Based Control System 22 

 

Logical Diagram 

 

 

Fig 3: shows ULN 2003 IC 

 

Fig 4: Shows Schematic Diagram (Each Darlington Pair) 

 

GSM TECHNOLOGY 

GSM is a global system for mobile communication GSM is 

an international digital cellular telecommunication. The 

GSM standard was released by ETSI (European Standard 

Telecommunication Standard) back in 1989. The first 

commercial services were launched in 1991 and after its 

early introduction in Europe; the standard went global in 

1992. Since then, GSM has become the most widely adopted 

and fastest-growing digital cellular standard, and it is 

positioned to become the world‟s dominant cellular 

standard. Today‟s second-generation GSM networks deliver 

high quality and secure mobile voice and data services (such 

as SMS/ Text Messaging) with full roaming capabilities 

across the world. GSM platform is a hugely successful 

technology and as unprecedented story of global 

achievement. In less than ten years since the first GSM 

network was commercially launched, it become, the world‟s 

leading and fastest growing mobile standard, spanning over 

173 countries. Today, GSM technology is in use by more 

than one in ten of the world‟s population and growth 

continues to sour with the number of subscriber worldwide 
expected to surpass one billion by through end of 2003. 

Today‟s GSM platform is living, growing and evolving and 

already offers an expanded and feature-rich „family‟ of 

voice and enabling services. The Global System for Mobile 

Communication (GSM) network is a cellular 

telecommunication network with a versatile architecture 

complying with the ETSI GSM 900/GSM 1800 standard. 

Siemen‟s implementation is the digital cellular mobile 

communication system D900/1800/1900 that uses the very 

latest technology to meet every requirement of the standard. 

 

 

                       Fig 5: Shows GSM Architecture 

 

Basic Specification in GSM 

 Parameter Specifications 

1 Reverse Channel frequency 890-915MHz 

2 Forward Channel frequency 935-960 MHz 

3 Tx/Rx Frequency Spacing 45 MHz 

4 Tx/Rx Time Slot Spacing 3 Time slots 

5 Modulation Data Rate 270.833333kbps 

6 Frame Period 4.615ms 

7 Users per Frame 8 

8 Time Slot Period 576.9microsec 

9 Bit Period 3.692 microsecond 

10 Modulation 0.3 GMSK 

11 ARFCN Number 0 to 124 & 975 to 1023 

12 ARFCN Channel Spacing 200 kHz 

13 Interleaving 40 ms 

14 Voice Coder Bit Rate 13.4kbps 

 

Advantages 
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1. It Reduces wastage of power.  

2. Helpful for handicapped Person. 

3. Due to missed call approach no charges required. 

 

Disadvantages 

1. As, it depends on GSM network in absence of network call 

cannot  

    be done. 

2. More than 14 appliances cannot be connected. 

Application 

 Home Appliances 

 Industries 

 Institutions 

 

Future Improvements 

The future implications of the project are very great 

considering the amount of time and resources it saves. The 

project we have undertaken can be used as a reference or as a 
base for realizing a scheme to be implemented in other 

projects of greater level such as weather forecasting, 

temperature updates, device synchronization, etc. The project 

itself can be modified to achieve a complete Home 

Automation System which will then create a platform for the 

user to interface between himself and his household. 
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Abstract— Orthogonal Frequency Division Multiplexing(OFDM) 

is one technique that has been proposed to offer substantially 

higher data rates than those currently available to the mobile 

user. As with any communications system effective, reliable and 

efficient techniques are required that will allow synchronization 

of remote terminal. Accurate frequency and timing 

synchronization of OFDM system is required in order to  achieve 

good performance. The property that these systems rely on – 

orthogonality of the subcarriers will be lost if synchronization is 

inaccurate. In this paper we focus on the frequency  

synchronization. This paper presents a simple frequency  

synchronization technique that provide robust  frequency offset 

over wide variety.  
 

Keywords— OFDM,  carrier frequency offset( CFO) 

I.  Introduction  
 

Orthogonal frequency division multiplexing (OFDM) is a 

digital multi-carrier modulation technique that has been come 

increasingly popular scheme in modern digital 
communication. It is the attractive technique for high speed 

wireless communication. It is robust against frequency 

selective fading in  multipath channel . several wireless 

communication system adopt OFDM as  a modulation 

technique such as  wireless local area network( WLAN), 

wireless fidelity(Wi-Fi), 3rd generation partnership project 

long term evolution(3GPP LTE) & 4G LTE. It is also 

integrated in Digital Audio Broadcasting(DAB), Digital Video 

Broadcasting(DVB),DVB-T. 

 

                                         In OFDM, there are various domain 

of synchronizations such as timing synchronization, frequency 
synchronization and symbol synchronization. In this paper we 

examine the frequency synchronization. OFDM is very 

sensitive to carrier frequency offset(CFO) in the received 

signal due to Doppler shift or instability in local oscillator  and 

results in a loss of subcarrier orthogonality. Hence it is 

required to reduce the frequency errors to small fraction of the 

subcarrier spacing. In this paper there are various techniques 

have been proposed for the frequency synchronization in 

OFDM. 

II. Ease of Use 
 

 Dynamically  allocates high speed serial bit streams 

to subscribers. 

 Increases the spectral efficiency. 

 Increases the channel capacity. 

 To allow the flexible bandwidth allocation. . 

  In OFDM, the sub-carrier frequencies are chosen so 
that the sub-carriers are orthogonal to each other, 

meaning that cross-talk between the sub-channels is 

eliminated and inter-carrier guard bands are not 

required. 

 

III. literature review  
 

 

Moose [1] derived the maximum likelihood estimation (MLE) 

for  carrier frequency offset (CFO) in frequency  domain. The 

limit of acquisition for the CFO is +-1/2 of subscriber spacing. 

Schmidl and Cox [2] proposed frequency and timing 

synchronization algorithm by using repeated  data symbol. 

Wei Zhong [3] proposed a novel integral frequency offset 

estimation which examined the phase changes of  
synchronization signals in frequency domain this method 

provides very low computational complexity. C.Geetha priya 

and A.M.Vasumathi [4] proposed accurate frequency 

synchronization method using  Zadoff-chu sequence. Eric 

Bjornemo [5] proposed a Bayesian analysis in this way 

enables using  fast frequency acquisition without pilots at low 

SNR. Ching-Liang Wang [6] proposed method of  to make a 

modulatable orthogonal sequence  partially geometric for  

Large CFO estimation. E.C. Kim [7] proposed enhanced the 

performance of frequency offset compensation by adding the 

ternary sequence to OFDM signals. Haling Minn [8] proposed 
frequency offset estimation approach using a maximum 
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likelihood principle with sliding observation vector. 

Adegbenga B. Awoseyila [9] proposed a novel technique for 

3GPP LTE specifications using one training with simple 

structure of two identical parts to achieve robust and full range 

time-frequency synchronization in OFDM system. 

 
 

 

 

IV. proposed synchonization 
solution 

 

                    This paper proposed a new technique for 

frequency synchronization using a multidimensional filter 

banks. In OFDM, receiver carrier and transmitter carrier  are 

generated from local oscillator. These local oscillator are not 

phase synchronous hence it creating the arbitrary phase error. 

Therefore deviations from local oscillators values will create 

carrier frequency offset (CFO). 
 

                  ∆f = f(tc) – f(rc)  

                  

                                       The frequency error estimation should 

be performed after the receiver filter bank. If frequency error 

estimation is done then at the same time frequency error 

correction should be performed in front of filter bank. Since, 

the carrier frequency is the derivative of carrier phase with 

respect to time. The OFDM system with frequency estimation 

after filter bank will produce error estimates at maximum rate 

of 1/T. In this frequency estimation, their having one filter-

bank which carries filtered signal. And other is filtering 
feedback delay circuit which provides error frequency signal 

and this feedback frequency error signal is applied to 

frequency error correction through the feedback. If error will 

arises then it will correcting through feedback loop by using a 

filter bank.  

                                   

                                

 

 

 

 

V. CONCLUSION 
 

                           We conclude that this filter bank approach  is 
very efficient and time consuming  having  a very simple 

circuit. With this type filter bank approach we will conclude 

frequency offset . Similarly we will conclude phase offset by 

adding phase error correction block. 
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    Abstract—With the rapid development and wide use of 

Internet, transmitting information faces a big challenge of 
security. So, people need a safe and secured way for transmission 
of information. Digital watermarking is a technique of data 
hiding, which provide security to the data. This paper presents a 
method to detect video tampering and distinguish it from 
common video processing operations, such as noise, and 
brightness increase, recompression using a practical 
watermarking scheme for real-time authentication to the digital 
video. In our method, the watermark represent the frame’s 
indices and macro-blocks, are embedded into the non-zero 
quantized discrete cosine transform value of blocks, the last non-
zero values enabling our method to detect temporal, spatial and 
spatio-temporal tampering. Our method can be easily configured 
to adjust robustness, transparency, and capacity of the system 
according to the specific application. In addition, our method 
takes advantage of content-based cryptography and increases the 
security of the system. While our method can be applied to all 
type of videos. Also, analyzing the detection error helps to 
distinguish malicious attacks from some common processing such 
as recompression. In our method a Spread Spectrum 
Watermarking algorithm is used for embedded watermarking 
into the video for authentication and contented based 
cryptography is used to provide security to the system. An Error 
Resilient technique using reversible data embedding in real time 
video aiming at high quality recovery under high loss rate is 
proposed. For compressed videos, predictive coding techniques 
increase the dependency between frames. When error occurs, it 
may propagate to other frames. In order to achieve higher 
compression ratio, it adopted prediction to further compress 
frames. Such technique also results in error propagation in 
frames. This paper proposes a new error resilient technique using 
reversible data embedding. The use of reversible data embedding 
technique is to provide better restoration and reduce noise ratio. 

 

Keywords— Digital images; Copyright Protection; Digital image 

watermarking. 

I.  Introduction 
Watermarking is a technique used to hide data or 

identifying information within digital multimedia. Our 
discussion will focus on the watermarking of digital video, 
though digital images and documents are also routinely 
watermarked. Digital watermarking is becoming very popular, 
especially for adding non-detectable identifying marks, such 
as copyright or author information. The digital watermarking 
process embeds a signal into the digital media without 
significantly degrading its visual (original) quality. Digital 
watermarking is a process to embed some information called 
watermark into different kinds of media called as Cover Work. 
Digital watermarking is used to hide the information inside a 
signal, which cannot be easily extracted by the malicious or 
third party attacker. It is widely used in application for 
copyright protection for digital information. It is very different 
from the encryption in the sense that it allows the user to 
interpret, view and access the signal but protect the ownership 
of the original content. Digital watermarking involves 
embedding a structure in a host signal to “mark” its 
ownership. Digital watermarks are inside the information so 
that ownership of the information cannot be claimed by third 
party. While some watermarks are visible, most watermarks 
are invisible. 

The fast growth of the Internet, sudden production of 
digital media, low-cost and reliable storage devices, and 
editing technologies have led to widespread forgeries and 
unauthorized sharing of digital media. Among these media, 
video is becoming increasingly important in a wide range of 
applications, such as video surveillance, video broadcast, 
DVDs, video conferencing, and video-on-demand 
applications, where authenticity and integrity of the video data 
is crucial. In surveillance applications, significant investments 
have been made in infrastructure, such as video cameras and 
networks installed in public facilities on a wide scale. 
However, current video editing software can be used to tamper 
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with such video, making them unreliable and defeating the 
purpose of such applications at the first place. 

