
International Journal of Applied Engineering Research ISSN 0973-4562 Volume 10, Number 24 (2015) pp 44393-44398 

© Research India Publications.  http://www.ripublication.com 

0 

OFDM Performance Measurements in WiMax Physical Layer Network 
 

Nasser A. Hamad 
 

Department of Electrical, Electronics and Communications Engineering (EECE) American University of Ras Al Khaimah 

Ras Al Khaimah, UAE nasser.hamad@aurak.ac.ae 

 

 

Abstract 
In order to enhance the Orthogonal Frequency Division 

Multiplexing (OFDM) technique that is employed in a 

physical layer of WiMax network, OFDM technique based on 

Discrete Wavelet Transform DWT-OFDM is introduced to 

replace the conventional OFDM based on Fast Fourier 

Transform FFT-OFDM. Forward Error Correction (FEC) code 
and Viterbi decoder of high speed decoding capabilities is 

introduced to the system. Based on the simulation results 

analysis, the proposed system employing parallel Viterbi 

decoder shows a superior performance enhancement when 

compared to FFT-OFDM system and significantly enhances 

the throughput of the system without degrading the Bit Error 

Rate (BER) performance. 

 

Keywords- OFDM; WiMax network; discrete wavelet 

transform; parallel Viterbi decoder. 

 
 

I. INTRODUCTION 

WiMax is considered as an attractive technology to provide 

high data rates in a mobile environment which cannot be 

achieved, at least for the time being, by the cellular mobile 

systems [1-3]. Several factors and components affect the QoS 

of WiMax physical layer, as an example, a proper combination 

of the transmission rate and modulation scheme yields a 

noticeable improvement of the BER performance in an 

Additive White Gaussian Noise Channel (AWGN) [4, 5]. 

In July 1998, the IEEE standardization group adopted OFDM 

as the basis for their new 5-GHz standard, targeting a range of 
data stream from 6 up to 54 Mbps [6]. To increase data rates of 

wireless communication with higher performance, 

conventional OFDM system implemented by IFFT at the 

transmitter and FFT at the receiver is adopted. However, FFT 

has a major drawback arising from using rectangular window 

which creates sidelobes, as the pulse shaping function used to 

modulate each subcarrier extends to infinity in the frequency 

domain which reduces the spectrum efficiency. Intercarrier 

interference (ICI) and intersymbol interference (ISI) can be 

avoided by adding a cyclic prefix (CP) to the head of OFDM 

symbol so that the delay spread of the channel becomes longer 
than the channel impulse response which brings the 

disadvantage of further reducing the spectral efficiency [3, 6]. 

Finally, high peak to average power ratio (PAPR) that causes 

nonlinear distortion in the transmitted OFDM signal is also 

considered a major disadvantage associated with OFDM [7]. 

Due to the aforementioned drawbacks, an alternative method is 

to use the wavelet transform to replace the IFFT and FFT 

blocks [8-10]. Since in FFT-OFDM systems, signals only 

overlap in the frequency domain while DWT-OFDM signals 

overlap both in time and frequency domains, so there is no 

need for the CP as in the FFT-OFDM case [10]. The Wavelet 

transform solves the above drawbacks to a certain extent. In 

contrast to FFT, which uses a single analysis window, the 

Wavelet transform uses short windows at high frequencies and 

long windows at low frequencies. This results in multi-

resolution analysis by which the signal is analyzed with 

different resolutions at different frequencies, that’s why the 

wavelet transform is implemented using Low Pass Filter (LPF) 
and High Pass Filter (HPF), perfect reconstruction of received 

signals is satisfied. In literatures, these two filters are also 

called subband coding since the signals are divided into sub-

signals of low and high frequencies. A wavelet approach, 

moreover, is implemented for the reduction of PAPR and 

computational complexity [7, 11]. 

In the last decade, several research works have been made on 

the comparisons between DWT-OFDM and FFT-OFDM 

systems [8-9, 12], there results show performance 

enhancement of DWT-OFDM over FFT-OFDM, but none of 

them consider the encoded system. Others have made 
comparisons between several mother functions of wavelet [13]. 

We employ the Viterbi decoder in the receiver side of our 

WiMax system to further enhance the system throughput. In 

[14], the encoded OFDM system is introduced to be applied in 

power line communications of different channel environments. 

The work given in [15] considered the concatenation of 

convolutional code with turbo code to enhance the system 

performance. Under the assumption of dispersive channels, 

Kavita et. al., in [16] studied the BER performance of OFDM 

discrete wavelet transform, although they compared the 

performance for both channels AWGN and dispersive 

channels, but they didn’t show the performance enhancement 
when employing channel coding techniques. 

