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Abstract
The purpose of this report is to provide Matlab code to simulate the basic processing involved in the generation and reception of an OFDM signal in a physical channel and to provide a description of each of the steps involved. This report investigates the effectiveness of Orthogonal Frequency Division multiplexing (OFDM) as a modulation technique for wireless radio applications. The main aim was to access the suitability of OFDM as a modulation technique for a fixed wireless phone system for rural areas. However, its suitability for more general wireless applications is also accessed.

The IEEE standardization group decided to select OFDM as the basis for their new 5-GHz standard, targeting a range of data stream from 6 up to 54 Mbps. This new standard is the first one to use OFDM in packet-based communications, while the use of OFDM until now was limited to continuous transmission systems. In this project, transmitter and receiver were simulated according to the parameters established by the standard, to evaluate the performance and different possibilities in the implementation.
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Introduction
1.1Background

In an OFDM scheme, a large number of orthogonal, overlapping, narrow band sub-channels or subcarriers, transmitted in parallel, divide the available transmission bandwidth. The separation of the subcarriers is theoretically minimal such that there is a very compact spectral utilization. The attraction of OFDM is mainly due to how the system handles the multipath interference at the receiver. Multipath generates two effects: frequency selective fading and intersymbol interference (ISI). The "flatness" perceived by a narrow-band channel overcomes the former, and modulating at a very low symbol rate, which makes the symbols much longer than the channel impulse response, diminishes the latter. Using powerful error correcting codes together with time and frequency interleaving yields even more robustness against frequency selective fading and the insertion of an extra guard interval between consecutive OFDM symbols can reduce the effects of ISI even more. Thus, an equalizer in the receiver is not necessary. There are two main drawbacks with OFDM, the large dynamic range of the signal (also referred as peak-to average [PAR] ratio) and its sensitivity to frequency errors. These in turn are the main research topics of OFDM in many research centers around the world, including the SARL. A common problem found in high-speed communication is inter-symbol interference (ISI). ISI occurs when a transmission interferes with itself and the receiver cannot decode the transmission correctly. For example, in a wireless communication system because the signal reflects from large objects such as mountains or buildings, the receiver sees more than one copy of the signal. In communication terminology, this is called multipath. Since the indirect paths take more time to travel to the receiver, the delayed copies of the signal interfere with the direct signal, causing ISI. OFDM is of great interest by researchers and research laboratories all over the world. It has already been accepted for the new wireless local area network standards IEEE 802.11a, High Performance LAN type 2 (HIPERLAN/2) and Mobile Multimedia Access Communication (MMAC) Systems. Also, it is expected to be used for wireless broadband multimedia communications. Data rate is really what broadband is about. The new standard specifies bit rates of up to 54 Mbps. Such high rate imposes large bandwidth, thus pushing carriers for values higher than UHF band. For instance, IEEE802.11a has frequencies allocated in the 5- and 17- GHz bands. This project is oriented to the application of OFDM to the standard IEEE 802.11a, following the parameters established for that case. OFDM can be seen as either a modulation technique or a multiplexing technique. One of the main reasons to use OFDM is to increase the robustness against frequency selective fading or narrowband interference. In a single carrier system, a single fade or interferer can cause the entire link to fail, but in a multicarrier system, only a small percentage of the subcarriers will be affected. Error correction coding can then be used to correct for the few erroneous subcarriers. The concept of using parallel data transmission and frequency division multiplexing was published in the mid-1960s [1, 2]. Some early development is traced back to the 1950s [3]. A U.S. patent was filed and issued in January 1970 
In a classical parallel data system, the total signal frequency band is divided into N no overlapping frequency sub channels. Each sub channel is modulated with a separate symbol and then the N sub channels are frequency-multiplexed. It seems good to avoid spectral overlap of channels to eliminate interchange interference. However, this leads to inefficient use of the available spectrum. To cope with the inefficiency, the ideas proposed from the mid-1960s were to use parallel data and FDM with overlapping sub channels, in which, each carrying a signaling rate b is spaced b apart in frequency to avoid the use of high-speed equalization and to combat impulsive noise and multipath distortion, as well as to fully use the available bandwidth.

The OFDM transmission scheme has the following key advantages:

· Makes efficient use of the spectrum by allowing overlap

· By dividing the channel into narrowband flat fading sub channels, OFDM is more resistant to frequency selective fading than single carrier systems are.

· Eliminates ISI and IFI through use of a cyclic prefix.

· Using adequate channel coding and interleaving one can recover symbols lost due to the frequency selectivity of the channel.

· Channel equalization becomes simpler than by using adaptive equalization techniques with single carrier systems.

