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ABSTRACT
In 1948, Claude E. Shannon showed that forward error correction was able to lower the bit error ratio of a numeric transmission as long as the channel capacity does not exceed. This discovery leads to amazing progress in the field of telecommunication and today’s compact–discs, cellular phones, submarines and space probes use error control schemes to make their transmissions reliable.
The forward error correction technique, particularly the convolutional coding was explored in this report. This report aims to design and implementation of the convolutional encoder and decoder in the communication system model. The Communication model is implemented in MATLAB.  The model design includes Convolutional Encoding, Viterbi decoding algorithm, Binary phase shift-keying(BPSK) modulation and demodulation, Adaptive white Gaussian noise (AWGN) and Bit error rate (BER) calculation in MATLAB to allow comparison of the simulated result and future understanding of its principles.
This report covers on the objectives of the project, literature review of the convolutional code and principles of communication system and project management aspect. The main focus will be on conceptualization, development, implementation and simulation of the communication system model. Finally, topics such as summary, conclusions, future work, and reflections of this project will also be discussed.
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CHAPTER ONE:    
1.
INTRODUCTION
1.1
BACKGROUND AND MOTIVATION

Data integrity becoming has increasing importance in communication system especially in areas of error controls. Certain data cannot be wrong such as an undetected error in a weapon control systems. Generally, in any system, large amount of data feeding in and out with uncorrected and undetected errors can degrade in performance, response time and possible increase the needs for human intervention.

To taking some such examples are: 

1. In satellite communications, high data integrity and low redundancy coding is needed to decrease the transmission power, hardware costs and allow closer orbital spacing of geosynchronous satellites.

2. When comparing to un-coded modulation, Trellis coded modulation allow more data to be transmitted over a limited bandwidth in a given channel.

3. Coding allow increase in channel utilization without changing the existing communication network which is long in-use such as FM broadcasting and TV signal. 

But this capability has several costs and trade-offs. Apart from needing an extra encoder and decoder, we have to transmit more information in the same amount of time i.e. increased data rates which translates into more bandwidth.

One possible aspect remains unchanged and that is, coding can change the quality of data from a problematic to acceptable ones. Error control techniques can also use in place of expensive or troublesome elements in communication application design which will result in increase of cost and loss of performance.  In memory storage, it allows increased in capacity and throughput.  Sophisticated coding is increasing offering unique competitive edge to many diverse areas. 

1.1.2 Claude Shannon
In 1948, Shannon classic paper on “A Mathematical Theory of communication” simulated a body on research and rapidly split between Information Theory, that is what is theoretically possible and coding theory, which how coding gain could be attained. In this context of the paper, the primary interest is the,” noisy channel coding theorem for continuous channels with average power limitations”. This theorem define capacity C of a bandlimited additive Gaussian noise (AWGN) channel with bandwidth W, approximately represent in many real life digital communication and storage system and is  given by:


C=W log
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This proof of theorems show that for any transmission rate R less than or equal to the channel capacity C, there exists a coding scheme that could achieves a relatively small probability of error; but otherwise, if is greater, no coding scheme can achieve reliable performance. Since the existence of this theorem, this implies the existence of good codes, and is left open to the problem of designing such codes.

This led to the first question on:” How this theoretical performance be used in practical benefits?”

In regard to this question, the practical problem in achieving the performance promised by Shannon is extremely difficult as the determination on performance limit is hinder by the complete understanding of the noise statistics on the channel.

In terms of practical application of coding, Shannon philosophy falls out of place. The real problem is that it might be impossible to define the noise distribution in the channel. The alternative approach Jacobs and Vitertbi, which is to analyze the particular code under one or more simple varies of noise and do comparison with the un-coded data communication.

 This approach led to the success in first large scale application of Forward Error Correction to communication, the use of (2, 1) k=7 convolutional code on satellite communication.  

The second question is that,” What expectation did Shannon result trigger.” 

In relation to second question, in order for major changes to communication system to happen, certain problems must be resolved and this led to the questions in:

1.  Finding of good codes.

2. Finding of decoding algorithms for the codes.
3. Finding ways of implementing decoding algorithms.
These problems are in fact answered but no major changes occur. One of the reason behind may due to coding now offer alternative to improving in performance, especially true when the explosion of digital circuitry. One such examples are RS code which highly suite in the implementation on popular compact disc system. The RS in many ways have complementary properties to convolutional codes. In this report we will study, model and simulate the convolutional coding under noise condition using MATLAB. 
1.2 OBJECTIVES
This project aims to understand the principle of communication system as well as FEC (Forward error correction) codes, particularly on Convolutional Codes. The principle of convolutional encoder and decoder will be studied and illustrate in simulation model using MATLAB. From the simulation model base on convolutional code, we are able to see the performance of the communication system as compare with and without coding in the communication system. External factors will also include in the communication model to further illustrate the performances of the convolutional code in these conditions such as AWGN (Adaptive white Gaussian noise).
1.3 SCOPE

In order to achieve the objective, understanding the concept of convolutional code and how it is implemented is essence. Through read-up from Library books, searching of online articles and most importantly is to consult the supervisor so as to have a full understanding before construction of the model. I have list out the following approach to help me in completing this project.

1. Design the encoder and decoder of the convolutional code and also the communication system using MATLAB with references from the articles researched and supervisor guidance.

2. Apply and Implement the Mathematical formulation of the encoder and algorithm of the decoder using MATLAB. 

3. Simulate and compare the data in un-coded channel with the data convolutional encoded channel performances such as (BER) Bit error rate versus (SNR) Signal-to-noise ratio.

4. Include External factor such as AWGN (Additive White Gaussian noise) for further illustration on the channel performance when data passing though communication channel using convolution code.

5. Comparing of simulated result from the coded channel with the un-coded channel, to see the performance of the communication system after added the external factors.
1.4 LAYOUT OF PROJECT REPORT
This section gives a brief synopsis of how the report will be illustrated. 

Chapter1: 
Illustrate the introduction of an overview of the project, its objective, scope and different phases that are implemented in completing it. 
Chapter2: 
Illustrate the project planning and management, which gives an approach on how the project is organised in order to ensure that it can be delivered within the limited timeframe. 

Chapter3:

Illustrate on the background research of the Convolutional code and the communication model. The concepts and principles used in forward error correction (FEC) code, Non-systematic Convolutional Code (NSC) and Non-recursive Systematic Convolutional Code (NRSC) are also covered here.

Chapter 4: 
Illustrate the system overview and implementation of the communication system model.

Chapter 5: 
Illustrate the software development and overview the software block with explanation on each function in reference to the coding.
Chapter6: 
Illustrate the result with explanation on the simulation.
Chapter7:

Illustrate on the problem encounter during the phases of implementing the project and possible solution to it.
Chapter8: 
Summaries and conclude on the project and provide suggestions for further improvement in the project.

Chapter 9 
Self reflection on the overall of the project done and review on it. 

CHAPTER TWO:



2. PROJECT MANAGEMENT

2.1.
Project Plan

The project plan may be optimized to achieve the appropriate balance between resource usage and project duration to comply with the project objectives. Once established and acknowledge, the plan becomes what is known as the baseline. Progress will be measured against the baseline throughout the timeline of the project.
Below is the Work Breakdown structure (WBS) of the project. It defines and groups a project’s discrete work elements in a way that helps organize and define the total work scope of the project.


 
















Figure 2.1 Work break down structure
2.2.
Project Management 

A Gantt chart (see Appendix A) allows me to keep track of current status and also an overview of my progress in my project. Created using Microsoft excel, it list out the schedule of my tasks. In the planning phase, the Gantt chart assists me in assess the duration between tasks and help me keep track of what I should achieve in certain point of time. It also allows me to see how remedial action able to keep me on track if there should be any unforeseen circumstances. This will help me in managing my progress of the project as well as meeting the deadline for project submission. 

2.3.
Risk Management

To ensure the success of this project, a series of risk assessment is done so as to identified any potential risk or unpredictable situation before happen and able to rectify it to reduce the chance of jeopardizing the completion of the project. 