II. REVIEW OF RELATED RESEARCHES 

    My work has been motivated by a copious number of earlier 

works available in the literature that utilize digital image 

watermarking for protecting copyrights of digital images. A 

brief description of some recent important researches is 

presented below. 

In earlier paper, a new rotation and scaling invariant image 

watermarking scheme is proposed by Dong Zheng, Sha Wang, 

and Jiying Zhao [1] based on rotation invariant feature and 

image normalization. Using maximum a posterior probability 

based image segmentation, the cover image is segmented into 

several homogeneous areas. Each region can be represented by 

a generalized Gaussian distribution, which is critical for the 

analysis of the watermarking processes mathematically.  

The advantage of this method a mathematical model is 

established to approximate the image based on the mixture 

generalized Gaussian distribution, which can facilitate the 
analysis of the watermarking processes. But the disadvantage 

of this technique is, when the image normalization was used to 

grant the rotation and scaling invariance to the disk regions, it 

was clearly shown in the experimental results that the 

performance of the watermarking scheme is not good against 

rotation. Through experiments, we find out that the feature 

points cannot be located accurately, if the watermarked image 

goes through distortions and geometrical transforms.  

This paper by K. Ait Saadi, A. Bouridane, A. Gessoum [2] 

addresses the problem of ensuring the integrity and the 

authenticity of H.264/AVC video. It is achieved by 
authenticating each Group Of pictures (GOP) within the video 

separately. The proposed technique uses content based digital 

signature generated from robust features extracted from 

transform domain as fragile watermark and then embeds it in 

motion vectors belonging to the GOPs with the best partition 

mode in tree-structured motion compensation. Experimental 

results show that the proposed detects spatial cropping and 

temporal in a video. Fragile watermarking is used for tamper 

detection. It is highly sensitive to modification, making it 

difficult to distinguish malicious tampering from some 

common video processing operation such as Recompression. 

The method presented is designed to work in compressed 
domain, it is an extension and improvement of video 

authentication scheme developed in where cryptographic hash 

function has been used to ensure security by hashing the 

inherent features of the compressed H.264/AVC video to 

produce a compact size signature or watermark. But this 

technique cause more distortion in the image. 
As technology grew up, a multibit, multiplicative, spread 

spectrum watermarking using the discrete multiwavelet 
(including unbalanced and balanced multiwavelet) transform 
was presented by Lihong Cui and Wenguo Li [3]. 
Performance improvement with respect to existing algorithm 
is obtained by means of a new just perceptual weighting 
(JPW) model. The new model incorporates various masking 
effects of human visual perception by taking into account the 

eye's sensitivity to noise changes depending on spatial 
frequency, luminance and texture of all the image sub-bands. 
In contrast to conventional JND threshold model, JPW 
describing minimum perceptual sensitivity weighting to noise 
changes, is fitter for non- additive watermarking. Specifically, 
watermarking strength is adaptively adjusted to obtain 
minimum perceptual distortion by employing the JPW model. 
Correspondingly, an adaptive optimum decoding is derived 
using a statistic model based on generalized-Gaussian 
distribution (GGD) for multiwavelet coefficients of the cover-
image. Furthermore, the impact of multiwavelet characteristics 
on proposed watermarking scheme is also analyzed. 

Xiaoyu Feng, Hongting Zhang, Hsiao-Chun Wu [4] 
presented paper in which the digital imaging technology has 
grown explosively for multimedia applications in recent years. 
The need for the copyrighted digitalized media becomes 
urgent nowadays. An approach for the digital copyright 
protection is to employ advanced watermarking techniques, 
where watermarks can reveal the ownership identities. 
Generally speaking, the watermarks are embedded into an 
image or video signals. We will investigate digital 
watermarking techniques and propose a new optimal 
watermarking scheme. Efficient scale-factor optimization 
scheme is used, which can lead to the maximum overall SNR 
for both subject signal and watermarks. But this method has 
drawback that it detect the watermarked image, again shows 
as original as watermarked.  

    The method proposed by Satyendra N. Biswas [5] embeds 

several binary images decomposed from a single watermarked 

image into different scenes in a video sequence. The spatial 

spread spectrum watermark is embedded directly into the 

compressed bit streams by modifying the discrete cosine 

transform coefficients. Conventional watermarking techniques 
as available are not always competent enough to protect the 

authenticity of multimedia objects as they are usually applied 

in the uncompressed domain.  In order to embed the 

watermark with minimum loss in image fidelity, a visual mask 

based on local image characteristics is incorporated. 

Simulation experiments demonstrate that the developed 

technique yields effective and robust protection against 

conventional spatial strikes, viz. Scaling and frame averaging 

besides temporal attacks. 

 

III. Proposed Work 
A watermark is a digital code permanently embedded into 

cover content into a video sequence. A watermark can carry 
any information you can imagine but the amount of the 
information is not limited. The more information a watermark 
carries the more vulnerable that information is. The amount is 
absolutely limited by the   size   of   particular   video   
sequence.  Watermarking   prefers   robustness   to capacity,   
thus   a   watermark   typically   carries tens   to   thousands   
of   hidden information bits per one video frame.   

Digital watermarking is a process for modifying physical 
or electronic media to embed a machine readable code into the 
media. The digital media may be modified such that the 
embedded code is imperceptible or nearly imperceptible to the 
user and may be detected through an automated detection 



ISSN NO: 2454-1958                                Special Issue Tech-Ed 2016 (International Conference) Page 282 
 

process. Most commonly, digital watermarking is applied to 
media signals such as audio signals, video signals, and images. 
However, it may also be applied to other types of media 
objects, including documents (e.g., through line, word or 
character shifting), multi-dimensional graphics models, and 
surface textures of objects and software.  

Digital watermarking systems typically have two primary 
components first is an encoder that embeds the watermark in a 
host media signal, and second is a decoder that detects and 
reads the embedded watermark from a signal suspected of 
containing a watermark (a suspect signal). The encoder 
embeds a watermark by altering the host digital media signal. 
The reading component analyzes a suspect digital signal to 
detect whether a watermark is present or not. In applications 
where the watermark encodes information, the reader extracts 
this information from the detected watermarks in the video.  
   Nowadays, several particular watermarking techniques have 
been developed. The reader is presumed to be familiar with 
this field. There are particular techniques for embedding and 
detecting imperceptible watermarks in digital media. One 
particular problem in digital watermarking applications is 
synchronizing a detector to deal with geometric warping 
distortion of a watermarked image or video. A number of 
techniques have been developed for dealing with geometric 
distortion in watermarked images. One technique is to make 
the watermark more robust to geometric distortion by 
embedding it in attributes of the image that are relatively 
invariant to geometric distortion. While this improves 
detection in some cases, it typically does not address all forms 
of more complex, non-linear geometric distortion as well as 
geometric distortion. Another technique is to include 
geometric calibration features in the watermark signal that 
enable detection and estimation of the geometric distortion 
parameters, such as scaling and rotation. These features 
include, for example, calibration signal peaks in a particular 
transform domain, such as the auto-correlation domain and/or 
Fourier domain. These techniques use correlation techniques 
or other pattern matching methods to estimate affine 
geometric distortion parameters. For example, cross 
correlation of the received signal and the calibration signal in 
particular transform domains produce correlation peaks that 
correspond to affine distortion parameters, such as scale, 
rotation, translation, shear, and differential scale. 

Such techniques do not provide error free estimation of 
geometric distortion. In some cases, even where the geometric 
distortion is linear, errors result from estimation. In addition, 
affine transform parameters can only approximate geometric 
distortion that is non-linear. For example, it can provide a 
piecewise linear estimate of affine distortion in sub-blocks of 
an image, but it cannot always accurately represent non-linear 
distortion in a manner that leads to error free recovery of the 
digital watermark message. The invention provides a method 
for synchronizing a watermark detector. One aspect of the 
invention is a method of synchronizing a digital watermark 
detector. The detector operates on a watermarked signal where 
a watermark signal has been distributed throughout the host 
media signal, and preferably, repeatedly embedded in 
segments of the host media signal (e.g., music, image or video 
signal). The method divides a watermarked signal into blocks, 
each block including a portion of a watermark signal. For 
example, in the case where the watermark is replicated in 
segments of the host signal, these blocks sub-divide each 

segment into smaller parts. For each block, the method 
computes a local correlation space comprising a neighborhood 
of correlation values by correlating the watermarked data in 
the block with a known watermark signal at a neighborhood 
around the block. It then finds a correlation maxima in the 
local correlation space for each block, where the correlation 
maxima indicates a local offset used to align the watermarked 
data in the block before decoding a watermark message from 
the block.  
This method applies to watermarked signals of varying media 
types. In addition, it may be used to synchronize watermark 
detection and message reading in various signal domains, such 
as a spatial domain, temporal domain, frequency domain, or 
some other transform domain (e.g., autocorrelation, wavelet, 
Fourier, etc.). For example, it can be applied in the spatial 
domain or spatial frequency domain for images and video 
frames, as well as the time or frequency domain for audio. It 
may also be applied in the time-frequency domain for audio 
and video signals. In one implementation, the method uses an 
estimate of affine geometric distortion parameters to transform 
an image block in the watermarked image to a position 
approximating an original orientation of the image block in the 
watermarked image. It then shifts the transformed image block 
to neighboring locations. The method then computes a 
correlation surface by finding the correlation between the 
watermark signal and the transformed block at its location and 
each of the neighboring locations. The method finds a 
correlation maximum in the correlation surface formed by the 
correlation values in the neighborhood. The location of the 
correlation maximum provides an offset value that further 
refines the orientation of the image data. A message decoder 
then decodes a watermark message from the watermarked 
image adjusted by the offset value.  

In our proposed method, spread spectrum watermarking 
algorithm is used, in spread spectrum communications, one 
transmits a narrowband signal over a much larger bandwidth 
such that the signal energy present in any single frequency is 
not detectable. Similarly, the watermark is spread over very 
many frequency bins so that the energy in any one bin is very 
small and certainly undetectable. To insert a watermark in the 
frequency domain of an image we should first apply DCT 
(Discrete Cosine Transformation). This is a standard way to 
represent an image in frequency domain. 

IV. Flow Chart 
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V. Methodology 
Module Description: 
1. Preprocessing 

    Color Enhancement, Improve the image quality, Size        

corrections, and noise removal. 

Algorithm: Morphological Filters, Automatic Color 

Enhancement technique. 

2. Resolution Hiding 

   Reduce the resolution or hide the original images using 
sample images. 

3. Watermarking 

    Implementing multiple watermarking concepts to provide 

security for the original images. For that we are going to 

generate random sample images with the same pixels. Using 

these images we can overwrite on the original image and then 

we get a collapsed image. 

4. Security providing 

    Multiple watermark process will generate random keys for 

each and every image. 

Algorithm: Using these keys the reverse process will be done 

by receiver side. 
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Abstract—System on Chip (SoC) design is becoming 

challenging due to its complexity and the necessity of Intellectual 

Properties (IP) reuse to shorten the design time. OCP (Open 

Core Protocol) is an efficient bus protocol for the core 

communication between IP blocks. Bus Bridge interconnects 

other bus standards to OCP.I2C is a simple bidirectional two 

wire bus for efficient inter IC control. This paper focuses on the 

implementation and design of Bus Bridge using OCP master and 

I2C slave protocol. Multi voltage design for power reduction is 

the important feature of the paper. The implementation of the 

developed FSMs for OCP and I2C was done in VHDL and was 
synthesized using Xilinx ISE 10.1 synthesis tool design compiler. 

