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Abstract— Acoustic echo cancellations an essential 

enhancement tool in hands-free communication. Acoustic 

echo is caused due to leakage from the loudspeaker to the 

microphone in settings like hand free telephony. Adaptive 

filtering in sub-bands is an attractive alternative to full-band 

schemes in many applications because of the potential for 

faster convergence and lower computational cost. Adaptive 

filters find its essence in applications such as echo 

cancellation, noise cancellation, system identifications and 

many others. In this paper different papers are compared and 

evaluated. 
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I. INTRODUCTION 

Echo is the repetition of a wave due to reflection from points 

where the characteristics of material through which the 

wave propagates changes[1]. There are two types of echo: 

1) Electrical Echo: The electrical echo caused by the 

impedance mismatch at the hybrid transformer 

which the subscriber two-wire lines connected to 

telephone exchange four wire lines in the 

telecommunications systems. 

2) Acoustic Echo: The acoustic echo is caused by the 

reflection of sound waves acoustic coupling 

between the loudspeaker and the microphone. 

Two main characteristics of echo are reverberation 

and latency. Reverberation is the persistence of sound after 

stopping the original sound. This sound will slowly decay 

because of absorption by the materials constructing the 

environment. Latency or delay is the different time of the 

signal between the transmitter and receiver. 

A. Echo Cancellation 

Echo cancellation is the process of removing echo signals 

from a voice communication system in order to achieve 

quality audio perception. The development of echo 

reduction began in the late 1950s, and continues today as 

new integrated landline and wireless cellular networks put 

additional requirement on the performance of echo 

cancellers. Echo cancellation involves in first recognizing 

the originally 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. 

Acoustic echo cancellation (AEC) is a critical 

problem in teleconferencing systems and hands free mobile 

telephone terminals [1][2][3] in hands-free 

telecommunication systems talking through a loudspeaker 

and a microphone, the acoustic echo deteriorates the speech 

quality, and then the acoustic echo canceller (AEC) is used 

as one of technologies that remove the echo [1]. The use of 

hands free communication in cars, computer applications 

and video conferencing have created further demands for 

high-quality acoustic echo cancellation. 

The principle of the AEC is to estimate the impulse 

response of an acoustic echo path using an adaptive filter, 

generate a pseudo-echo, and subtract it from the echo. 

II. ECHO CANCELLATION ALGORITHM 

The echo cancellation algorithms were designed to 

anticipate the signal which would inevitably re-enter the 

transmission path, and cancel it out. Several echo 

cancellation algorithms are available. Each algorithm has its 

own merits and demerits. 

This section discusses the literature review of 

adaptive filters, echo and the process of echo cancellation 

and reviews the various papers related to acoustic echo 

cancellation. 

Adaptive filters are self-learning filters, whereby an 

FIR or IIR filter is designed based on characteristics of input 

signal to adapt its environment. Adaptive filters have self-

regulation and tracking capabilities. An adaptive filter finds 

its essence in applications such as echo cancellation, noise 

cancellation, system identification and many others. A basic 

adaptive filter was first invented at AT&T bell labs. since 

its, inception, several adaptive filter algorithm were 

designed and used. A few algorithms include LMS, NLMS, 

and RLS algorithms. These algorithms were designed to 

anticipate the signal which would inevitably re-enter the 

transmission path and cancel it out. The filter algorithms 

are: 

A. LMS (Least Mean Square) Algorithm[3] 

It is a stochastic gradient- based algorithm introduced by 

Bernard Widrow and Ted Hoff which uses gradient vector 

of the filter tap weights in order to converge on the optimal 

Weiner solution. In each iteration  of the algorithm, the filter 

taps weights are updated as per equation (3) where w(n) 

represents the adaptive filter weight vector at time n , x(n) 

represent the time delayed input signal samples, e(n) 

represents error signal to be minimized and µ represents step 

size or convergence factor. 

Output, y(n) =  w
h
x(n)   (1) 

Error, e(n) = d(n)-y(n)   (2) 

w(n+1) = w(n) + µ x(n) e(n)  (3) 

If µ is chosen to be very small then the algorithm 

converges very slowly. A large value of µ may lead to faster 

convergence but the adaptive filter becomes less stable 

around the minimum value and its output diverges. 

