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Abstract— This review paper is carried out in two concerning.
Firstly, a survey is completed to know the effort on adaptive
filters and secondly to know how and where the adaptive
algorithms which controlled the evolution of desired signals are
being used in number of applications. The aim of proposed
survey is to know the process of echo cancellation.

Index Terms—Adaptive filters, Adaptive algorithms, echo
cancellation.

I. INTRODUCTION
A literature review is very significant in any research work as
it clearly establishes the need of the work. It generates queries
about improvements in these studies and allows unsolved
problems to emerge and thus obviously express all boundaries
regarding the progress of the research work. Various recent
papers have studied through this research, after these review
we have proposed a new methodology.
II. USAGE AND WORK DONE ON ADAPTIVE
FILTERS
The Signal processing field has been made large contributions
over the past thirty years. Due to the advances in digital circuit
design, digital signal processing systems have become
attractive. For filtering application digital signal processing
techniques includes digital systems. A signal is handled by
digital systems to control the information of the input signal.
The Adaptive filters are suitable in any new environment. It is
a powerful device for signal processing and control
applications in time variation environment of input statistics.
To reduce the signal corruption inspired by predictable and
unpredictable noise by use of adaptive filters. Its applications
such as identification, inverse modelling, prediction and
interference cancellation are essential to explicate the
problem of acoustic echo and noise cancellation.
Investigators have established various algorithms for active
interference cancellation to obtain adaptive filter mainly
LMS, NLMS and RLS algorithm. RLS has a better learning
rate than LMS based adaptive filter. Rate of convergence,
maladjustment, numerical robustness, computational
requirements and stability are the performance measures of
adaptive algorithm.
III. ECHO AND PROCESS OF ECHO
CANCELLATION
The adaptive algorithm provides several application of
interference elimination, and then with the help of these
algorithms we can changes the signal characteristics could be
faster. LMS and NLMS adaptive filters are widely used in
signal processing application, because it is so simple in

implementation and computation. The RLS algorithm is the
"ultimate" adaptive filtering algorithm since it is exhibiting
the best convergence behavior [1]. A new algorithm is
developed by Chansarkar, M.M.Desai and U.B. in 1997; due
to persistent and bounded data disruptions to be bounded this
algorithm ensures the hardened bias in the bulk vector. An
estimated recursive implementation is called as the Robust
Recursive Least Squares algorithm. The RLS algorithm is
shocking with respect to persistent bounded data disruptions.
To exemplify the efficacy of the RRLS algorithm simulation
results are presented [2]. In 2001 P. Shristi, W.S. Lu & A.
antoniou proposed the new Variable-Step-Size (VSS-LMS)
algorithm and investigated its performance through
simulation. The obtained results show the superior
performance achieved over the MVSS algorithm in the case
of long adaptive filters. The proposed algorithm & a
corresponding fixed-step-size FSS LMS algorithm are then
adaptive applied to sub band adaptive echo elimination.
When compared with FSS sub band LMS algorithm
simulation result show that the proposed algorithm yields a
lower steady-state maladjustment as well as a lower residual
MSE. In comparison with the NLMS sub band algorithm, the
suggested algorithm results in a slower convergence rate but
also a lower steady-state failure alteration. It has observed that
improved system performance can only be achieved with a
distinct step size adaption for each individual sub band [3]. In
digital signal processing such that, the adaptive algorithm is
used for channel estimation, interference cancellation,
channel equalization etc. The LMS algorithm is one of the
most important adaptive algorithms. It offers residual fault
level & the convergence speed are decided by the step size.
The Variable Step-Size LMS algorithm is accommodated for
obtaining both the residual fault level & highest speed of
merging. Several VS-LMS algorithms have reviewed and a
modified VS LMS algorithm proposed in 2007 by Li Yan [4].
Raj kumar Thenua & S.K. Agarwal implemented hardware of
NLMS Algorithm for Adaptive Noise Cancellation in 2010.
Tracking speed and stability of adaptive gradient filtering
algorithms represented by LMS are limited for non-stationary
environment. In 2012 Harjeet Kaur, Dr. Rahul Malhotra &
Anjali Patki evaluated the noise cancellation simulation
outcomes. According to these outcomes only after 20 iterative
operations, this algorithm can be become stable and provides
stronger ability to boost SNR of weak signal as compared to
LMS, NLMS, Variable size, sign LMS filter. Entirely
outcomes designate that tracking ability and convergence
stability are superior to other algorithms [6]. Several
techniques are used by P.Radhika, Monpur Ashwin &
Chunduri.V.M.Naren Simha in 2014 for elimination of
unsolicited entities from signals. The power line interference
from all sensitive monitoring equipment’s can be removed by
implementing several techniques with different error
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nonlinearity-based on adaptive filters. The proposed
implementation is best for applications such as biotelemetry.
These systems employ simple addition, shift operations and
attain considerable speed up over the other LMS-based
realizations [7]. RLS (Recursive Least Square) Algorithm [1]
algorithm attempts to minimize the cost function in Equation
(1). In Equation (1), k 1is the time at which the RLS algorithm
commences and is a small positive constant very close to, but
smaller than 1. With values of 1 more recent input samples,
this results in a scheme that places more emphasis on recent
samples of observed data and tends to forget the past
.

When compared to LMS algorithm, RLS algorithm offers a
faster convergence and lower error at steady state. But, this
RLS algorithm is more computationally complex and if
proper design procedures are not followed, RLS algorithm
may diverge away resulting in instability.
III. (a) ECHO [7]AND
PROCESS OF ECHO
CANCELLATION
Echoes are simply generated by delay components. The direct
sound and a single echo appearing after R sampling periods
later can be generated by the FIR filter as shown in Fig. 1.

transmitted signal that re-appears, with some delay, in the
transmitted or received signal. Once the echo is recognized, it
is removed by 'subtracting' it from the transmitted or received
signal. This technique is usually implemented on DSP’s using
adaptive filters.
IV. CONCLUSION
This paper has reviewed the Adaptive filtering algorithm
regarding the present problem. There are number of adaptive
algorithms available in literature and every algorithm has its
own properties. A review of adaptive filters shows that the
LMS algorithm is still a popular choice for its stable
performance, high speed capability & high convergence rate,
but aim of proposed algorithm is to achieve minimum mean
square error at a higher rate of convergence with minor
difficulty. So that the NLMS is used as the adaptive algorithm
to achieve minimum mean square error at a higher rate of
convergence with lesser complexity i.e. low computational
cost and ease of implementation & robust and reliable.
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