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Abstract 

 

An Initial Design of an OFDM Transceiver 

 

 

 

 

Corey McKinney Thacker, M.S.E 

The University of Texas at Austin, 2010 

 

Supervisor:  Jacob A. Abraham 

 
The initial design of an OFDM transceiver is described and the simulations using 

MATLAB’s Simulink Software and other FGPA based tools are presented.  All 

components of a modern OFDM system were implemented in Simulink to provide an 

understanding of the various components of an OFDM system, provide a proof of 

concept in the design, and measure the theoretical performance of the system.  In an 

effort to build the transceiver, the FFT and randomizer components were implemented in 

verilog and were successfully simulated using ModelSim Altera Starter Edition 6.5b.  A 

commercially available OFDM core, which did not include forward error correction, was 

simulated to measure the performance of an OFDM system within Altera Stratix III 

devices and determine the overall logic utilization for OFDM modulation and 

demodulation.  The goals of this report are to describe in detail the general effort made by 
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the author to build an OFDM transceiver and serve as a driver for its eventual FPGA 

implementation. 



 vii

Table of Contents 

List of Tables ......................................................................................................... ix 

Table of Figures .......................................................................................................x 

Chapter 1:  Introduction and Theory ........................................................................1 

1.1 Theory .......................................................................................................2 

1.2 OFDM General Structure ..........................................................................5 

Chapter 2: OFDM Transceiver Model .....................................................................8 

2.1 Data Source ...............................................................................................9 

2.2 Randomizer ...............................................................................................9 

2.3 Reed-Soloman Block Encoder ................................................................11 

2.4 Convolutional Encoder ...........................................................................12 

2.5 Interleaver ...............................................................................................14 

2.6 64-QAM Encoder ....................................................................................15 

2.7 OFDM Modulator ...................................................................................16 

2.8 OFDM Demodulator ...............................................................................18 

2.9 64-QAM Decoder ...................................................................................19 

2.10 De-interleaver .......................................................................................20 

2.11 Convolutional Decoder .........................................................................20 

2.12 Block Decoder ......................................................................................21 

2.13 De-Randomizer .....................................................................................22 

2.14 Data Sink ...............................................................................................23 

2.15 Performance Characteristics .................................................................23 

2.17 FFT Plots ...............................................................................................25 

2.19 RF Analog Front-End and Back-End ....................................................27 

2.19.1 RF Up-Conversion/Down-Conversion Simulink Model ..........29 

Chapter 3: OFDM Simulations ..............................................................................33 

3.1 Verilog Implementation of the FFT Module ..........................................33 

3.1.1 Discrete Fourier Transform Theory ............................................33 



 viii

3.1.2 Theory of the FFT .......................................................................38 

3.1.3 Verilog Implementation and Simulation  of the FFT ..................41 

3.2 Verilog implementation of the Randomizer module ..............................46 

3.3 Commercially Available OFDM Core ....................................................47 

Chapter 4: Conclusion............................................................................................50 

Appendix A ............................................................................................................52 

References ..............................................................................................................53 

Vita .......................................................................................................................55 



 ix

List of Tables 

Table 1: QPSK Symbol/Phase Table. ............................................................................... 30 



 x

Table of Figures 

Figure 1: Frequency Domain of an FDM System [2]. ........................................................ 2 
Figure 2: FDM Spectral Efficiency diagram [3]. ................................................................ 3 
Figure 3: OFDM Frequency Domain Spectrum [3]. ........................................................... 3 
Figure 4: OFDM 4-QAM Signal in the Time and Frequency Domain [7]. ........................ 6 
Figure 5: Input bits modulated onto sub-carriers that can be viewed a spectrum [8]. ........ 7 
Figure 6: OFDM Transceiver model................................................................................... 8 
Figure 7: OFDM Transceiver Data Source. ........................................................................ 9 
Figure 8: Output Randomizer. .......................................................................................... 10 
Figure 9: LFSR. ................................................................................................................ 10 
Figure 10: Reed-Solomon encoder. .................................................................................. 11 
Figure 11: Convolutional encoder with rate 1/3 [12]. ....................................................... 13 
Figure 12: Convolutional encoder Simulink model. ......................................................... 14 
Figure 13: Output interleaver. ........................................................................................... 15 
Figure 14: 64-Bit Encoder. ............................................................................................... 15 
Figure 15: OFDM modulator. ........................................................................................... 17 
Figure 16: OFDM Demodulator. ...................................................................................... 19 
Figure 17: 64-QAM decoder. ............................................................................................ 19 
Figure 18: De-interleaver block. ....................................................................................... 20 
Figure 19: Convolutional decoder. ................................................................................... 20 
Figure 20: Block decoder. ................................................................................................. 22 
Figure 21: De-randomizer. ................................................................................................ 22 
Figure 22: Data sink module. ............................................................................................ 23 
Figure 23: Transmitter Constellation Plot. ........................................................................ 24 
Figure 24: Receiver Constellation Plot with Channel Induced Error. .............................. 25 
Figure 25: Transmitted OFDM Waveform without Noise. .............................................. 26 
Figure 26: Received OFDM Signal with Channel Noise. ................................................. 26 
Figure 27: BER verus Eb/No plot. .................................................................................... 27 
Figure 28: OFDM Transceiver Analog Back-end [1]. ...................................................... 28 
Figure 29: OFDM System Analog Front-End [1]. ............................................................ 29 
Figure 30: QPSK Model. .................................................................................................. 31 
Figure 31: SSPA model. ................................................................................................... 31 
Figure 32: LNA model. ..................................................................................................... 32 
Figure 33: QPSK Constellation Plot. ................................................................................ 32 
Figure 34: Single-sided Fourier Transform of sine wave ................................................. 35 
Figure 35: Radix-2 Butterfly. ............................................................................................ 40 
Figure 36: Radix-4 Butterfly in matrix form. ................................................................... 40 
Figure 37: FFT  Memory Storage Scheme. ...................................................................... 42 
Figure 38: FT of the Cosine. ............................................................................................. 43 
Figure 39: Input samples into the FFT. ............................................................................. 44 
Figure 40: Completion of FFT conversion. ...................................................................... 44 
Figure 41: FFT output data. .............................................................................................. 45 



 xi

Figure 42: Plot of the FFT output samples. ...................................................................... 45 
Figure 43: Randomizer Simulation Output. ...................................................................... 47 
Figure 44: I/O Ports for the Altera OFDM Core. .............................................................. 48 



 1

Chapter 1:  Introduction and Theory 

  

Orthogonal frequency-division multiplexing (OFDM) is a type of frequency-

division multiplexing (FDM) that has become very popular in wideband digital 

communication systems, both wired and wireless.  A significant number of products have 

been based on OFDM and examples of these include following standards: IEEE 802.11n, 

International Telecommunication Union (ITU) G.hn, and IEEE 802.16e (Mobile 

WiMAX).  

