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Abstract 

 In recent years, many equalization 

techniques have been studied such as Fractionally 

Spaced Adaptive Equalizer, Blind Equalization, 

Decision-Feedback Equalization, Linear Phase 

Equalizer and Symbol spaced Equalizer, but 

Fractionally Spaced Adaptive Equalizer is the best 

technique to compensate the distortions and mainly 

the  inter-symbol interference and it show fast 

convergence. The Bit Error Rate is also applaudable. 

The Fractionally Spaced Adaptive Equalizer provides 

better results over Conventional Equaliser. So it is 

used for channel estimation. 

Any digital signal gets distorted  when 

passed through a medium during the process of 

communication. An equalizer is used to null the effect 

of this distortion.  A proposed Fractionally Spaced 

Adaptive Equalizer is implemented using MATLAB 

and Sys Generator. By the results obtained from the 

thesis, it has been concluded that proposed 

Fractionally Spaced Adaptive Equalizer takes less 

space as well as consume less power. By comparing 

the constellation diagrams of both the equalizers, it 

has been observed that the constellation diagram of 

the proposed Fractionally Spaced Adaptive Equalizer 

is more concentrated and clear but Conventional 

Equalizer gives most widely distributed output. The 

eye pattern of FSE is also clear and shows more 

efficiency. Also, for a given value of Signal-to-Ratio, 

the Bit Error Rate of proposed Fractionally Spaced 

Adaptive Equalizer is less. It uses LMS algorithm 

instead of RLS algorithm. LMS algorithm is slower 

than RLS but it has more efficiency as well as it gives 

an output that is easily achievable. Proposed 

Fractionally Spaced Adaptive Equalizer shows better 

performance in case of convergence too. FSE can 

also be used with all other type of modulations 

techniques like BPSK , QPSK, etc. 
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I. INTRODUCTION 

Communication is a process by which and 

information is sent by a transmitter, it goes through a 

channel of propagation of information and is received 

by the receiver at the other end. An input transducer 

is applied before the transmission of data over the 

medium(also known as channel) to convert the signal 

into the required form and output transducer is 

applied to convert the signal to its original 

form .When the signals are transmitted over a 

communication channel then they are distorted 

because of various channel imperfections like linear 

distortion, channel nonlinearities, distortion caused 

by multipath effect, channel fading.   

Multi-path effect means that signals transmitted 

from a transmitter take different paths to reach the 

receiver as they have multiple copies.Thus, at the 

receiver, the received signals should be the sum of all 

these multi-path signals. Because the paths traversed 

by these signals are different, some are longer and 

some are short.If signals are in phase, they will 

intensify the resultant signal else the resultant signal 

is weakened. This is called channel fading. ISI or 

intersymbol Interference also has the same cause. 

Since all of these paths are of different lengths and 

some of these effects will also slow the signal 

down,Hence the time  taken by all the copies of the 

signal will not be the same.This means that part or all 

of a given symbol will be spread into the subsequent 

symbols, thereby interfering with the correct 

detection of those symbols. Additionally, the various 

paths mostly distort the amplitude or phase of the 

signal thereby causing further interference with the 

received signal. 

To mitigate this problem of distortion, equalizers 

are used. The design of the communication system 

depends on the assumption of the channel transfer 

function .But, in most of the digital communications 

applications, the channel transfer function is not 

known at enough level to incorporate filters to 

remove the channel effect at the transmitters and 

receivers. Also, these channels’ transfer functions 

vary with time. So it is not possible to use an 

optimum filter for these types of channels.  

 

 

International Journal of Engineering Research & Technology (IJERT)

Vol. 1 Issue 6, August - 2012

ISSN: 2278-0181

1www.ijert.org



 

But an equalizer gives the inverse of channel to the 

Received signal and combination of channel and 

equalizer gives a flat frequency response and linear 

phase. 

 

  

 
        Fig. 1  Overall Response of an Equalizer 
 

 

II. OBJECTIVES 

From the above mentioned issues, the following 

objectives had been proposed: 

 To study the effect of channel impairments on 

the performance of a communication system. 

  To study various channels equalization 

techniques and compare FSE with 

conventional equaliser. 

 To implement a Fractionally Spaced Adaptive 

Equalizer using system generator. 

 To calculate the resources utilised by the 

Fractionally Spaced Adaptive Equalizer for an 

FPGA. 

 To calculate the power consumption by the 

proposed design. 

III. METHODOLOGY 

Various parameters of Fractionally Spaced 

Adaptive Equalizer are optimized by implementing 

the optimization algorithm in MATLAB and System 

Generator from Xilinx. Simulation platforms have 

been developed using MATLAB and 

SIMULINK.The performance of both the techniques 

have been evaluated and compared based on their 

Frame Error Rate Performance. Proper constellation 

diagrams and eye patterns are developed to compare 

the two equalizing techniques and then resource 

utilisation and power consumption of the FSE is 

calculated.  

Following steps are taken to achieve the objectives: 

 Design the full simulation model of the 

process of FSE and conventional equalizer 

using simulink in MATLAB. 

 Add model parameters as needed. 

 Add scopes or sinks for desired constellation 

diagrams. 

 Run the simulation and check output graphs as 

well as the BER to compare the two. 

 Generate the VHDL code using MATLAB. 

 Synthesize the code in Xilinx to calculate 

resource utilization and power consumption.  
 

IV. RESULTS OBTAINED 

It is clear from the BER and the constellation 

diagrams that FSE is far better than the conventional 

equalizer. 

            

 
Fig. 2 Constellation diagram of the Input Signal 

 
Fig.3 Constellation diagram of the Input Signal 
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Fig. 4 Constellation diagram of the Distorted Signal 
 

 

  Fig. 5 Constellation diagram of the FSE Signal 
 

Fig 2 Shows that the BER for FSE is 0.06278 and for 

the Conventional equalizer is 0.1265 (SNR=40 for 

both). Hence nearly half of  the conventional 

equalizer.  

Fig 7 and Fig 8 shows that FSE just uses 3% of the 

space of FPGA slice flip-flops and consumes only 

178 mW of power. 

 
Fig .6 Constellation diagram of the FSE Signal 
 

 
Fig .7 Resource Utilisation of  the FSE Signal on FPGA 

 

 

Fig 8.Power Consumption of  the FSE Signal on FPGA 

 
 

 

V. CONCLUSION 

By doing the simulations and synthesize with the 

FSE technique using MATLAB and System 

Generator. By the results obtained from this thesis, it 

has been concluded that proposed Fractionally 

Spaced Adaptive Equalizer shows better performance 

than Conventional Equalizer. By comparing the 

constellation plot of both the equalizer it has been 

observed that the constellation of the proposed 

Fractionally Spaced Adaptive Equalizer is more 

concentrated and clear but Conventional Equalizer 

gives most widely distributed output.  
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