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Abstract 
The nature of future wireless applications requires high data rates and for this OFDM technique is 

used. OFDM stands for orthogonal frequency division multiplexing and is a type of multi-carrier 
transmission where all the subcarriers are orthogonal to each other. At high data rates, the channel 
distortion to the data is very important and it is somewhat impossible to recover the transmitted data with a 
simple receiver. So a complex receiver structure is needed which uses computationally expensive 
equalization and channel estimation algorithms to estimate the channel. These estimations can be used 
within the received data to recover the originally transmitted data. OFDM can simplify the equalization 
problem by changing the frequency-selective channel into a flat channel. The radio channels in mobile 
radio systems are usually multipath fading channels that results in intersymbol interference (ISI) in the 
received signal. To remove ISI from the signal, many kind of equalizers can be used. The need for 
equalizers arises from the fact that the channel has amplitude and phase dispersion which results in the 
interference of the transmitted signals with one another which is known as ISI .So, to solve this problem 
equalizers are designed. Equalizer is intend to work in such a way that Bit Error Rate (BER) should be low 
and Signal-to-Noise Ratio (SNR) should be high. An equalizer within a receiver compensates for the 
average range of expected channel amplitude and delay characteristics. This paper deals with the various 
equalization techniques (LMS, RLS and CMA) used for OFDM system .A comparative analysis of different 
equalization technique in terms of BER is done using MATLAB Simulink. 

 
Keywords: wireless, intersymbol interference (ISI), equalizer, bit error rate, signal to noise ratio (SNR), 

matlab, multipath 

 
Copyright © 2016 Institute of Advanced Engineering and Science. All rights reserved. 

 
 
1. Introduction 

Multimedia services like audio, video and text requires very high data rate and for this 
OFDM system is used. In digital communications, the equalizer's purpose is to reduce 
intersymbol interference (ISI) to allow recovery of the transmit symbols. The equalizer is the 
most expensive component of a data demodulator and it can consume over 80% of the total 
computations needed to demodulate a given signal [1].  

The digital transmission system provides higher reliability in noisy environment in 
comparison to the analog transmission. But sometimes the digital information, i.e. the 
transmitted pulses is smeared out so that pulses corresponding to different symbols are not 
separable, and this phenomenon is known as inter-symbol interference (ISI) [1]. As the  channel 
has amplitude and phase dispersion that results in the interference of the transmitted signals 
with one another . So, in order to solve this problem equalizers are designed. Equalizer is meant 
to work in such a way that Bit Error Rate (BER) should be low and Signal-to-Noise Ratio (SNR) 
should be high [9]. Equalizer gives the inverse of channel to the received signal and 
combination of channel and equalizer gives a flat frequency response and linear phase. The 
noise performance of static equalizer is not very good. Most of the times the transmission 
system’s transfer functions are not known. Also, the channel’s impulse response may vary with 
time. This results in difficulty in designing the equalizers. So, mostly preferred scheme is 
adaptive equalizers. An adaptive equalizer is an equalization filter that automatically adapts to 
time-varying properties of the communication channel. It is a filter that self-adjusts its transfer 
function according to an optimizing algorithm. Adaptive algorithms are used in the fields of 
biomedical, image processing, communication signal processing and many more [2]. Figure 1 
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shows the block diagram of an adaptive equalizer, where Random Noise Generator (1) provides 
the input signal and Random Noise Generator (2) provides additive white noise to corrupt the 
channel output. The adaptive equalizer performs the task of correcting the distortions produced 
by channel in presence of additive white noise. 

 
 

 
Figure 1. Block Diagram of Adaptive Equalizer 

 
 

The equalizers are divided into two groups linear and non-linear, based on their 
implementation and performance. Linear equalizers are conceptually and computationally 
simple, while non-linear equalizers are complex and computationally intensive [4]. The cost of 
linear equalizers is less. On the other hand, non-linear equalizers are more complex, but they 
offer superior performance.  
 
 
2. Types of Equalizer  

Equalizer is used to reduce the intersymbol interference (ISI) at the receiver side. It can 
be classified as: 

1) LMS Equalizer 
Least mean squares (LMS) algorithms are a class of adaptive filter used to mimic a 

desired filter by finding the filter coefficients that relate to producing the least mean squares of 
the error signal (difference between the desired and the actual signal). The LMS Linear 
Equalizer block uses a linear equalizer and the LMS algorithm to equalize a linearly modulated 
baseband signal through a dispersive channel. During the simulation, the block uses the LMS 
algorithm to update the weights, once per symbol. When you set the Number of samples per 
symbol parameter to 1, then the block implements a symbol-spaced (i.e. T-spaced) equalizer. 
When you set the Number of samples per symbol parameter to a value greater than one, the 
block updates the weights once every N

th
 sample for a T/N-spaced equalizer [5]. 