 An OFDM system is a multi-carrier modulation technique that utilizes orthogonal 

sub-carriers to pass data through the channel.  The primary advantage of multi-carrier 

systems is that they provide greater signal diversity making them less susceptible to 

narrowband interference, frequency-selective fading due to multipath, and intersymbol 

interference (ISI) [1].   Traditionally, the sub-carriers are modulated using conventional 

modulation schemes such as quadrature amplitude modulation (QAM) or phase shift 

keying (PSK).  Since portions of the input data are independently distributed to each sub-

carrier, the data rate per carrier is lower than the data rate of the entire OFDM system.  

Therefore, the lower data per carrier allows for a more robust handling of time-spreading 

and the orthogonality of the carrier virtually eliminates ISI. 

The following sections of this report describe the initial design of an OFDM 

transceiver using MATLAB’s Simulink Software followed by the results of HDL 

implementation and simulation.  The first section presents the Simulink model used for 

testing the OFDM algorithm and measuring the theoretical performance of the system.  

Where possible, all components of a modern OFDM system have been implemented.  

The next section talks about the implementation of two modules within the OFDM 

transceiver, the FFT and randomizer modules.  Both the FFT and randomizer 



implementations were successfully simulated using ModelSim Altera Starter Edition 

6.5b.   

The following section discusses the use of commercially available intellectual 

property (IP) to simulate and measure the performance of OFDM modulation and 

demodulation in an Altera Stratix III FPGA device.  The conclusion of the paper presents 

the lessons learned and what future work could be done if more time were available.  The 

overall goal of this project is to describe the initial design of an OFDM transceiver and 

serve as a driver for an eventual FPGA implementation.   

1.1 THEORY 
  

Orthogonal frequency-division multiplexing can be seen as a special case of 

frequency division multiplexing.  In FDM, a specified bandwidth is subdivided into sub-

bands where independent data channels are simultaneously modulated onto the sub-bands 

(2).  Figure 1 is an idealized illustration of the frequency domain representation of an 

FDM system.  The bandwidth includes all frequencies between points “a” and “b”.    

 

Figure 1: Frequency domain of an FDM system [2]. 

 
From Figure 1, it is clear that the sub-bands are non-overlapping which implies multiple 

users can operate concurrently, and in theory, without interference.  In general, the end 

frequencies fa and fb can be either integer or non-integer frequencies.  Thus, no special 

relationship is required and the same is true for the sub-bands [3].  As a result, guard 
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bands are used between the sub-bands to help mitigate ISI due to multi-path fading. In 

fact, the guard bands are sized such that the channels are spaced by approximately 25% 

of the channel bandwidth.  As a result, spectral efficiency is limited as shown in Figure 2. 

 

Figure 2: FDM Spectral Efficiency diagram [3]. 

 
 To maximize spectral efficiency, OFDM systems modulate a single channel onto 

multi-carriers that are precisely orthogonal to each other.  Therefore, the sub-carriers can 

overlap in the frequency domain which increases spectral efficiency.  Figure 3 is an 

idealized illustration an OFDM frequency domain spectrum.  In theory, OFDM systems 

can effectively double the symbol rate of a conventional FDM system. 

 

Figure 3: OFDM frequency domain spectrum [3]. 
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 The importance of sub-carrier orthogonality cannot be overstressed and is briefly 

discussed below.  Assume a cosine wave of frequency m is multiplied by a sinusoid, 

either sine or cosine, of frequency n, where m and n are both integers.  The integral over 

one period is defined as 
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where T0 is the period in 2π/ω0 seconds.  Using the product to sum trigonometric identity, 

equation 1 becomes 

                                     ( ) ( )
⎥
⎥
⎦

⎤

⎢
⎢
⎣

⎡
−++= ∫ ∫

0 0

00 coscos
2
1)(

T T

tdtmntdtmntf ωω                         (2) 

Since cos(ω0t) executes a complete cycle every T0 seconds, then so do both cos(n+m)ω0t 

and cos(n-m)ω0t.  Therefore, by integrating both cos(n+m)ω0t and cos(n-m)ω0t over an 
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Thus, equation 4 implies that sinusoids whose frequencies are integer multiples of n are 

orthogonal to each other and will not cause interference.  These integer multiples of 

frequency n are called harmonics and each harmonic is orthogonal to the fundamental 

frequency (frequency n) and all other associated harmonic frequencies [4].  When added 

together, the orthogonal nature of the harmonics allows the sub-carriers on an OFDM 

system to be compacted into such a tight bandwidth.   

1.2 OFDM GENERAL STRUCTURE 

 As alluded to earlier, multicarrier modulation allows transmission rates close to 

the channel capacity by dividing the available channel bandwidth into sub-bands of 

relatively narrow width Δf = W/N, where W is the channel bandwidth and N is the 

number of sub-carriers [5].  Each sub-band is independently coded and then modulated 

onto orthogonal sub-carriers by using either phase shift keying (PSK) or quadrature 

amplitude modulation (QAM) schemes.  According to Proakis, the selection of a symbol 

rate (1/Tsub-carrier) equal to the frequency separation Δf will ensure the that orthogonality is 

preserved between the sub-carriers [6].  Since the implementation of QAM systems has 

been the most popular in contemporary wireless systems, its implementation will be 

explored in this paper. 

 In an OFDM system with N sub-bands, a high-rate datastream is split into N 

number of lower rate data streams.  In fact, the overall symbol rate of a single carrier 

system, 1/T, is reduced by N.  Therefore, the OFDM symbol rate per sub-carrier is equal 

to N/T, where T is the symbol rate for the single carrier system.  If N is made sufficiently 

large, than the sub-carrier symbol time can be made larger than the dispersion in time due 

to multipath delay spread.  Thus, ISI can almost be eliminated by the proper selection of 

N.  Figure 4 is a combined illustration of the time domain and frequency domain 

representations for an OFDM 4-QAM signal [7].  The time domain representation of each 

sub-carrier (C1, C2, C3, and C4) is seen by looking into the Amplitude-Time plane.  

Clearly, the frequency for each sub-carrier increases from signal C1 to C4.   By looking 

into the Amplitude-Frequency plane, the spectral content of each sub-carrier can be 



observed.  As expected, each sub-carrier has only one frequency component which is 

located at the frequency of operation.    

 

Figure 4: OFDM 4-QAM signal in the time and frequency domain [7]. 

 
 After modulating the subsets of high-rate data using an orthogonal modulation 

constellation (QAM), the inverse fast-fourier transform (IFFT) is computed on each set of 

the QAM symbols to create a set of complex time-domain samples.  In its simplest from, 

an OFDM signal can be expressed as 

                                                  v ,   ∑
−

=
1

/2)(
N

Tktj
k eXt π

=0k

Tt <≤0                                      (6) 

where Xk is the symbol from the QAM signal constellation, N is the number of sub-

carriers, and T is the OFDM symbol time.  This is a very powerful statement in that one 

can view the summation of the sub-carriers at a particular time instant T as a frequency 

spectrum.  Figure 5 illustrates this point. 
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Figure 5: Input bits modulated onto sub-carriers that can be viewed a spectrum [8]. 

