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Abstract- A latest Digital Communication system incorporates short training time and has high tracking rate with an 
application of channel equalizer. Various Equalization techniques provide balance for the time dispersion which is produced 
by communication channels and conflict the generated inter-symbol interference (ISI) effect. If we are provided with a 
channel of unknown impulse response, the main responsibility of an adaptive equalizer is to work on the channel output in 
such a way that the cascade connection of the channel and the equalizer provides an approximation to an ideal transmission 
medium. Generally, an initial training period is required by all the adaptive equalizers which are used in digital 
communications during this training period the known sequence of data is transmitted. The same sequence is also made 
available at the receiver terminal in proper synchronization with the transmitted data this makes it feasible for the filter to 
adjust the coefficients in accordance with the adaptive filtering algorithm used in the equalizer design. We have provided 
various methods that are incorporated in adaptive equalization techniques as an analysis in this paper. 
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I. INTRODUCTION 
 
Wireless Technology has become in an extensive use 
during the past few years. New dimension of future 
growth has been opened up in this area in terms of 
multimedia communication which is not dependent 
on location, also high speed data rate is one of the 
most demanding feature in this technique. To achieve 
such challenges, the next generation personal 
communication networks will needed. This will 
support a wide range of services that includes high 
quality voice, data, facsimile, still pictures and 
streaming video. These future services need very high 
transmission rates of several Mega bits per seconds 
(Mbps). The data rate and spectrum efficiency of 
wireless mobile communications have been 
significantly improved over the last decade or so. 
Recently, the advanced systems such as 3GPP LTE 
and terrestrial digital TV broadcasting have been 
sophisticatedly developed using OFDM and CDMA 
technology. In general, most mobile communication 
systems transmit bits of information in the radio 
space to the receiver. The radio channels in mobile 
radio systems are usually multipath fading channels, 
which cause inter-symbol interference (ISI) in the 
received signal. To remove ISI from the signal, there 
is a need of strong equalizer which requires 
knowledge on the channel impulse response (CIR).[1] 
Equalization techniques which can combat and/or 
exploit the frequency selectivity of the wireless 
channel are of enormous importance in the design of 
high data rate wireless systems.  
             Hence, there is a need for the development of 
novel practical, low complexity equalization 
techniques and for understanding their potentials and 
limitations when used in wireless communication 
systems characterized by very high data rates, high 

mobility and the presence of multiple antennas.[10] 
In radio channels, a variety of adaptive equalizers can 
be used to cancel interference while providing 
diversity. Since the mobile fading channel is random 
and time varying, equalizers must track the time 
varying characteristics of the mobile channel, and 
thus are called adaptive equalizers. The general 
operating modes of an adaptive equalizer include 
training and tracking. First, a known, fixed-length 
training sequence is sent by the transmitter so that the 
receiver’s equalizer may adapt to a proper setting for 
minimum bit error rate (BER) detection. The training 
sequence is typically a pseudorandom binary signal 
or a fixed, prescribed bit pattern. 
 
Immediately following this training sequence, the 
user data (which may or may not include coding bits) 
is sent and the adaptive equalizer at the receiver 
utilizes a recursive algorithm to evaluate the channel 
and estimate filter coefficients to compensate for the 
distortion created by multipath in the channel. The 
training sequence is designed to permit an equalizer 
at the receiver to acquire the proper filter coefficients 
in the worst possible channel conditions( e.g., fastest 
velocity, longest time delay spread, deepest fades, 
etc.) so that when the training sequence is finished, 
the filter coefficients are near the optimal values for 
reception of user data. As user data are received, the 
adaptive algorithm of the equalizer tracks the 
changing channel. As a consequence, the adaptive 
equalizer is continually changing its filter 
characteristics over time. When an equalizer has been 
properly trained, it is said to have converged. The 
time span over which an equalizer converges is a 
function of the equalizer algorithm, the equalizer 
structure, and the time rate of change of the multipath 
radio channel.[3] 
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Figure1. Basic structure of Communication system with 

Equalizer 
 
Linear equalization is a process of linear filtering of 
the distorted signal by a finite impulse response (FIR) 
filter, or transversal filter. In this work, a 10 tap linear 
equalizer was implemented in the form of a feed 
forward transversal filter as shown in Fig. 3. The 
authors of this paper have found that by increasing 
the number of taps, no significant improvement was 
obtained. 