· It is possible to use maximum likelihood decoding with reasonable complexity, as discussed in OFDM is computationally efficient by using FFT techniques to implement the modulation and demodulation functions.

· In conjunction with differential modulation there is no need to implement a channel estimator.

· Is less sensitive to sample timing offsets than single carrier systems are.

· Provides good protection against co-channel interference and impulsive parasitic noise.

In terms of drawbacks OFDM has the following characteristics:

· The OFDM signal has a noise like amplitude with a very large dynamic range, therefore it requires RF power amplifiers with a high peak to average power ratio.

· It is more sensitive to carrier frequency offset and drift than single carrier systems are due to leakage of the DFT.
1.2 The Standard IEEE 802.11a

The IEEE 802.11 specification is a wireless LAN (WLAN) standard that defines setoff requirements for the physical layer (PHY) and a medium access control (MAC) layer. For high data rates, the standard provides two PHYs - IEEE 802.11b for 2.4-GHz operation and IEEE 802.11a for 5-GHz operation. The IEEE 802.11a standard is designed to serve applications that require data rates higher than 11 Mbps in the 5-GHz frequency band. The wireless medium on which the 802.11 WLANs operate is different from wired media in many ways. One of those differences is the presence of interference in unlicensed frequency bands, which can impact communications between WLAN NICs. Interference on the wireless medium can result in packet loss, which causes the network to suffer in terms of throughput performance. Current 2.4-GHz 802.11b radios handle interference well because they support a feature in the MAC layer known as fragmentation. In fragmentation, data frames are broken into smaller frames in an attempt to increase the probability of delivering packets without errors induced by the interferer.

When a frame is fragmented, the sequence control field in the MAC header indicates placement of the individual fragments and whether the current fragment is the last in the sequence. When frames are fragmented into request-to-send (RTS), clear-to-send (CTS), and acknowledge (ACK), control frames are used to manage the data transmission. Therefore, using fragmentation, designers can avoid interference problems in their WLAN designs. But interference is not the only problem for today’s WLAN designers. Security issues are also a major concern. To solve potential security problems, the IEEE has incorporated a MAC-level privacy mechanism within the 802.11 specification, which protects the content of data frames going over a wireless medium from eavesdroppers. The mechanism, dubbed wired equivalent privacy (WEP), is an encryption engine that takes the contents of the entire data frame and passes them through an encryption algorithm. The encrypted data frames are transmitted with the WEP bit set in the frame control field of the MAC header. The received encrypted data frames are decrypted using the same encryption algorithm employed by the sending unit.
1.3 General structure

The basic principle of OFDM is to split a high-rate data stream into a number of lower rate streams that are transmitted simultaneously over a number of subcarriers. The relative amount of dispersion in time caused by multipath delay spread is decreased because the symbol duration increases for lower rate parallel subcarriers. The other problem to solve is the inter symbol interference, which is eliminated almost completely by introducing a guard time in every OFDM symbol. This means that in the guard time, the OFDM symbol is cyclically extended to avoid inter carrier interference. An OFDM signal is a sum of subcarriers that are individually modulated by using phase shift keying (PSK) or quadrature amplitude modulation (QAM). The symbol can be written as
[image: image1.emf]
       Where:

       NS is the number of subcarriers

       T is the symbol duration

       fc is the carrier frequency

1. Objective
The main objective of this project is to provide Mat lab code to simulate the basic processing involved in the generation and reception of an OFDM signal in a physical channel and to provide a description of each of the steps involved to investigate Orthogonal Frequency Division Multiplexing (OFDM) communication systems.
2. Scope and Application

This project will focus on Orthogonal Frequency Division Multiplexing (OFDM)

research and simulation. OFDM is especially suitable for high-speed communication due to its resistance to ISI. As communication systems increase their information transfer speed, the time for each transmission necessarily becomes shorter. Since the delay time caused by multipath remains constant, ISI becomes a limitation in high-data-rate communication. OFDM avoids this problem by sending many low speed transmissions simultaneously. This program is valuable for future researchers

simulating systems that are too theoretically complex to analyze. 