Keywords—I2C controller, OCP Bridge, OCP compliant, 

Master, Slave, Interface, Power reduction, Multi voltage Design. 

I. INTRODUCTION 

Current technology trends, scaling and with end users 

show a marked preference for the smaller geometries of deep 

sub micron processes force a design style where multiple 

independent circuit implementations are integrated together 

into a single System-On-Chip (SoC). However, contemporary 

SoC designs have their own share of issues and challenges. 

The major challenges faced by a design engineer include the 

ever increasing complexity in modern SoC designs, 

reusability, time-to-market, communication between 

Intellectual Property (IP) cores, integration of different 

clocked domain IP cores, and global clock distributions on a 
chip. The design of standard Network-on-Chip (NoC) 

interfaces to SoC is pivotal in addressing design reusability, 

time-to-market, and integration of IP cores employing 

different clock domains (synchronous, elastic, and 

asynchronous). 

OCP is a standard core-centric protocol which addresses 

the IP cores reusability. This not only allows independent IP 

core development without IP core interconnect network but 

also allows IP core development in parallel with a system 

design, reducing design time, design risk, and manufacturing 

costs.OCP data communication models range from simple 

request grant handshaking through pipelined request–response 

to complex out-of order transaction. OCP describes a point-to- 

point interface between two communication module, such as  

 

IP cores and bus interface modules (bus wrappers). 

II. OCP COMPLIANT SYSTEM 

OCP's strength is the ability to configure an interface to match 

a core's communication requirements. At least one OCP 
interface must be included in the core for compliance. 

All aspects of the OCP interface specification must be 

complied by each  OCP interface on the core. There are 3 

major types of interfaces as specified by OCP. (i) Bus Bridge 

Interface (ii) Processor Interface (iii) Memory Interface. The 

 Bus bridge  interface  includes an external bus like AXI or 

USB and the internal bus will be OCP. The Processor interface 

includes the interface between processors which include only 

the OCP master. These interfaces differ in protocol features or 

signals to optimize the needs of IP cores. Whereas, they 

follow the same OCP timing and validation rules, that 
simplifies the cost in     and implementation verification. 

 

III.   OCP bridge interface system 
To simplify the creation of bridges to other interface 

protocols, the bridging profiles of OCP are designed. The 

bridge has an OCP master or slave protocol. It is classified 

into  two types  (i) A simple H-bus profile which provides  a 

connection through an external bridge for example an AMBA 

AHB protocol to a CPU (ii)  The X-bus profile supports non-

cacheable and cacheable instruction and data traffic between 

CPU and the memories and  register interfaces of other targets. 
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                            Figure1.Simple H bus signal Processing 

                IV.    THE SYSTEM IMPLEMENTED 

The need for a model to understand the OCP bus bridge 

compliant system and also a processor interface system, the 

scope of the research is extended. The design comprises the 

Bus Bridge system as the OCP Master and I2C controller as 

the OCP Slave. The Master accepts responses and gives 

requests whereas the Slave receives and responds to the 

requests provided by the master. Acknowledgments are 

indicated with the help of the Handshake Signals that are 
provided for both Master as well as the Slave. The Processor 

which is designed with OCP master is interfaced with the I2C 

controller which gives the output serial I2C buses. 

 

       Figure2. Block Schematic of the Implemented Design 

 
 

The I2C controller responds to the master signal from the 

processor and gives the serial two wire output SDA and SCL. 

By switching the command field to write the master starts its 

write operation and presents a valid data and address. 

According to the Design a write is performed when the Slave 

accepts the command and captures data and address. The 

master initiates a read request by switching its command field 

to read. Thus it presents a valid address and the slave accepts 

the command. The data  from the specified address is captured 

by the slave and is driven to the master. This proposed system 

is parameterizable for both address and data. 

 

A. I2C Controller without OCP 

   In the Interface an I2C controller is designed as a Slave.The 

data is transferred in I2C bus synchronously to SCL on the 

SDA line on a byte by byte basis. For each data bit there is one 

SCL clock pulse with the MSB being transmitted first. Each 

transferred byte is followed by an acknowledgment bit. The 
master provides the slave address for I2C slave, the address 

and data to be written and read. According to the I2C bus 

protocol, these are the output of  I2C serial buses SDA, SCL. 
 

           TABLE  I. DESIGN PARAMETERS OF I2C CONTROLLER       

Design Parameter Size ( in bits) 

         Address               8 

            Data               8 

 

 

B.  Processor without OCP 

   In the Interface, the Processor is the Master whose address 

and data are mapped to the I2C controller which gives the I2C 

bus protocol. A multicycle processor with 32-bit address and 

32-bit data is designed as the Master that allows a functional 

unit to be used more than once per instruction. 

 

 

           TABLE  II. DESIGN PARAMETERS OF PROCESSOR 
Design Parameter Size ( in bits) 

         Address               32 

            Data               32 

         Instruction               32 

 

 

C. OCP Compliant Processor 

   This processor is reconfigurable and is configured with OCP 

which contains the basic OCP signals and will serve as an 

OCP master. To transfer the command is OCP master 

command and this 3-bit signal indicates the type of OCP 

transfer the master is requesting. Depending on the direction 

of data flow, each non-idle command is either a read or write-

type request. The slave will be either written into or read from, 

according to the Master command. 

 

D. OCP Compliant Bus Bridge Interface 

       For the Interface, the entire system acts as an OCP-I2C 

bus bridge. This design presents the Peripheral profile with 

simple read and write whereas Generic profile with data 

handshaking.   
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E. OCP Compliant I2C Controller 

        The master provides the transfer requests to which the 

I2C controller, which acts as the slave, responds. The I2C 

controller is configured which contains the basic OCP signals 

and will act as an OCP slave. The master receives the Sent 

back response signals. 

 

V.   OBSERVATIONS AND RESULTS ON EXPERIMENTATION  

 A.     Design Setup 

   The Table below gives the test set up for the implementation 
of the Proposed design. 

 
           TABLE  III.  SETUP SUMMARY 

 

 

       Design method VHDL based behavioral 

modeling 

  Synthesis platform Xilinx ISE 10.1 

 

 

B.     Synthesis Results 

         Xilinx ISE 10.1 design compiler is used to 

synthesize the proposed design. Xilinx ISE is a complete 

ECAD application that helps to design, debug and test 

the integrated circuits. In this design, the master, the 

slave and the interface were synthesized separately and 

then the interface without Burst transfer. 

         The table below shows the timing analysis of the 

I2C controller with and without OCP. 

 
 

         TABLE  IV.  TIMING ANALYSIS OF I2C CONTROLLER 

 

 

The table below shows the timing analysis of the 

Processor. 

 

 

TABLE  VI.  TIMING ANALYSIS OF PROCESSOR 
 

 

 TABLE  VII.  TIMING ANALYSIS OF BRIDGE INTERFACE 

 

Quantity Value 

Minimum 

period 
Without OCP 2.217ns 

With OCP 
2.238ns 

Maximum 

frequency 

Without OCP 
450.979MHz 

With OCP 
446.867MHz 

 

On comparing the timing analysis of the designs with 

and without wrapper it is found that there is a little 

variation in the speed of operation with the use of OCP. 

On synthesis, it can be obtained that the device 

utilization is better for OCP compliant designs. 

 

 C.     Power Analysis 

          The modern day semi-conductor industries are 

focusing on the Power dissipation of the design. The 

components in the active area contribute the major part 

of power which is the Dynamic power. The advanced 

synthesis tools are ASIC as compared to the FPGA tools 

and are specific. These tools are available for different 

technologies. The table below shows the power 

consumption by various designs. 

 

 

Quantity Value 

Minimum 

period 

Without OCP 2.001ns 

With OCP 1.900ns 

Maximum 

frequency 

Without OCP 499.725MHz 

With OCP 526.288MHz 

Quantity Value 

Minimum 
period 

Without OCP 1.061ns 

With OCP 1.061ns 

Minimum 

period 

Without OCP 942.774MHz 

With OCP 942.774MHz 
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    TABLE  VIII.    POWER ANALYSIS 

Design Dynamic power 

Processor without OCP 843.383uW 

Processor with OCP 876.514uW 

I2C Controller without OCP 65.4895uW 

I2C Controller  with OCP 88.019uW 

Bus Bridge Interface without OCP 919.810uW 

Bus Bridge Interface with OCP 962.312uW 

 

The operating voltage of the system is 5V. There is an 

increase in the amount of power used with the 

introduction of OCP interface. This increases the 

hardware complexity of the design and that might be the 

reason for the increased power. 

 

D.     Multi-Voltage Design-Power Reduction 

        In today's system-on-chip designs, Energy 

Efficiency has become a very important issue to be 

addressed. One way that lowers the power consumption 

is reducing the Supply Voltage. Thus, to provide 

flexibility in controlling the power and performance 

tradeoff, Multi Supply Voltage (MSV) is introduced. One 

of the latest ways for Power Optimization is by lowering 

the voltage supply and is one of the most effective ways. 

For dynamic power, a minor adjustment to voltage level 

can result in a significant reduction in power 

consumption, which is proportional to the square of the 

voltage. 

 

VI.   CONCLUSION 

         A paramerterizable and reconfigurable OCP 

compliant bus bridge interface and processor interface 

system specifically targeted to use with high speed 

applications has been presented in this paper. The lack 

of availability of a common interface that can be used 

with the different IP cores in a SoC design, is the primary 

trigger to the development of such a design. The 

complexity of the design is increased due to interfacing 

of different IP cores through different protocols in a SoC 

design. A common interface that supports all the needs 

of current day SoC design and it provides IP core 

reusability is required. That also would reduce the 

complexity of the system. OCP provides that common 

interface for IP core reusability. 

          In this paper, OCP for bus bridge is implemented. 

A comparison of the performance is being made of the 

bridge interface with and without OCP. In terms of speed 

and power consumption, the interface with OCP is 

preferable. The proposed design reduces the power 

consumption with a high speed and is a good alternative 

for any SoC design. 
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 Abstract- Binary 128 arithmetic finds a hard in floating point 

application of Quadruple Precision. The major component of 128 

bit Fused Multiply Add (FMA) unit with multimode operations 

are Alignment Shifter, Normalization shifter, Multiplier, Dual 

Adder by CLA. The main contribution of this paper is to reduce 

the latency. The technical challenges in existing FMA 

architectures are latency and higher precision. The precision gets 

affected by the repeated occurrence of fractional part. In order to 

reduce the latency the Multiplier is designed by using reduced 

complexity Wallace Multiplier and the latency of overall 

architecture gets reduced up to 15-25%. In this paper the total 

delay of multiplier designed using reduced complexity Wallace 

Multiplier is found to be 37.673 ns. Simultaneously to get higher 

precision we design namely Alignment Shifter and Normalization 

Shifter in the FMA unit by using Barrel Shifter as this Alignment 

Shifter and Normalization Shifter will have less precision, but 

since replacement of these blocks by Barrel Shifter will result 

into higher precision and the latency is further reduced by 25- 

30% and the total delay of Alignment Shifter and Normalization 

Shifter using Barrel Shifter is found to be 5.85 ns. 