The assessments for risk are as follows:

1. Risk Identification 

2. Assess and analyses of critical assets vulnerability
3.  Draw out strategy and backups to counter risk identified
The consideration of likely risk on affecting the completing the project are listed as follow:

1. Proficiency in programming.

2. Hard disk crash while on-going project development.

3. Accidentally deletion of project.

4. Computer faulty affecting the progress of project development.

5. Undetected issue arises when combing of subprogram into larger program code during final simulation which unable to resolve on time.
6. Unable to meet the deadline on-time for project completion.
Step taken for prevention of the above listed risk are listed below as follow:

1. Go through series examples and revision from past lab attained in Unisim and find relevant examples to project.

2. Multiple Backup on thumb drive and other external storage devices.

3. Have not only Laptop, desktop is addition hardware backup.

4. Constant saving of project for good habit practise. 

5. Ensure consistent style in program coding. 

6. Do labelling on important function to ensure easy debug when problem arises. 

7. Keep track on project progress to have enough buffer time for debugging so as not affecting project completion.

CHAPTER 3:    
3. REVIEW OF THEORY AND PREVIOUS WORK
3.1 Literature Review CONVOLUTIONAL CODE
3.1.1.
Introduction

Channel codes also know as error-correction codes which used to protect data transmit over for storage or receiving across the channel that add noise, bit error and cause distortion. A convolutional code is one type of technique in the general class of channel codes and is introduced by P.Elias in 1955 which have found its way into many applications such as the deep-space communications, voice band modems, mobile phone (Third generation wireless cellular standard, introduced in early 2000s, adopts turbo coding, which stems from convolutional coding) and Bluetooth implementations. 
3.1.2
Error control Techniques 

There are many types of error control techniques; 2 such common types are ARQ (Automatic request for retransmission) and Forward Error Correction. Both techniques involve in adding of redundancy to data before transmission in order to reduce errors occur during transmission. However, the ideology is different. In this project, we will be looking into forward error correction code (FEC) particularly on convolutional code.

3.1.3
 Forward error correction (FEC)

Forward error correction code utilizes redundancy so that decoder can identify and correct the errors at receiver end without the need for retransmission, but on the compromise of higher bandwidth on average. The process of adding this redundant information is known as channel coding. Convolutional coding and block coding are the two major forms of channel coding. 
FEC circuit are often integrated in the analog-to-digital conversion process as it is located close to the receiver of an analog signal. The maximum fraction of errors that can be correct is determined in advance by the design of the code, hence different FEC codes are suitable for different conditions.

How FEC it work?

A digital information source transmits a data stream consist of k bits of data into an encoder. The encoder then inserts parity bits (redundant), hence outputting longer stream of n code bits call codeword. On receiving end, codeword are used by a suitable decoder to extract the original data strings. The original information may or may not be the same such that codes that include unaltered input in the output are systematic, otherwise non-systematic. 

Codes are represented in (n, k), where n output code bits and k is input data bits. The ratio 
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 is called the rate, R, of the code and is a measure of the fraction of information contained in each code bit. 

Another scalar to characterize code bits is redundancy and express as
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[image: image10.wmf]n

k

 bears relatively little information per code bit. Consequently, codes that introduce less redundancy have a higher code rates (maximum 1) hence bear more information per code bit. The larger the redundancy, the likelihood that the original data got wipe out during a single transmission is low. But because of the addition of parity bits, it generally increases the transmission bandwidth or message delay or both. In a real time application, such as voice communication, to avoid a reduction in data throughput, code-bit rate must increase by a factor of  
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.  Note that if the communication application does require “real-time” transferring of information, this additional delay is the trade-off.

Figure 3.1 Function block diagram on a FEC
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3.1.4
Non-systematic convolutional code (NSC)  
The code is said to be non–systematic (NSC – non–systematic convolutional) if the message bit is indirectly present in the output sequence. Otherwise, if the message bit is present in the encoded sequence, the code is said to be systematic (SC – systematic convolutional). Due to their good performance at low signal to noise ratio (SNR), the recursive SC codes form an interesting family amongst the Systematic Convolutional codes.

The main advantage of RSC codes is that they give better performance at lower SNRs than do NSC encoders.
3.1.5
Non-recursive systematic convolutional code (NRSC)
Non-recursive systematic convolutional (NRSC) encoder has no feedback filter and it also has the property that one of the outputs, t
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, is identical to the source bit s. The encoder is called systematic because the source bits are reproduced transparently in the transmitted stream, and non-recursive, because it has no feedback. The other transmitted bit t
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 is a linear function of the state of the filter. One way of describing that function is as a dot product (modulo 2) between two binary vectors of length k + 1: a binary vector g
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Figure 3.2 A NRSC encoder diagram

 



*The symbol D indicates the coping with a delay of 1 clock cycle. 

*The         indicate modulo 2with no delay.

Systematic codes are more often preferred over non-systematic codes as they allow quick look and require less hardware for encoding. Another importance property of systematic codes is that they are none “catastrophic”, meaning that errors are not propagate catastrophically. Systematic codes are also used in Trellis Coded Modulation (TCM). The error protections however are the same as non-systematic codes. 
3.1.6
Digital communication block diagram
Below is the simple overview of the digital communication block diagram which also have shown earlier in the FEC and will be implemented into the MATLAB code for simulation.


[image: image18]
Figure 3.3 digital communication block
Encoder and Decoder 
The encoder adds redundant bits to the sender's bit sequence to create a codeword. 

The decoder uses the redundant bits to detect and/or correct as many bit errors as that particular error-control code allows.

Modulator and Demodulator 
The modulator function is to transforms the output of the encoder, which is digital, into a format suitable for the channel, which is usually analog such as a telephone channel. 

The demodulator will attempt to recover the correct channel symbol in the presence of noise or distortion. When the wrong symbol is arrested, the decoder will try to correct any errors that resulting in this.

Communications Channel 
This is the part where communication system introduces errors. The channel can be radio, twisted wire pair, coaxial cable, fibre optic cable, magnetic tape, optical discs, or any other noisy medium.
3.1.7.   Convolutional Encoder

Convolutional codes are typically described by the 3 parameters; (n, k, m). Where n is the numbers of output bits, k is the number of input bits and m is the number of memory registers. The quantity 
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 which is known as code rate is a measurement of efficiency of the code. k and n parameters usually range from 1 to 8,  m from 2 to 10 and code rate from 
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 to 
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but except for deep space application where code rate can be as low as 
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 or even longer. The constraint length of the code is known as the quantity L and is define by:

Constraint Length L = k
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The constraint length represents the number of bits in the encoder that effect the generation of the n output bits. The number of combinations of bits in the shaded registers are called the states of the code and defined by: 

Number of states =2
[image: image24.wmf]L


Encoder Structure


To encode data using convolutional code technique, starting with m memory register, each holding 1 input bit. Unless stated, all memory registers start with a value of 0. The encoder has an n modulo-2 adders represent the n output bits, where it can be implemented with a single Boolean XOR gate and v generator polynomials.
XOR gate

	X
	Y
	Output

	0
	0
	0

	0
	1
	1

	1
	0
	1

	1
	1
	0


Table 3.1 XOR gate
An input bit u
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 is fed into the left-most of the register. Using the generator polynomials and the existing values in the remaining registers, the encoder will output v bits. Now all the register value are bit shift to the right such that u
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 move to u
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 and continuously wait for the next input bits to be fed in. When there are no more input bits, the encoder will continue to output until all the registers have return to zero state.
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The polynomials give the code its unique error protection quality
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Figure3.4- the states of a code indicate what is in the memory registers

The Figure1 shown the states of the code (2, 1,4). This code outputs 2 bits for 1 input bit.  The code rate is 
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 and the constraint length is 3. The total number of states is 2
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=8. Hence the eight states of (2, 1, 4) code are: 000, 001, 010, 011, 100, 101, 110, 111. 
Coding incoming sequence
The output sequence v can be computed by convolving the input data stream u with the impulse response h. below show the expression:

v = u * g

A more generic form:

 v
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 is the output bit 1 from encoder j
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[image: image40.wmf]i

l

-

 is the input bit

*g
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There are many choices for polynomials for any m order code but they do not result in output sequences to have good error protection properties. Below is a list of good polynomials for 
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 rate codes.
Table3.2 Generator Polynomials found by Busgang for good 
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 rate codes.

	Constraint length
	G
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	G
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	3
	110
	111

	4
	1101
	1110

	5
	11010
	11101

	6
	110101
	111011

	7
	110101
	110101

	8
	110111
	1110011

	9
	110111
	111001101

	10
	110111001
	1110011001


Below figure illustrate the manual input data sequence 1011 through the encoder.
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Figure3.5 Input data sequence 1011 through the encoder

Encoder Design 

Hardware for encoding is much easier as encoder does no math. The encoder for convolutional code uses a table look up to the encoding. The look up table consists of four items, namely:

1. Input bit

2. The state of encoder, which is one of the 8 possible states for the example (2, 1, 4) code.

3. The output bits. For the code (2, 1, 4), since output bits are 2, the choices are 00,01,10,11.

4. The output state which will be the input state for the next bit.

For the code (2, 1, 4) given the polynomials of figure2, the following look up table is created.
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Table3.3 Look-up Table for the encoder of code (2, 1, 4)

There are three graphically ways in which we can see the encoder to gain better understanding of its operation and these are:

1. State diagram

2. Tree diagram 

3. Trellis diagram

State Diagram

Each circle represents a state. At each time, the encoder resides in the one of these states. The lines to and fro indicate that the state transitions which are possible when bit arrive. At any one time only two events can happen, arrival of a 1 bit or arrival of a 0 bit. Each of these two events allows the encoder to jump into a different state. The state diagram tends to be not intuitive as it does not have time as a dimension. [image: image49.png]


 

Figure3.6 State diagram of (2, 1, 4) code

Comparing the above state diagram with the encoder look-up table, the state diagram contains the same information as the same with the table lookup but in graphic representation. The solid lines indicated the arrival of a 0 bit and the dashed lines indicate the arrival of a 1 bit. The output bits for each case are shown on the line and the arrow indicates the state transition.