This paper is organized as follows: In section 2, we discuss the 

FFT-OFDM and the DWT-OFDM systems, in section 3, 

convolutional encoder and parallel Viterbi decoder are 

introduced, simulation results are presented in section 4, and 

we conclude this work in section 5. 

 

 

II. FFT-OFDM AND DWT-OFDM SYSTEMS 

A. FFT-OFDM System 

Consider a sequence of N bits stored for an interval Ts = N/R, 
where R is the transmission rate and Ts is the OFDM symbol 

interval. In serial-to-parallel conversion, each of the N bits is 

used to separately modulate a subcarrier. All N modulated-

carrier signals are then transmitted simultaneously over Ts 

interval. To achieve orthogonality between subcarriers, it is 

sufficient to have spacing ∆f between carriers equal to 1/Ts. 

Note that ∆f can be viewed as an effective bandwidth of each 

of the N parallel frequency channels. Then, the k-th carrier 

frequency fk is given as fk = fc + k∆f, 0 ≤ k ≤ N-1. Then, the 

composite signal transmitted over Ts interval is given by [3] 
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where 

  
If the signal a(t) given in (2) is sampled at intervals Ts/N apart, 

i.e., at rate R samples per second, then, it is convenient to 

replace a(t) by the sampled function a[n], with t replaced by 

nTs/N, for n = 0, …, N-1. Recall that ∆fTs =1, a[n] can be 

written as 

  
It is worthy to mention that the expression in (3) is the Inverse 
Discrete Fourier Transform (IDFT). The composite transmitted 

signal is subjected to statistically independent samples of an 

Additive White Gaussian Noise (AWGN) channel. 

In the receiver side, Discrete Fourier Transform (DFT) is 

carried out, from which the coefficients, ak, k = 0, …, N-1 are 

recovered and parallel-to-serial conversion is employed to 

generate the desired output bit stream. The subcarrier pulse is 

assumed rectangular; hence, the task of pulse forming and 

modulation can occur by a simple IDFT which can be 

employed very effectively as an IFFT. On the other hand, at 

the receiver side, FFT is employed to get the opposite of the 
IFFT operation. 

FFT is used to achieve orthogonality between subcarriers. 

Accordingly, the OFDM is a multi-carrier technique based on a 

simple modulation scheme that uses IFFT and FFT at its core 

for transmission and reception, respectively. 

The system model for FFT-OFDM is shown in Figure 1. The 

convolutional encoder and Viterbi decoder are to be discussed 

later. BPSK modulator that is used to map the raw binary data 

to appropriate BPSK symbols. These symbols are then input 

into IFFT block that performs an IFFT operation on N parallel 

streams of BPSK symbols. In comparison with (3), and 

applying FFT-OFDM concepts, the output signal of the IFFT 
block in discrete time domain is given by 

  
where x[n] is a sequence in discrete time domain and X[m] are 

complex numbers in discrete frequency domain. CP is lastly 

added to the signal before transmission. 

 
 

Figure 1: FFT-OFDM based system block diagram. 

At the receiver, the CP is removed to obtain the data in the 

discrete time domain and processed by FFT to recover the 

data. The output of the FFT in the frequency domain is written 

as 

  
It is clear that the expression in (5) requires extensive 

calculations. The complexity of an FFT-OFDM would be 

reduced if the corresponding demodulator could be replaced by 

DWT transforms. 

 

B. DWT-OFDM System 

In contrast to FFT, which uses a single fixed analysis window, 

the wavelet transform uses variable analysis window. This 
results in multi-resolution analysis by which the signal is 

analyzed with different resolutions at different frequencies, i.e., 

both frequency resolution and time resolution vary in time-

frequency plane. 

Assume that x(t) is an arbitrary signal and let Ψ(t) is the mother 

wavelet function or the basis function, then the continuous 

wavelet transform is given by [8] 

  
where the translation parameter τ corresponds to the time 

information, and scale parameter s corresponds to the 

frequency information. In continuous wavelet transform, the 

signals are analyzed using a set of bases functions which relate 

to each other by simple scaling and translation. In case of 

DWT, a time-scale representation of the digital signal is 

obtained using digital filtering techniques. The signal to be 

analyzed is passed through filters with different cutoff 

frequencies at different scales. 

DWT is computed by successive lowpass and highpass 
filtering of the discrete time-domain signal as shown in Figure 

2, where three levels of decomposition are shown as an 

example. The lowpass filter is denoted by G0 while the 

highpass filter is denoted by H0. At each level, the highpass 

filter produces detail information d[n], while the lowpass filter 

associated with scaling function produces rough 

approximations, a[n]. 