 

Keywords- Latency, Fused Multiply add, Computer Arithmetic, 

Multimode Operations, Floating Point Arithmetic 

 

 

I. INTRODUCTION 
 

IEEE-754 floating-point double precision (64-bit) or extended 

double precision (80-bit) arithmetic has been implemented in 

modern processors, but they are becoming insufficient for 

today’s large-scale applications due to the accumulation of 

errors in computations, this errors increased gradually after 

many times of floating-point arithmetic operation, resulting in 

imprecise and incredible computation results and also 
increased latency. In order to improve the precision and 

latency of floating-point results, higher precision floating-

point computation is required. The one promising approach to 

the precision problem is using the quadruple precision or QP 

floating-point data format also referred as binary128 as 

specified in the new IEEE-754-2008 standard [6], consisting 

of three fields as the 1-bit sign (S),the 15-bit exponent (E) and 

112-bit fraction (T) (Refer Figure 1). Another approach to 

increase the accuracy is using the fused multiply add (FMA). 

It combines improvements in performance (two operations in 

a single instruction) and improvements in accuracy (one single 

rounding) and is fundamental in many multimedia and 

scientific applications.  The bias of exponent is 16383. The 
fraction of normalized data implies the integer bit as 1, which 

is not need to presented, so the precision is 113-bit in fact 

(Refer TABLE 1). 

 

  127       126                        112  111                                    0 

S E F 

Figure 1: QP floating-point data format 

 
           TABLE I: IEEE 754-2008 FLOATING-POINT DATA TYPE 

 

II. RELATED WORK 

 

A brief survey of the related work with reference to the 

requirements of high precision and high reliable floating-point 

arithmetic for technical computation shows the proposed 
architecture of a low-cost binary128 FMA design, which can 

perform a binary128 FMA operation with a latency of four 

cycles, or two binary64 FMAs fully pipelined operation with a 

latency of three cycles, or four binary32 FMAs fully pipelined 

Floating Point Data 
Type 

SP DP QP 

Sign (S) width 1 1 1 

Exponent(E) width 8 11 15 

Fraction (T) width 23 52 112 

Precision (p) width 24 53 113 

Data width 32 64 128 

Bias 127 1023 16383 
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operation with a latency of three cycles [1]. Another research 

shows flexible multimode embedded Floating - point unit for 

FPGAs with dual-precision floating-point adder and multiplier 

each can perform one double-precision operation or two 

single-precision operations in parallel [2]. This paper also 

presented a novel design for a dual-precision floating-point 
multiplier to show that the FPGA with embedded multimode 

FPUs provide considerable performance and area benefits in 

single-precision, double-precision, fixed-point, and integer 

applications when implemented on the latest FPGAs, such as 

the Xilinx Virtex-5 FPGA. The paper [3] shows the high 

performance QPFMA with 7 stage pipeline satisfying the 

requirement of high performance processor. In this proposed 

work the complement of negative result by using the dual 

adder and the optimization LZA logic, reducing the data width 

of LZA and the level of normalization shifter, the hardware 

overhead and operation latency of the QPFMA is decrease. 

One more cascade design is proposed [4] which reduce the 
accumulation dependent latency by 2x over a fused design, at 

a cost of a 13% increase in non-accumulation dependent 

latency. For more latency sensitive applications, a cascade 

design provides a number of parameters that can be optimized, 

and in particular it allows one to create a design with very low 

effective latency between operations with sum dependence. 

The reduction in latency depends on two main optimizations: 

forwarding of unrounded results and tightening the 

accumulation bypass path by staggering the exponent and 

mantissa data path of the adder. The paper represents an 

architecture for the computation of the double-precision 
floating-point multiply-add fused operation to obtain the 

reduced latency floating-point addition, in which the 

alignment shifter, that is in parallel with the multiplier, is 

moved such that the multiplication can be bypassed, but this 

modification increases the critical path, a double-data path 

organization is implemented, in which the alignment shifter 

and normalization shifter are used in separate paths. [5] 

 

III. PROPOSED WORK 

 

Main optimization proposed is to design and simulate the 

reduced latency and high performance multi mode SOC 
quadruple precision (binary128) floating-point FMA 

architecture for the FPGA with the decreased latency and high 

precision. In this proposed work, the multiple mode 

computation such as multiply- add, multiply-sub, multiply-

multiply and add-sub has been consider for the 

implementation. Figure 2 shows the overall architecture of 

QPFMA with the major components as Multiplier-113bit, 

341bit Alignment Shifter, 342 bit Normalization Shifter, 342 

bit Dual Adder, 228 bit Leading Zero Anticipator and the 

rounding block. This architecture is computing Quadruple 

Precision (QP) floating point data operation of F = AB+C. In 
which alignment shifter is used to align the value of C as per 

the exponent difference obtain from the exponent difference 

block, this difference value can vary and cannot be fixed 

depending on exponent value of A, B and C i.e EA, EB and EC. 

To make a synthesizable shifter block we design a shifter by 

using barrel shifter concept and power of 2. 

 The value of C will get shifted depending on the 

exponent calculation value. After every shifting the removed 

bits will generate sticky bit (st) as: If the operation is addition, 

then the st bit is produced by ORing all the bits of C which is 
shifted out beyond 341, but if the operation is subtraction, then 

the sticky bit is produced by ANDing all the bits of C which is 

shifted out beyond 341 after C bit is inverted. 

 
 

Figure 2.QPFMA Overall Architecture 

 

After the generation of sticky bit it is jointed to the least 

significant bit (LSB) of the Sum` output from the 3:2 CSA as 

shown in figure 2, while a sticky bit produced  from 

subtraction is jointed to the LSB of the Carry` output from the 

3:2 CSA. Then both the correct sticky bit and complement of 

the addend C can be recognize when Sum` and Carry` are 

added. The output of 3:2 CSA is the A and B input to the dual 
adder which will add two numbers simultaneously and 

produce the sum output as the S0 and S1 and carry out (Cout). 

Considering the long latency of 342-bit adder, the dual adder 

is designed by using both the idea of end-around-carry adder 

and carry select adder.. As in paper [3] it is divided into 3 

segments, including two parallel 114-bit adders with the same 

addends and carry in as 0 and 1 in each segment. The dual 

adder can calculate out the absolute of (Carry, Sum) directly, 

avoiding the complement of negative result and reducing the 

latency of a 342-bit adder. The latency of the dual adder is the 

latency of a 114-bit adder and a 2:1 multiplex. As the large 

area size will give very high delay and latency will get 
increased as observe in [3] the latency of the 342- bit adder is 

reduced to the latency of 114-bit adder and a 2:1 multiplex  by 
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using the dual adder. Therefore in this proposed design the 

113-bit multiplier is made up by using reduced complexity 

Wallace multiplier which will generate two products output 

simultaneously (Carry, Sum) by multiplying two inputs A and 

B. This product AB obtained after the multiplication is then 

added with the addend C which is available at the alignment 
shifter it will shift the addend C where as AB is fixed. This 

alignment shifter is designed by using the barrel shifter as 

shown in figure 3, where depending on the bit of addend C the 

select lines of MUX is activated and if the bit obtained is one 

it will shift the data otherwise it is kept as it is and forwarded 

for further operation to carry save adder and dual adder Due to 

this the hardware overhead is reduced and thus the delay 

required is reduced and hence the latency will get reduced. 

 

Figure 3: Block Diagram of Alignment Shifter Using Barrel Shifter 

IV. SYNTHESIS AND SIMULATION 

The Multiplier and Alignment shifter are the important part of 

the fused multiply add architecture in this paper multiplier is 

designed by using the reduced complexity Wallace Multiplier 

which has114 bits input x (0:113) and 114 bits input y (0:113) 

and will generate product output of 226 bits p(0:225) at a time. 
The figure 4 shows the top view of reduced complexity 

Wallace multiplier. The figure 5 and figure 6 shows the 

internal structure of the multiplier design. The figure 8 shows 

the simulation waveform for the reduced complexity Wallace 

multiplier. 

 

    

Figure 4: Top View of Reduced Complexity Wallace Multiplier 

 

       Figure 5: Simulation Result of Reduced Complexity Wallace Multiplier 
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Figure 6: Internal design of 113 bit Wallace Multiplier
  

 

Figure 8: Simulation Result for Reduced Complexity Wallace Multiplier 

Whereas the Alignment shifter is designed by using the barrel 
shifter as shown in figure 7. in which the addend C is shifted 
left the position of 116 bit and then the C is shifted to right 
according to the bit position of C if the bit is 0 then the C is 
not shifted, else if the bit is 1 then the C is shifted towards 
right and will generate the sticky bit as following: If the 
operation to be performed is the addition; then the sticky bit is 
generated  by “OR”ing all the bits of addend C which are 
shifted out further than 341 and sticky bit thus  generated is 
applied to the least significant bit (LSB) of the sum output 
from the 3:2 carry save adder. While if the operation is 
subtraction, then the C bit is inverted and the sticky bit is 
formed by “AND”ing all the bits of C shifted out beyond 341 
and sticky bit thus generated is applied to the least significant 
bit (LSB) of the carry output from the 3:2 CSA. Then both the 
correct sticky bit and the addend C are applied to the dual 
adder for addition added  

 

Figure 7: Top View of Alignment Shifter using Barrel Shifter

 
 

 Figure 8: Internal Schematic of Alignment Shifter using Barrel Shifter

Figure 8 shows the internal schematic of the alignment shifter 

using barrel shifter. The figure 9 shows the simulation 
waveform for the alignment shifter using barrel shifter. which 

performs the shifting of addend C depending on the exponent 

bit. 
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     Figure 8: Simulation Waveform of Alignment Shifter using Barrel Shifter             
       

V. RESULT 

The synthesis result obtained from proposed design of 

multiplier by using the reduced complexity Wallace Multiplier 

and the Alignment shifter designed by using the barrel shifter 

for 128 bit Fused Multiply Add (FMA) unit is as (see Table 2)  
 

TABLE II: COMPOUND ADDER SYNTHESIS RESULT 

 
 

VI. CONCLUSION 

In this paper, we have proposed the design of dual adder  

using compound adder and emphasize that the total delay of 

dual adder designed using compound adder is found to be 
5.776 ns. The simulation and synthesis result indicates that the 

hardware overhead and the delay are reduced by this design. It 

will be further optimized by improvement in algorithm to 

decrease area and latency more. 
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Designed Unit 

Number of 

LUT uses as 

logic 

Number of 

occupied 

Slices 

Maximum 

Combinati

onal path 

delay (ns) 

Multiplier using 

Wallace 

Multiplier 

18208 10168 37.673 ns 

Alignment 

Shifter  using 

Barrel Shifter 

1236 

 

469 

 

5.845 ns  
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Abstract- Internet, the world-wise network of interconnected 

computer networks based on a standard communication protocol 

(TCP/IP).Thing, an object not precisely identifiable. Internet of 

Things (IoT), a world-wide network of interconnected objects 

uniquely addressable, based on standard communication protocol. 

Current internet is a collection of rather uniform devices, IoT 

exhibit much higher level of heterogeneity, as objects of totally 

different functionality, technology and application fields belongs to 

the same communication environment. Technological Trends-the 

identified five distinct macro-trends that will shape the future of 

technology, together with the explosion of ubiquitous devices that 

constitute the future of IoT like data deluge, decrease in energy 

required to operate intelligent devices, miniaturization of devices, 

autonomic management, IPv6 as an integration layer. 

I. INTRODUCTION 

 

Internet of Everything 

The Internet of Things, also called The Internet of objects, refers to a 

wireless network between objects, usually the network will be wireless 

and self-configuring, such as household appliances. 

Machine-to-Machine Era 

Internet of Things refers to the concept that the internet is no longer 

just a global network for people to communicate with one another 

using computers, but it is also a platform for devices to communicate 

electronically with the world around them. 