 

In Figure 5, we see individual sub-carriers at 1Hz, 2Hz, 3Hz, and 4Hz in which at time T 

have either a “1” or a “0”.  These bits can be thought of as spectra amplitudes; therefore, 

taking the inverse FFT will produce a time domain OFDM signal.  In essence, an OFDM 

system plays a mathematical “trick” in which a time domain signal is produced from 

another time domain signal interpreted as the frequency representation of it.
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Chapter 2: OFDM Transceiver Model 

Matlab Simulink has been used to model an OFDM transceiver.  Simulink is a 

high-level tool that has raised the level abstraction to allow algorithm designers to get a 

first look at the hardware required and to verify the design.  Additionally, Simulink 

provides the ability to auto-generate VHDL or Verilog code which in turn can be 

compiled into bitstream files for hardware implementations.  For the OFDM transceiver 

described in this report, component models provided by Simulink were utilized.  For 

example, Simulink provides an inverse FFT within its library.  Figure 6 is the high level 

of the OFDM transceiver mode,l and a WiMAX 802.16e model provided by MatLab 

Central was used as a guide [23].   

 

  

Figure 6: OFDM Transceiver model. 

 
The OFDM transceiver is made up of fourteen subcomponents: a data source, a 

randomizer, a block encoder, a convolution encoder, an interleaver, a 64-QAM encoder, 

an OFDM Modulator, an ODFM Demodulator, a 64-QAM decoder, a de-interleaver, a 

convolutional decoder, a block decoder, a de-randomizer, and a data sink.  Additive 

Gaussian White noise is added to the model to simulate channel noise.  The transmitted 

signal is routed through the AWGN channel and back to the receiver so that the bit error 

rate (BER) and system performance can be measured.  
 8



2.1 DATA SOURCE 
 
 Figure 2 shows the internal components of the data source to the model. 
 

 

Figure 7: OFDM Transceiver Data Source. 

 
The Random Integer generator is used to randomly generate integers in the range from 0 

to M-1, where M is an M-ary number.  For this model, M was chosen to be 256.  Each 

integer value represents a sample and each sample is grouped into frames containing 35 

samples.  Thus, the random integer generator models the input of a sampled analog 

signal.  The sample rate was chosen to be 1/35e6 seconds, i.e. 5.4399e-10 seconds 

between successful samples.   

 The Integer to Bit Converter present in the Data Source module converts the input 

frame, which contains integer values, and converts them to binary.  Since M was chosen 

to be 256, 8-bits were used to represent each sample.  The reason for this conversion is to 

allow for the calculation of the BER. 

 

2.2 RANDOMIZER 
 Figure 8 is the output randomizer.  The purpose of the randomizer, also called a 

scrambler, is used to pseudo-randomly invert selected bits of a bit stream. Randomization 

aides in the recovery of the original bit stream data that was outputted over a noisy 

channel. 
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Figure 8: Output Randomizer. 

 
Although randomizers are generally used to encrypt data sequences, that is not the intent 

of this device.  Rather, the intent is to minimize long strings of 0s or 1s which are 

undesirable and can hinder proper timing recovery [9].  Typically, a randomizer is 

implemented using a simple linear feed-back shift register (LFSR) as seen in Figure 9.   

 

Figure 9: LFSR. 

 
A generator polynomial is specified to determine the shift register connections.  For this 

system, the specified generator polynomial is [1 0 0 0 0 0 0 0 0 0 0 0 0 0 1 1], which is 

equivalent to p(z) = z15 + z + 1.  Because the registers must have an initial state, the initial 

state polynomial is defined as [0 0 0 1 1 1 0 1 1 1 1 0 0 0 1].  
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2.3 REED-SOLOMON BLOCK ENCODER 
 
 Typically, an OFDM system employs three types of forward error correction 

(FEC) techniques, block encoding, convolutional encoding, and interleaving.  Figure 10 

is the block encoder for the OFDM system.  Notice that the Reed-Solomon algorithm was 

chosen for this design. 

 

 

Figure 10: Reed-Solomon encoder. 

 
 A block code operates on a block of bits using a predetermined algorithm.  A 

block of k bits is encoded to become a block of n bits, with n being larger than k.  The 

purpose of the added bits is to increase the minimum Hamming distance (dmin).  The 

Hamming distance is defined as the minimum number of different symbols between any 

pair of code words.  For example, the Hamming distance between 10010101 and 

01011001 is four.   

 Reed-Solomon (RS) codes are known as nonbinary codes because the distance 

between two code words is defined as the number of nonbinary symbols in which the 

words differ [10].  Therefore, the maximum number of errors RS encoding can correct is  

 11
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 Assume a RS (n, k) code has an alphabet of 2m symbols where n = 2m – 1 and k = 

2m – 1 – 2t.  As [10] explains, the RS (n, k) code has an advantage over binary codes in 

that the n-tuple space for the RS (n, k) code is 2nm where 2km are codewords.  For 

example, consider an RS (7, 3) code where m = 3.  The n-tuple space is 221 and 29 are 

codewords.  Thus, the Hamming distance can be made very large because symbols made 

up of m bits are only a small fraction of possible different words of n symbols that can 

become codewords [10].  The RS encoder used in Figure 10 is a (255, 239) RS encoder. 

 
 

2.4 CONVOLUTIONAL ENCODER 
 
 Convolutional encoding is a type of error correction that is defined by m number 

memory registers, n number of output bits, and k number of input bits.   The code rate is 

defined by k/n and it is used to determine the efficiency of the code [11]. In the following 

paragraphs of this section, basic and systematic convolutional encoding will be discussed.  

 Implementing basic convolutional hardware is relatively simple and is drawn 

from its parameters.  First, the hardware components include m number of memory cells 

and n number of modulo-2 adders which operate as the output bits.  Each modulo-2 adder 

can be implemented with a single Boolean XOR gate.  Next, connections between the 

memory cells and adders are determined by generator polynomials that are independently 

assigned to each adder.  Figure 11 is an example of a 1/3 rate convolutional encoder. 

 



 

Figure 11: Convolutional encoder with rate 1/3 [12]. 

 

It is clear from Figure 11 that each modulo-2 adder has a distinct generator polynomial 

and the connections to the appropriate memory cell.  The output bits n1, n2, and n3 will 

have the following form 

n1 = m1 + m0 + m-1 
n2 = m0 + m-1 
n3 = m1 + m-1 

 
where ’+’ represents modulo-2 addition.. 
 
Obviously, the coding algorithm is dependent upon the generator polynomials.  Thus, 

codes of the same rate can have completely different properties depending on the 

polynomials. 

 In general, there are two types of convolution codes which are called systematic 

and non-systematic codes.  Systematic codes are convolutional codes in which the input 

bits are arranged into easily recognizable sequences.  This allows for a shorter lookup 

times which of course means less hardware since the lookup tables are smaller.  Another 
 13



key property to systematic convolutional coding is that they are non-catastrophic.  A 

catastrophic error is defined as a finite number of code symbol errors that trigger an 

infinite number of decoded bit errors.  Catastrophic errors can be caused by any closed-

loop path in a data flow diagram that has a zero weight [13].  As a result, channels errors 

may cause the system to choose the wrong path and the error will continue to propagate.  