3. Literature Review

       With the rapid growth of digital communication in recent years, the need for high-speed data transmission has increased. New multicarrier modulation techniques such as OFDM are currently being implemented to keep up with the demand for more communication capacity. Multicarrier communication systems “were first conceived and implemented in the 1960s, but it was not until their all-digital implementation with the FFT that their attractive features were unraveled and sparked widespread interest for adoption in various single-user and multiple access (MA) communication standards. The processing power of modern digital signal processors has increased to a point where OFDM has become feasible and economical. Examining the patents, journal articles, and books available on OFDM, it is clear that this technique will have an impact on the future of communication. Since many communication systems being developed use OFDM, it is a worthwhile research topic. Some examples of current applications using OFDM include GSTN (General Switched Telephone Network), Cellular radio, DSL & ADSL modems, DAB (Digital Audio Broadcasting) radio, DVB-T (Terrestrial Digital Video Broadcasting), HDTV broadcasting, HYPERLAN/2 (High Performance Local Area Network standard), and the wireless networking standard IEEE 802.11 
5. Simulation Algorithm
 I have completed a rough algorithm regarding the simulation of my project. The MATLAB simulation accepts inputs. It then generates the corresponding OFDM transmission, simulates a channel, attempts to recover the input data, and performs an analysis to determine the transmission error rate. The basic flow chart based on my project can be viewed as follows:
Fig 5.1 Basic Algorithm for simulation

Based on above flow chart following algorithm can be developed:

a. The transmitter first converts the input data from a serial stream to parallel sets. Each set of data contains one symbol, Si, for each subcarrier. 

b. Data set is arranged on the horizontal axis in the frequency domain

c. An inverse Fourier transform converts the frequency domain data set into samples of the corresponding time domain representation of this data. The IFFT generates samples of a waveform with frequency components satisfying orthogonality conditions

d. The parallel to serial block creates the OFDM signal by sequentially outputting the time domain samples.

e. The channel simulator allows examination of common wireless channel characteristics such as noise, multipath etc.

f. The OFDM data are split from serial stream into parallel sets.

g. The Fast Fourier Transform (FFT) converts the time domain samples back into a frequency domain representation

h. Finally, the parallel to serial block converts this parallel data into a serial stream to recover the original input data.

6. Implementation
6.1 Implementation process
In practice, the OFDM signal for the standard IEEE 802.11a is generated as follows: In the transmitter, binary input data is encoded by a rate ½ convolution encoder. The rate can be increased to 2/3 and ¾. After interleaving, the binary values are converted to QAM values. Four pilot values are added each 48 data values, resulting in a total of 52 QAM values per OFDM symbol. The symbol is modulated onto 52 subcarriers by applying the Inverse Fast Fourier Transform (IFFT). The output is converted to serial and a cyclic extension is added to make the system robust to multipath propagation. Windowing is applied after to get a narrower output spectrum. Using an IQ modulator, the signal is converted to analog, which is upconverted to the 5 GHz band, amplified, and transmitted through the antenna. Basically, the receiver performs the reverse operations of the transmitter, with additional training tasks. In the first step, the receiver has to estimate frequency offset and symbol timing, using special training symbols in the preamble. After removing the cyclic extension, the signal can be applied to a Fast Fourier Transform to recover the 52 QAM values of all subcarriers. The training symbols and the pilot subcarriers are used to correct for the channel response as well as remaining phase drift. The QAM values are then damped into binary values, and finally a Vitoria decoder decodes the information bits. Figure 9 shows the block diagram of an OFDM modem, including the transmitter and the receiver. The IFFT modulates a block of input QAM values onto a number of subcarriers. In the receiver, the subcarriers are demodulated by the FFT, which is the reverse operation of the IFFT. These two operations are almost identical. In fact, the IFFT can be made using an FFT by conjugating input and output of the FFT and dividing the output by the FFT size. This makes it possible to use the same hardware for both the transmitter and the receiver. Of course, this saving in complexity is only possible when the modem does not have to transmit and receive simultaneously, which is the case for the standard






Fig 6.1 Implementation block diagram
6.1.1 Serial to Parallel Conversion
The input serial data stream is formatted into the word size required for transmission and shifted into a parallel format. The data is then transmitted in parallel by assigning each data word to one carrier in the transmission.
6.1.2 Modulation of Data

The data on each symbol is then mapped to a phase angle based on the modulation method. For example QPSK the phase angles used are 0, 90, 180, and 270 degrees. The use of phase shift keying produces a constant amplitude signal and was chosen for its simplicity and to reduce problems with amplitude fluctuations due to fading.
6.1.3 Inverse Fourier Transform

After the required spectrum is worked out, an inverse fourier transform is used to find the corresponding time waveform. The guard period is then added to the start

of each symbol.
6.1.4 Guard Period

The guard period used was made up of two sections. Half of the guard period time is a zero amplitude transmission. The other half of the guard period is a cyclic extension of the symbol to be transmitted. This was to allow for symbol timing to be easily recovered by envelope detection. However it was found that it was not required in any of the simulations as the timing could be accurately determined position of the samples.
6.1.5. Forward Error Correction Coding