At each decomposition level, the half band filters (LPF and 

HPF) produce signals spanning only half the frequency band. 

In accordance with Nyquist rule if the original signal has a 

highest frequency of ω, which requires a sampling frequency 

of 2ω radians, then it has a highest frequency of ω/2 radians. It 
can now be sampled at a frequency of ω radians thus 

discarding half the samples with no loss of information. This 

decimation by 2, halves the time resolution as the entire signal 

is now represented by only half the number of samples. Thus, 

while the half band lowpass filtering removes half of the 

frequencies and thus halves the resolution, the decimation by 2 

doubles the scale [8]. The filtering and decimation process is 

continued until the desired level is reached. The maximum 

number of levels depends on the length of the signal. 
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Figure 2: Three-level wavelet decomposition tree. 

 

 
The DWT of the original signal is then obtained by 

concatenating all the coefficients, a[n] and d[n], starting from 

the last level of decomposition. Figure 3 shows the 

reconstruction of the original signal from the wavelet 

coefficients. Basically, the reconstruction is the reverse process 

of decomposition. The approximation and detail coefficients at 

every level are up-sampled by two, passed through the lowpass 

and highpass synthesis filters and then added. This process is 

continued through the same number of levels as in the 

decomposition process to obtain the original signal. The 

analysis filters, G0 and H0, are exchanged with the synthesis 

filters, G1 and H1. In most DWT applications, it is required that 
the original signal be synthesized from the wavelet 

coefficients. To achieve perfect reconstruction, the analysis 

and synthesis filters have to satisfy certain conditions. Let 

G0(z) and G1(z) be the lowpass analysis and synthesis filters, 

similarly, let H0(z) and H1(z) the highpass analysis and 

synthesis filters, respectively. Then the filters have to satisfy 

the following two conditions 

 (7) 

 (8) 

The conditions in (7) and (8) imply that the reconstruction is 

aliasing-free and the amplitude distortion is one, respectively. 
Note that the perfect reconstruction condition does not change 

if we switch the analysis and synthesis filters. The lowpass 

filter G0 and the highpass filter H0 are related to each other by 

 (9) 
Furthermore, for perfect reconstruction, the synthesis filters are 

identical to the analysis filters except for a time reversal. This 

identical structure leads to easy implementation and scalable 

architecture [17]. 

 

 
 

Figure 3: Three-level wavelet reconstruction tree. 
 

 

Assume the samples are passed through a low pass filter with 

impulse response “g” resulting in a convolution of the two 

samples given by 

 (10) 
The signal is decomposed simultaneously using a high-pass 

filter “h”. The output gives the detail coefficients (from the 

high-pass filter) and approximation coefficients (from the low-

pass filter). However, since half the frequencies of the signal 

have now been removed, half the samples can be discarded 

according to Nyquist’s rule. The filter outputs are then sampled 

by two. The outputs of the low-pass filter and the high-pass 
filter are the convolutions of the input data with the respective 

filter responses given below 

 (11) 

 (12) 
The decomposition has halved the time resolution since only 

half of each filter output characterizes the signal. However, 

each output has half the frequency band of the input so the 

frequency resolution has been doubled. 

In a DWT-OFDM based system shown in Figure 4, since there 

are number of bases functions that can be used as the mother 

wavelet for wavelet transformation, we assumed the oldest and 
simplest one known as Harr wavelet [13]. The IDWT and 

DWT replace the IFFT and FFT in modulation and 

demodulation processes, respectively. 

 

 
 

Figure 4: DWT-OFDM system block diagram. 

 

 

As shown in Figure 4, the output of the IDWT can be 

expressed as 

 (13) 
where X[k, m] are the wavelet coefficients and Ψ(n) is the 

wavelet function with compressed factor m and shifted k for 

each subcarrier n, 0 ≤ n ≤ N – 1. The wavelet coefficients are 

the representation of signals in scale and position or time. 

Finally, the wavelet coefficient U[k, m] are recovered from the 

received signal u[n], at the receiver side, by the inverse process 

and the output of DWT is 

 (14) 

 

 

III. CONVOLUTIONAL ENCODER AND VITERBI 

DECODER 

We assume a convolutional encoder with rate 1/r of generator 

polynomials given in octal format in the transmitter side. Let m 
be the maximum degree of the polynomials generating a code, 
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then K = m + 1 is a constraint length of the code [18]. 