Non-catastrophic convolutional codes do not allow the error to propagate because each 

closed loop must have a nonzero code symbol.  A systematic linear convolutional code 

was chosen for this OFDM system.   

 In this OFDM design, there was an attempt to implement a high-rate 

convolutional code.  As a result, a convolutional decoder is required decode the received 

data sequence.  For this design, the Viterbi algorithm, which is a maximum likely-hood 

decoder, was chosen.  According to Proakis and Salehi, the implementation of a Viterbi 

decoder for a high-rate code can be very complex because the Viterbi algorithm requires 

“…2n-1 metric computations per state and as many comparisons for the updated metrics to 

select the best path for each state” [14].  Therefore, the complexity of the decoder can be 

significantly reduced by deleting selected bits at the output of the convolutional encoder.  

This method is called puncturing and is implemented on every ten bits by a specified 

generator polynomial.  Figure 12 is the convolutional encoder for the OFDM system.  

 

Figure 12: Convolutional encoder Simulink model. 

 

2.5 INTERLEAVER 
 
 Interleaving is the third type of FEC utilized in the model.  Interleaving can 

considerably increase the effectiveness of forward error correction by rearranging or 

shuffling the symbols so that the system is better protected from burst errors.  In other 
 14



words, when burst errors hit a particular codeword, the errors are then spread throughout 

the frame upon de-interleaving the data back to its original sequence.  Thus, the de-coder 

can treat the error as if it was a random bit error.  Figure 13 is the interleaver block.  

 
 

 

Figure 13: Output interleaver. 

 
 

2.6 64-QAM ENCODER 
 
Figure 14 is shows the internal components to the 64-QAM encoder.  The encoder 

includes a Bit to Integer Converter, a General QAM Modulator, and a Complex conjugate 

block. 

 

 

Figure 14: 64-Bit Encoder. 
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The General QAM Modulator is provided by MATLAB’s Simulink library.  The General 

QAM block modulates the frame-based input signal according to the signal constellation 

provided in the block parameters.  Since 64-QAM was chosen, the signal constellation is 

an array with 64 constellation points.  Therefore, each sample in the frame is mapped to 

the appropriate to constellation point.  To achieve this, the input frame, which is in 

binary, is converted back to integer form and each sample is mapped accordingly.  The 

General QAM model maps the input samples in the clockwise direction; therefore, the 

conjugate of each output frame is taken to ensure the constellation plot moves in the 

counter-clockwise direction.  For example, a sample with integer value of 2 would be 

mapped 0.4629 - 0.7715i, which is the fourth quadrant.  To be consistent with the 

technical literature, the complex conjugate would place the QAM symbol in the first 

quadrant. 

 

2.7 OFDM MODULATOR 
 
 Figure 15 is a representation of the OFDM modulator.  The OFDM modulator 

includes a multiport selector module, a matrix concatenation module, an inverse Fast 

Fourier Transform module, and an Add Cyclic Prefix module. 



 

Figure 15: OFDM modulator. 

 
The Multiport Selector Block (named “Select Rows” in Figure 15) divides the input 

frame into separate independent vectors.  The output vectors are determined by the index 

vectors which are set in the parameters of the block.  For example, an index vector of 
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[1:23] will create an independent output vector made up of the first twenty-three rows of 

the input frame.  With the input frame divided into independent vectors, pilot tones and 

zero vectors can be interleaved into the frame to aid in receiver synchronization.  The 

Matrix Concatenation block concatenates the independent inputs, pilot tones, and zero 

vectors to create a new, expanded frame.  Where the original frame had 35 samples, the 

new frame has 256 samples. 

 The new frame is the input into the inverse fast Fourier transform (iFFT) where 

the OFDM symbol is created.  The added pilot tones and zero vectors ensured that the 

input vector was a value of radix-2, i.e. 2n.  Here the input was 256. 

 The final block in the OFDM modulator is the Add Cyclic Prefix module.  The 

cyclic prefix is used to guard against multipath delay spread, thus, limiting intersymbol 

interference (ISI).  For this model, the last 64 values in the OFDM symbol are appended 

to the beginning of the new array.  Therefore, the transmitted OFDM symbol has 320 

values. 

 

2.8 OFDM DEMODULATOR 
  
 The OFDM Demodulator is simply the opposite of the OFDM modulator.  It 

contains a Remove Cyclic Prefix module, an FFT module, a Frame Status Conversion 

module, a Remove Zero-Padding module, and a Select Rows module.  Figure 16 is a 

Simulink model diagram. 

 
 



 

Figure 16: OFDM Demodulator. 

 

 The Remove Cyclic Prefix module does exactly what its title suggests, which is to 

remove the cyclic prefix from the OFDM symbol.  Therefore, the first 64 samples are 

thrown on the floor while retaining the last 256 samples.  The 256 samples are then 

inputted into the FFT and converted back to a frame.  Finally, the zero-padding and the 

pilot tones are removed before the received frame is sent to the 64-QAM demodulator. 

 

2.9 64-QAM DECODER 
 
The 64-QAM decoder is the inverse of the 64-QAM coder.  Figure 17 is the 64-QAM 

decoder.   

 

 

 

Figure 17: 64-QAM decoder. 
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First, the decoder takes the complex conjugate of the incoming frame so that input 

constellation points match MATLAB’s constellation convention, which is clockwise.  

Since the General QAM decoder outputs integer values, the output vector is converted 

from integer to binary so that the BER can be calculated. 

 

2.10 DE-INTERLEAVER 
 The de-interleaver module re-arranges the received signal back to its original 

sequence.  As mentioned earlier, any burst errors will be spread through out the entire 

frame.  Thus, the error correction decoder will be able to treat the burst error as a random 

bit error.  Figure 18 is the de-interleaver module in Simulink. 

 

Figure 18: De-interleaver block 

2.11 CONVOLUTIONAL DECODER 
 
 Figure 19 is the convolutional decoder for the OFDM transceiver.  The model 

includes a unipolar to bipolar converter block, a zero insert block, and a Viterbi decoder 

block. 

 

 

Figure 19: Convolutional decoder. 
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 Convolutional forward error correction codes can be decoded using the Viterbi 

decoding algorithm.  Simply put, Viterbi decoding can be called maximum likelihood 

decoding where the decoder computes a metric for each path in the Trellis diagram and 

makes a decision based on this metric.  Trellis diagrams are commonly used in encoding 

and decoding, and are similar to state diagrams with added benefit of providing the 

timing evolution of each state transition.  

The most common metric used in decoding is the Hamming distance metric, dmin.  

The Viterbi decoder will explore every path until two paths converge onto a single node 

where the path with the higher metric is kept.  In essence, the main principle behind the 

Viterbi decoder is to reduce the number of choices as quickly as possible, and in doing 

so, it assumes that the probability of two errors on any row is much smaller then that 

having a single error.  Therefore, the hardware required for the decoder is reduced. 