2) RLS  equalizer 
The Recursive least squares (RLS) is an adaptive filter which recursively finds the 

coefficients that minimize a weighted linear least squares cost function relating to the input 
signals. This is in contrast to other algorithms such as the least mean squares (LMS) that aim to 
reduce the mean square error. In the RLS Linear Equalizer block uses a linear equalizer and the 
RLS algorithm to equalize a linearly modulated baseband signal through a dispersive channel. 
During the simulation, the block uses the RLS algorithm to update the weights, once per 
symbol. When you set the Number of samples per symbol parameter to 1, then the block 
implements a symbol-spaced (i.e. T-spaced) equalizer and updates the filter weights once for 
each symbol. When you set the Number of samples per symbol parameter to a value greater 
than 1, the block updates the weights once every N

th
 sample, for a fractionally spaced (i.e. T/N-

spaced) equalizer. 
3) CMA 
CMA stands for constant modulus algorithm. The CMA Equalizer block uses a linear 

equalizer and the constant modulus algorithm (CMA) to equalize a linearly modulated baseband 
signal through a dispersive channel. During the simulation, the block uses the CMA to update 
the weights, once per symbol [10]. If the Number of samples per symbol parameter is 1, then 
the block implements a symbol-spaced equalizer; otherwise, the block implements a fractionally 
spaced equalizer [6]. 

 

https://en.wikipedia.org/wiki/Adaptive_filter
https://en.wikipedia.org/wiki/Adaptive_filter
https://en.wikipedia.org/wiki/Weighted_least_squares
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https://en.wikipedia.org/wiki/Least_mean_squares
https://en.wikipedia.org/wiki/Mean_square_error
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3. Proposed Model 
The model of OFDM using various equalizers is shown below in Figure 2. 

 
 

 
Figure 2. Proposed OFDM Model using Various Equalizer (LMS/RLS/CMA) for Different Digital 

Modulation 
 
 

In this proposed work, the data is generated using Random integer and then integer to 
bit converter is used. After this the output of the converter is modulated by using digital 
modulation technique (BPSK, QPSK and QAM). Inverse fast Fourier transform is performed on 
the modulated signal and then the output of the IFFT is passed through multipath Rayleigh 
channel. The output of the channel is passed through various equalizer (LMS, RLS and 
CMA)[14]. Fast Fourier transform is performed on the equalized output and then it is 
demodulated .The demodulated output is passed through error rate calculator to determine the 
value of BER.The BER value is calculated for various equalization technique (LMS, RLS and 
CMA).A comparative analysis of BER is done for various equalization technique. 

 
 

4. Simulink Results and Analysis 
The proposed model of OFDM using LMS, RLS and CMA equalization techniques are 

simulated using Matlab Simulink. The simulation parameters are given below: 
Modulation- BPSK, QPSK and QAM 
Equalizer- LMS, RLS and CMA 
Fading channel- Multipath Rayleigh, AWGN 
The BER results using LMS, RLS and CMA equalizer for OFDM based BPSK system 

are shown in Figure 3-5. 
 

 
  Figure 3. BER Analysis of LMS Equalizer for BPSK based OFDM System  
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Figure 4. BER Analysis of RLS Equalizer for BPSK based OFDM System 

 
 

Figure 5. BER Analysis of CMA Equalizer for BPSK based OFDM System 
 
 

The BER calculation for various equalization is shown in Table 1. 
 
 

Table1 BER Results of LMS, RLS and CMA Equalizer for OFDM System 
Equalization OFDM based BPSK 

system 
OFDM based QPSK 
system 

OFDM based QAM 
system 

LMS 0.845 0.909 0.878 
RLS 0.848 0.878 0.934 
CMA 0.818 0.939 0.878 

 
 

From Table 1, the results shows that CMA equalizer has better BER results as 
compared to LMS and RLS equalizer and the bar char representation is represented in Fig. 
6.The BER result of BPSK based OFDM system using CMA equalizer has least value as 
compared with QPSK and QAM based OFDM system. The BER calculation using LMS 
equalizer has better results as compared to RLS equalizer. So to model OFDM system using 
CMA equalizer is preferred over LMS and RLS equalizers. 
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Figure 6. BER Analysis of Various Equalization Techniques for OFDM System 
 

 
5. Conclusion 

OFDM technique is widely used in wireless communication because of its very high 
data rate [11]. The performance of OFDM can be further enhanced by using various channel 
equalization methods such as LMS, RLS and CMA. The simulink results shows that the CMA 
equalizer in OFDM based BPSK system results in minimum value of BER as compared with 
LMS and RLS equalizer. The BER results are better in LMS than RLS .So CMA equalizer is 
used to enhance the performance of OFDM system.   
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