According to the standard, data must be encoded with a convolution encoder of coding rate R = 1/2, 2/3, or 3/4, corresponding to the desired data rate. The convolution encoder uses the industry-standard generator polynomials, g0 = 1338 and g1 = 1718 of rate R = 1/2, as shown in Figure below 
[image: image2.emf]


Fig 6.1.5 Convolutional Encoder

The bit denoted as A shall be output from the encoder before the bit denoted as B. Higher rates are derived from it by employing .puncturing. Puncturing is a procedure for omitting some of the encoded bits in the transmitter reducing the number of transmitted bits and increasing the coding rate, and inserting a dummy .zero. metric into the convolution decoder on the receive side in place of the omitted bits. Decoding by the Viterbi algorithm is recommended. Even thought the convolution code is established by the standard, block codes may be more desirable in certain applications, such as packet voice or data communications, in which the length of the packet may be made equal to a multiple of the code length. In these applications, block codes are more attractive than convolution codes, since the memory of the convolution codes must be brought to a known state to terminate the trellis, which lowers the effective code rate
6.1.6. Interleaving
Because of the frequency fading of typical radio channels, the OFDM subcarriers generally have different amplitudes. Deep fades in the spectrum may cause groups of subcarriers to be less reliable than others, thereby causing bit errors to occur in bursts rather than being randomly scattered. Interleaving is applied to randomize the occurrence of bit errors prior to decoding. At the transmitter, the coded bits are permuted in a certain way, which makes sure that adjacent bits are separated by several bits after interleaving
6.1.7 Channel

A channel model is then applied to the transmitted signal. The model allows for the signal to noise ratio, multipath, and peak power clipping to be controlled. The signal to noise ratio is set by adding a known amount of white noise to the transmitted signal. Multipath delay spread then added by simulating the delay spread using an FIR filter. The length of the FIR filter represents the maximum delay spread, while the coefficient amplitude represents the reflected signal magnitude.
6.1.8 Receiver

The receiver basically does the reverse operation to the transmitter. The guard period is removed. The FFT of each symbol is then taken to find the original transmitted spectrum. The phase angle of each transmission carrier is then evaluated and converted back to the data word by demodulating the received phase. The data words are then combined back to the same word size as the original data.
6.1.9 Parameters used
The parameters for the physical layer (e.g. for OFDM) are as follows:
[image: image3.emf]                                                     Table 6.1 parameters
[image: image4.emf]

                                         Table 6.2 parameters

7. Simulation and Results

In order to simulate the basic processing involved in OFDM, I have chosen the parameters given in the IEEE 802.11 specification .I have simply modeled the transmitter as

· The generation and coding of data

· Convolution ally encoding of data, 

· Interleaving of data,

· Binary to decimal conversion, 

· Quadrature amplitude modulation,

· Pilot insertion, IFFT,

· Inverse fast Fourier transform

· Cyclic extension

· Adding Gaussian noise to the channel

Similarly the Receiver (reverse operation of the transmitter)consists the following sections

· Removing cyclic extension

· FFT

· Pilot synchronization

· Demodulation

· Decimal to binary conversion

· Deinterleaving

· Decoding
· BER calculation
All the figures shown below are the plots of data in one frame.
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Fig 7.1 Data generation
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Fig 7.2 Covoluted Data
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Fig 7.3 Interleaved Data
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Fig 7.4 Binary to decimal conversion
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Fig 7.5 Quadrature Modulation
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Fig 7.6 Pilot insertion
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Fig 7.7 After IFFT
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Fig 7.8 Cyclic Extension
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Fig 7.9 Transmitted OFDM signal
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Fig 7.10 Received Data
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Fig 7.11 BER Calculation
The detailed matlab code is given in APPENDIX

8. Conclusion
I hope that by using the specifications of a working system, IEEE 802.11a, I am able to provide a much better explanation of the fundamentals of OFDM. According to the simulations, OFDM appears to be a good modulation technique for high performance wireless telecommunications. Wireless LAN is a very important application for OFDM and the development of the standard promises to have not only a big market but also application in many different environments.
OFDM has long been studied and implemented to combat transmission channel impairments. Its applications have been extended from high frequency radio communications to telephone networks, digital audio broadcasting and terrestrial broadcasting of digital television. The advantages of OFDM, especially in the multipath propagation, interference and fading environment, make the technology a

promising alternative in digital communications including mobile multimedia
9. Future Directions
Future research may be based on this project. These extensions may include channel