II. EVOLUTION OF INTERNET OF THINGS 
 

Internet of boffins 1965-1995 

Internet of geeks 1995-2000 

Internet of masses 2000-2007 

Mobile internet 2007-2012 

Internet of things 2012-beyond 

 

 

 

III.   INTERNET USAGE AND 

POPULATIONSTATISTICS 

 

World 

Population 

6.3 

Billion 

6.8 

Billion 

7.2 

Billion 

7.6 

Billion 

Connected 

Devices 

500 

Million 

12.5 

Billion 

25 

Billion 

50 

Billion 

Connected 

Devices Per 

Person 

0.08 1.84 3.47 6.58 

 2003 2010 2015 2020 

 

IV.   SALIENT FEATURES 

 

A. Ambient Intelligence  
The autonomous and intelligent entities will act in full interoperability 
& will be able to auto-organize themselves depending on the context, 
circumstances or environment.  

B. Semantic Sharing 
The machine can rend and send by it selves. No need to tell human 
beings. 

C. Miniaturization  

The devices become increasingly smaller. 

D. Event Driven 
Designing the scheme depending on the need. 

 

V. ENABLING TECHNOLOGIES 

 

A. RFID 
To identify and track the data of things. 

B. Sensor  
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To collect and process the data to detect the changes in the physical 
status of things. 

C. Smart Tech 

To enhance the power of the network by devolving processing 

capabilities to different part of the network. 

D. Nano Tech 
To make the smaller and smaller things have the ability to connect and 
interact. 

 

VI.   APPLICATIONS 

 
A. RFID 

Radio-frequency idendification (RFID) is the wireless use of 

electromagnetic fileds to transfer data, for tthe purpose of automatically 

identifying and tracking tags attached to objects. The tags contain 

electronically stored information. Some tags are powered by 

electromagnetic induction from magnetic fields produced near the 

reader. Some types collect energy from the interrogating radio waves 

and act as a passive transponder. These are widely used in 

transportation  and logistics.Easy to deploy: RFID tags and RFID 

readers. 

B. WiFi 

WiFi is a local area wireless computer  networking technology 

that allows electronic devices to connect to the network, mainly 

using the 2.4 gigahertz UHF and 5  gigahertz SHF ISM radio bands. 

Widely used both in indoor and outdoor environments. Highly 

interoperable. 

C. QR Code 

QR code (Quick Response Code). A barcode is a machine-

readable optical lable that contains information about the item to 

which it is attached. A QR code uses four standardized encoding 

modes (numeric, alphanumeric, byte/binary, and kanji) to 

efficiently store data; extensions may also be used. 

D. Sensors and Smartphones 
A sensor is a type of transducer whose purpose is to detect events or 

changes in its environmemt, and then provide a corresponding output. 

Sensors are used in everyday objects such as  touch-sensitive elevators 

buttons (tactile sensor) and lamps which dims or brighten by touching 

the base, and smartphones. 

E. Smart wristband 
 

The Jawbone UP is a wearable wristband that has state of art sensors 

built into to track your health on the go. It has a built in heart health 

sensor that can measure and track your resting heart rate while you are 

working or at home relexing. It can automatically sync data of your 

workouts onto your phone to keeptrack of your daily annd weekly 

workout regimen. 

 

VII.      WEB OF THINGS 

 
To achieve IoT we need a universal protocol to combine several 

heterogeneous devices. 

This protocol should be: simple, lightweight, loosely-coupled, scalable, 

flexible and standard. 

• Several technologies and protocols are already available and 

widely accepted by the community: 

- HTTP, TCP, IPV6, XML, JSON, RSS, ATOM, REST, WS-

*, URI, etc. 

• URI to make the objects easily identifiable and addressable 

• XML, WS-* and REST to allow the objects to expose their 

features and to communicate with external or centralized 

services. 
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Abstract—The recent trends in developing low cost techniques to 

support cost effective Agriculture in developing countries with 

large population has motivated the development of low cost 

sensing systems to provide for low cost irrigation facilities and 

also to provide for conservation of water at the same time. The 

current paper highlights the development of temperature and soil 

moisture sensor that can be placed on suitable locations on field 

for monitoring of temperature and moisture of soil, the two 

parameters to which the crops are susceptive. The sensing system 

is based on a feedback control mechanism with a centralized 

control unit which regulates the flow of water on to the field in 

the real time based on the instantaneous temperature and 

moisture values. Depending on the varied requirement of 

different crops, a lookup table has been prepared and referred to 

for ascertaining the amount of water needed by that crop. 

 

Keywords—moisture sensor; temperature sensor; atmega16; 

solenoid valves;  

I.  INTRODUCTION 

    In the field of agriculture, use of proper method of irrigation 

is important and it is well known that irrigation by automatic 

crop manager using microcontroller is very economical and 

efficient. In the conventional crop manager irrigation system, 

the farmer has to keep watch on irrigation timetable, which is 

different for different crops. The project makes the irrigation 

automated. In a country like India, where the economy is 

mainly based on agriculture and the climatic conditions are 

isotropic, still we are not able to make full use of agricultural 

resources. The main reason is the lack of rains & scarcity of 
land reservoir water. The continuous extraction of water from 

earth is reducing the water level due to which lot of land is 

coming slowly in the zones of un-irrigated land. Another very 

important reason of this is due to unplanned use of water due 

to which a significant amount of water goes waste.  

In the modern crop manager irrigation systems, the most 

significant advantage is that water is supplied near the root 

zone of the plants drip by drip due to which a large quantity of 

water is saved. At the present era, the farmers have been using 

irrigation technique in India through the manual control in 

which the farmers irrigate the land at the regular interval. This 

process sometimes consumes more water or sometimes the 

water reaches late due to which the crops get dried growth 

rate, lighter weight fruit follows slight water deficiency. This 

problem can be perfectly rectified if we use automatic micro 

controller based drip irrigation system in which Slowed the 

irrigation will take place only when there will be intense 

requirement of water. Irrigation system uses valves to turn 

irrigation ON and OFF. These valves may be easily automated 
by using controllers and solenoids. Automating farm or 

nursery irrigation allows farmers to apply the right amount of 

water at the right time, regardless of the availability of labor to 

turn valves on and off.  

 Due to rapid climate change in recent decades, an increase in 

the severity of flood-related damages is observed. This causes 

serious destruction to residential properties and it also 

threatens public safety, particularly residents in the coastal 

regions or in the areas with heavy rain falls. The Federal 

Insurance and Mitigation Administration (FEMA)’s National 

Flood Insurance Program (NFIP) estimates that total losses 
due to six-inch flood are approximately $20,000 per 1,000 

square foot home [1]. Although several commercial flood 

warning systems are currently available, many of them are 

either expensive or unable to identify multiple water levels. In 

fact, some water detection devices are triggered by a single 

event and their alerts are broadcasted via a buzzer. However it 

is often too late for people to protect their belongings and 

evacuate to safe ground if their flood warning appliance is 

solely activated by a certain water level without pre-flood 

warning.  

 In addition, farmers using automation equipment are able to 
reduce runoff from over watering saturated soils, avoid 

irrigating at the wrong time of day, which will improve crop 
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performance by ensuring adequate water and nutrients when 

needed.  Automatic Crop Manager Irrigation is a valuable tool 

for accurate soil moisture control in highly specialized 

greenhouse vegetable production and it is a simple, precise 

method for irrigation. It also helps in time saving, removal of 

human error in adjusting available soil moisture levels and to 
maximize their net profits. 

II. AIMS AND OBJECTIVES 

A. Aim 

 The aim of the project is to mainly focus on 

automating the procedure of handling the agricultural 

equipment's in a traditional way. 

 So various sensors like Moisture, Temperature, LDR 

has been used for automating purpose. 

 Depending on moisture level the controller controls 
the flow of water using solenoid valves. 

 The moisture sensors used are wireless to reduce the 

wiring and dig it in the soil. 

 Apart from this as microcontroller is connected with 

water pump as well as humidity & temperature 

sensor, which check the requirement of water &can 

automatically turn on pump and feeds water to crops. 

B. Objectives 

 Modeling project covers the joint optimization of 

water-level detector and cropping system which 

operate on the basis of central well water level using 

solenoid valves. 

 Different crops require different watering scheme, 

scheduling and different temperature conditions. So 

we are using ATmega-16 microcontroller to handle 

all this in a systematic way. 

 The moisture sensors used are wireless so that the 
wirings are reduced and damage caused due to it can 

be prevented. 

 Android application is used for system-user interface 

so that the messages can be delivered on the user’s 

mobile directly. 

 Infrared sensors are used for fencing purpose in order 

to prevent farm from the animals. 

III. LITERATURE REVIEW 

The micro-controller based automated real time Irrigation 

system will supply the following:  

 As there is no unexpected usage of water, a lot of 
water is saved from being wasted.  

 The irrigation system is use only when there is not 

sufficient moisture in the soil and the microcontroller 

decides when should the pump be turned on/off, 

saves a lot time and water for the farmers.  

 As there is no unanticipated usage of water, a lot of 

water is saved from creature wasted. This also gives 

much wanted rest to the farmers, as they don’t have 

to go and revolve the pump on/off automatically. The 

constant increasing command of the food provisions 

requires a rapid improvement in food production 
technology.  

 

In an Automated Irrigation System using (AVR ATMEGA-

16L), the most significant advantage is that water is supplied 

only when the moisture in soil goes below a determined 

threshold value. In current times, the farmers have been using 

irrigation system through the labour-intensive control in which 
the farmers irrigate the land at regular intervals by turning the 

water-pump on/off when essential. These procedures 

sometimes consume more water and sometimes the water 

supply to the land is delayed due to which the crops dry off. 

Water shortage deteriorate plants enlargement before visible 

wilting occurs. In addition to this slow development rate, 

lighter mass fruit follows water shortage. This problem can be 

absolutely rectified if we use Automated Irrigation System in 

which the irrigation will take place only when there will be 

strong requirement of water, as optional by the moisture in the 

soil. Irrigation is the artificial application of water to the soil 

usually for supporting in rising crops. In crop manufacture it is 
mostly used in waterless areas and in periods of rainfall 

shortfalls, but also to protect plants against hoarfrost. 

The Microcontroller and soil moisture sensor based irrigation 

system proves to be a real time response control system which 

monitors and wheel all the activities of irrigation system. The 

present system is a model to modernize the agriculture 

industries at a mass scale with optimum expenditure. In this 

paper, an automated irrigation model is proposed using 

different circuits as demonstrated in different figures. We 

designed and implemented this model considering low cost, 

reliability, alternate source of electric power and automatic 
control. As the proposed model is automatically controlled it 

will help the farmers to properly irrigate their fields. The 

model always ensures the sufficient level of water in the 

paddy field avoiding the under-irrigation and over-irrigation 

they can provide irrigation to larger areas of plants with less 

water spending and inferior pressure. Using this system, one 

can save manpower, water to get better manufacture and 

eventually income. Advanced soil moisture level sensor will 

use in these we can measure different parameter that is 

pressure, temperature and humidity, of soil. Different amount 

of water requirements for different types of soil in this 

according to the type of crop, and water resistance capacity in 
different seasons, system provide definite amount of water to 

the plant hence, we can save large amount of water. 
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IV. WORKING 

 

A. Block Diagram 

 

B. Workintg 

 When the power supply is on, the microcontroller is  

initiated and linked with the database system. 

 The readings of moisture and temperature are 

received by AT-mega 16 from the respective sensors. 

 The wireless moisture sensors are used so that the 

damage caused due to wiring can be prevented. 

 If there occurs any insufficiency of moisture / water 

in any particular area; the water is supplied with the 

help of water pump through solenoid valves. 

 The database is simultaneously updated as per the 
selected crop. 