  The unipolar to bipolar converter does exactly what its title states, which is to 

convert all zero values to -1.  All positive 1 values remain the same.  The insert zero 

block inserts the bits that were previously punctured by the transmitter.  Thus, the 

receiver and transmitter must be synchronous. 

 
 

2.12 BLOCK DECODER 
 
 Figure 20 is the RS block decoder for the OFDM transceiver.  The input frame is 

padded with zeros to ensure 255 integers are sent to the RS decoder.  Then the data 

stream is selected out and sent to the de-randomizer.  



 

Figure 20: Block decoder. 

 

2.13 DE-RANDOMIZER 
 
 The de-randomizer will attempt to recover the original data sequence by re-

ordering the bits into their original order.  Figure 21 is the Simulink implementation of 

the de-randomizer. 

 

Figure 21: De-randomizer. 
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2.14 DATA SINK 
 
Figure 22 is the block diagram of the data sink.  The binary frame is converted back to an 

integer frame and terminated.  

 

 

Figure 22: Data sink module. 

2.15 PERFORMANCE CHARACTERISTICS 
 
 The performance characteristics for the ODFM Transceiver Model were taken 

using the tools provided by MatLab’s Simulink Library.  Figure 23 shows the Matlab 

tools used to measure the BER, plot the Constellation Plots, and plot the FFTs. 

 
 Noise was modeled using the Additive Gaussian White Noise block with the 

signal-to-noise ration (SNR) being 30 dB and the input signal power being 0.01 W.  As 

expected, the AGWN block did degrade the signal; thus, it did provide an elementary 

model of the channel.  The following plots of the system performance will reflect this. 

 
2.16 Constellation Plots 

 
 Figures 23 and 24 are the transmitted and received constellation plots for the 64-

QAM system.  As expected, the received constellation (Figure 24) does reflect errors 

introduced by the channel.  Thus, the points are inconsistent with the lookup table. 
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Figure 23: Transmitter Constellation Plot. 
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Figure 24: Receiver Constellation Plot with Channel Induced Error. 

 

2.17 FFT PLOTS 
 
 The FFT plots are shown in Figures 25 and 26.  Figure 25 is the transmitter FFT 

plot and Figure 26 is the receiver FFT plot.  It is clear that channel induced noise affects 

the received waveform.  Where the transmitted signal is “relatively” free from out-of-

band harmonics, the out of band harmonics are much more pronounced in the received 

signal.  Thus, errors are introduced in the demodulation and decoding processes. 
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Figure 25: Transmitted OFDM Waveform without Noise. 

 

 

Figure 26: Received OFDM Signal with Channel Noise. 
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2.18 Bit Error Rate versus the Signal-to-Noise Ration (EB/N0) 
 
 The Bit Error Rate (BER) was calculated for various signal-to-noise ratios 

(EB/N0).  The output power for the OFDM transmitter was assumed to be 0.001 W and 

the noise was modeled using a Gaussian white noise model.  Figure 27 is the BER versus 

EB/N0 plot.  It is clear from the plot that the BER is rather poor until the EB/N0 is 

approximately 25 to 30 dB, which are higher than expected but not unexplainable.  The 

OFDM model does not utilize equalization or retiming hardware; therefore, more errors 

will propagate through the system.  Equalization and retiming hardware should be added 

to the updated version. 

Bit Error Rate versus Signal-to-Noise Ration
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Figure 27: BER verus Eb/No plot. 

2.19 RF ANALOG FRONT-END AND BACK-END 

Before an OFDM transceiver can transmit an OFDM signal, the OFDM signal 

must first be modulated onto an RF carrier signal.  Figure 28 is block diagram of the 
 27



analog back-end for the OFDM transceiver.  As Figure 28 shows, the set of complex 

time-domain samples outputted by the inverse FFT, both the real and imaginary 

components, must first be converted to the analog domain via a digital-to-analog 

converter (DAC).  The analog signals are then modulated onto cosine and sine waves 

with a carrier frequency of fc.  Finally, the cosine and sine waves are summed together to 

form the transmission signal and the transmission signal is then fed to the power 

amplifier (PA) and antenna for transmission. 

 

 

Figure 28: OFDM Transceiver Analog Back-end [1]. 
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The OFDM transceiver’s analog front-end is essentially the reverse of the analog 

back-end.  Figure 29 is a generalized picture of a typical receiver.  The received signal 

usually amplified via a low noise amplifier, not shown in Figure 29, and then down 

converted to two analog signals that are close to the original analog signals transmitted 

from the transmitter before up conversion.  The down converted signals will not be exact 

replica due to noise, but in most cases the signals will be “close enough” to re-create the 

original signals.  Following down conversion, the analog signals are filtered to remove 



high frequency noise and reduce aliasing.  Finally, the filtered analog signals are 

converted to digital or complex time-domain samples, and then input into the OFDM 

receiver slice.  

 

 

Figure 29: OFDM System Analog Front-End [1]. 

 

2.19.1 RF Up-Conversion/Down-Conversion Simulink Model 

The modulation/de-modulation technique shown in Figures 28 and 29 is called 

quadrature phased shift keying (QPSK), and as the name implies, it is a form of phase 

modulation or phase shift keying (PSK).  In general, PSK is digital modulation scheme 

then conveys data by shifting the phase of the reference signal [15].  Each phase shift 

represents a specific binary symbol, for example, a phase shift of zero degrees might 

represent a binary “1” and a phase shift of 180 degrees might represent a binary “0”.  In 

QPSK, the number of possible states is four, which means that the number of possible 

phases is four.  Thus, each symbol represents two bits.  Table 1 shows the possible states 

for each encoded QPSK symbol. 
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Table 1: QPSK Symbol/Phase Table. 

QPSK States 
Symbol Phase 

00 45 deg 
01 135 deg
10 225 deg
11 315 deg

Key to understanding QPSK is that the phases are 90 degrees out of phase from each 

other and that the phases shown in Table 1 are for illustrations purposes only.  The 

symbol ‘00’ could just as easily be set to zero degrees with other phase shifts being 

separated accordingly. 

As indicated in Figure 28, the analog outputs of the DACs are output into one of 

two channels, either the in-phase channel (I channel) or the quadrature channel (Q 

channel), where they are modulated onto the carrier frequency.  It is interesting to note 

that the I and Q channels are modulated onto carrier signals that are out of phase by 90 

degrees.  Thus, they can be summed together without fear of interference and can be 

defined by 

)2sin()2cos()( ftAftAtx ππ ±±=
22

.              (10) 

Figure 30 is a portion of the QPSK simulink model used in simulating the 

International Space Station Program’s Ku-Band Subsystem (Note: The model was 

developed by the author and contains no proprietary information).  Although there are 

components not required for the OFDM transceiver, the QPSK model does show the 

functionality of the analog section of the transceiver.  The QPSK model inputs digitized 

data and then QPSK modulates it onto a RF signal.  Similarly, the QPSK model de-

modulates the received RF signal using Simulink’s QPSK demodulator.  Although not 

intuitive from the figure, the solid-state power amplifier (SSPA) and low-noise amplifier 
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(LNA) are modeled in the module named SGTRC model.  Figures 31 and 32 are typical 

simulink models for the SSPA and LNA required for an OFDM transceiver. 