 
Figure2. Linear feed forward transversal Equalizer 

 
Nonlinear Equalizer (NLE) is implemented as a 
feedback transversal filter feed from the output of the 
detector, as shown in Fig. 4. Since the detector is a 
highly nonlinear device, therefore equalization 
becomes nonlinear. Non-linear equalizer uses 
decision directed cancellation of intersymbol 
interference.  

 
Figure3. Non linear feedback transversal filter with feedback 

 
II. LITERATURE SURVEY 
 
A multichannel fractionally spaced blind equalization 
based on an adaptive super-exponential algorithm has 
been proposed in this paper. Rank-deficient 
covariance matrix is generated due to over sampling 
of the received signal for the corresponding process. 
This is one of the greatest problems faced by the 
multichannel adaptive exponential algorithm. An easy 
solution to the above problem is optimal multichannel 
equalizer in absence of additive noise with favorably 
chosen quadratic cost function. The stabilized RLS 
algorithm can be used to for optimization. Better 
results have been obtained by the author after 
performing various experiment results with 

underwater acoustic communication data based on the 
method proposed in the paper. In another paper 
proposed by Banovic, suggests two new hybrid blind 
algorithm for QAM signal which are based on new 
radius adjusted approach. In the proposed architecture 
system uses a static circular region near symbol 
origin having specified weight value and step size. 
This help in optimizing the tap update of equalizer 
based on adaptation phase. Various other hybrid 
methods have also been discussed in the paper such 
as Constant Modulus Algorithm(CMA), improved 
transfer to the decision-directed (DD) algorithm, and 
dual-mode hybrid algorithms. After implementation 
of the proposed system author has also done a 
comparative analysis of the developed method with 
the present technique and observed that the new 
architecture improves the performance with addition 
of little complexity. Yet another author in his paper 
put forwards a fast paraunitary matrix obtaining  
approaches that can be used for deconvolution of 
blind equalizable for MIMO(multiple-input multiple-
output)  system based on frequency selective 
architecture. The main task achieved in this paper is 
extension of various instantaneous blind source 
separation (BSS) approaches to take care of the 
convolution of BSS case. The developed architecture 
has fast convergence properties and low 
computational complexities such that the architecture 
can be used for real-time application system having 
high sampling rate. The proposed algorithm that was 
based on gradient search on specific set was also 
compared with others in terms of speed and 
computational complexity. 
The Noise Constrained LMS (NCLMS) can be used 
for Adaptive Error Constrained Lease Mean Square 
(AECLMS) by various extension and generalization 
has been proposed in this paper by the authors.  The 
architecture is developed on a very well known fact 
the noise variance can be removed by using 
constrained optimization technique. Hence the blind 
equalization method can be easily applied with the 
proposed constrained optimization. The architecture 
has also been applied to constant modulus criterion. It 
has been proved by the author that the system 
developed accelerates the convergence speed and the 
conventional steepest descent-type training 
procedure. Author proposes a novel architecture of 
Blind Minimum Mean Square Error (MMSE) 
equalization algorithm for single input multiple 
output finite impulse response (SIMO-FIR) systems. 
The biggest perk offered by the algorithm is 
independence of the channel order. Based on the fact 
that equalizer is dependent on both signal subspace 
and the data covariance matrix of truncated kernel. 
The algorithm has an efficiency of achieving direct 
estimation of the zero delay MMSE equalizer 
parameters. The author has developed a two step 
procedure to improve the performance gain and 
control the equalization delay. The architecture has 
also been proved to have reduced complexity from 
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O(n3) to O(n2p), where n is the data vector length and 
p is the number of sensors. Simulation has been 
executed and observed for effectiveness of the 
system. 
A novel blind equalization method, based on a sub 
gradient search over a convex cost surface, is 
proposed. This is an alternative to the existing 
iterative blind equalization approaches such as the 
constant modulus algorithm (CMA) which mostly 
suffer from the convergence problems caused by their 
non-convex cost functions. The proposed method is 
an iterative algorithm, for both real and complex 
constellations, with a very simple update rule that 
minimizes the l∞ norm of the equalizer output under a 
linear constraint on the equalizer coefficients. The 
algorithm has a nice convergence behavior, attributed 
to the convex l∞ cost surface. Examples are provided 
to illustrate the algorithm's performance. In an 
orthogonal frequency division multiplexing (OFDM) 
system using DQPSK, such as DAB, channel 
equalization is considered to be unnecessary. The 
reason for this is that there is no relative phase 
rotation due to the multipath channel in successive 
OFDM symbols, provided the channel delays are all 
shorter than the guard interval of the OFDM symbol. 
However, delays greater than the guard interval result 
in inter-carrier and inter-symbol interference to the 
OFDM system. In this paper, we present a blind 
adaptive equalization algorithm which uses the cyclic 
prefix data of the OFDM signals to equalize the 
multipath channel. This algorithm is ideal for systems 
such as DAB in which no pilots are available for the 
channel estimation yet the long delays nevertheless 
can cause significant performance degradation if no 
channel equalization is done. Our simulation results 
shows improved BER performance for the equalized 
system over the non-equalized system when long 
channel delays are present. 
The channel estimation standard concept and error 
criterion are applied to the process of adaptive 
quadrature partial response blind equalization 
(QPRBE), where an adaptive QPRBE algorithm is 
developed. This CES partial response adaptive blind 
equalizer is simulated and evaluated through a QAM 
data transmission system. Further discussion and 
comparison have been made between the full 
response and partial response CES adaptive blind 
equalizers. Blind adaptive decision feedback 
equalization algorithm correct by instantaneous error 
was proposed in this paper. Decision feedback 
equalizer, including the composition of FIR filter and 
IIR filter, under the condition of complex multi-path 
transmission in digital communication, the signal 
from multi-path can either fall on FIR filter or IIR 
filter. when FIR filter has no enough length taps, the 
IIR filter would provide misinformation for updating 
the weights of equalizer. Instantaneous error can get 
from each iteration, if instantaneous error increase 
after one iteration, then keep the previous state of 
equalizer without feedback filter, otherwise, in 