 LDR Sensor is used for automatic fencing lights in 

Night. 

 Uploading all the above data to Online SQL Server 

for getting the updates on Android Mobile; else GSM 

text facility. 

 Equipped Moisture Sensor is placed far from server 

without cabling, using WL CC2500 Module. 

 

V. EXPECTED OUTCOME 

This system is designed to eliminate the efforts of farmers as 

to check the moisture level of soil. This sensing of moisture 

sometimes becomes very difficult to do manually. Hence a 

Crop Management system is evolved which reduces these 

efforts and measure the moisture content of the soil. In  an  

effort  to increase  agriculture’s  shares  to  the  national   

economy serious measures need to be implemented to  

modernize  present irrigation system. For  modernization  we  

focused  on  this  project and  designed  useful    model  for  

proper  utilization  of  water  and  ensure maintaining   

required  weather database  of  particular  crop. This  model  

report  discusses  a  Crop  Manager  using  micro-controller  

for  remote  operation  of  irrigation ,  this  type  of  controller  

can  save  time  as  it  can  automatically  control  the  farming  
without  actually  reaching  the  place.    

Thus our aims in this way will get fulfilled which are stated 

below:- 

 Reduce human efforts 

 Efficient utilization of Water 

 Proper feed to the crops sown 

 Ensuring timely water supply according to respective 

season 

VI. ADVANTAGES 

 Crop Manager learns and adapts from every new 

input and will continually improve your new data 

asset for each growing area. 

 Proper utilization of water using water level sensor. 

 One time investment, providing  the crops with  

required need. 

 By applying innovative computational intelligence, 

Crop Manager merges the valuable historical data 

with the new data sets that are being delivered by all 
the emerging technologies within the agriculture 

industry. 

 Creates a valuable asset in agriculture business. 

 Crop Manager combines all of this data, expertise 

and implements it on the farm from the database. 

Crop Manager learns and adapts from every new input 

and will continually improve new data asset for each 

changing weather conditions 

VII. APPLICATIONS 

 This Module advice a farmer on how they can use the 

available water to their beneficial, in an attempt to 

save money & provide the crops with what they need 

to be healthy. 

 As various sensors used this module helps the farmer 

decides the crops that the farm will grow to make 

most money, as well as be beneficial to the soil Crop 

Manager is a next generation, web-based decision 

support application, which delivers predictive 

information to the agriculture industry. 

 By applying innovative computational intelligence, 

Crop Manager merges your valuable historical data 

with the new data sets that are being delivered by all 

the emerging technologies within the agriculture 

industry. 

 Creates a valuable asset in your business. Applies 

enhanced data to any size growing area  

 Crop Manager combines all of this data, expertise 

and knowledge for you. It allows you to link your 
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new data asset to your entire area of operation or any 

growing area. 

VIII. CONCLUSIONS 

 Multiple numbers of different crop’s data can be pre-

defined in the database.  

 Can be implemented for greenhouse cultivation in 

projects. 

 The system can be made flexible according to the 

farm land’s requirements. 

 Infrared automation technology can be implemented 

for pests, worm’s etc. detection occurring on the crop 

to prevent further damage on a large scale.   

 Continual nutrient monitoring to set parameters, 
including water top up, nutrient top up and    water 

usage. 

 Various feeding/watering/misting schedules, 

integrating real-time parameters    such as air 

temperature and humidity. 

 SMS and email alerts for deviations from parameters 

that may indicate a problem, for example burst pipe. 

 Logging of key environmental variables including 

temperature, wind speed and     direction, humidity 

and rainfall, for automated and management decision 

making secure off-site monitoring via the internet. 

 Use of Solar cells to provide energy top the system. 

 

IX. FUTURE SCOPES 

 Multiple number of different crop’s data can be pre-

defined in the database.  

 Can be implemented for greenhouse cultivation in 

projects. 

 The system can be made flexible according to the 

farm land’s requirements. 

 Infrared automation technology can be implemented 

for pests, worms etc. detection occurring on the crop 
to prevent further damage on a large scale.   
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                             Abstract:  
 

The rapid development of computer industry production and 

computer intelligence, as well as the corresponding 

developments in computer-aided image analysis, has made 

industrial image processing to be a very important branch of 

scientific image processing. Image processing is one of most 
growing research area these days and now it is very much 

integrated with the industrial production. Generally speaking, 

it is very difficult for us to distinguish the exact number of the 

copper core in the tiny wire, however, in order to ensure that 

the wire meets the requirements of production, we have to 

know the accurate number of copper core in the wire. Here the 

paper will introduce a method of image edge detection to 

determine the exact number of the copper core in the tiny wire 

based on OpenCV with rich computer vision and image 

processing algorithms and functions. The application (GUI) 

Graphical User Interface was designed using Qt and Linux gcc 
Integrated Development Environment (IDE) for implementing 

image processing algorithm using Open Source Computer 

Vision Library (OpenCV). This developed software integrated 

in mobiles by the cross compilation of Qt and the OpenCV 

software for Linux Operating system.  

Keywords: OpenCV, Linux Integrated Development 

Environment, Qt Creator, Image Processing 

                                

                           1. Introduction 
Image processing is a multi-disciplinary subject, which has 

potential applications in many areas of science, engineering 

and technology, viz., biomedical, space, military, vision, 

biometrics, etc. Image processing helps to enhance an image 

or to extract hidden information from an image. In this paper, 

image conversion including C++ implementation, memory 

constraints and floating-point support to integrate with 

different embedded platforms like DSP, was carried out.  In 
embedded system image processing, the input image, such as 

video frame or photograph, gives an output which can be 

either an image or one of the associated characteristics of that 

image. The image-processing techniques consider the image 

as a two-dimensional signal and apply some of the standard 

signal-processing methods on it. 

At present, many dedicated software like MATLAB, Vivado, 

OpenCV,etc.,are available for embedded system 

programming. Among these languages, OpenCV (Open 

Computer Vision) [5, 6], a well documented and vibrant open 

source C++ library growing with new computing technology 
applications, was designed and originally developed by Intel 

and now supported by Willow Garage, has a huge 

computational efficiency with a strong focus on real-time 

applications.  It is a free source library for both commercial 

and non-commercial uses, which provides a simple-to-use 

computer vision infrastructure that helps build fairly 

sophisticated vision and real time image processing systems. 

OpenCV is written in optimized C and can take advantage of 

multi-core processors.  Implementation of such useful library 

on an embedded processor like ARM makes it possible to 

achieve real-time image processing without any bottle necks 

in the software part. OpenCV is one of the most extended 
software libraries used in computer vision applications. 

OpenCV as an open source library .constituted by a series of C 

/ C ++ functions and classes, offers many common algorithms 

to realize image processing and computer vision computing, 

which can be used to achieve powerful image processing, and 

to develop real-time applications system. 

 

In the tiny wire industrial production process, it is very 

necessary for us to determine whether the wire meets specific 

quantity of copper. However due to the small size of the 

copper core and the defects, which to some extent increases 
the difficulty to distinguish. So we use the digital image 

processing to determine the exact quantity of the copper core. 

This paper describes how efficiently image processing 

applications can be used to check and judge the merits of the 

industrial product. In section 2 it describes previous work on 

the image before processing .In Section.3, the simulation 

environment and the experimental methodology to evaluate 

the dynamic library functions are presented. In Section.3, the 
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implementation of Embedded Device application using Qt is 

discussed in detailed. In Section 4, the extensive simulation 

results, analysis and the performance of the image quality are 

presented. Section 5 consists of the Flow Chart and Section 6 

consists of Conclusion. 

 
 

           2. PREVIOUS WORKS ON IMAGE 

 

                      A)  Capture image 

 

In OpenCV, the data type of image is usual IplImage. Comes 

from Intel Image Processing Library. Image Processing 

Library is inheritance from the actual OpenCV versions which 

may require IplImage data type is defined in CXCORE [3]. 

IplImage is the main image structure used in OpenCV. 

IplImage has been in OpenCV since the very beginning. It is a 

part of the C interface for OpenCV. You need to allocate and 
deallocate memory for Iplmage structures yourself. OpenCV 

has many powerful image processing functions. In order to 

capture and show an image we should use cvLoadImage 

cvNamedWindow, and cvShowImage functions. The function 

cvLoadImage loads the specified image file and return 

IplImage pointer to the file. CvName Window defines a 

window for displaying. The function cvShowImage display 

the image in the specified window. By using the above three 

functions, we can successfully display the image that we will 

deal with. The source image is as Fig. 1 which edge is not 

clear. 
 

 
 

                      B) Color_to_Gray 

 

Source images obtained are generally color but as we know 

grayscale images are very common and entirely sufficient for 

the task discussed in the paper. So there is no need to use more 

complicated and harder-to-process color images. For 
facilitating processing, color image will be usually converted 

to grayscale. A grayscale digital image is a single sample, that 

is, it carries only intensity information. Images of this sort, 

also known as black-and-white, are composed exclusively of 

shades of gray, varying from black at the weakest intensity to 

white at the strongest. Often, the gray scale intensity is stored 

as an 8-bit integer giving 256 possible different shades of gray 

from black to white. If the levels are evenly spaced then the 

difference between successive gray levels is significantly 

better than the gray level resolving power of the human eye. 

Opencv offers us cvCvtColor function to convert the color 

image to grayscale image. The effect of RGB to Grayscale 

image is well demonstrated in the                     

                              Fig  

                     

.  
 

                      C) Median Filter 

 

At the same time, because of the noise interfering to the 

detection accuracy, it is necessary for us to do denoising for 

the captured images. Blurring image is the modest process in 
image processing. Blur, is a process done to reduce noise. As 

this can be achieved in different ways, this paper demonstrates 

a basic filter method-median filter. Median filtering method is 

a kind of nonlinear smoothing technique, and the gray value of 

its every pixel is set to a middle value of all the gray value of 

the pixel in a neighboring window. Median filtering is very 

effective to remove salt and pepper noise. OpenCV includes a 

Median filter that can be applied to an image by calling the 

cvSmooth function. The image after smooth processing is as             

Fig.  

 

 

 

 

PREVIOUS WORKS ON EMBEDDED DEVICE 

 

Since OpenCV library has many useful functions, which is 
widely used in many applications. Willow Garage’s personal 

robot was developed using the OpenCV library with image 

Recognition n system. Stanley also used OpenCV library for 

his image processing engine. J.-P. Farrugia et al. uses GPUCV 

library, it needs additional computational resources, quick 

processing and with extra power consumption. Even though 

GPUCV library is group of OpenCV vision tasks, these can’t 

use in embedded platforms such as mobiles, automotive and 

robots, which limits to thermal constraints. In Masayuki 
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Hiromoto et al. paper gives embedded. applications includes 

mobile, robotics and etc. This also requires special embedded 

processors to achieve image recognition within the system’s 

size and limited power. Clemens Arth et al. was developed the 

specialized DSP based enhanced system for image 

recognition. To overlay these issues on embedded 
applications, we propose optimized OpenCV implementation 

for image applications for mobile platforms. 

 
3. METHODOLOGY AND SIMULATION 

                 ENVIRONMENT 

In this section the tools and methodology to implement and 

evaluate the dynamically loading IPP with OpenCV libraries 

are detailed. The Intel Integrated Performance Primitives (IPP) 

was used to collect automatically OpenCV functions, to 

optimize the processors on the assembler level. So the task is 

to make those image processing libraries available on the 

development environment. This was performed with the image 

processing applications in real time. The computations on the 

processing are modeled as cycle accurate. The experimental 
results focused on the more complex comic images. We have 

used QT4.6.3 for the implementation of image application. 