 

Figure 30: QPSK Model. 

  

 

 

Figure 31: SSPA model. 
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Figure 32: LNA model. 

The simulation for the QPSK model was running using the same data rate outputted by 

the OFDM transmitter, i.e. the iFFT, and the baseband signal was up-converted to 

15.3GHz.  Similarly, the 15.3GHz signal was looped back and fed into the receiver for 

demodulation.  In both cases, the resulting constellation plots successfully demonstrated 

proper modulation/de-modulation.  Figure 33 is the constellation plot for the up/down 

converters.  In the absence of noise, the symbols should plot exactly at the predetermined 

constellation points, i.e. phases.  In this case, the phases matched Table 1. 

 

 

Figure 33: QPSK Constellation Plot.
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Chapter 3: OFDM Simulations 

The following section describes the simulations performed in the initial design of 

the OFDM transceiver.  First, the FFT algorithm is described in detail and then simulated 

in verilog.  Next, the randomizer module is implemented in verilog and simulated.  

Finally, a commercially available OFDM core is tested and the performance is measured.  

 

3.1 VERILOG IMPLEMENTATION OF THE FFT MODULE 

3.1.1 Discrete Fourier Transform Theory 
The Discrete Fourier Transform (DFT) is a fundamental and powerful tool used in 

digital signal processing.  The DFT transforms a sampled time-domain signal to its 

frequency domain representation and vice versa.  What separates the DFT from the basic 

Fourier Transform is the requirement that the input function be discreet.  Thus, the DFT 

can be considered a special case of the Fourier Transform where a continuous time 

function is sampled at frequency, fs, and the sampled signal’s frequency components are 

evaluated.  Additionally, the DFT only evaluates a minimal number of frequency 

components by employing a windowing function to reduce the number of “artifacts” in 

the spectrum [16].  Therefore, the DFT, and its inverse, are only approximations of the 

continuous time representations. 

 The Fourier series, named in of honor of Joseph Fourier, is a decomposition of a 

periodic signal into a sum of its constituent sines and cosines.  In other words, a periodic 

signal can be described mathematically as a summation of simpler sinuoids whose 



amplitudes and phases can be explicitly defined.  In general, the Fourier series is a 

trigonometric series defined as 

( ) ( )∑
∞

=

++=
1

000 sincos)(
n

nn tnbtnaatg ωω ,    011 Tttt +≤≤ .       (10) 

where the period of the signal g(t) is T0.  Alternatively, g(t) can be expressed in 

exponential form over the interval T0 as  
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 .               (11) 

 

It is clear from the trigonometry and exponential forms of the Fourier series that a 

periodic signal is composed of sinusoids whose frequencies are integer multiples of each 

other, which are referred to as harmonics.  For example, if the fundamental frequency is 

22.1 Hz then the first even harmonic would be 44.2 Hz and the first odd harmonic would 

be 66.3 Hz.  It is the study of harmonics that has given rise to modern Fourier analysis 

and all of its applications in signal processing.  The importance of harmonic, or Fourier, 

analysis cannot be overstated.  While a signal in the time domain may be difficult to 

visualize, and thus analyze, that very same signal may easily be discerned from its 

spectral content.  Figure 34 is an example of the spectral plot of a pure sine wave with a 

frequency of 200 Hz.  It is crucial to note that equations 10 and 11 only apply to periodic 

signals. 
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Figure 34: Single-sided Fourier Transform of sine wave 

 

To extend Fourier analysis to aperiodic signals, a limiting process must be applied 

to the aperiodic signal.  Suppose function g(t) is a rectangular function where its 

magnitude is one from time zero to t0 and zero everywhere else; thus, g(t) by definition is 

aperiodic.  A periodic signal, fT0(t), can be created from g(t) by repeating g(t) every T0 

seconds [17].  As one let’s T0 go to infinity, fT0(t) is equal to g(t).  Hence, the limiting 

condition placed on fT0(t) ensures that the Fourier series representing fT0(t) is the 

equivalent Fourier series representation of g(t) and is given by   
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As a result, the exponential Fourier series for aperiodic signals take on the form of  
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Since T0 goes to infinity, equation 13 is essentially 
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To better understand how g(t) behaves as a function of T0, one can define a 

function with respect to ω to examine the spectral, or frequency content, of g(t).  This 

new function is known as the Fourier transform of g(t) and an extensive proof is beyond 

the scope of this paper.  Suffice it to say, the Fourier transform of g(t) is defined as 

∫
+∞
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and the inverse Fourier transform is defined as 
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Equations 15 and 16 are uniquely powerful equations and unfortunately they can only be 

approximated in hardware, which is why the DFT is so important. 

 To approximate the Fourier Transform and Inverse Fourier Transform 

respectively, the DFT only examines N samples of a continuous signal that is sampled.  

Additionally, it is assumed the sampled signal in periodic on the N samples.  Leaving the 

rigorous mathematical proofs to digital signal processing text books, the DFT is defined 

as 

∑
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where the fundamental frequency equals 

N
f

τ
1

0 =    (18) 

 

and τ equals the sampling frequency , fS.  As a result, the fundamental frequency is equal 

to the sampling frequency, fS, divided by N samples.  Therefore, the fundamental 

frequency used by the DFT is not the “true” fundamental frequency of the signal, but is 

more of a “resolution” frequency used to find integer multiples of itself.  Put simply, the 

DFT uses an artificial resolution frequency to determine the approximate coefficients of 

the Fourier Transform. 

 In general, the DFT algorithm is rather simple.  First, the fundamental frequency, 

or resolution frequency, is computed from equation 18.  Next, the sampled signal is 
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multiplied by a complex sinusoid, both cosine and sine functions, with a frequency equal 

to the resolution frequency, f0.  The multiplication results in a waveform that is either 

even or odd.  If the resulting waveform is odd, then calculated net area under the curve 

represents the amplitude of the harmonic and the amplitude is stored in memory.  If the 

resulting function is even, then the net area is zero and no harmonic is present.   The net 

area under the resulting waveform is determined, via the trapezoid rule, by multiplying 

each sample by the sample time.  Thus, N+1 multiplications are required.  In a final step, 

the resolution frequency is increased by multiplying next integer multiple and the process 

is repeated N-1 times.  In summary, the DFT requires N+1 multiplications per harmonic 

and the algorithm is repeated N times.  Therefore, the DFT requires N2+N calculations to 

determine the approximate Fourier coefficients. 