Tree Diagram

The tree diagram is trying to illustrate the passage of time as we go venture deeper into the tree branches. It is somewhat better than a state diagram but still not the preferred approach for representing convolutional codes.
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Figure3.7 Tree diagram of (2, 1, 4) code

Trellis Diagram

Trellis diagrams are generally preferred over Tree and State diagram because they represent linear time sequencing of events. The x-axis is discrete time and all possible states are shown on the y-axis. We move horizontally through the trellis with the passage of time. 
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Figure3.8 Trellis diagram of (2, 1, 4) code

Overall, convolution codes are significantly better at approaching the theoretical Shannon limit then prior error correcting codes. They are extremely good when the following conditions exist:

· Noise is white and Gaussian

· The demodulator provides a reliable soft decision information

· The output data needs only a low level of integrity where BER of 10
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· Transmission speed is low enough to allow decoer to perform relatively large amount of operation bits

Unfortunately their accuracy varies significantly depending on the input. In specific, convolution codes have specific code words where their accuracy plummets. Some code words are only separated by a distance of one. Much research in this field attempts to reduce the quantity of these trouble words. However, creating a convolution that is free of them has yet to be done.
3.1.8.   Decoder
There are many different approaches to decoding of convolutional codes. These are grouped in two basic categories:

1. Sequential Decoding -Fano algorithm

2. Maximum likely-hood decoding -Viterbi decoding
Sequential decoding

Sequential decoding was first proposed by Wozencraft and a better improve version was proposed by Fano. Sequential decoding was the first methods proposed for decoding a convolutionally coded bit stream. 

How Sequential decoding work?
An analog description of sequencetial decoding as follow:
You are given some direction to a place and this direction is linking to some landmark along the way but not clearly instructed on. Occasionally, you were unable to recognize the landmark and end up taking the wrong path. To this point, there is no particular landmark that you can see and that you seem to be in a wrong path. You back track to a point where you are able to recognize a landmark and take alternate path until the next landmark and finally in this fashion arrive at the destination. You may back track several times in the process depending on how good the direction were.

In sequential decoding, you are dealing with just one path at a time. You may give up that path at any time and turn back to follow another path but most importantly, only one path is followed at any one time. 

Sequential decoding allows both forwards and backwards movement through the trellis. The decoder keeps track of its decisions, each time when it makes an ambiguous decision, and it tallies it. When the tally increases faster than some threshold value, the decoder gives up that path and retraces the path back to the last stop where the tally was below the threshold. 

Diagram below shows decoding using a sequential decoding algorithm. The decoder randomly selects 00 as the starting choice. The diagram also indicates that the decoder had chosen the wrong path, it gives up and retraces back to last threshold. 
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                                         Figure3.9 Sequential decoding path search

The diagram in figure5b shown all the choices encountered and meet perfectly with the codeword choices and there we have the path 000,100,010,101,110,011,001,000. The decoder had successfully decoded the message as 1011000.
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Figure 3.10 Sequential decoding path search

The memory requirements of sequential decoding are manageable and so this method is used with long constraint length codes where the 
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 signal-to-noise ratio is also low. Some NASA planetary mission links have used sequential decoding to advantage. 
Maximum likely-hood and Viterbi decoding 
A decoding algorithm developed in the late 1960s by Andrew Viterbi that is used to decode a particular convolutional code. Viterbi decoders have been the most effective way to decode wireless voice communications in satellite and cellphone transmissions. Viterbi outputs a 0 or a 1 based on its estimate of the input bit.

How Viterbi decoding work?
Viterbi decoding is the best known implementation of the maximum likely-hood decoding. The Viterbi decoder looks through the entire received sequence of a given length. The decoder will first compute a metric for each path and makes a decision based on this metric. All paths are followed until two paths converge on one node. Then the path with the higher metric is kept and the one with lower metric is discarded. The paths selected are called the survivors. The most common metric used is Hamming distance metric. 

Below figure shows decode of the received sequence 01 11 01 11 01 01 11 using Viterbi decoding.  From here we look at the path with highest metric, the winning path metric is 13. The path traced by states 000,100,010,101,110,011,001,000 and corresponding to bits 1011000 is the decoded sequence. 
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Figure3.11 Viterbi Decoding

The Viterbi algorithm is competitive in performance with sequential decoding for moderate error rates, but unable to achieve very low error rates efficiently. But on the other hand, it is capable of extremely high speeds (in tens of megabits), whereas sequential decoders become uneconomic. It therefore found itself in many applications which needed by high-data-rate systems with modest error requirements, such as digitized television.
3.1.9.   MATLAB

MATLAB which means matrix laboratory is a programming language for numerical computing and is invented by Cleve Moler in late 1970s. MATLAB was later re-wrote in C and developed by THE MathWorks in 1984. MATLAB with its easy to use environment integrates computation, visualization and programming together to express problems and solution in mathematical notation. MATLAB is typical uses in areas such as:

· Math and computation

· Algorithm development

· Modelling, simulation and prototyping

· Data analysis, exploration and visualization

· Scientific and engineering graphics 

· Application development which includes Graphical user interface

Figure 3.12 Interface of the MATLAB program.
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Below is a sample of code use in MATLAB in plotting a unit amplitude sinusoidal signal with period 0.12t for t second.

n=128;
ts=1;
dt=ts/n;
f=1/(ts*0.12);
t=0:dt:ts;
for k=1:length(t);
    x(k)=cos(2*pi*f*t(k));
end
figure(1);
plot(t,x);
grid on
Figure 3.13 the Generated graph
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For this project, MATLAB is use in simulating the digital communication model base of convolutional code channel with un-coded channel to compare the performance base on SNR (signal-to-noise ratio) versus BER (bit error rate).  The process in each digital communication is to be map out as every part of the process require different method of coding to illustrate the actual data moving through the model and the end result for comparison.

CHAPTER FOUR: 
4. Method of implementation
4.1.   System Overview
In order to evaluate the system performance of convolutional code, a simulation system has to be designed. MATLAB was selected as the simulation software for this Project as it has many predefined mathematical function. The simulation Layout is constructed as below:









Figure 4.1 Simulation Layout diagram
4.1.1.   Data Generator Block
In this block, random binary data with varies bit were generated. Number of bits are varies in amount and the length of the bit is determine by the register in the convolutional code which in this case is 3.
4.1.2.   Convolutional Encoder Block
Convolutional coding applies to continuous input stream (but not to block codes), as well as blocks of data. A convolutional encoder can be seen as a finite state machine as it generates a coded output data stream from an input data stream. It is usually composed of shift registers and a network of XOR gates.
To model out the convolutional encoder, I must first understand the concept on how the encoder works. Base on the literature review, the convolutional code is common specific by three parameters ;( n, k, m). 

n = number of output bits
k = number of input bits

m = number of registers

The constraint length L is define by, L= k (m - 1).