This was developed by using OpenCV 2.0.0.CMAKE 2.8 GUI 

for cross compile OpenCV 2.0.0 for Ubuntu 12.04 LTS 

Express edition to get the image processing libraries.  

The simulation has done with Ubuntu 12.04 LTS on HP 

Laptop. HP Laptop built with Intel Duo Core CPU T5750 

operated Linux OS, running at 2.0GHz with 32KB L1 D-

Cache, 32KB L1 I-Cache 2MB L2 cache with 8-way set 

associative and 3GB RAM. Then using Qt, cross compiled 

images loads into ARM mini 2440 operated with Linux OS to 
display images without loss of quality of image.. 

 

4. IMPLEMENTATION OF EMBEDDED 

      PLATFORM  USING OpenCV 

 

The image processing algorithms are implemented using 

OpenCV. OpenCV was designed for high computational 

efficiency with a strong focus on real time applications. 

OpenCV was written with optimized C, so it could yield 

benefit of multi-core processors.  

 

 
 

The library was improved with C language according to 

mobile platform for image processing use on Windows. Fig. 1 

shows the proposed implementation of image processing 

application on mobile.  
 

                              

 

                         5. Flow chart  

 

 

                         
 

  

                        6. Conclusions 

 

In this paper, we presented a method to detect human upper 

body using Embedded Platform. ARM board is used to 

compilation of OpenCV image processing algorithm. The 
developed software was able to slice or chop the comics strip 

along border into individual units, stored on the permanent 

memory and displayed on the ARM Board. Human detection 

algorithm works on the basis of Haar like Features and this 

haar features are classify with using cascade classifier which is 

addition of weak classifier makes a strong classifier. This 

developed software can be easily integrated in ARM by the 

cross compilation of QT and the OpenCV software for an 

Operating system.  
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Abstract- Everyone is in a hurry these days and that is 

reflected in the erratic driving behavior we often see by 

drivers rushing to get somewhere. „Red Light Runners‟ 

are on the rise and more alarming is the carnage that they 

are leaving behind in their haste. 

Last year, 676 people were killed and an estimated 

116,000 were injured in crashes involving drivers who 

ran red lights, stops signs and other traffic control 

devices. In Kentucky, there were 3,695 collisions 

resulting in 31 deaths from crashes caused by 

disregarding traffic signals. 

Enforcement is the key to getting people to comply with 

the law, but communities don‟t have the resources to 

allow law enforcement to patrol intersections as often as 

is needed to ticket all motorists who run red lights. Many 

cities have installed cameras at large intersections and 

studies show that these cameras have been effective in 

reducing the number of citations written for disregarding 

traffic signals in these areas. 

 Keywords - Microcontroller Based System, Embedded 

System, Traffic Control Management. 

1. INTRODUCTION 
 
The obligation on the motorist is to stop, unless the light 

is green, in which case you may proceed only if it is clear 
and safe to do so. If the amber light is illuminated, a 
vehicle must stop, unless it has already passed the white 
stop line or the vehicle is so close to the stop line, that 
coming to a halt might cause an accident. If the red light 
is showing, then you must stop behind the stop line in all 
circumstances. 
When approaching a traffic light that is illuminated on 

green, you may proceed if it is clear and safe to do so. If 

the light is amber, you must stop unless your wheels are 

already over the white line, or you do not have enough 

room to brake before the stop line without causing an 

accident. If the light is red, you are obligated to stop in 

all circumstances. If you do not stop when it is indicated 

that you should do so, you have committed a traffic light 

offence. 

2. RELATED WORK 

A. Intelligent Traffic Lights Based on RFID This paper 

states that the traffic management is the critical issue of 

the road. Traffic lights play an important role in the 

traffic management. The existing traffic lights follow the 

predetermined sequence. So these lights are called static 

traffic lights. These traffic lights are not capable to count 

the number of vehicles and the priority of the vehicles on 

intersection point. As a result some vehicles have to wait 

even there is no traffic on the other side. The vehicles 

like Ambulance and Fire Brigade are also stuck in traffic 

and waste their valuable time. The proposed system 

provides quality of service to Emergency vehicles and 

improves the accuracy of Automatic Traffic Light 

Violation Detection system as well as helps to trace out 

the stolen vehicles using RFID. 

D. Dynamic Traffic Light Sequence Using RFID It avoids 

problems that usually arise with standard traffic control 

systems, especially those related to image processing and 

beam interruption techniques. This RFID technique deals 

with a multi-vehicle, multilane, multi road junction area. 

It provides an efficient time management scheme, in 

which a dynamic time schedule is worked out in real time 

for the passage of each traffic column. The real time 

operation of the system emulates the judgment of a 

traffic policeman on duty. The number of vehicles in 

each column and the routing are proprieties, upon which 

the calculations and the judgments are based 

3. PROPOSED SYSTEM 

 
Radio Frequency Identification (RFID) devices consist of 
tags and readers that assist in the tracking of goods and 
vehicles. Tags are the devices that give identity to the 
vehicle and work like a wireless name plate. It transmits 

it identity to readers which are placed at strategic 
locations like RED light crossing of a premise, highway,. 
Readers pick up these signals and transmit them to the 
centralized data servers from where the information can 
be viewed or utilized any where. These readers can also 
trigger the other peripheral devices like an access control 
mechanism- boom barrier to operate as per the business 
logic. For. e.g on identifying a known vehicle, a reader 

can signal the boom barrier to open and allow the vehicle 
automatically. The read-range of the reader varies from 
5m to 30 m depending upon the technology (Passive Vs 
Active) in place. The use of RFID technology also 
necessitates the purchase and utilization of either fixed or 
hand held readers which can help the guard to quickly 
access the vehicle information by bringing the device 
near the vehicle. 

 

4. HARDWARE IMPLEMENTATION 

A. Radio Frequency Identification (RFID) RFID is an 

acronym for radio frequency identification. Briefly the 
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RF stand for “radiofrequency” and ID means “identifier” 

that allows an item, for instance a library book, to be 

identified, accessed, stored, reprogrammed and 

communicated by using radio waves. Radio Frequency 

Identification (RFID) is a generic term for non-

contacting technologies that use radio waves to 

automatically identify people or objects. There are 

several methods of identification, but the most common 

is to store a unique serial number that identifies a person 

or object on a microchip that is attached to an antenna. 

The combined antenna and microchip are called an 

"RFID transponder" or "RFID tag" and work in 

combination with an "RFID reader". An RFID system 

consists of a reader and one or more tags. The reader's 

antenna is used to transmit radio frequency (RF) energy. 

The tag will then modulate the electromagnetic waves 

generated by the reader in order to transmit its data back 

to the reader. The reader receives the modulated waves 

and converts them into digital data. There are two major 

types of tag technologies. "Passive tags" are tags that do 

not contain their own power source or transmitter. When 

radio waves from the reader reach the chip‟s antenna, the 

energy is converted by the antenna into electricity that 

can power up the microchip in the tag. The tag is then 

able to send back any information stored on the tag by 

reflecting the electromagnetic waves as described above. 

"Active tags" have their own power source and 

transmitter. The power source, usually a battery, is used 

to run the microchip's circuitry and to broadcast a signal 

to a reader. Due to the fact that passive tags do not have 

their own transmitter and must reflect their signal to the 

reader, the reading distance is much shorter than with 

active tags. However, active tags are typically larger, 

more expensive, and require occasional service.  

Frequency refers to the size of the radio waves used to 

communicate between the RFID system components. 

Just as you tune your radio to different frequencies in 

order to hear different radio stations, RFID tags and 

readers must be tuned to the same frequency in order to 

communicate effectively. The read range of a tag 

ultimately depends on many factors: the frequency of 

RFID system operation, the power of the reader, 

environmental conditions, physical size of the tags 

antenna and interference from other RF devices. The 

Sunrom RFID Card Reader's antenna was designed with 

a RFID operation at a tag read distance of around 7 cm. 

B. Global Position System (GPS) Global Positioning 

System (GPS) satellites broadcast signals from space that 

GPS receivers, use to provide three-dimensional location 

(latitude, longitude, and altitude) plus precise time. GPS 

receivers provides reliable positioning, navigation, and 

timing services to worldwide users on a continuous basis 

in all weather, day and night, anywhere on or near the 

Earth. The output is serial data of 9600 baud rate which 

is standard NMEA 0183 v3.0 protocol offering industry 

standard data messages and a command set for easy 

interface to mapping software and embedded devices. 

The current GPS consists of three major segments. These 

are the space segment (SS), a control segment (CS), and 

a user segment (US). 

C. Global System for Mobile Communications (GSM) 

GSM uses Frequency Division Multiplexing AND Time 

Division Multiplexing. FDMA divides the frequency 

ranges for GSM, which are 890- 915, 935-960 and some 

others that the book didn't have. Each is divided into 

200kHz wide channels. As far as TDMA goes, each time 

slot is 577 micro seconds long, 8 time slices is a frame, 

lasting for a grand total of 4.615ms. A multi frame 

consists of 51 frames, 51 multi frames make up a Super 

frame, and 2048 Super frames make a Hyper frame 

which is 2715648 frames. The GSM network can be 

divided into three parts to illustrate this, consider figure 

1. i) Mobile station ii) Base station subsystem and iii) 

Network subsystem. 

5. ADVANTAGES OF RFID IN VEHICLES 
 Tamper proof  

 Concealed installation of antennas 

 Weather proof  

 100 % detection for two-wheelers / four-

wheelers 

 No height restrictions on vehicles as scanning 
is done from underneath 

 RFID tags can be affixed to automobiles for 
activating hands-free access to communities 

and parking lots. 

 The RFID reader can also trigger surveillance 
cameras or video recorders whenever a vehicle 

enters or exits the controlled area. 

 Each access can be recorded in the RFID 

reader or host computer's database to maintain 
a history of access activities and administer 
billing of daily, weekly, or monthly fees. 

 Gives automatic notification when a car enters 

or leaves the lot 

 Eliminates manual record keeping, thereby 

increasing accuracy and staff productivity. 
 

Tracking vehicles within the plant: The use of RFID in 
a vehicle assembly line ensures optimum operation, 
enhanced efficiency and eliminates the possibility of 
fraud and theft. Strategically positioned fixed RFID 
readers with multiple tag reading capability trace the 
newly finished cars as they leave the product line. In this 

way vehicles can be tracked throughout the plant. 
 
Prevents manipulation of data: The security issues 
RFID tags to the trucks that are coming inside the 
premises. It is attached to the truck that carries the cane 
load and identification is done throughout its journey. 
The RFID antenna will be coupled to the PC and once 
the truck is over the weigh bridge the data is captured 

from the tag and this is passed on to the PC for 
processing. This can reduce your fraud activities 
drastically. 
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 Better Fleet Management: RFID has enabled better fleet 
management. Now the transporters have a fix on reasons 

behind vehicular downtime. They know how long it takes 
to load raw materials and they can measure the 
performance of drivers. Transporters can plan availability 
of trucks based on the latest tracking data and make 
optimum use of their fleets. 

 
 
Parking Lot Access Control: We also provide parking 
barrier drop-arm control systems to control authorized 
access into and out of the parking area. RFID based 
access control systems ensures that only authorized 
vehicles can get into and get out of the parking area. 