3.1.2 Theory of the FFT 
While computing the DFT is rather simple, it does require a great deal of calculations. 

For example, a 128 point DFT would require 16,512 operations.  As a result, the DFT is 

not preferred for hardware implementation.  Instead, the Fast Fourier Transform (FFT) 

algorithm, first invented by Carl Friedrich Gauss, efficiently computes the DFT by 

factoring an N-point DFT into smaller DFTs which are recursively used to generate the 

solution [18].   In general, it was determined that the inherent symmetry of the 

computations required to calculate an N point DFT could be used to reduce the number of 

operations to 2N.  Hence, the FFT algorithm was quickly adopted in hardware 

applications.   



The key distinction between the FFT and the DFT is the number of input samples.   

The FFT requires sample numbers, i.e. the value of N, that are only powers of two.  

Therefore, zero padding are necessary for an arbitrary number samples that is not equal to 

an integer multiple of two.  It is interesting to note that zero padding improves the 

resolution of the FFT and has no ill effect on the resultant output. 

 The type of FFT discussed here is known as the radix-4 FFT.  The radix-4 FFT is 

computationally more efficient than the radix-2 FFT and the number of samples 

transformed must be a power of four.   The chief strategy of the radix-4 FFT is to 

rearrange the DFT into four quarter-length parts where each part or partition is essentially 

smaller FFT [19]. The number stages required to compute the DFT from N samples is 

equal to M + 1, where M equals log4 (N).  For example, a 64-point FFT requires 3 stages 

to compute the DFT.  To combine the respective results of each smaller FFT, an 

algorithm called the butterfly is used.  Essentially, the butterfly combines the outputs of 

the intermediate stages to form a larger FFT and vice versa.  Figure 35 is a simple radix-2 

diagram and is represented by the following equations [20]: 
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Figure 35: Radix-2 Butterfly. 

 

For a radix-4 butterfly, it is typically easier to visualize using matrix form notation. 

Therefore, Figure 36 shows the matrix form of the radix-4 butterfly where WN’s are the 

FFT’s Twiddle Factors. 
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Figure 36: Radix-4 Butterfly in matrix form. 

 

Using Equations 17 and 18, the equation for the FFT can be written as 
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where the Twiddle Factor, WN, is defined as 
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From Equation 21, it is clear that twiddle factors are simply complex sinusoids or factors 

of rotation.  As a result, Equation 20 can be rewritten as 
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which is the most commonly used form.  Since a radix-4, 64-point FFT is being 

implemented in the OFDM transceiver design, the value of k ranges from zero to three.  

For a deeper understanding of how the FFT algorithm is implemented in software, please 

see Appendix A. 

3.1.3 Verilog Implementation and Simulation of the FFT 
 

A 64-point FFT was built in verilog and the simulation was run using ModelSim Altera 

Starter Edition 6.5b (copyright owned by Mentor Graphics Corporation).  The verilog 

model includes two files: the OFDM_FFT.v main file and the OFDM_FFT_Testbench.v 

test bench file.  The standard signal ports for the FFT include the input/out signal ports, 

reset/hold signal ports, a clock signal port, an FFT/IFFT port, and data ready signal port 

to indicate when the output data is ready to be written to the output buffer.   The storage 

scheme for the FFT is shown in Figure 37.  The use of multiple storage elements, while 
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increasing the overall device usage of the FPGA, does increase the overall speed of the 

FFT, especially when compared with the use of a combined input/output buffer. 

 

INTERMEDIATE 
RESULTS RAM 
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Figure 37: FFT  Memory Storage Scheme. 

 

Since the OFDM transceiver utilizes an inverse FFT, a frequency domain 

representation of a cosine signal with a fundamental frequency of 500 kHz was chosen to 

test the verilog code.  Figure 38 is the frequency domain representation of the input 

signal. 
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Figure 38: Single-sided Fourier Transform of the Cosine Wave. 

The following figures show the simulation results of the inverse FFT using 

ModelSim.  Figure 39 shows the input samples of the frequency domain representation of 

the cosine signal, denoted by “input1”.  Since the samples are being feed into the FFT 

algorithm the “Data_ready” is asserted low. 
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Figure 39: Input samples into the FFT. 

 

Figure 40 demonstrates the completion of the FFT conversion.  The “hold” signal is 

asserted high for five clock cycles to store the output samples into the output buffer and 

then the “Data_ready” signal is asserted high to read the output data samples.  Upon 

inspection of the output data samples (see Figure 41), it is clear that the values repeat in a 

periodic fashion and this is consistent with a sinusoidal signal. 

 

 

Figure 40: Completion of FFT conversion. 
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Figure 41: FFT output data. 

 

Figure 42 is an excel plot of the output data samples from the iFFT simulation.  As 

expected, the output signal is a cosine wave with a frequency of 500 kHz. 
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Figure 42: Plot of the FFT output samples. 
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3.2 VERILOG IMPLEMENTATION OF THE RANDOMIZER MODULE 

Since the purpose of the randomizer was discussed in section 2.2, this section will 

focus on the verilog implementation.  To make the code easier to implement, the input 

data length was restricted to 8-bits and a polynomial of four was chosen for the LFSR.  

For this simulation, the polynomial chosen was lfsr[3:0]=1+x^2+x^4.  The following 

code is a slice from the randomizer.v file and it shows the setup for the LFSR: 

//LFSR 
always @(*) begin 
reg [3:0] lfsr_q,lfsr_c; 
reg [7:0] data_c; 
 
lfsr_c[0] = lfsr_q[2]; 
lfsr_c[1] = lfsr_q[3]; 
lfsr_c[2] = lfsr_q[0] ^ lfsr_q[2]; 
lfsr_c[3] = lfsr_q[1] ^ lfsr_q[3]; 
 
data_c[0] = data_in[0] ^ lfsr_q[3]; 
data_c[1] = data_in[1] ^ lfsr_q[2]; 
data_c[2] = data_in[2] ^ lfsr_q[1] ^ lfsr_q[3]; 
data_c[3] = data_in[3] ^ lfsr_q[0] ^ lfsr_q[2]; 
data_c[4] = data_in[4] ^ lfsr_q[1]; 
data_c[5] = data_in[5] ^ lfsr_q[0]; 
data_c[6] = data_in[6] ^ lfsr_q[3]; 
data_c[7] = data_in[7] ^ lfsr_q[2]; 
end // always 

A test bench file was created to call the randomizer.v file and simulate it in 

ModelSim.  Figure 43 is the verilog output for an eight bit input of 1’b00010010 or 

8’h12.  As expected, the output of the randomizer was 8’hE1. 

 



 

Figure 43: Randomizer Simulation Output. 

3.3 COMMERCIALLY AVAILABLE OFDM CORE 

Due to the compressed schedule, an entire OFDM transceiver could not be 

developed and simulated. Therefore, a commercially available OFDM core developed by 

the Altera Corporation was simulated to measure its performance.  The OFDM core is 

optimized for the Altera Stratix III family of devices and the simulation was run using 

Quartus II version 9.1.  This particular core integrates both OFDM modulation, which 

includes the IFFT and cycle prefix insertion with bit reversal, and ODFM demodulation, 

which includes the cyclic prefix insertion/removal [21].  Figure 44 shows the I/O ports of 

the OFDM modulation and demodulation modules and all input/output data are in signed 

fixed-point format. 
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Figure 44: I/O Ports for the Altera OFDM Core [21]. 