In the receiver side, we assumed Viterbi decoder of a dynamic 

programming algorithm for finding the shortest path through a 

trellis diagram. Associated with each trellis state S at time n is 

a state metric PM’s. The state metrics at time n can be 

recursively calculated in terms of the state metrics of the 
previous iteration as 

 (15) 

where i is a predecessor state of j and BMi,j is the branch metric 

on the transition from state i to state j. By definition, the 
shortest path into state j must pass through a predecessor state. 

If the shortest path into j passes through i, then the state metric 

for the path must be given by the state metric for i plus the 

branch metric for the state transition from i to j. The final state 

metric for j is given by the minimum of all possible paths. 

Considering the look-ahead step M = 2 [19], skipping a node 

and each time jump to every third node after adding the 

respective branch metrics with the state metric. So instead of 

two possible paths now four have to be calculated as follows 

 (16) 
Practically, the decoder starts to decode bits once it has 

reached a time step that is a small multiple of the constraint 

length. In our simulation, we considered trace back and start 

decoding bits when all bits are received. 

 

 

IV. SIMULATION RESULTS 
The main contribution of our research is divided into two parts. 

The first part is to optimize Viterbi algorithm to decrease the 

decoding time and increase the system throughput. The second 

one is to enhance the BER performance using IDWT/DWT 

instead of IDFT/DFT. 

The simulation parameters are selected according to the IEEE 

802.16e standard with 1024 FFT size (number of subcarriers), 

symbol duration 94 (μs) and the number of symbols per frame 

104 symbols. More details on the simulation parameters are 

listed in Table 1. 
 

Table 1: Simulation Parameters 
 

Parameter specification Parameter value 

Data length 105 bits 

FFT size 32, 64, 128, 512, 1024 

Number of symbols/Frame 104 

Cyclic Prefix 1/4 ,1/8, 1/16, 1/32, 1/64, 

1/128 

Generating polynomial in 

octal 

[1 1 1; 1 0 1] 

Coding rate r = ½ 

Modulation techniques BPSK, QPSK, 16QPSK, 

64QPSK 

Decision strategy Soft-decision 

 

 
Seeking for simplicity, the constraint length K is chosen to be 3 

and the coding rate r = 1/2. However, our results can be 

generalized to any other suitable parameters and applications. 

In terms of system enhancement, it’s clear from Figure 5 that 

BPSK has the best BER performance, so it will be used in the 

next part which using DWT instead of FFT. Moreover, while 

increasing the system throughput, one should care about the 
BER. Comparing serial and parallel BER, the figure shows that 

both serial and parallel Viterbi decoders have approximately 

similar performance. That is, achieving throughput 

enhancement without deteriorating the BER system 

performance. 

Figure 6 shows that DWT-OFDM performs much better than 

the FFT-OFDM over AWGN channel, where we employ a 

BPSK modulation technique. The used FFT length is 256 and 

with no CP. 

Comparing the overall system BER performance, coded with 

serial Viterbi and uncoded DWT and FFT based OFDM are 

simulated and the results are shown in Figure 7. 
 

 
 

Figure 5: BER performance for serial and parallel Viterbi 

with different modulation techniques. 

 

0 2 4 6 8 10 12 14 16 18
10

-4

10
-3

10
-2

10
-1

10
0

SNR

B
E

R

 

 

FFT

DWT

 
 

Figure 6: BER for FFT-OFDM based and DWT-OFDM 

based systems (Haar) 
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Figure 7: BER performance comparison between coded 

and uncoded FFT and DWT (Haar) based systems. 

 

 

Longer decoding lengths require larger amount of memory as 

paths should be stored before being discarded. In Figure 8, for 

different values of M, our results show that the higher 

throughput is obtained when M getting larger for the same 
SNR. 
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Figure 8: Throughput enhancement for different value of 

M for parallel Viterbi decoder. 

 

 

V. CONCLUSION AND FUTURE WORKS 

In this paper a DWT-OFDM based system with parallel Viterbi 

decoder is presented and simulated extensively. The 

performance of the system is compared with the conventional 

FFT-OFDM based system. In terms of BER performance, the 

results show better BER performance by the DWT-OFDM to 

the conventional FFT-OFDM. In term of throughput 

performance, the system shows significantly better 

performance to the serial Viterbi decoder. The results also 

show that there is no observed BER degradation as a result of 

using different look-ahead values of parallel Viterbi decoder 

which may lead the designers to optimize for this approach 

despite the expected large hardware requirements. 

Finally, the extra needed storage memories and buffers that are 

employed in the proposed system are to be considered as a 

future work of our research. 
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