Parking barrier arms automatically lifts to let the vehicle 
pass through on success identification of the vehicle 
RFID tag. This can be done by fixing RFID tag to the 
windscreen of the vehicle. When the vehicle comes in 
range of the reader, the reader reads the card ID and 
authenticates the same. If ID is authenticated the relay for 
moving the boom barrier is fired and access to the 
parking lot is 

enabled. In this way there is no need for any guard to be 
monitoring the exit and entry of vehicles to the parking 
lot. The vehicles will be logged automatically and a total 
report of the usage of the 
parking lot can be generated. 

 
6. CONCLUSION 

 
This system will definitely help to traffic police to give 
the way to the ambulance when there is heavy traffic on 
the road. Also the condition of patient is monitored and 
this information is send to the respective doctor so that 
doctor can prepare for the next process before the patient 
reach to the hospital. The design and implementation of 
this technique is directly targeted for traffic management 
so that emergency vehicle on road get clear way to reach 

there destination in less time and without any human 
interruption. The main feature of this operation is the 
ability to communicate with purpose using GSM and 
GPS. It is very smart to find the location of emergency of 
VIP vehicle and get clear path to pass on. 

 
7. REFERENCES 

 
[1] Nor Azlina , Bt Abd Rahman , Mohsen Bafandehkar, 
Behzad Nazarbakhsh , Nurul Haniza Bt Mohtar , 
“Ubiquitous Computing For Security Enhancement Of 
Vehicles”, IEEE International Conference on Vehicular 

Electronics and Safety (ICVES) ,Beijing, pp: 113- 118, 
2011. 
[2] Omidiora E.O, Fakolujo O.A, Arulogun O.T, 
Aborisade D.O, “A Prototype of a Fingerprint Based 
Ignition Systems in Vehicles”, European Journal of 

Scientific Research, pp: 164-171, 2011. 
[3] Weiqi Yuan, Yonghua Tang, “The Driver 
Authentication Device Based on the Characteristics of 
Palm print and Palm Vein”, International Conference on 
Hand-Based Biometrics (ICHB), Hong kong, pp: 1-5, 
2011. 
[4] Hugo Silva, Andr‟e Lourenc  ̧ O‟Ana Fred, “In-
Vehicle Driver Recognition Based on Hands ECG 

Signals”, International Conference on Intelligent User 
Interface , Lisbon, Portugal, pp: 25-28, 2012. 
[5] Ronghua Chen, Mary Fenghua She, Xiangping Sun, 
Lingxue Kong, Yuchuan Wu , “Driver Recognition 
Based on Dynamic Handgrip Pattern on Steeling Wheel”, 
12th ACIS International Conference on Software 
Engineering, Artificial Intelligence, Networking and 
Parallel/Distributed Computing, Sydney NSW, pp: 108-

112, 2011. 



ISSN NO: 2454-1958                        Special Issue Tech-Ed 2016 (International Conference) Page 306 
 

 

BER Calculation Using MATLAB Simulation for 

OFDM Transmission 

 
 

Ashwin Shinde,    
                    Asst Professor 

Dr. Babasaheb Ambedkar College of  

Engineering and Research, Nagpur 

    Sumedha Chokandre 
     Asst Professor 

Dr. Babasaheb Ambedkar College of 

Engineering and Research, Nagpur 

Mayuri Marawar 
Asst Professor 

S.B. Jain Institute of Technology 

Management and Research, Nagpur 

 

 

Abstract—Orthogonal frequency division multiplex 

(OFDM) modulation is being used more and more in 

telecommunication, wired and wireless. DVB and DAB already 

use this modulation technique and ADSL is based on it. The 

advantages of this modulation are the reason for its increasing 

usage. OFDM can be implemented easily, it is Spectraly 

efficient and can provide high data rates with sufficient 

robustness to channel imperfections. The purpose of this paper 

is to use a Matlab simulation of OFDM to see how the Bit Error 

Ratio (BER) of a transmission varies when Signal to Noise Ratio 

(S/N Ratio) and Multipropagation effects are changed on 

transmission channel. 

 
Index Terms— BER, FFT, ISI, OFDM, S/N 

I. INTRODUCTION 

 In an OFDM [4] scheme a large number of sub- channels or 

sub-carriers are used to transmit digital data. Each 

sub-channel is orthogonal to every other. They are closely 

spaced and narrow band. The separation of the sub-channels 

is as minimal as possible to obtain high spectral efficiency. 

OFDM is being used because of its capability to handle with 

multipath interference at the receiver. 

These two are the main effects of multipropagation [3]. 

Frequency selective fading and Inter Symbolic Interfierence 

(ISI) [5]. In OFDM the large number of narrow band 

sub-carriers provides sufficiently ―flat‖ channels. Therefore 

the fading can be handled by simple equalizing techniques for 

each channel. Furthermore the large amount of carriers can 

provide same data rates of a single carrier modulation at a 

lower symbol rate. 

The symbol rate of each channel can be dropped to a point 

that makes each symbol longer than the channel’s impulse 

response. This eliminates ISI.\he two main drawbacks of 

OFDM are the large dynamic range of the signals being 

transmitted and the sensitivity to frequency errors. 

Using a Matlab simulation we can implement an OFDM 

transmission. Using the simulation we can easily change the 

values of S/N ratio [2] and change the multipropagation 

effects on the transmission. Then we can analyze the results 

of each transmission and see how the BER [1] is changed 

II. OFDM SIMULATION 

A. The Matlab source code 
 

 

 

 

The Matlab code used in this paper was developed by Alan 

C. Brooks and Stephan Hoelzer [8]. This implementation is 

used to transmit a computer file in binary data form 

modulated by OFDM and 16- QAM modulation. A scheme 

of every part of the implementation can be seen in Fig 1. As it 

can be seen in the figure channel imperfections are modeled 

in this implementation. In the end of the transmission, when 

the receiver receives the data, a comparison of the 

transmitted and the received messages is done in order to 

calculate the Bit Error Ratio (BER). 

This paper does not explain in detail the simulation code. 

It uses it to create results and see the behavior of OFDM 

under different channel properties. Nevertheless some of the 

main variables of the code are described, because the choice 

of them has a critical effect on the results. 

 

 
Figure 1:  Matlab Flow Chart 

B. General Options in the Simulation 
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The general options of each transmission are in the 

setup.m file of the simulation. Two of the most important 

variables are analyzed. 

One of the main characteristics of every simulation model 

of OFDM is the size of the fast Fourier transformation 

(FFT) used to generate the signal. In the simulation it is 

equal to the number of samples for the transmission signal. 

In the code this variable is named fft_size. The more the 

size of the FFT is increased the more samples there are for 

each signal. The more samples there are the smoother and 

more accurate the signal is. 

Another very important variable is the number of the 

carriers (or the sub – channels) being used in every 

simulation. This variable is named num_carriers. 

According to the number of sub – carriers the data is cut 

into pieces, which are called chunks. Each carrier transmits 

2 data bits. The first is coded in the real part of the Fourier 

transformation of signal and the second in the imaginary. 

C. Variables which have an effect on S/N ratio 

In this implementation noise is added to the transmission 

signal. In the setup.m file there is the variable called 

noise_level. This variable changes the level of the noise of 

the channel. The level of the noise is given by the 

following equation: 

An   As  noise _ level     (1) 

  Where An is the level of the noise  

  As is the level of the signal 
We know that the S/N ratio is given by the following    

equation [2] 

S/N = (1/ noise level
2
)     (2) 

The noise produced is uniformly distributed in the closed 

space: 

noise _ level As , noise _ level As 
The noise after being generated is added to the signal. This  

is done in the ch_noise.m file. 

D. Variables which have an effect on multipropagation 

Adding two delayed and attenuated copies of the signal to 

itself simulates multipath propagation. The copies are 

named echoes. The first echo is delayed less and has a 

higher level than the second. 

The time of the delay of the two echoes are changed by the 

variables d1 and d2. But it is also a function of the number 

of carriers. Actually the time of the delay for both echoes is 

analog to the number of carriers. So each time the number 

of carriers changed in the tests, to keep the time of delay 

stable, d1 and d2 variables were divided by the change. This 

is done in order to make the tests equivalents. 

The level of the echoes is changed by the variables   a1 and 

a2 and it is given by the following equation. 

A
echo1   

a
1 

A    

A
echo2   

a
2 

A
s    

 (3) 

Where Aecho1 is the level of the first echo  

Aecho2 is the level of the second echo 

III. PLOTS OF BER AS A FUNCTION OF S/N RATIO AND MULTI 

PROPAGATION 

A. BER and S/N ratio 

To make the plots of the BER as a function of the S/N ratio 

a file was transmitted for many S/N ratios. As mention 

before the S/N ratio can be changed by the noise_level 

variable, which changes the S/N ratio according to the 

equation (2). 

Each time a transmission took place the noise_level 

variable changed. The lowest S/N ratio was decided to 

have the value 0.1 and the highest 10. Therefore, by 

solving the equation (2), the noise_level variable varies 

from 0.3162 to 3.162. 

The transmission was simulated for 5 sets of carriers. 32, 

64, 128, 256 and 512 carriers. For each set of carriers a 

BER curve as a function of S/N ratio was plotted. 

There are two plots. In the first the echoes have high level 

and in the second low levels. To be exact, in the first plot 

the two echoes have a level of 0.50 and 0.40 times and in 

the second 0.10 and 0.05 times the level of the signal. The 

results can be seen in Fig 2. and Fig 3. 

 

 

 

 

 

 

 

 

 

 

 

Figure 2:  BER as a function of S/N ratio. Multipropagation effects are 
high 

 

 

  

 

 

 

 

 

 

 

Figure 3:  BER as a function of S/N ratio. Multipropagation effects are 

low 

 

A. BER as a function of Multipropagation 
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In these plots the behavior of the BER of OFDM can be 

seen as a function of the level of the signals. 

As before, a file was transmitted, each time with a 

different level for the echoes. The level of the echoes has 

a start value of 0.05 for the first and 0 for the second 

times the level of the signal. They have a final value of 

0.50 and 0.40 times the level of the signal. 

Again the transmission was simulated for 5 sets of 

carriers. 32, 64, 128, 256 and 512 carriers. For each set of 

carriers a BER curve was plotted. The x – axis of the 

plots represents the factor by which the level of the 

signal is to be multiplied to equal the first echo. 

There are two plots. In the first the transmission takes 

place with a low S/N ratio - 0.1 - and in the second with a 

high – 10. 

The results of the BER as a function of multipropagation 

for each set of carriers can be seen in the Fig 4. & Fig 5. 

 

Figure 4:  BER as a function of Multipropagation. S/N Ratio is 0.1 

 

Figure 5: BER as a function of Multipropagation. S/N Ratio is 10 

IV. CONCLUSION 

The first and obvious thing we can notice from all the 

Plots is that the more we increase the number of carriers 

for certain S/N Ratio and Multipropagation effect the 

more the BER increases. This is to be expected, because 

the more we increase the number of carriers the more we 

increase the symbol rate and therefore the data rate. 

From the plots of the BER as a function of the S/N ratio we 

can see that when the S/N ratio is very low (0.1) 

multipropagation does not have any impact on the BER. 

Furthermore, it has an impact when the S/N ratio has high 

values, for example 512 carriers have 15% BER when 

Multipropagation is low and the S/N ratio is 10 but it 

drops to 8% BER when Multipropagation is high and the 

S/N ratio is again 10. 

This can be seen from the plot of BER as a function of 

Multipropagation when we have the S/N ratio is equal  to 

0.1. The BER by every set of carriers stays constant 

though the multipropagation effects are increased. 

From the Plot of BER as a function of Multipropagation 

with a high S/N ratio we can notice that the less the 

number of carriers, the more immunity the transmission to 

the Multipropagation effects. 
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