Code rate is defined by, r =
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 I have created a look-up table, an XOR table, block diagram of the encoder and design parameter table.
Figure4.2 A block diagram of the encoder
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 Rate convolutional encoder
Table4.1 XOR function table
	X
	Y
	Output

	0
	0
	0

	0
	1
	1

	1
	0
	1

	1
	1
	0


Look up table which consist of:

1. Input bit

2. The state of encoder, which is one of the 8 possible states for the (2, 1, 3) code.

3. The output bits. For the code (2, 1, 3), since output bits are 2, the choices are 00,01,10,11.

4. The output state which will be the input state for the next bit.
Table4.2 Look up table

	Input bit
	Input state
	Output bit
	Output state

	
	
	O1
	O2
	

	0
	0
	0
	0
	0
	0
	0

	1
	0
	0
	1
	1
	1
	0

	0
	0
	1
	1
	1
	0
	0

	1
	0
	1
	0
	0
	1
	0

	0
	1
	0
	1
	0
	0
	1

	1
	1
	0
	0
	1
	1
	1

	0
	1
	1
	0
	1
	0
	1

	1
	1
	1
	1
	0
	1
	1


The initial state of the convolutional code is 0, which mean that at the beginning all the register value set to 0. When all the encoded information is transmitted, the encoder is trigger back to initial stage by applying a fixed input stream of 0’s, call reset sequence.
Table 4.3 Design parameter
	Definition
	Symbol
	Value

	Input Number
	k
	1

	Output Number
	n
	2

	Encoder Rate
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	Constraint Length
	L
	2

	Generator Polynomial
	G
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 and G
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	101 and 111


4.1.3.   Binary Phase Convertor Block
In this block, the binary 0 of encoded bit was change to -1 as needed to input to the BPSK modulation block.  
4.1.4.   Binary Phase Shift Keying (BPSK) Modulation Block
In this block, the encoded data which is phase change by the binary phase convertor is modulated with the BPSK modulation scheme. The BPSK is the simplest form of PSK. The Information about the bit stream is contained in the changes of phase of the transmitted signal. “1” is transmitted with a carrier phase of 0 and 0 use a phase of
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 Below show the formulation for BPSK:

S
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[image: image71]
Figure 4.3 A BPSK waveform
Figure 4.4 the constellation for BPSK
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The 2 constellation points are position on the real axis, at 0
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4.1.5.   Additive White Gaussian Noise (AWGN) Block
In this block, the modulated BPSK signal is added with noise for further analysis performance of the convolutional code under this condition.
The noise in communication system is generally referred as “White Gaussian noise”. The thermal motion of electrons in all the components present in the electronic circuits created this noise (Dave 1958, Papo 1991, Ziem 1995). The thermal noise has been model after zero-mean Gaussian random process. 
Gaussian probabilities density function (PDF) looks like a bell. Noise due to Gaussian noise exhibit smallest channel capacity with fixed noise power. This means that it results in the worst channel impairment. Hence the coding designs done under this most adverse environment simulation will give superior and satisfactory performance in real environments. 



Figure4.5 AWGN flow
s(t) is the transmitted signal which is disturbed by a simple additive white Gaussian noise n(t) and received r(t) is given by:

r(t) = s(t) + n(t)

Another characteristic of thermal noise is that all the frequency components have equal powers. Its spectral density, S
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(f), is white and given by:
S
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The corresponding autocorrelation function, R 
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4.1.6.   BPSK Demodulation and Binary Generation Block
In this block, it is divided into 2 stages:

Stage1: Demodulate the encoded signal waveform back to encoded data waveform. 
Stage2: The received noise analog pulses are sampled and the resulting voltages are compared with a single threshold.   If a voltage is greater than the threshold it is considered to be definitely a 'one' say regardless of how close it is to the threshold. If it’s less, it’s definitely zero.  
4.1.7.   Viterbi Decoder

I have created the sequence of viterbi decoding block for data decoding and tables in the decoding, namely; Operational table, Next state table and Transition table. 

Figure 4.6 Viterbi Decoding block 












Table4.4 Transition Table
	CURRENT STATE
	NEXT STATE 

	
	00
	01
	10
	11

	00
	0
	1
	1
	1

	01
	0
	0
	1
	1

	10
	0
	0
	0
	1

	11
	0
	0
	0
	1

	
	ENTRIES BASE ON INPUT BIT


For the Transition table, it listed the entire state transition base on the look-up table similar to the state diagram but in table format. This table is used for tracing back the output sequence data in the viterbi decoding function of the MATLAB code. 

In the state diagram, there are transitions that are unable to match to the next state. For examples the current state 00 to 01, no matter which input bit inserted is ‘0’ or ‘1’, it is invalid to change from current state ‘00’ to next state as ‘01’ (changes here is by shifting in the input bit from left and the last bit will be out). 
Why do I have to do this?

It is because there are possible transition take place where it does not agreed to the state diagram and it will display invalid value at decoded output data when simulate in MATLAB.
Hence before the transition table are fully fill up, we first indicate the invalid state as X as shown as the table below.
Table4.5 Workout of transition table

	CURRENT STATE
	NEXT STATE 

	
	00
	01
	10
	11

	00
	0
	X
	1
	X

	01
	0
	X
	1
	X

	10
	X
	0
	X
	1

	11
	X
	0
	X
	1

	
	ENTRIES BASE ON INPUT BIT


The next step, we have to fill up the Invalid X with either ‘0’ or ‘1’. Such that by putting a ‘1’ for the state transition between 01 to 11, the differences in the Hamming distance is by 1 same as for the case for 10 to 00 where inserting a ‘0’. By first fill it up the above cases, it will left with cases that put in a ‘0’ or ‘1’ seem not affecting much on the Hamming distance. To resolve the remaining Invalid, simulate the result and compare the decoded output with input and replace accordingly at the table.
Table4.6 the Operation Table
	CURRENT STATE
	OUTPUT BIT

	
	When input = “0”
	When input = “1”

	00
	00
	11

	01
	11
	00

	10
	10
	01

	11
	01
	10


Table4.7 the Next state Table
	CURRENT STATE
	OUTPUT STATE

	
	When input = “0”
	When input = “1”

	00
	00
	10

	01
	01
	11

	10
	01
	11

	11
	01
	11


Both the Operation table and the next state table is base on the Look-up table created at the encoder side. 
For the Operation table, taking the current state, we will look at the output bit for the case when the INPUT BIT given as either ‘1’ or ‘0’. Base on this we will able to map out the OPERATION TABLE.
For the Next state table, taking the current state, we will look at the output state for the case when the INPUT BIT given as either ‘1’ or ‘0’. Base on this we will able to map out the NEXT STATE TABLE.
The figures above take 5 steps to complete decoding a package data. The first block, HAMMING matrices, compute the Hamming distance of the incoming data with the operational table.
The next block ACS which means Add-Compare and Select, receives the possible HAMMING metrics and NEXT STATE table matrices. An ACS block will adds each incoming Hamming metric of the state to the corresponding NEXT STATE metric and compares the two results to select a smaller one. Then after, it will update the matrices storage with selected value.
In the METRIC STATE /CURRENT STATE/NEXT STATE MATRICES block, these block temp stores the path metrics of Hamming distance, the current state metrics and the next state metrics.
In the ACCUMULATIVE ERROR MATRICES (AEM) block, the entire possible survivor path is formed and listed in the AEM matrix. The AEM block will add all the metrics in the ACS corresponding to the CURRENT STATE/NEXT STATE MATRICES. The AEM is update column by column.
In the TRACT-BACK and OUTPUT DECODING block, the path with the minimum Hamming distance and location is selected and tract back corresponding to the Transition table. Then it generates the decoded output sequence.
4.1.8.   Performance Estimated Block

In this block, the decoded data is compared with the transmitted data and compute it for a number of iteration to determine the performance result. Longer iteration, the performance curve is smoother and more accurate.

CHAPTER FIVE: 

5. SOFTWARE DEVELOPMENT

5.1. Overall MATLAB code BLOCK FLOW










Figure5.1 overall software Block flow
In this overall MATLAB code Block flow, consist of the main program which is named as “main.m”, the packet function named as “packet.m” and the system model function which in this case named as“fyp15april10.m”. The “main” program here is doing the BER calculation of the whole system model with 2 condition loop for range of 1:10 in calculation for the SNR and for 10 times of loop then averaging the return value to get significant BER graph curve from the packet function. 
The Packet function does the similar thing as the main function but here it increases the “for loop” to 1500 which taken return value from the system model function. The ideal here is to increasing the resolution of the plot so that it will be smoother when plotted out the BER.
5.2. System Model BLOCK FLOW





















Figure5.2 System model software Block
In this Block it shows the various stages of the system model and at last stage, it returns the (ratio) compute to the main function. The system model consists of the data generation, convolutional encoder, BPSK modulation/demodulation with AWGN, binary regeneration and Viterbi decoder function. In this report, we will focus on only Data Generation with Convolutional encoder and the viterbi decoding Block.
5.3. Data generation and Convolutional encoder BLOCK FLOW



Figure5.3 Data generation and convolutional software block
Base on above Block flow, the program start off with data generation by setting up the range of N bit data and using the MATLAB function to generate “rand” variables of between 1 and 0 out from that range. A limit 0.5 is set to allow the “rand” data that falls below or above to be either “1” or “0” binary input.
Figure5.4 result from the generation of random data
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The second part of the program does the convolutional encoding of the binary input which in this case named as “input_dsource” in the MATLAB code. The code for the encoding is divided into 2 parts.

