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Abstract
The term echo cancellation is used in telephony to describe the 
process of removing echo from a voice communication in order to 
improve voice quality on a telephone call. In addition to improving 
subjective quality, this process increases the capacity achieved 
through silence suppression by preventing echo from traveling 
across a network. Two sources of echo have primary relevance 
in telephony:  acoustic echo and hybrid echo. Echo cancellation 
involves first recognizing the originally transmitted signal that 
re-appears, with some delay, in the transmitted or received signal. 
Once the echo is recognized, it can be removed by ‘subtracting’ it 
from the transmitted or received signal. This technique is generally 
implemented using a Digital Signal Processor (DSP), but can 
also be implemented in software. Echo cancellation is done using 
either echo suppressors or echo cancellers, or in some cases both. 
Stereophonic Acoustic Echo Cancellation (SAEC) plays an 
important role in delivering realistic teleconferencing experience. 
This paper work presents a type of adaptive algorithms to solve 
the stereophonic Acoustic Echo Cancellation (AEC) problem.
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I. Introduction
Stereophonic Acoustic Echo Cancellation (SAEC) is an important 
area of research for applications including video/ teleconferencing 
as well as virtual gaming. These systems can enhance spatial 
information which in turn provides a more immersive experience 
for users. Stereophonic acoustic echo cancellers often employ a pair 
of adaptive filters for the estimation of acoustic impulse responses 
in the receiving room. The effectiveness of echo cancellation is 
often determined by the performance of these adaptive filters 
which is quantified by both their convergence rate and their steady-
state normalized misalignment [1]. One of the main challenges 
for a stereophonic acoustic echo canceller is that it suffers from 
poor convergence [2-3]. Inter-channel coherence between the 
two-channel input signals, which as a consequence, give rise to 
an ill-conditioning problem [2].
This paper presents a type of approach to solve to echo cancellation 
problem with implementation of the LMS algorithm. Although 
other researches have been made in this field [8-9], the results 
obtained from this implementation are optimised regarding the 
used algorithm, and proves that output can be improved. The 
following sub-sections will present a brief description of adaptive 
filter, block diagram of echo cancellation, Echo Return Loss 
Enhancement,LMS algorithm and its simulation in Matlab. 

II. Adaptive filter
Adaptive filters are dynamic filters, which iteratively alter their 
characteristics in order to achieve an optimal desired output. An 
adaptive filter algorithmically alters its parameters in order to 
minimize a function of the difference between the desired output 
d(n) and its actual output y(n).This function is known as the 

cost function of the adaptive algorithm. Fig. 1, shows a block 
diagram of the adaptive echo cancellation system. Here the filter 
H(n) represents the impulse response of the hybrid circuit, W(n) 
represents coefficients of the adaptive filter used to cancel the 
echo signal. The adaptive filter aims to equate its output y(n) to 
the desired output d(n) (echoed signal from the hybrid circuit). 
At each iteration the error signal, e(n)=d(n)-y(n), is fed back into 
the filter, where the filter characteristics are altered accordingly 
[3-6].

Fig. 1: Block Diagram of an Adaptive Echo Cancellation 
System

The main role of adaptive filtering is the development of a filter 
capable of adjusting to the statistics of the signal. Usually, an 
adaptive filter takes the form of a FIR filter, with an adaptive 
algorithm that modifies the values of its coefficients. There are three 
factors that measure the efficiency of an adaptive algorithm:

The complexity of calculus measurements and the amount • 
of calculus executed at each step;
The speed of adjustment that allows an adaptive filter to • 
converge to the Weiner solution;
The estimation error obtained from the difference between • 
the present Weiner solution and the solution given by the 
adaptive algorithm.

The main configurations of adaptive filters are the adaptive 
cancellation of noise and the adaptive cancellation of echo [7].

III. Least Mean Square (LMS) Algorithm
The Least Mean Square (LMS) algorithm was first developed 
by Widrow and Hoff in 1959 through their studies of pattern 
recognition. From there it has become one of the most widely used 
algorithms in adaptive filtering. The LMS algorithm is a type of 
adaptive filter known as stochastic gradient-based algorithms as 
it utilizes the gradient vector of the filter tap weights to converge 
on the optimal wiener solution. It is well known and widely used 
due to its computational simplicity. It is this simplicity that has 
made it the benchmark against which all other adaptive filtering 
algorithms are judged [10]. 
There are many algorithms that could be used in echo cancellation 
or adaptive filtering; most are variations of the Least Mean Squared 
(LMS) algorithm.  
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The LMS adaptive filter implements an FIR adaptive filter A short 
description is provided below:

