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Abstract
Communication is an integral part of our life in which wireless 
digital communication is playing a dominant role. Many 
difficulties like inter-symbol interference are faced in this kind 
of communication. To combat channel distortions caused by 
this interference, a number of adaptive filtering techniques have 
been developed. In this paper we describe one simple solution 
for improving the performance of communication system under 
conditions of inter-symbol interference. Presented structure of 
gain controlled adaptive equalizer is characterized with low 
complexity.
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I. Introduction
Communication is a process whereby information is enclosed 
in a package and is channeled and imparted by a sender to a 
receiver via some medium. The receiver then decodes the message 
and gives the sender a feedback [1]. The communication channel 
connects transmitter over telephone lines, microwave links, optical 
fiber cable, etc. The transmitter comprises amplifier, modulator, 
oscillator, filter circuits to perform necessary signal processing 
operation such that information signal gets modulated in a form 
ready to be transmitted over long distance transmission lines. 

Fig. 1: The Basic Communication Model

The receiver consists of demodulator circuit, rectifier and filter 
circuits. Thus receiver extracts the information from the carrier 
by demodulator process. Thus useful information is conveyed to 
receiver of the end user. When the signals are transmitted over a 
communication channel then they are distorted because of various 
channel imperfections. Accurate estimation of the communication 
channel greatly affects the performance of communication systems 
operating over the medium. The signal transmitted over a channel, 
such as the fading channel, is affected by many distortions that 
result in both amplitude and phase fluctuations. Furthermore, the 
delay spread of the channel introduces inter symbol interference 
(ISI) to the received signal, which is one of the major obstacles to 
reliable and high-speed data transmission. Channel equalization 
is the process of compensating for the negative effect of the 
channel on the transmitted signal and removing the resulting ISI 
[2]. To achieve this goal the equalizer uses an estimate of the 
channel frequency response; however the fading channel varies 
throughout the transmission cycle, requiring the equalizer to 

learn the frequency response in an adaptive fashion to be able 
to continuously mitigate the negative effect of the channel. The 
existing channels equalization techniques like Fractionally Spaced 
Adaptive Equalizer (FSE), Blind Equalization, Decision-Feedback 
Equalization, Linear Phase Equalizer, T-Shaped Equalizer, Dual 
Mode Equalizer and Symbol Spaced Equalizer, the Gain Controlled 
Adaptive Equalizer shows better performance.
The rest of this paper is organized as follows. In section II, A 
Gain controlled Adaptive Equalizer has been implemented using 
MATLAB and System Generator. In section III, The performance 
of the proposed Gain controlled Adaptive Equalizer has been 
evaluated and compared with Conventional Equalizer using signal 
constellation.

II. System Generator Model for Adaptive Equalizer
Gain controlled Adaptive Equalizer  operating on a 16-QAM data 
source with noise and filtering introduced in the channel model. 
The  Adaptive Equalizer operates based on RLS algorithm . This 
model uses a standard constellation as a training sequence. The 
adaptive algorithm does work to minimize errors, hence adjusts 
the constellation correct. Performance of both the equalizer 
Gain controlled Adaptive Equalizer and Conventional Equalizer 
have been evaluating using same convergence parameter. 
The implementation can be broken down into three main 
stages: transmitter, channel and receiver. The modulation and 
demodulation stages are comprised of several distinct subsystems. 
16-QAM Baseband signal is generated using programmable 
digital signal processing techniques. This baseband signal is 
then passed through a channel. When the signals are transmitted 
over a communication channel then they are distorted because of 
various channel imperfections [3]. The System Generator model 
for proposed gain controlled Adaptive Equalizer has been shown 
in fig. 1.  

