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Abstract 

Transfering data (e.g. audio, images or video) through AWGN and Rayleigh fading wireless channels usually face various 
detrimental phenomena such as multipath wave propagation, time dispersion, and fading; which introduce errors like Intersymbol 
interference (ISI). This paper focus on investigating the effect of these phenomena on images transferred through an OFDM 
based wireless communication system including QPSK modulation, AWGN and Rayleigh fading channels and LMS 
equalization. The LMS algorithm based adaptive equalizer is used to improve the performance of the slow Rayleigh fading 
channel. The adaptive equalizer used in this paper requires an initial training period, during which a known data sequence is 
transmitted. A replica of this sequence is made available at the receiver in proper synchronism with the transmitter. This makes it 
possible for adjustments to be made to the equalizer coefficients in accordance with the LMS adaptive filtering algorithm 
employed in the equalizer design. The quality of the received image is investigated in terms of PSNR.  
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1. Introduction 

The wireless channels are usually random and time-variant unlike the wired channels that are stationary and 
predictable [1]. Also, it is well known that the wireless multi-path channel causes an arbitrary time dispersion, 
attenuation, and phase shift, know as fading, in the received signal. Fading is caused by interference between two or 
more versions of the transmitted signal which arrive at the receiver at slightly different times. The phenomenon, 
fading can be classified as slow fading and fast fading depending upon the relative speed of the moving user/station. 
In addition, when digital transmission is performed through multipath wireless channels, then the digital information 
usually accompanied with a phenomenon known intersymbol interference (ISI) [1-3]. However, for a reliable digital 
transmission system it is crucial to reduce the effects of ISI. More specifically, it is necessary to remove the 
amplitude and phase shift caused by the channel in case of applying linear modulation schemes. Therefore, this 
paper also involve using LMS equalizer, which are designed to work in such a way that Bit Error Rate (BER) should 
be low and Signal-to-Noise Ratio (SNR) should be high. These are preferred to filters as the transfer function of 
wireless channels vary with time, so it is not possible to use an optimum filter for these types of channels. More 
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specifically, equalizers are designed to give the inverse of channel to the received signal. Thus, the combination of 
channel and equalizers will ideally give a flat frequency response and linear phase [3-6]. However in wireless 
channels, due to the multi path fading, the channel characteristics change with time. Thus, it is necessary for channel 
equalizer to track the time varying channel in order to provide reasonable performance [7-8]. Therefore, this paper is 
focused on adaptive equalisation for the unpredictable wireless channels [9-10]. More specifically, this paper 
focuses on using LMS based equaliser for improving the quality of images transferred over Rayleigh fading channel. 
The quality of the images is investigated in term of PSNR. 

2. System Model 

Figure 1 shows the OFDM model used in this paper; in which an image is used as an input source data. The 
randomly generated signal can also be used. The image data is first converted into binary data and the pilot data is 
inserted into head of source data in each coherence time frame. It is used to estimate the random phase shift of the 
fading channel and train the decision to adjust the received signal with phase recover. The data is then mapped from 
binary data to complex data, and each output datum represents a point in the constellation diagram. The M-ary phase 
shift keying (PSK) modulation is used to modulate the data source. More specifically, the QPSK modulation is used. 
Two different channels: AWGN channel and Rayleigh slow fading channel are simulated and used.  
 

 
 

Fig. 1 OFDM model used in simulation 
 

At the receiver side in Figure 1, the adaptive equalizers are used for Rayleigh fading channel. As the QPSK 
modulation is used in the above model, so the channel phase information in each coherence time need to be 
estimated and the weight of each tap in the equalizer need to be trained by pilot data. Then, source data are equalized 
by trained equalizer for frequency selective fading channel. Finally, the received demodulated binary data is 
converted back to image and is displayed. In this paper, the Matlab function Rayleighchan() is used to generate the 
Rayleigh fading channel. The equalisers is used to reduce the effect of ISI, which causes phase and amplitude 
distortion. Ideally, an equalizer needs to be designed in such a way that the impulse response of the 
channel/equalizer combination is as close to z–∆ as possible, where ∆ is delay, as shown in Figure 2. However, the 
wireless channel parameters are not usually known in advance and they may vary with time significantly. Therefore, 
it is necessary to use adaptive equalizers, which provide the means of estimating the changing channel 
characteristics. A typical adaptive channel equalisation system, used in this paper is shown in Figure 2, in which s(n) 
is the signal (modulated signal corresponding to image in this paper) to be transmitted through the wireless 
communication channel, and x(n) is the distorted output signal. The distortion can be in amplitude or phase or both. 
Thus, the distorted signal is the sum of the desired signal d(n) and the interfering noise v(n), and is given by  

���� � ���� � ���� (1) 
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Fig 2. Block diagram of an adaptive channel equalization system. 
 
To compensate for the signal distortion, the adaptive channel equalization system completes the following two 
modes: 
• Training mode: This mode is required to determine the appropriate coefficients of the adaptive filter. When the 

signal s(n) is transmitted through the communication channel, a delayed version of the same signal is also 
applied to the adaptive filter as shown in Figure 2. The delay function is given by z–∆, where ∆ is delay. In Figure 
2, d(n) is the delayed signal and y(n) is the output signal from the adaptive filter and e(n) is the error signal 
between d(n) and y(n). The adaptive filter iteratively adjusts the coefficients to minimize e(n). When the power 
of e(n) converges, y(n) is almost identical to d(n), which means that the resulting adaptive filter coefficients can 
be used further to compensate for the signal distortion. 