Where, n –Present step of the algorithm; 
u(n) –Input at step n;  
w(n) – Array with the values of adaptive filter at step n;
y(n) –Filtered output at step vn; 
e(n) – Estimated error at step n; 
d(n) – Desired answer at step n;
μ – Step to adjust; a – positive constant for reducing the numeric 
instability.
The LMS algorithm was chosen because it is the most commonly 
used algorithm in echo cancellation and other adaptive filtering 
applications.  LMS is the most commonly used algorithm because 
it is powerful enough to accomplish the system’s requirements and 
is also relatively simple compared to the other algorithms.  The 
LMS algorithm uses relatively few calculations, which makes it 
suitable for the speeds of the DSPs available today [3, 7].
The LMS algorithm seeks to minimize the excess MSE between 
the echo and its output. The communication network in Figure 1 
has the necessary signals that are required by the LMS algorithm 
[8].
After much iteration, the echo signal resembles the output of the 
adaptive filter and the reconstructed signal equals the input signal.  
The input signal is used as an input to the adaptive filter so that 
the adaptive filter’s frequency response approximates the echo 
system’s frequency response. Then the error signal converges to 
approximately zero. The error signal is feedback to the adaptive 
filter and is used as an input with the original input signal to update 
the LMS adaptive filter

IV. Echo Return Loss Enhancement
In order to assess the quality of an echo cancellation circuit, Echo 
Return Loss Enhancement (ERLE) is used. ERLE is a function of 
the discrete-time index n is defined as the ratio of the instantaneous 
power of desired signal d(n) and the instantaneous power of the 
residual echo e(n) [3].

Pd(n) is the power of the desired signal, and P(n) is the power of 
the residual echo.ERLE is expressed in dB. The higher the ERLE 
value, the better the echo cancellation.

V. Simulation Results
A speech signal consists of three classes of sounds. They are 
voiced, fricative and plosive sounds. Voiced sounds are caused by 
excitation of the vocal tract with quasi-periodic pulses of airflow. 
Fricative sounds are formed by constricting the vocal tract and 
passing air through it, causing turbulence those results in a noise-
like sound. Plosive sounds are created by closing up the vocal 
tract, building up air behind it then suddenly releasing it, this is 
heard in the sound made by the letter p.
Fig. 2, shows a discrete time representation of a speech signal. By 
looking at it as a whole we can tell that it is non-stationary. That 
is, its mean values vary with time and cannot be predicted using 

the above mathematical models for random processes.

Fig. 2: Speech Signal

However, a speech signal can be considered as a linear composite 
of the above three classes of sound, each of these sounds are 
stationary [11]. And remain fairly constant over intervals of the 
order of 30 to 40 ms. The theory behind the derivations of many 
adaptive filtering algorithms usually requires the input signal 
to be stationary. Although speech is non-stationary for all time, 
it is an assumption of this thesis that the short-term stationary 
behaviour outlined above will prove adequate for the adaptive 
filters to function as desired. Signal database file example Audio 
File with Acoustic Echo -64mSec is downloaded [12], in each 
simulation; echoed signal was generated by convolving this 
impulse response with a vocal input wav file. Initial weights of 
algorithm are taken as zero.

Fig. 3: Speech Signal & Hybrid Echo Signal

Fig. 3, shows the original speech signal and corresponding 
simulated hybrid echo signal, used for MATLAB implementation. 
Fig. 4, shows the typical impulse response of the hybrid circuit, 
used for simulating the hybrid echo signal.
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Fig. 4: Impulse Response

Fig. 5, shows the desired signal, adaptive filter output signal, 
estimation error and Mean Square Error (MSE) for the LMS 
algorithm with input. The MSE graph shows that, as the algorithm 
progresses the average value of the cost function (MSE) decreases, 
this corresponds to the LMS filters impulse response converging 
to the actual impulse response, more accurately emulating the 
desired signal and thus more effectively cancelling the echoed 
signal. The success of the echo cancellation can be determined 
by the Echo Return Loss Enhancement (ERLE) as discussed in 
the section (IV). Fig. 6, shows the ERLE achieved from LMS 
algorithm in decibels.
For a good echo canceller circuit, an ERLE in the range of 30 
dB – 60dB is considered to be ideal. Figure 6 represents a plot 
of the ERLE in dB along the y-axis and the number of iterations 
and time period along the x-axis. The plot of ERLE implies that 
the ERLE for this algorithm attained the required value.

Fig. 5: LMS Algorithm Output Results

Fig. 6: ERLE With Respect To Time

VI. Conclusion
Acoustic echo cancellation is one of the most popular applications 
of adaptive filtering. In this paper, a general framework for the 
derivation of echo cancellation using LMS Algorithm is simulated. 
The LMS algorithm provides good numerical stability and its 
hardware requirements are low, therefore being the best choice on 
the available hardware platform. A disadvantage of this algorithm 
is its weak convergence, but based on obtained results this didn’t 
prove to become a major issue.
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