          
Fig. 2: System Generator Implementation of QAM Demodulator 
with Gain Controlled Adaptive Equalization
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In the receiver, after the signal is contaminated by noise, it 
down converted to IF and then sampled and processed using 
programmable digital signal processing techniques. The IF input 
signal while the sampling frequency used in the proposed receiver 
model so, under-sampling technique plays the main role in the 
receiver stage. A fundamental part of many communication systems 
is the digital down converter. This allows a signal to be shifted 
from its carrier (or IF) frequency down to baseband. The sampled 
IF signal is down converted to its baseband through a Digital 
Down Converter (DDC) works by first shifting the bandwidth of 
interest to baseband by multiplying the received signal by a close 
approximation to the original carrier. This work is based on the 
simplified mathematical principle. There is a technique known 
as bandpass sampling used to sample a continuous bandpass 
signal that is centered about some frequency other than zero HZ. 
When a continuous input signal’s bandwidth and center frequency 
permit us to do so, bandpass sampling not only reduces the 
speed requirement of A/D converters below that necessary with 
traditional low-pass sampling; it also reduces the amount of digital 
memory necessary to capture a given time interval of a continuous 
signal. The demodulation section is by far the most complicated 
part of the QAM model. The demodulator must detect the phase 
and amplitude of the signal, decode the symbol based on the phase 
and amplitude and then finally convert the data back to a serial 
stream. In order to complete the demodulation, Gain controlled 
Adaptive Equalizer is used to improve the system performance 
and reduce the error in phase [4].

III. Simulation Results
In this section, Simulation results are given for the QAM system 
using Gain controlled Adaptive equalizer and Conventional 
Equalizer.

A. Constellation Diagram
A constellation diagram is a representation of a signal modulated 
by a digital modulation scheme such as Quadrature Amplitude 
Modulation (QAM). It displays the signal as a two-dimensional 
scatter diagram in the complex plane at symbol sampling instants. 
In a more abstract sense, it represents the possible symbols that 
may be selected by a given modulation scheme as points in the 
complex plane. Measured constellation diagrams can be used to 
recognize the type of interference and distortion in a signal. In 
the fig. 3, the Constellation diagram of the transmitted signal is 
free from ISI and noise and this signal is transmitted via channel 
without any error. 

Fig. 3: Constellation of Transmitted Signal

Upon reception of the signal, the demodulator examines the 
received symbol, which may have been corrupted by the channel 
or the receiver noise (Additive White Gaussian noise). It selects, 
as its estimate of what was actually transmitted, that point on 
the constellation diagram which is closest to that of the received 
symbol. Thus it will demodulate incorrectly if the corruption has 
caused the received symbol to move closer to another constellation 
point than the one transmitted.
Constellation diagram of received baseband 16-QAM signal has 
been shown in Fig.4. Here, received signal suffer from phase error 
due to noise and channel distortion. 

Fig. 4: Constellation of Un-Equalized Signal

In order to solve this problem,  the   Adaptive Equalizer (variable 
tap coefficient)  has been implemented using MATLAB and System 
Generator. A digital signal traveling through the transmission 
medium gets distorted and the goal of the equalizer is to 
eliminate the effect of channel distortions, resulting in significant 
performance gains. In order to make the signal free from non 
linear clutters , we use an embedded matlab programme in order 
to control the gain and to improve the system performance and 
reduced the error in phase. This is clearly shown in Fig.5, which 
represents the constellation diagram of signal after gain controlled 
equalization.

 Fig. 5: Constellation of Gain Controlled Equalized Signal
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Fig. 6: Constellation of  Equalized  Signal

From the above constellation fig. 5 and fig. 6, it is concluded 
that gain controlled adaptive equalizer  gives better performance 
than Conventional Equalizer. In case of Conventional Equalizer, 
ISI is reduced but upto some extent and it gives most widely 
distributed output. On the contrary, ISI is reduced more in case 
of Gain controlled Adaptive equalizer and output performance  
is almost same as that of transmitted signal. Also Constellation 
of the gain controlled adaptive equalizer is more concentrated 
and clear.

IV. Conclusion and Future Scope
Equalization is a key issue for QAM demodulator. Both performance 
and hardware complexity need to be taken into consideration. In 
this paper, A gain efficient equalizer has been proposed. Because 
gain controlled adaptive equalizer has better performance than 
Conventional Equalizer. Software based implementation approach 
(VHDL) has made it easy to change system parameter, debug and 
test it easily. Compared to other design, this design has simple 
hardware implementation with a reasonable performance. The 
performance of proposed equalizer can be further improved
by using modern adaptation and optimization algorithms like 
Particle Swarm Optimization, Simulated Annealing and Genetics 
algorithm. Also, the adaptation stage of the equalizer can be 
improved by using Neural Networks.
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