• Decision-directed mode: In this mode, the adaptive channel equalization system decodes the signal y(n) and 
produces a new signal, which is an estimation of the signal s(n) with a delay of ∆ taps.  

 
The filter has a Finite Impulse Response (FIR) structure. For such structures, the impulse response is equal to the 
filter coefficients. The coefficients for a filter of order p are defined as  

	
 � �	
�0�, 	
�1�, … , 	
����
� (2) 

The error signal is the difference between the desired and estimated signal, and is given as  
���� � ���� � ���� (3) 

The filter estimates the desired signal by convolving the input signal with the impulse response. In vector notation, 
this is expressed as 

����� � 	
 ∗ ���� (4) 
Where,  

���� � �����, ��� � 1�, … , ��� � ���� (5) 
is an input signal vector. Moreover, the variable filter updates the filter coefficients at every time instant 

	
�� � 	
 � ∆	
 (6) 
Where, ∆	
 is a correction factor for the filter coefficients. The adaptive algorithm generates this correction factor 
based on the input and error signals. The least mean squares algorithm is a class of adaptive filter used to design the 
desired filter by finding the filter coefficients that relate to producing the least mean squares of the error signal 
(difference between the desired and actual signal). It is a stochastic gradient method in which the filter is only 
adapted based on the error at the current time. LMS filter is built around a transversal (i.e. tapped delay line) 
structure (Figure 2). LMS filter employ, small step size statistical theory, which provides a fairly accurate 
description of the transient behaviour. The LMS algorithm in general, consists of two basics procedure. The first 
step is filtering process, which involve, computing the output of a linear filter in response to the input signal, and the 
second step is generating an estimation error by comparing this output with a desired response. Adaptive process, 
which involves the automatic adjustment of the parameter of the filter in accordance with the estimation error, is 
given by: 

	��� � 1� � 	���� � �����∗��� (7) 
Where � is the step size, 	��� � 1� = estimate of tape weight vector at time (n+1) and if prior knowledge of the 
tape weight vector (n) is not available, then n is set to 0. The combination of these two processes working together 
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constitutes a feedback loop, as illustrated in the block diagram of Figure 2. The simulated results obtained are 
discussed below. 

3 . Results & Discussion 

The system, shown in Figure 1, is implemented in Matlab for the image of Lena; and the results obtained for AWGN 
and Rayleigh fading channel are shown in Figures 3 to 6. As can be seen in Figure 5(a), the BER performance of 
simulation result is closely identical to theoretical BER for the AWGN channel. However as observed from Figure 
5(b), the BER performance of simulation result for the Rayleigh fading channel is worse than theoretical BER. This 
is reasonable, as the theoretical BER is based on the assumption that we know exactly the phase information of 
modulated signal. However, due to the time-variant channel, we always have estimation error for phase information. 
We also find that the BER performance is improved dramatically in low SNR, while not in high SNR. This is also 
reasonable, as in low SNR, white Gaussian noise dominate the BER error, which can be improved by enhancing 
SNR, while in high SNR, phase estimation error and ISI dominate the BER error, and the estimation error will cause 
even severe ISI, which cause the BER even worse. 
To evaluate the image quality of received vs original images, consider the images shown in Figures 3 & 4. The 
received image through AWGN channel is plotted at SNR = 5, 7 & 9 dB in Figure 3. It can be seen that there are 
some random noises in the images passed through the AWGN channel. In Figure 4, the received images through 
Rayleigh fading channel is plotted at SNR = 9 & 5 dB. We see that other than some random noise and block noise in 
the image, there are some overlaps in the image. This is due to the white Gaussian noise, phase estimation error in a 
coherence time, and ISI caused by frequency selective fading channel. From Figure 4, it can also be observed that 
using the LMS equalizer, the time-variant property of the channel change from estimation result of training data, so 
the image quality is inproved. In summary, it is observed that in AWGN channel, the image is degraded by random 
noise; and in Rayleigh fading channel, the image is degraded by random noise, block noise, and overlap. Also, the 
BER performance is poor in Rayleigh fading channel when compared to AWGN channel. These results obtained 
match the theoretical results. The images adjusted using LMS equalizers have better quality as it corresponds to 
higher PSNR values as obtained in Figure 6. 
 

    
 (a) Original Image (b) 5 dB (c) 7 dB (d) 9 dB 

Figure 3: Effect of AWGN Channel. 
 

    
 (a) 9 dB (b) 9 dB (c) 5 dB (d) 5 dB 

Figure 4: (a), (c) Images received through the Rayleigh fading channel and (b), (d) after adjusted using LMS 
equalisers. 
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(a) (b) 

Figure 5: Theoretical Vs Simulated BER for (a) AWGN and (b) Rayleigh Fading channel. 
 

 
 

Figure 6: PSNR vs SNR for an image of Lena received with and without equaliser. 

4 . Conclusion 

In this paper, the effect of passing an image through two different wireless channels (AWGN and Rayleigh Fading) 
is observed. It is observed that in AWGN channel, the image is degraded by random noise; and in Rayleigh fading 
channel, the image is degraded by random noise, block noise, and overlap. Also, the BER performance is poor in 
Rayleigh fading channel when compared to AWGN channel. We also compare and analysis the improvement of 
quality of received images using LMS equalization in Rayleigh fading channel. This is because a high PSNR value 
is obtained when the noise affected images are adjusted using LMS equalizer. The results obtained match closely to 
the theoretical results.  
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