The first part of the code does for the 1st bit entry into the shifting as shown above illustration and together it XOR to get 2 output sequence named o1 and o2 in the MATLAB code. It process by declaring 3 memory locations named s1, s2 and s3. For first output o1, it XOR between s1,s2 and s3. The second output o2 XOR s1 and s3.
The second part of the code does the same as the first part but it does for the sequence bit after the first and stores the shifting and XOR result then combine in orderly to get the final output which named as “encoded_sequence”.
Figure5.5 result from encoding of data
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5.4. Viterbi Decoder BLOCK FLOW





































Figure5.6 Viterbi decoder software block part1






Figure5.6 Viterbi decoder software block part2
From above software block, it illustrates the viterbi decoding model. At the start of the program, a number of array matrices are declared: ST_his (State History array), AEM (Accumulated Error metric Array) and ssq (state sequence array). 
Vectors are also declared to temporary hold the process information: Temp metric, Temp state and Temp parent.
3 Table is also declared in the program: Transition table, op_table and ns_table.

The incoming bit is first convert to 2 bit to 1 symbol. The length of the incoming bit is set as the clock cycle for the whole viterbi decoding to follow. The State history array is initialised and check for any invalid before proceed on to next line on the code.
At the next line of the code perform the update vector “ns_a” for condition be “0” and “ns_b” condition to be “1” using the “ns_table”. Same as for the case of op_table where vector are update as op_a for condition be “0” and op_b for condition be “1”. 

The next part is the Hamming distance calculation where the Hamming distance takes on the input bit with references to the op_a and op_b which store to M_a and M_b vector respectively.
The subsequence parts of the program perform the arranging and match for the Low error metrics and store it in the temp vectors such as the TEMP metric for the Hamming distance value, Temp state for the next state value and Temp parent for the current state value. Thereafter it combines all the information and arranges it in the AEM array. The AEM array will have the entire listed possible path base on the Hamming distance.

Figure5.8 An AEM matrices result from the simulation
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The Last part of the code does the tracing of the minimum value in survivor path and its location to that value with the vector “slm” store this location. With this information, the location is then store to the vector “sseq”. sseq is in row base where it takes from period t=1 onward to t=5 as illustrate below. 
Figure5.9 sseq matrices result from simulation
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Table5.1 An extract of AEM table above
	00
	0
	2
	3
	0
	2

	01
	0
	0
	0
	3
	3

	10
	0
	0
	3
	2
	0

	11
	0
	0
	2
	3
	3


Table5.2 Tracing table
	
	00
	01
	10
	11

	00
	1,1
	1,2
	1,3
	1,4

	01
	2,1
	2,2
	2,3
	2,4

	10
	3,1
	3,2
	3,3
	3,4

	11
	4,1
	4,2
	4,3
	4,4


Base on simulation result above, the “sseq” result is 0 1 1 0 2. To get the above circle value in the tracing table, it goes by grouping the sseq in pair. Examples: (00 ,01), (01, 01), (01, 00) and (00, 10).

 As the slm_loc is being minus off by1, At the code: “transition_table((sseq(p)+1), (sseq(p+1)+1))”, sseq result is added back by 1 which now value as: 1 2 2 1 3. hence to match the tracing table, 1 transit to 2, 2 transits to 2, 2 transits to 1 and 1 transit to 3. Base on this we form the follow listed table:
	AEM
	sseq
	Output decode value base on transition table and sseq

	00
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01
	1,2
	1

	01
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10
	2,2
	0

	10
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10
	2,1
	0

	10
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11
	1,3
	1


Table5.3 Output decoding table
 With the references of the transition table and sseq point, the viterbi decoder is able to decode the data from the incoming encoded data. 

CHAPTER SIX:

6. SIMULATED RESULT AND DISCUSSION 

6.1
Comparison of simulation with/without AWGN

6.1.1
Simulation1:

The first simulation was done at 4bits of random generation of sequence, using 
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rate convolutional code.

Figure6.1 sim1 BPSK signal
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Figure6.2 sim1 Demodulated signal
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Figure6.3 Comparing Decoded output with input data 
[image: image98.png]>> dec_op
dec_op

1

>> input_dsource

input_dsource =

1

1

Sseqlr+l,

Sim_locil)-L.

ena
asc_op=11

for p=1:1:lengeh(sseq) -1
»:

dec_op=[dec_op, tramsiti

%(SSeq +1) 1s dus to aex
%(SSeq#1)+1 dus to the
%Both (SSeq +1) and (SSe
end




In this simulation, it shows that the code is functioning and is able to get satisfactory waveform and also able to decode the output comparing to the input correctly.
6.1.2
Simulation2:
The second simulation was done at 4bits of random generation of sequence, but adding of AWGN using 
[image: image99.wmf]2

1

rate convolutional code.
Figure6.4 sim2 BPSK modulated signal 
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Figure6.5 sim2 BPSK added AWGN  
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Figure6.6 sim2 Recover data from BPSK 
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Figure6.7 sim2 Comparing Decoded output with input data
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Base on the above 3 graph simulated, we can see that adding of the AWGN changes the amplitude of the waveform but still able to recover the data at the decoding end.
6.1.3
Simulation3

The third simulation was done at 10000bits of random generation of sequence, with 1500 iteration and addition of AWGN for comparison between un-coded and coded channel.

Figure6.8 sim3 BER of coded model
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6.2
Discussion
Figure6.9 A view of theoretical BER VS SNR plot  
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An ideal performance of the coding gain versus un-coded shown above.
In the 1st four simulation plot, we are able to see that the encoder and decoder for the convolutional and viterbi is actually working both non-AWGN and AWGN environment. We can also see the effect of distortion of the AWGN toward the BPSK and recover signal.
The simulated result also illustrated the Convolutional code accuracy varies significantly depending on the input. In specific, convolution codes have specific codeword where their accuracy plummets. 
In the 3rd simulation plot comparisons; it shows the comparison of 2 plots. One in red is the coded model another in blue is the un-coded model. Both were simulated under the condition of 10 000bits, with 1500 iteration of run in the AWGN channel. The simulation was run for 2days on laptop. 

 From plot, we can see that the BER of the coded model is lower than that of the un-coded model. The error correction code improves the accuracy on the data transmitted over the SNR range of 1 to 10. As the number of bit and SNR increases, the performance of the error correction ability of the convolutional code also increases, but at the cost of bandwidth and times in both simulated and real environment.  The Number of iteration does play a part in improving the curve of the plot to allow better analysis.
CHAPTER SEVEN: 

7. PROBLEM ENCOUNTER AND SOLUTION
7.1.
Combination of encoder and decoder code

My first problem encounter was when combing of the encoder code with the decoding code to simulate full system model. Using of 4-bit input data, the result from the decoded output comparing with the input data shows a series of wrong decoded data and an invalid data display. With the rushing of time to meet my Gantt chart plan, I was stuck with this issue for a few weeks. Finally with help of my supervisor and several read up from materials online, I was able to see that my encoder code is having some issue. 
I have presumed the incoming bit to include as one of the register, hence the register is total of 4 instead of 3 and my XOR result is totally wrong. 
To rectify this, I used another method of implementation to modify to my current code and now the decode value is correct but with certain sequence of input bit, it will display invalid output at the decoding end.

7.2.
Viterbi decoder

My second problem was the issue on invalid display of output data with certain sequence of input bit when decoded. With some analysis, I have found out the transition table of the Viterbi decoder function pose this problem. As my explanation done earlier on the design implementation on the Viterbi decoding, there are transitions that are unable to match to the next state and there are possible transition take place where it does not agreed to the state diagram. 
Hence, to fill up the invalid with some value estimate accordingly to the Hamming distance which allows the output result to be correct with just 4-bit of data.

7.3.
BER not significant with coding and un-coding model

My third problem arises for implementing on the BER for my communication model which seem a little impact in result of both coding and un-coding model. At further studying on the on my BPSK addition of AWGN, I found 3 issue. 

First issue, I just coded the “std” to a value of 0.1 which is passing on to the “gngauss.m” function to create the Gaussian noise and add the noise with BPSK to create AWGN channel in BPSK modulation. 
To get more impact on the modulated result in the AWGN channel, I relook into my past LAB assignment module “wireless communication”. By creating the SNR (signal to noise ratio) using the formula: “SNR=10.^(SNRindB1./10);”  (SNRinDB1 is the range from 1 to 10), and included into the std formula: “std=E./sqrt(2*SNR)” , (E is equal to energy with value 1), it allow more significant plot on the BER and also to the graph with BPSK modulation in AWGN channel.
Second issue, the BER plot resolution is not high enough to allow the plot to be smooth. Hence with the advice from my supervisor, by using of additional function to break-up the accumulated of increasing iteration, it shorten the time of simulation to 8hrs for 15000iteration which previously it needed to simulate a 2days for 3000iteration.  
Third issue, arise when the simulated result comparison between the coded and un-coded model not significant. With help of my supervisor, I have remove the MATLAB code under the line “.*ones(1,length(BPSK));” and input the “noise(iii)” inside the for loop condition. So to allow each bit to be multiple by the noise in the “for loop".
CHAPTER EIGHT: 

8. SUMMARY, CONCLUSIONS AND FUTURE WORK

8.1.
Summary
This project summary the studying, designing, implementation of the convolutional code particular on 
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 rate code and viterbi for decoding in the communication system model created. We understand that the error correction such as the Convolutional encoding with Viterbi decoding is a FEC technique that is particularly suited to a channel in which the transmitted signal is corrupted mainly by additive white Gaussian noise (AWGN). The simulated result from the implemented MATLAB code prove satisfactory result and allow us to see the performance of the convolutional code and viterbi decoding in-term of BER versus SNR. This project also helps us in understand the project management, in term of planning and execution of work to meet the time and goal. 
8.2.
Conclusion
There are many type of error correction code in the areas of studies and implementation but outer mostly, error correction code need to provide reliable digital data transmission and storage when the communication channel used has an unacceptable bit error rate (BER) and low signal-to-noise ratio (SNR). This project proves the usage of the error correction in the simulated AWGN environment. It allows me to in-depth studies and understanding of the convolutional code and the principles of communication system. 
The communication model includes the random sequence binary generator, convolutional encoder, BPSK modulator and demodulator, waveform to binary converter, Viterbi decoder and finally the BER calculation under one system model function. 