After running the simulation, the top-level integration of the OFDM modulation 

and demodulation was performed with the Quartus II design tool and the performance 

results is summarized below: 

 
Fitter Status : Successful - Sun Apr 25 16:55:06 2010 

Quartus II Version : 9.1 Build 304 01/25/2010 SP 1 SJ Web Edition 
Revision Name : ofdm_integration 
Top-level Entity Name : ofdm_int 

Family : Stratix III 
Device : EP3SL50F484C2 

Timing Models : Final 
Logic utilization : 21 % 

Combinational ALUTs : 4,615 / 38,000 ( 12 % ) 
Memory ALUTs : 480 / 19,000 ( 3 % ) 

Dedicated logic registers : 7,460 / 38,000 ( 20 % ) 
Total registers : 7460 
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Total pins : 154 / 296 ( 52 % ) 
Total virtual pins : 0 

Total block memory bits : 407,912 / 1,880,064 ( 22 % ) 
DSP block 18-bit elements : 40 / 216 ( 19 % ) 

 

The above data indicates that the total logic utilization for OFDM modulation and 

demodulation is 21% for Altera Stratix III devices.  This is expected since the OFDM 

core does not include randomization, forward error correction (both block and 

convolutional), and other logic blocks used to ensure accurate data recovery.  The core 

does, however, provide a benchmark for designers considering implementing a more 

robust OFDM, especially when considering using convolutional encoders.  A Viterbi 

decoder, for example, can consume quite a large amount of FPGA area and this must be 

taken into consideration when implementing it in the design. 
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Chapter 4: Conclusion 

 
 The OFDM transceiver documented in this report represents the initial design 

steps used for the eventual implementation within an FPGA.  First, an OFDM system 

model was built in Simulink to both prove the functionality of the design and measure 

theoretical performance.  The Simulink model incorporated most of the typical modules 

found in modern OFDM designs including block and convolutional forward error 

correction, randomization, and interleaving.  Missing from the model are equalization, 

timing recovery, carrier recovery, and pulse-shaping blocks.  As a result, the overall 

system performance results of the OFDM Simulink model were not as ideal as one would 

expect and more errors propagated through the system.  Thus, the implementation of 

pulse-shaping, carrier and timing recovery, and equalization blocks will need to be 

integrated into the next design iteration. 

 Following the Simulink model development, an attempt was made to implement 

and simulate the various blocks in verilog with the overall goal of integrating the entire 

system.  In this report, the 64-point FFT and randomization blocks were implemented and 

successfully simulated in ModelSim Altera Starter Edition 6.5b to prove their 

functionality.  If given more time, additional blocks would be individually developed and 

tested in ModelSim before system integration. 

 Since the entire OFDM system could not be developed, a commercially available 

OFDM core created by Altera was simulated to determine the overall FPGA footprint.  It 

is noted that the OFDM core is not an optimized design and only focuses on the 

modulation and demodulation aspects of the system.  This said, the core does provide a 

minimum benchmark for designers wishing to create a more robust design, i.e. with 

forward error correction, additional encoding, etc.  Assuming a Stratix III FPGA is used, 

the designer would have only 80% of the FPGA’s resources available for the 

implementation of the error correcting blocks.  Therefore, it is very likely that other 



FPGAs, like the Xilinx Virtex IV, or a multiple FPGA design would need to be 

considered. 

 Overall, this project was definitely an excellent learning experience into the inner 

workings for an OFDM system and it has been a good extension to the graduate program 

course work.  Although the time and work required to develop an integrated OFDM 

system is beyond the scope of this report, the beginning steps were successfully 

completed.  Forward work would include refining the Simulink model to include other 

optimization blocks to improve the overall system performance, i.e. equalization and 

timing recovery.  Additionally, all the remaining blocks need to be implemented in 

verilog and then integrated for system testing. 
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Appendix A 

 
The following Matlab program was used as a guide for implementing the FFT algorithm 
in software [22]. 
 
% - Fast Fourier Transform [64FFT]  
% Univ. of the Ryukyus, Okinawa, Japan 
function [y]=myfft64(x); 
% internal buffer memory and output memory 
x1 = zeros(64,1); 
x2 = zeros(64,1); 
x3 = zeros(64,1); 
y  = zeros(64,1); 
% stage 1 
for mm = 0:1:15 
   %radix-4 
   twiddle1=exp(-2*pi*j*mm*1/64); 
   twiddle2=exp(-2*pi*j*mm*2/64); 
   twiddle3=exp(-2*pi*j*mm*3/64); 
   x1(mm+1)  =x(mm+1)  +x(mm+17)+x(mm+33)  +x(mm+49); 
   x1(mm+17)=(x(mm+1)-j*x(mm+17)-x(mm+33)+j*x(mm+49))*twiddle1; 
   x1(mm+33)=(x(mm+1)  -x(mm+17)+x(mm+33)  -x(mm+49))*twiddle2; 
   x1(mm+49)=(x(mm+1)+j*x(mm+17)-x(mm+33)-j*x(mm+49))*twiddle3; 
end; 
% stage 2 
for nn = 0:16:48 
   for mm = 0:1:3 
      %radix-4 
      twiddle1=exp(-2*pi*j*mm*4*1/64); 
      twiddle2=exp(-2*pi*j*mm*4*2/64); 
      twiddle3=exp(-2*pi*j*mm*4*3/64); 
      x2(mm+nn+1)  =x1(mm+nn+1)  +x1(mm+nn+5)+x1(mm+nn+9)  +x1(mm+nn+13); 
      x2(mm+nn+5) =(x1(mm+nn+1)-j*x1(mm+nn+5)-
x1(mm+nn+9)+j*x1(mm+nn+13))*twiddle1; 
      x2(mm+nn+9) =(x1(mm+nn+1)  -x1(mm+nn+5)+x1(mm+nn+9)  -
x1(mm+nn+13))*twiddle2; 
      x2(mm+nn+13)=(x1(mm+nn+1)+j*x1(mm+nn+5)-x1(mm+nn+9)-
j*x1(mm+nn+13))*twiddle3; 
   end; 
end; 
% stage 3 
for nn = 0:4:60 
   x3(nn+1) = x2(nn+1)  +x2(nn+2)+x2(nn+3)  +x2(nn+4); 
   x3(nn+2) = x2(nn+1)-j*x2(nn+2)-x2(nn+3)+j*x2(nn+4); 
   x3(nn+3) = x2(nn+1)  -x2(nn+2)+x2(nn+3)  -x2(nn+4); 
   x3(nn+4) = x2(nn+1)+j*x2(nn+2)-x2(nn+3)-j*x2(nn+4); 
end; 
for n2 = 0:3 % reorder 
   for n1 = 0:3 
      for n0 = 0:3 
         y(16*n0+4*n1+n2+1)=x3(16*n2+4*n1+n0+1); 
      end; 
   end; 
end; 
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