accordance with the decision feedback equalization 
algorithm to update the equalizer weights. 
Furthermore, CMA and DD algorithm mode can 
switch according to the cumulative average of the 
instantaneous error. Simulation results show that the 
equalization performance is improved compare with 
the traditional blind decision feedback equalization 
algorithm. In this paper, a new adaptive step-size 
CMA blind equalization algorithm has been proposed 
to enhance the performance of the constant modulus 
algorithm (CMA) for blind equalization of time-
varying channel. The time-varying step-size sequence 
is adjusted by the autocorrelation of the error signal. 
The new algorithm provides fast convergence at early 
stages of iteration while ensuring small final mis 
adjustment. Simulation results comparing the 
proposed algorithm and conventional CMA algorithm 
confirm the new algorithm's improved performance. 
 
III. PROPOSED SYSTEM 
 

 
Figure4. Proposed System Block Diagram 

 
Data Memory block: The single port RAM is 
designed for storage of the audio samples. maximum 
data path length short, The filter is implemented as a 
sequential MAC unit which performs M 
accumulations of products during every sample 
period so that a resource sharing can be utilized. since 
the audio sample period fs provides a large amount of 
available clock cycles per audio sample, no parallel 
structure with M multipliers and M-1 adders is 
necessary. 
System Saturation Block: The filter output signal is 
fed to the saturation block, which prevents the filter 
output from overflow and inverts the sign of the 
output signal to provide the phase shift for the 
compensation step. 
Final output block: The Adder unit is used to 
implement equation of error signal e(n) from 
saturation block output yen) and primary signal den). 
This output is the required system output. 
Coefficient Update Block: A four-stage pipeline 
structure designed for the adaptation of the 
coefficients. The coefficient is calculated by a 
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product of the input sample (ReCFir) , the error signal 
(Err) and Step size parameter (SS). A register is 
inserted to this path that splits the arithmetic chain for 
achieving a shorter signal delay so that a clock 
frequency of feLK = 50MHz can be met. 
Coefficients Memory block: This block designed for 
storage of the current filter coefficients. The dual port 
RAM is chosen to support a parallel processing of the 
coefficient update block and the FIR Filter block. 
With two address inputs the reading address of the 
coefficients and the address for writing back the 
updated coefficients can be incremented within two 
interleaved clock periods. 
 
CONCLUSION 
 
In this paper we have done the survey of various 
methods and design used for performing noise 
cancellation based on adaptive equalization. We also 
come to a conclusion that there are various 
interferences in a communication channel such as 
Inter symbol Interference, Multipath Interference and 
Additive Interference, which need to be addressed for 
the next generation communication system. Hence, 
we propose an idea of the equalizer is to build 
(another) filter in the receiver that counteracts the 
effect of the channel. In essence, the equalizer must 
“unscatter” the impulse response. This can be stated 
as the goal of designing the equalizer so that the 

impulse response of the combined channel and 
equalizer CE has a single spike.  
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