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Abstract
This work presents the channel noise correction in the presence 
of ISI using Constant Modulus Algorithm (CMA). An analytical 
approach of blind ISI correction based on adaptive algorithm is 
reviewed, highlighting the effects of noise on signal constellation 
and its suppression on minimum mean square error (MMSE) 
technique for a digital communication AWGN channel with QPSK 
modulation scheme.
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I. Introduction
In digital wireless communication, signals suffer from several 
impairments, such as multipath fading as they propagate through 
the channel. The adverse effect of this multipath is the interference 
process known as inter symbol interference (ISI), causing loss of 
pulse shape and carrier phase error. This becomes severe when the 
channel is highly dispersive. Equalization is one of the techniques 
to compensate for such adverse effect and is based on whether 
a training sequence is available or not at the receiver. Recent 
attention has been paid on blind equalization approach in which 
case the complete Channel State Information (CSI) is not readily 
available at the receiver. The blind equalization technique was first 
proposed by Sato [1]. The Constant Modulus Algorithm (CMA) is 
an effective technique for blind estimation of channel conditions 
and was first proposed by Godard [2].The effectiveness of CMA 
depends on the sampling frequency of the modulated signal as 
this is related to the non-minimum phase nature of the received 
signal. The CMA exploits the higher order statistics of the signal. 
It has been found that for the case of discrete-time stationary and 
non-minimum phase signal, the CMA shows convergent results 
[3-4]. Some researches on channel equalization in non-minimum 
phase using signal higher order statistics can be found in [5]. 
Various researchers have studied the statistics of signals (such as 
kurtosis) on the efficient convergence of CMA [6-7]. 
The paper is organized as follows. Section II discusses the blind 
equalization model. The development of CMA algorithms is 
studied in section III. Section IV calculates the equalized signal 
constellation and estimation of the error rate. Finally conclusions 
are drawn in section V.

II. Blind Equalization Model
In blind ISI correction, the training sequence is not used and the 
output signal at the receiver is determined by the probabilistic 
and statistical properties of the input signal. Many signals have 
constant modulus property and if they are corrupted by noise, this 
property is lost. CMA is a well known technique that is used in 
blind equalization; it also defines a cost function to estimate the 
channel noise in the received signal. Higher the cost function, larger 
would be the noise in the received signal [4,8]. The received signal 
amplitude may not be the same as that of the transmitted signal. 
At the same time, noise contamination and channel dispersion 

degrades the signal quality, which is corrected in an equalizer. 
The received signal with noise can be represented as

x = as1 + n     (1)

where, s1 is the input signal with energy |s1| =1, and n is the 
noise in the received signal and  is a constant depending on the 
channel fading.
The receiver weight vector f (of the equalizing filter) can be given 
as:

y = f H x      (2) 
    
where |y|=1 by [9] and y is considered as the cost function. 
The magnitude square of the error e(n) is defined as [4], [9], 
[10]

e2 (n)= (|ŷ|2 - F)2     (3)

where,  y is the cost function at the receiver already defined with 
|y| =1 by [9]. The function

     (4)

is the real constant parameter determined by signal ‘x’ [10], and 
is the Kurtosis of signal  . Equalization is attained by updating 
the weights of the equalizer filter in an iteration scheme based on 
Kurtosis computation [11].

The expression for the updated equalizer coefficients is given 
by

f (n+1) = f (n) - μxe' (n)    (5)
where
e' (n) = (|y|2-1) y     (6)

In the above expression, e(n) is the error function and e´ (n) denotes 
the complex conjugate of e(n). Upon combining both the equations 
(5) and (6), we get

f (n+1) = f(n) - μx (|y|2-1)y    (7)

Fig. 1: Blind Equalizer Model

where µ is the constant of adjustment [9]. In equations(3) and (6), 
we have taken the symbol statistics F = 1.
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The blind equalization model is depicted in fig. 1. The equalization 
is based on adaptive algorithm. An adaptive filter is a digital filter 
with self-adjusting characteristics, as shown in fig. 2. Based on 
the input signal  at the k th instant, the digital filter coefficients are 
modified by the use of an adaptive algorithm. The main purpose 
of modifying the adaptive filter coefficients is to make a correct 
estimate of the input signal. The weights are so adjusted that the 
estimate is very close to the input signal [7]. 

Fig. 2: Adaptive Filter

III.  Constant Modulus Algorithm
Firstly, the adaptive filter coefficients are initialized by a specific 
weight and then error and cost functions are calculated. If calculated 
error is less than minimum specified error, then final output is 
calculated otherwise the weight is updated and again the whole 
process is repeated for the calculation of error and cost function. 
This process is repeated till the value of calculated error becomes 
less than the minimum specified error.
The flowchart for Constant Modulus Algorithm is as follows:

Fig. 3: Flowchart for CMA

IV. Results and Discussions
This section verifies the behavior of the system with the proposed 
algorithm by implementing the equations (2) and (7) in Mat-
lab platform. Test for equalizing QPSK signals were made. The 
QPSK signal constellations of the transmitted symbol, received 
symbol and equalized symbol are shown in fig. 4(a), (b), (c), 
respectively.

Fig. 4(a): Constellation of Transmitted Signal

Fig. 4(b): Signal Constellation of Received Symbols Which are 
Corrupted by Noise and ISI

Fig. 4(c): Signal Constellation After Equalization and Applying 
CMA

Fig. 4: Study of received signal by signal constellation. 3(a): 
Constellation of the transmitted signal. 3(b): Signal constellation 
of the received symbols which are corrupted by noise ISI. 3(c): 
Signal Constellation after equalization and applying CMA.
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Fig. 5: Error Signal

The convergence of the error signal. The plot shows convergence 
for the number of samples studied here.

V. Conclusions
The signal degradation by AWGN in wireless channel is studied 
for QPSK transmitted signal. The effects of noise and ISI are 
removed in equalizer following CMA technique. The convergence 
of the error signal is also studied.
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