phase shift detection and correction, error correction by coding, adaptive transmission, peak to average power ratio considerations, and DSP implementation   Some factors were not tested here like peak power clipping, start time error and the effect of frequency stability errors.  The codification used for the system could be improved, just using block codes instead of convolutional codes, but this fact would be out of the standard. Also, the pilot signal distribution could be modified to reduce the redundancy
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11. Appendix
close all
clear all
clc
t_data=randint(9600,1)';
x=1;% indicates the no of bits
si=1; %for BER rows
%%
for d=1:100;
data=t_data(x:x+95);%96 no of data per frame
x=x+96; %96 bits per loop of d ie per frame
k=3;%c
n=6;%c
s1=size(data,2);  % Size of input matrix=96=c
j=s1/k;           %96/3=32=c
if d==1
    figure(1);
    stem(data);
    title('data in a frame');
end
constlen=7;%=c
codegen = [171 133];    % Polynomial=c
trellis = poly2trellis(constlen, codegen);
codedata = convenc(data, trellis);%192 binary data=2*96; 96bits are encoded into 192 bits
if d==1
    figure(2);
    stem(codedata);
    title('after convolution');
end
s2=size(codedata,2);   % =192
j=s2/4;%192/4=48
matrix=reshape(codedata,j,4);% reshape 192 bits into 48 by 4 matrix
intlvddata = matintrlv(matrix',2,2)'; % Interleave.
if d==1
    figure(3);
    stem(intlvddata);
    title('after interleaving');
end
intlvddata=intlvddata';%transpose the data
dec=bi2de(intlvddata','left-msb');
if d==1
    figure(4);
    stem(dec);
    title('after binary to decimal conversion');
end
M=16;
y = qammod(dec,M);% every four bits are coded solength of y=192/4=48
if d==1
    figure(5);
    stem(y);
    title('quadrature multiplexing');
    figure(6);
    scatterplot(y);
    title('scatter plot for QAM');
end
lendata=length(y);%48
pilt=3+3j;
nofpits=4;% no of pilots
k=1;
for i=(1:13:52)
    pilt_data1(i)=pilt;
    for j=(i+1:i+12);
        pilt_data1(j)=y(k);
        k=k+1;
    end
end
pilt_data1=pilt_data1';   % size of pilt_data =52
pilt_data(1:52)=pilt_data1(1:52);   % upsizing to 64
pilt_data(13:64)=pilt_data1(1:52);   % upsizing to 64
for i=1:52
    pilt_data(i+6)=pilt_data1(i);
end
if d==1
figure(7);
stem(pilt_data);
title('pilot insertion');
end
ifft_sig=ifft(pilt_data',64);
if d==1
figure(8);
stem(ifft_sig);
title('after ifft');
end
cext_data=zeros(80,1);
cext_data(1:16)=ifft_sig(49:64);
for i=1:64
    cext_data(i+16)=ifft_sig(i);
end
if d==1
figure(9);
stem(cext_data);
title('cyclic extension');
end
o=1;
for snr=0:2:50
ofdm_sig=awgn(cext_data,snr,'measured'); % Adding white Gaussian 
 if d==1
figure(10);
stem(ofdm_sig);
title('noise added OFDM signal');
 end
for i=1:64
    rxed_sig(i)=ofdm_sig(i+16);
end
%%
% FFT
ff_sig=fft(rxed_sig,64);
for i=1:52
    synched_sig1(i)=ff_sig(i+6);
end
k=1;
for i=(1:13:52)
    for j=(i+1:i+12);
        synched_sig(k)=synched_sig1(j);
        k=k+1;
    end
end
% scatterplot(synched_sig)
%%
% Demodulation
dem_data= qamdemod(synched_sig,16);
%% 
% Decimal to binary conversion
bin=de2bi(dem_data','left-msb');
bin=bin';
%%
% De-Interleaving
deintlvddata = matdeintrlv(bin,2,2); % De-Interleave
deintlvddata=deintlvddata';
deintlvddata=deintlvddata(:)';
n=6;
k=3;
decodedata =vitdec(deintlvddata,trellis,5,'trunc','hard');  % 
rxed_data=decodedata;
rxed_data=rxed_data(:)';
if d==1
figure(11);
stem(rxed_data);
title('received data');
end
errors=0;
c=xor(data,rxed_data);
errors=nnz(c);
BER(si,o)=errors/length(data);
o=o+1;
 end % SNR loop ends here
 si=si+1;
end 
for col=1:25;        %%%change if SNR loop Changed
    ber(1,col)=0;  
for row=1:100;
        ber(1,col)=ber(1,col)+BER(row,col);
    end
end
ber=ber./100; 
%%
figure(12);
i=0:2:48;
semilogy(i,ber);
title('BER vs SNR');
ylabel('BER');
xlabel('SNR (dB)');
grid on
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