The Sub-function such as the packet loop and main function loop allow for the splitting of iteration which results in reduces simulation time. The other sub-function includes the hamming distance function and Gaussian function both needed in the system model when called. These modelling are neat and understandable as well as go along with my system block diagram flow, which is different from other system model around.

The simulated result in the AWGN channel, the Convolutional code shows their accuracy varies significantly depending on the input. In specific, convolution codes have specific codeword where their accuracy plummets and also depend on the number of input bits that is simulated. The BER at bit rate between 8 to 100 input bits of the plot does not show significant different in performance with un-coded model. But as bit increases to 10000bits, BER of the coded model improve and with longer iteration, the plot also becomes smoother. The time of simulation also increases a lot. If other error were to introduce, the losses for the un-coded model will be more than the encoded model. 
The communication system model created has included the simplified functional blocks of the digital communication system and the simulation test result for comparison with coded and un-coded model to be satisfactory. But nevertheless, there still much more room for improvement and this will be discuss in the next section. 
8.3.
Future Work

In this project, only 
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 rate code model is implemented and comparison of result with the un-coded model in an AWGN environment. Due to the time constraint, I’m unable to introduce Rayleigh fading and possible compare on other code rate such as
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, 
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, 
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 and 
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. In future work, Rayleigh fading could introduce into the 
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 rate convolutional coding and also comparison the result on different code rate of the convolutional code to enhance learning and further understand the error correction technique of convolutional code.
CHAPTER NINE:  
9. REFLECTION
The initial stage for getting on the project is to study and research on the relevant material on convolutional coding and the communication system. I have to revise on the previous attended module taken at Unisim and also look through materials online and in the library for in-depth knowledge. I have to be clear on the concept of convolutional code and how it impacts on the communication system though asking a few Ws and Hs. Examples of such are; what is a convolutional code, Why convolutional code and not other coding scheme, How it works, What kind of system model must have in the communication system and so on. Through these questioning, it allows me to work and find out more information. Communication with supervisor is also as equal important in the starting point so as not to drift off from the goal which could result in time delay on completing and possible unaccomplished on the project. 
At the start of the using the MATLAB, I practise on the previous Lab base module taken in Unisim such as Wireless and optical communication, Digital Signal processing, adaptive signal processing, digital communication I and II. 
After having the idea on the communication model, I tried on looking at examples for convolutional code and the decoding scheme online. With various method of implementation, I tried on one of the code example but unable to obtain the result. But through in-depth understanding of its implementation and modifying its parameters to fit into my project requirement, I was able to do with the result on the encoder part but still yet to check back on the result as due on the decoding yet to finish, at that phase of development. 
For my decoding, I have chosen the Viterbi to be my decoder for the communication model. For the decoding part, it is quite hard to understand as a lot of parameters and algorithm involves. I have to practically work out a series of different input data to be able to see how it works. 

My 1st milestone proved to be challenging during the combination of the encoder and decoder with BPSK modulation.  Issue arise on the wrong decoded value and display of invalid data. This problem allows me to learn the debugging skill and also do more of self study to resolve it. 
My next milestone is to add-on BER feature to compare the result between the input and output data. Using the MATLAB function command “BITERR”, it allows easily calculation on the bit error rate of 2 vectors of same length.  By grouping the system model as a function of a created main function and packet function, it allows the increase of the iteration simulated with reduced simulation time which previously simulated for 2days and yet to obtain significant result. The main and the packet function also perform the averaging value to get the single point in the plot hence allow more accurate and smoothen in the curve of the simulated plot.
Accordingly to TMA01, my target and goal that I have set have achieved. Additional add-on for the simulation model was taken to improve this project, but due to the time constraint, the Rayleigh fading is unable to introduce.
The whole learning phase of the project was a constructive experience. Not only have I gained valuable experiences in using MATLAB and also in-depth knowledge of the error correction technique together with the principle of communication system, but I have also understood the importance of project planning and time management. Having to cope with my day job, other modules and also capstone project, I learn to be more conscious in allocating my time and strictly adhering to the timelines in the Gantt chart. Along the way, there were obstacles and problems encountered, but by overcoming them, it helps me strengthen my analytical and problem-solving skills. Other skills like resourcefulness and critical-thinking also aids in the successful completion of my project.
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APPENDIX B:

B.1
MATLAB CODE

B.1.1

General Function used for coding and un-coding
%Hammin distance function%
%Returns the hamming distance b/w two 2-bit codes
function [HD]=hamm_dist(A,B)
HD=0;
for i=1:2
    a=bitget(A, i);     %C = BITGET(A,BIT) returns the value of the bit at position BIT in A.
    b=bitget(B, i);
    if(a~=b)
        HD=HD+1;
    end
end
%Gaussian noise function%
function [gsrv1,gsrv2]=gngauss(m,sgma)
%[gsrv1,gsrv2]=gngauss(m,sgma)
%[gsrv1,gsrv2]=gngauss(sgma)
%[gsrv1,gsrv2]=gngauss
%GNGAUSSS generate 2 independent Gaussian random vatiables with mean m and
%standard deviation sgma. If one of the input arhuments is missing it takes
%the mean as 0, and the standard deviation as the gien parameter.
%If neither mean nor the variance is given, it generates 2 standard
%Gaussuan random variables.
if nargin == 0,
    m=0; sgma=1;
elseif nargin==1,
    sgma = m; m=0;
end;
u=rand; %a uniform random variable in (0,1)
z= sgma*(sqrt(2*log(1/(1-u)))); % a Rayleigth distributed random variable
u=rand;     % another uniform random variable in (0,1)
gsrv1=m+z*cos(2*pi*u);
gsrv2=m+z*sin(2*pi*u);
B.1.2

