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Abstract
A digital signal traveling through the transmission medium is 
distorted and the goal of the equalizer is to eliminate the effect of 
channel distortions, resulting in significant performance gains. 
Adaptive equalizer is a key deuce in modern data communication 
systems. It is capable of increase data transmission rates 
in modern digital radio communications systems. With the 
rapid development of the radio communications, adaptive 
equalization techniques become the study focus of many 
engineers. In this paper channel estimation using both 
the proposed Fractionally Spaced Adaptive Equalizer and 
Conventional Equalizer is represented and investigated. 
According to the computer simulation results, the performance 
of the proposed Fractionally Spaced Adaptive Equalizer is shown 
to have better performance than Conventional Equalizer when 
facing with nonlinear distortion. These accurate experiments 
conducted in Virtex-II FPGA board kit have shown a promising 
foundation for developing coding, algorithms in 16-QAM 
modulation scheme.
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I. Introduction
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 [4]. 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 Fractional Spaced Adaptive 
Equalizer shows better performance.
The rest of this paper is organized as follows. In section II, A 
Fractionally Spaced Adaptive Equalizer has been implemented 
using MATLAB and System Generator. In section III, The 
performance of the proposed Fractionally Spaced Adaptive 
Equalizer has been evaluated and compared with Conventional 
Equalizer using signal constellation, individual response of 
channel and equalizer and their combined response. In section 
IV, hardware description code for the proposed Fractionally 
Spaced Adaptive Equalizer has been generated using System 

Generator and the proposed Fractionally Spaced Adaptive 
Equalizer has been implemented on the Virtex-II Field 
Programmable Gate Array using Xilinx Integrated System 
Environment (ISE 9.2i) software for resource calculation. The 
conclusion along with future research directions have been 
discussed in section V.

II. System Generator Model for the Proposed Fractionally 
Spaced Adaptive Equalizer
Fractionally Space Adaptive Equalizer (FSE) operating on a 
16-QAM data source with noise and filtering introduced in the 
channel model. The Fractionally Spaced Adaptive Equalizer 
operates based on LMS algorithm and uses a 32-tap filter. 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 Proposed Fractionally Spaced Adaptive Equalizer 
and Conventional Equalizer have been evaluating using same 
convergence parameter i.e. Mu and its value is 0.5.
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 
[5]. The System Generator model for proposed Fractionally 
Spaced Adaptive Equalizer has been shown in Fig. 1.

Fig. 1: System Generator implementation of QAM demodulator 
with FSE

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 
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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, Fractionally Spaced Adaptive 
Equalizer (variable taps coefficients using LMS Algorithm) is 
used to improve the system performance and reduce the error 
in phase [6].

III. Simulation Results
In this section, Simulation results are given for the QAM system 
using FSE and Conventional Equalizer.

A. Constellation Diagram 
In the Fig. 2, the Constellation diagram of the transmitted signal 
is free from ISI and noise and this signal is transmitted via 
channel without any error.      

Fig. 2: Constellation of the 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. 3. Here, received signal suffer from 
phase error due to noise and channel distortion.                                  

Fig. 3: Constellation of the Un-Equalized Signal 

In order to solve this problem, both the equalizers Fractionally 
Spaced Adaptive Equalizer (variable tap coefficient) and 
Conventional Equalizer are used to improve the system 
performance and reduced the error in phase. This is clearly 
shown in Fig. 4 and Fig. 5 which represents the constellation 
diagram of signal after equalization.

  
Fig. 4: Constellation of the Fractionally Spaced Equalized 
Signal
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Fig. 5: Constellation of the Conventionally Equalized Signal

From the above constellation Fig.s 4 and 5, it is concluded that 
FSE 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 FSE and output 
performance of FSE is almost same as that of transmitted 
signal. Also Constellation of the FSE is more concentrated and 
clear. 

B. Channel and Equalizer Response 
Fractional Spaced Equalizer is intended to remove the effect of 
channel nonlinearities from the received signal, in particular the 
inter-symbol interference (ISI). Hence, its frequency response 
should inverse to that of the channel. This can be easily verified 
from the Fig. 6

Fig. 6: Magnitude Spectrum of FSE, channel and combined 
system

Fig. 6. shows the frequency response of channel and Fractional 

Spaced Adaptive Equalizer and combined response of 
channel and proposed equalizer gives an approximately linear 
response.

IV. FPGA Implementation         
FPGAs have experienced extensive architectural innovations 
in the past several years. Advanced process technology has 
enabled the development of high density devices that are 
extremely well suited to the needs to high-performance real-
time signal processing.
Virtex-II Field Programmable Gate Array (FPGA) implementations 
for proposed Fractionally Spaced Adaptive Equalizer (FSE) has 
been discussed in this section. The simulation test results 
shows that inter-symbol interference has been reduced more 
effectively by using   proposed Fractionally Spaced Adaptive 
Equalizer (FSE); these accurate experiments conducted in 
Virtex-II FPGA board kit have shown a promising foundation 
for developing coding, algorithms in 16-QAM demodulation 
scheme [7]. 

A. Xilinx FPGA Design Flow
The basic flow for designing with most every FPGA is illustrated 
in Fig.7 [8]. This flow also illustrates the software tools 
used specifically for the Xilinx FPGA design. Xilinx owns and 
maintains a complete tool set for the entire FPGA design flow. 
Essentially, all of its tools are integrated under one umbrella 
called the Integrated Software Environment (ISE) package. 
Simulation and testing of the 16-QAM receiver were done using 
System Generator, a system level modeling tool from Xilinx. 
The ISE design flow comprises the following steps: design 
entry, design synthesis, design implementation, and Xilinx 
device programming. Design verification, which includes both 
functional verification and timing verification, takes places at 
different points during the design flow.

Fig. 7. System Generator based FPGA design flow

B.  Resource Utilization                                                                                                         
After testing model on simulation, the simulation design is 
compiled to ISE file before generating the programming file, 
bit file. Table 1 show the resources used in this model which 
just takes a small part in Xilinx Virtex-II Kit. 
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Table 1: Device Utilization Summary of Xilinx FPGA
Logic 
Utilization

Used Available

Number of 
Slice Flip 
Flops

2,232 67,584 3%

Number of 4 
input LUTs

1,070 67,584 1%

Logic 
Distribution
Number of 
occupied 
Slices

1,746 33,792 5%

Total Number 
of 4 input 
LUTs

1,981 67,584 2%

Number of 
bonded IOBs

133 684 19%

Number of 
MULT18X18s

24 144 16%

Number of 
GCLKs

1 16 6%

Total 
equivalent 
gate count for 
design

168,129

Additional 
JTAG gate 
count for IOBs

6,384

Table 1 show that how much logic resource of FPGA is used 
to implement the whole system, and as shown in the table 
utilization of every item to implement the system is almost 
below 40%. It means that one can select a smaller and cheaper 
FPGA to further reduce the cost, or one can also build up 
an Intellectual Properties (IP) into FPGA to implement more 
sophisticated control algorithm.

V. 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, an area efficient equalizer has 
been proposed. Because fractionally spaced 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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