B. NLMS (Normalized LMS) Algorithm [4] 

In LMS algorithm, when the values of µ are large, the 

algorithm experiences a gradient noise amplification 

problem, which is solved by NLMS algorithm. The 

correction applied to weight vector w(n) at iteration n+1 is 

normalized with respect to the square Euclidian norm of the 

input vector x(n) at iteration n. 

C. RLS (Recursive Least Square) Algorithm [5] 

This algorithm attempts to minimize the cost function. 

When compared to LMS algorithm, RLS algorithm offers a 

faster convergence and lower error at steady state. But, this 
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RLS algorithm is much more computationally complex and 

if proper design procedures are not followed, RLS algorithm 

may diverge away resulting in instability. 

ERLE (Echo Return Loss Enhancement) [3]  is tool 

to measure the potential of echo cancellation. It is defined as 

the ratio of the power of desired signal to the power of the 

residual signal. 

ERLE= -10log10

        

         dB 

Where d(n) is desired signal and e(n) is the residual 

signal. 
For LMS algorithm, ERLE value lies in the range 

[-65dB, 50dB]. For NLMS algorithm, ERLE value lies in 

the range [-60dB, 40dB] and for RLS algorithm, ERLE 

value lies in the range [-80dB, 60dB]. But, ERLE value has 

to stabilize in the range [- 40dB, 30dB] for better 

performance. Hence, NLMS algorithm offers better 

performance when compared to LMS and RLS [4]. 

The various papers presents different techniques 

and concepts of acoustic echo cancellation. 

Gilloire and Vetterli studied the unknown systems 

without the use of cross adaptive filters. However cross 

adaptive filter has two major disadvantages: slow 

convergence and extra computation (Gilloire, A. and M. 

Vetterli et al, 1992).  

Another researcher (Yamada et al. 2004) proposed 

the use of frequency sampling filter (FSF) bank, this idea is 

based on the transformation of the sub-band signals into the 

frequency domain using discrete Fourier transforms (DFT), 

then choosing a number of frequency samples from each 

sub-band signal so that non-adjacent frequency bands have 

nulls at the center frequency of each sub-band. Thus sub-

band adaptive filtering produced minimum aliasing 

distortion. Since the output is calculated only after 

accumulating a large block of data. In addition, a high 

computational burden is inevitable due to DFT calculations.  

In an attempt to reduce computational expense 

(Naylor et al.1998) proposed a sub-band adaptive system 

using allpass polyphase infinite impulse response (IIR) filter 

banks. These IIR structures were introduced as an 

alternative to the standard approach involving finite impulse 

(FIR) filter banks. Such multirate systems with very high 

interband discrimination and low computational cost could 

be built using allpass polyphase structures. The use of IIR 

filter banks is also discussed by (Noor et al. 2011).  

In the research by J. E. Hart, P.A. Naylor and 

O.Tanrikulu, the advantages and current limitations of sub-

band approaches to echo cancellations are 

reviewed(Published in 1993) 

P. A. Naylor and J. E. Hart investigates non-critical 

decimation schemes in which the generation of aliasing in 

the sub bands was avoided by down-sampling the sub band 

signals by a smaller factor than would normally be expected, 

thereby allowing for analysis filters with finite transition 

bands. Sept 1996, pp. 37-40. 

Another research, (Kim et al. 2008) has proposed a 

critically sampled structure to reduce aliasing effect. The 

inter-band aliasing in each subband is obtained by 

increasing the bandwidth of a linear-phase FIR analysis 

filter, and then subtracted from the subband signal. This 

aliasing reduction technique introduces spectral dips in the 

subband signals. Therefore, extra filtering operation is 

required to reduce these dips (Gilloire and Vetterli et al. 

1992). Oversampled schemes have been suggested as the 

most appropriate solution to avoid aliasing distortion 

associated with the use of critically sampled filter banks. 

This was originally recommended by Gilloire and Vitterli. 

O˘guz Tanrıkulu analyses residual echo signal 

characteristics of critically sampled sub band acoustic echo 

cancellers. For finite impulse response (FIR) filter banks, 

the residual echo signal usually has a relatively broad 

spectral nature around the sub band edges vol. 45, no. 4, 

April 1997. 
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