 System model function(coded model)
%Convolutional code
%Code rate of 1/2
%References from: 
%http://www.mathworks.com/matlabcentral/fileexchange/12251 by Abhijith. S
%http://www.mathworks.com/matlabcentral/fileexchange/13848 by ANOOP GOPAN
%http://www.mathworks.com/matlabcentral/fileexchange/21023-convolutional-encoder-and-hard-decision-viterbi-decoder by Muhammad Hassan Masood 
%Description: r = rand(n) returns an n-by-n matrix containing pseudorandom
%values drawn from the standard uniform distribution on the open interval (0,1)
%Generation of the binary data source
function [ratio]=fyp09may10(SNRindB)      %Set as function for BER 
N=10000;                       %Taking length of data to be random input bit(adjustable to no max bit)
for i=1:N,
    x=rand;                 %A uniform random variable over(0,1)
    if (x<0.5),
        input_dsource(i)=0;  %With proability less than 1/2, source output is 0
    else
        input_dsource(i)=1;  %With proability more than 1/2, source output is 1  
    end
end
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                                                           %
%               Convolutional Encoder design:               %
%                                                           %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
enco_mem=[0 0 0];   %# of memory elements=3
encoded_sequence=zeros(1,(length(input_dsource))*2);
%%%%%%%%%%Shifting of input state(first input):%%%%%%%%%% 
       enco_mem(1,3)=enco_mem(1,2);         %Shifting (row1, column3) from (row1, column2) 
       enco_mem(1,2)=enco_mem(1,1);         %Shifting (row1, column2) from (row1, column1)
       enco_mem(1,1)=input_dsource(1,1);    %Shifting (row1, column1) from input-source (row1, column1) 
       temp=xor(enco_mem(1),enco_mem(2));   %xor on both memory Location(1) and memory Location(2)     
       o1=xor(temp,enco_mem(3));            %generator polynomial=111
       o2=xor(enco_mem(1),enco_mem(3));     %generator polynomial=101
       encoded_sequence(1,1)=o1;
       encoded_sequence(1,2)=o2;
%%%%%%%%%%Shifting of input state for subsequence row:%%%%%%%%%%
msg_len=length(input_dsource);
c=3;
for i=2:msg_len             %Pointing to second input source of the msg length
       enco_mem(1,3)=enco_mem(1,2);         %Shifting (row1, column3) from (row1, column2) 
       enco_mem(1,2)=enco_mem(1,1);         %Shifting (row1, column2) from (row1, column1)
       if(i<=msg_len)
       enco_mem(1,1)=input_dsource(1,i)     %Shifting for subsequence column with respect to input-source
       else
       enco_mem(1,1)=0
       end
       temp=xor(enco_mem(1),enco_mem(2))    
       o1=xor(temp,enco_mem(3))
       o2=xor(enco_mem(1),enco_mem(3))
       encoded_sequence(1,c)=o1    %o1 generating polynomial(1,1,1)
       c=c+1;
       encoded_sequence(1,c)=o2    %o2 generating polynomial(1,0,1)
       c=c+1;
end
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                                                           %
%               BPSK MODULATION:                            %
%                                                           %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%Binary convertion of encoded input 
for iii=1:length(encoded_sequence),
    zz=encoded_sequence(iii);
    if (zz==0),
        enc_source(iii)=-1; %When encode data is 0, convert to -1
    end
    if (zz==1)
        enc_source(iii)=1;  %When encode data is 0, remain as 1
    end
end
f=100000;   %frequency
fs=10*f;    %sampling freq
dt=1/fs;    %step size
n=0.01/dt;  %n is number of point in this period, 0.01 is the time.
sample_bit=floor(n/length(enc_source)); %number of sample per bit
%original signal modulated
for k=1:length(enc_source);
    for t=1*(k-1)*sample_bit+1:1*k*sample_bit;
        time(t)=t*dt;
        BPSK(t)=enc_source(k)*cos(2*pi*f*time(t));
        pulse(t)=enc_source(k);
    end
end
figure(1);
plot(time,BPSK,'b',time,pulse,'r');
legend('BPSK','encoded source');
title('BPSK signal')
ylabel('Amplitude')
xlabel('Time')
grid on
%%%%BPSK signal modulated with noise%%%%
SNRindB1=SNRindB; 
E=1;                            %Represent energy of bit 1
SNR=10.^(SNRindB1./10);         %signal to noise ratio
std=E./sqrt(2*SNR);             %std,standard deviation of noise
for iii=1:length(BPSK);
    noise(iii)=gngauss(0,std);        %gngauss generate 2 independent Gaussian random vatiables with mean m and standard deviation sgma
end
white_BPSK=(BPSK+noise);
figure(2);
plot(time,white_BPSK,'b',time,pulse,'r')
legend('white BPSK','encoded source');
title('white BPSK signal')
ylabel('Amplitude')
xlabel('Time')
grid on
%%%%Previous edited code(ignore)%%%%
%demodulate signal
%for kk=1:sample_bit*8;
 %   demodulate(kk)=BPSK(kk)*2*cos(2*pi*f*time(kk));              %coherent demodulation (muiltple by cosine)
%end;
%figure(3);
%plot(demodulate,'b');
%legend('Data');
%title('Demodulated signal');
%grid on
%demodulate signal from noisey channel
for kk=1:sample_bit*length(enc_source);
    demodulate(kk)=white_BPSK(kk)*2*cos(2*pi*f*time(kk));        %coherent demodulation (muiltple by cosine)
end;
figure(3);
plot(demodulate,'b');
legend('Encoded source');
title('Demodulated signal from white channel');
grid on
%Binary Data regeneration: for converting of demodulated waveform into binary form.             
for iiii=1:1:length(enc_source),
    tk=(iiii-1)*sample_bit+1:iiii*sample_bit;   %To increase the length to that of the same as BPSK   
    tm(iiii)=iiii*sample_bit;                   %To increase the length to that of the same as BPSK 
       xx=demodulate;                 
    if  xx(tk)>0,
        demodulate_data(tk)=1;  %With proability less than 1/2, source output is 0
    else
        demodulate_data(tk)=0;  %With proability more than 1/2, source output is 1
    end
    recover_data=demodulate_data(tm);
end
figure(4);
plot (demodulate_data,'r');
grid on
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                                               %
%         Hard Decision Viterbi Decoder         %
%                                               %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%Concatenate two consecutive bits of recieved encoded sequence to make up a symbol
input=[];
for j=1:2:length(encoded_sequence)
   input=[ input (recover_data(j))* 2 + (recover_data(j+1))];
end
%%%initializing all arrays%%%
%OUTPUT array: (Using for 2-bit, table point at first and second bit)
op_table=[00 00 11; 01 11 00; 10 10 01; 11 01 10]; %(Current state; output bit:when input='0'; output bit:when input='1') 
%NEXT STATE array:
ns_table=[0 0 2; 1 0 2; 2 1 3; 3 1 3]; %(current state; output state:when input ='0'; output state:when input = '1')
transition_table=[0 1 1 1; 0 0 1 1; 0 0 0 1; 0 0 0 1]; %(row index: current state; col index: next state; entries: input bits)
%Step1: Fill up possible bit for change in-state;
%Step2: Guess/assume the invalid with some possible value/path and replaced it for possible tract back could use
%Step3: Way of putting '1' or '0' in the invalid, is by the comparsion of the least differences in hamming value. 
      %Example: [current(00), next(11)], by adding input-bit(1), the differences now is by 1 value in hamming distance.  
%%%%Previous edited code(ignore)%%%%
%op_table=[0 0 3; 1 3 0; 2 1 2; 3 2 1]; %IDEAL OUTPUT array from current state(1st element value) to next state, 2col - input 0; 3col - input 1 
%ns_table=[0 0 2; 1 0 2; 2 1 3; 3 1 3]; %NEXT STATE array [ current state, next state when input 0, next state when input 1]
%transition_table=[0 55 1 55; 0 55 1 55; 55 0 55 1; 55 0 55 1]; %row index - current state; col index - next state; entries - input bits
%transition_table=[0 55 55 55 1 55 55 55;0 55 55 55 1 55 55 55;55 0 55 55 55 1 55 55;55 0 55 55 55 1 55 55;55 55 0 55 55 55 1 55;55 55 0 55 55 55 1 55;55 55 55 0 55 55 55 1;55 55 55 0 55 55 55 1] 
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                    A R R A Y S - U P D A T I N G  Part:                 %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
st_hist(1:4, 1:17)=55; %STATE HISTORY array
aem=zeros(4, 17); %ACCUMULATED ERROR METRIC (AEM) array
ssq=zeros(1, 17); %STATE SEQUENCE array
%%%%Previous edited code(ignore)%%%%
%input=encoded_sequence;
%input(1, :)=bin2dec(encoded_sequence)
%input=[0 3 3 0 1 2 1 3 3 2 0 0 3 0 3 2 3]    %INPUT vector  
%encoded_sequence=['00';'11';'11';'00';'01';'10';'01';'11';'11';'10';'00';'00';'11';'00';'11';'10'; '11']
lim=length(input); %number of clock cycles
for (t=0:1:lim) %clock loop
%     disp('------------------------------------------------------')
    t; %display current clock instance
    if(t==0)
        st_hist(1,1)=0;        %start at state 00
    else
        temp_state=[];%vector to store possible states at an instant
        temp_metric=[];%vector to store metrics of possible states  
        temp_parent=[];%vector to store parent states of possible states 
        for (i=1:1:4) 
            i; 
            in=input(t);
            if(st_hist(i, t)==55)  %if invalid state
                %do nothing
            else    
                ns_a=ns_table(i, 2)+1;    %next possible state-1 (when input '0')
                ns_b=ns_table(i, 3)+1;    %next possible state-2 (When input '1')
                op_a=op_table(i, 2);      %next possible output-1 (When input '0')
                op_b=op_table(i, 3);      %next possible output-2 (When input '1')
                cs=i-1;                   %current state
                M_a=hamm_dist(in, op_a);  %branch metric for ns_a
                M_b=hamm_dist(in, op_b);  %branch metric for ns_b
                indicator=0; %flag to indicate redundant states
  %%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%              
  %%%%To indicate if the last state has meet, if not continue to last state%%%%
                for k=1:1:length(temp_state) %check redundant next states
                    %if next possible state-1 redundant
                    if(temp_state(1,k)==ns_a)       %for condition = 0
                        indicator=1;
 %%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
 %                      ADD-COMPARE-SELECT Operation                      %
 %%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
                        %em_c: error metric of current state
                        %em_r: error metric of redundant state
                        em_c=M_a + aem(i,t);
                        em_r=temp_metric(1,k) + aem(temp_parent(1, k)+1,t);                        
                        if( em_c< em_r)             %compare the two error metrics
                            st_hist(ns_a,t+1)=cs;   %select state with low AEM
                            temp_metric(1,k)=M_a;   %store Hamming distance "value"
                            temp_parent(1,k)=cs;    %Store "position"
                        end
                    end
                    %if next possible state-2 redundant
                    if(temp_state(1,k)==ns_b)   %for condition =1
                        indicator=1;
                        em_c=M_b + aem(i,t);
                        em_r=temp_metric(1,k) + aem(temp_parent(1, k)+1,t);
                        if( em_c < em_r)            %compare the two error metrics
                            st_hist(ns_b,t+1)=cs;   %select state with low AEM
                            temp_metric(1,k)=M_b;   %store Hamming distance "value"
                            temp_parent(1,k)=cs;    %Store "position"
                        end 
                    end 
                end     
                %if none of the 2 possible states are redundant
                if(indicator~=1)
                    %update state history table
                    st_hist(ns_a,t+1)=cs; 
                    st_hist(ns_b,t+1)=cs;
                    %update the temp vectors accordingly                   
                    temp_parent=[temp_parent cs cs];        %current state value update (cs='0' and cs='1')
                    temp_state=[temp_state ns_a ns_b];      %next state value update (ns_a='0' and ns_b='1')
                    temp_metric=[temp_metric M_a, M_b];     %hamming distance value update (M_a='0' and M_b='1')
                end
                %print the temp vectors
                temp_parent;
                temp_state;
                temp_metric;  
            end   
        end
        %update the AEMs (accumulative error metrics) for all states for
        %current instant 't'
        for h=1:1:length(temp_state)
            xx1=temp_state(1, h);       %row (next state value)
            xx2=temp_parent(1, h)+1;    %column (current state value)
%%%(aem is updated column by column), the sequence of update start when t=1, temp_metric(1, h) update to first column, when t=2, update to second column..so on.
            aem(xx1, t+1)=temp_metric(1, h) + aem(xx2, t);  %Base on the hamming distance forming a matrix of listed paths 
        end 
    end
end %end of clock loop
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                       T R A C E - B A C K   Part                        %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%The trace back not only take account into the lowest hamming distance but nearest path
%Using the transition table and sseq to locate the value
for(t=0:1:lim)
    slm=min(aem(:, t+1));
    slm_loc=find( aem(:, t+1)==slm )   %Read in the min value from the aem
    sseq(t+1)=slm_loc(1)-1;             %Base on the aem table, sseq store the location of the min value from the aem.
end
dec_op=[];
for p=1:1:length(sseq)-1
    p;
    dec_op=[dec_op, transition_table((sseq(p)+1), (sseq(p+1)+1))];      %tracking the path 
    %(SSeq +1) is due to aem start from (0:3) and transition table is (1:4),hence by adding 1 ->(1:4).
    %(SSeq+1)+1 due to the different time at t=0,t=1,t=2,..Locate the value at t column.
    %Both (SSeq +1) and (SSeq+1)+1 match to the point in the transition table hence output the decode data
end
%BER
[NUMBER,ratio] = BITERR(input_dsource,dec_op); %comparing the input value vs decoded value and return as ratio
B.1.3
 
Packet function (coded model)
function [ssmld]=packetfunction(SNRindB)
n=1500;
   for k=1:n,
   smld(k)=fyp09may10(SNRindB); 
   end
   ssmld=sum(smld)/n;
  end   
B.1.4

 Main function (coded model)
close all;
clear all;
clc;
echo on 
for SNRindB=1:10,
    m=10;
    for p=1:m,
         smld1(p)=packetfunction(SNRindB);  
     end
      ssmld1(SNRindB)=sum(smld1)/m;
end
figure (5); 
YLIM([0.00001 1])
semilogy(ssmld1,'b*-'); 
xlabel('Eb/N0 in dB'); 
ylabel('Pe'); 
title('BER with code rate 2,1,3')
grid on 
B.1.5

 System model function (un-coded model)

%Convolutional code
%Code rate of 1/2
%References from: 
%http://www.mathworks.com/matlabcentral/fileexchange/12251 by Abhijith. S
%http://www.mathworks.com/matlabcentral/fileexchange/13848 by ANOOP GOPAN

%http://www.mathworks.com/matlabcentral/fileexchange/21023-convolutional-encoder-and-hard-decision-viterbi-decoder by Muhammad Hassan Masood
%Description: r = rand(n) returns an n-by-n matrix containing pseudorandom
%values drawn from the standard uniform distribution on the open interval (0,1)
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                                          %
%    Generation of the binary data source  %
%                                          %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
function [ratio]=fyp09may10noncode(SNRindB)      %Set as function for BER 
N=10000;                       %Taking length of data to be random input bit(adjustable to no. max bit)
for i=1:N,
   x=rand;                 %A uniform random variable over(0,1)
  if (x<0.5),
       input_dsource(i)=0;  %With proability less than 1/2, source output is 0
    else
        input_dsource(i)=1;  %With proability more than 1/2, source output is 1  
    end
end
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%                                                           %
%               BPSK MODULATION:                            %
%                                                           %
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%Binary convertion of encoded input 
for iii=1:length(input_dsource),
    zz=input_dsource(iii);
    if (zz==0),
        binary_source(iii)=-1; %When encode data is 0, convert to -1
    end
    if (zz==1)
        binary_source(iii)=1;  %When encode data is 0, remain as 1
    end
end
f=100000;   %frequency varies with number of bits (>50 10000hz and >100 100000hz)
fs=10*f;    %sampling freq
dt=1/fs;    %step size
n=0.01/dt;  %n is number of point in this period, 0.01 is the time.
sample_bit=floor(n/length(binary_source)); %number of sample per bit
%original signal modulated
for k=1:length(binary_source);
    for t=1*(k-1)*sample_bit+1:1*k*sample_bit;
        time(t)=t*dt;
        BPSK(t)=binary_source(k)*cos(2*pi*f*time(t));
        pulse(t)=binary_source(k);
    end
end
figure(1);
plot(time,BPSK,'b',time,pulse,'r');
legend('BPSK','input data');
title('BPSK signal')
ylabel('Amplitude')
xlabel('Time')
grid on
%%%%BPSK signal modulated with noise%%%%
SNRindB1=SNRindB;
E=1;                            %Represent energy of bit 1
SNR=10.^(SNRindB1./10);         %signal to noise ratio
std=E./sqrt(SNR);             %std,standard deviation of noise
for iii=1:length(BPSK);
    noise(iii)=gngauss(0,std);        %gngauss generate 2 independent Gaussian random vatiables with mean m and standard deviation sgma
end
 white_BPSK=(BPSK+noise);
figure(2);
plot(time,white_BPSK,'b',time,pulse,'r')
legend('white BPSK','input data');
title('white BPSK signal')
ylabel('Amplitude')
xlabel('Time')
grid on
%demodulate signal from noisey channel
for kk=1:sample_bit*length(binary_source);
    demodulate(kk)=white_BPSK(kk)*2*cos(2*pi*f*time(kk));        %coherent demodulation (muiltple by cosine)
end;
figure(3);
plot(demodulate,'b');
legend('recover input data');
title('Demodulated signal from white channel');
grid on
%Binary Data regeneration: for converting of demodulated waveform into binary form.             
for iiii=1:1:length(binary_source),
    tk=(iiii-1)*sample_bit+1:iiii*sample_bit;   %To increase the length to that of the same as BPSK   
    tm(iiii)=iiii*sample_bit;                   %To increase the length to that of the same as BPSK 
       xx=demodulate;                 
    if  xx(tk)>0,
        demodulate_data(tk)=1;  %With proability less than 1/2, source output is 0
    else
        demodulate_data(tk)=0;  %With proability more than 1/2, source output is 1
    end
    recover_data=demodulate_data(tm);
end
%BER
[NUMBER,ratio] = BITERR(input_dsource,recover_data); %comparing the input value vs decoded value and return as ratio
B.1.6
 
Packet function(un-coded model):
function [ssmld]=packet(SNRindB)
n=100;
   for k=1:n,
   smld(k)=fyp09may10noncode(SNRindB); 
   end
   ssmld=sum(smld)/n;
  end   
B.1.7
 
Main function(un-coded model):

close all;
clear all;
clc;
echo on 
for SNRindB=1:10,
    m=10;
    for p=1:m,
         smld1(p)=packetnoncodefunction(SNRindB);  
     end
      ssmld1(SNRindB)=sum(smld1)/m;
end
figure (5); 
YLIM([0.00001 1])
semilogy(ssmld1,'b*-'); 
xlabel('Eb/N0 in dB'); 
ylabel('Pe'); 
title('BER without coding')
grid on 
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