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ABSTRACT: In telephone circuits, Acoustic Echo Cancellation (AEC) provides one of the best solutions to the control of acoustic
echoes generated by hands-free audio terminals. In this type of application, an adaptive filter identifies the acoustic echo path between the
terminal’s loudspeaker and microphone, i.e., the room impulse response. The filter output, which provides an electronic replica of the
acoustic echo, is subtracted from the microphone signal to cancel the echo. Nevertheless, there are several specific and challenging
problems associated with AEC applications. Hence, the residual echo caused by the part of the system that cannot be modeled acts like an
additional noise and disturbs the overall performance. Second, the background noise that corrupts the microphone signal can be strong and
highly non stationary. In my project, the Variable Step-Size Affine Projection Algorithm (APA) and some of its versions were found to be
very attractive choices for AEC applications. The main advantage of this family of algorithms over the well known Normalized Least-Mean-
Square (NLMS) algorithm consists of a superior convergence rate, especially for speech signals. This algorithm does not require any a priori
information about the acoustic environment, so that it is easy to control in practice. The simulation results indicate the good performance of
the proposed algorithm as compared to other members of the APA family.

I. INTRODUCTION

Acoustic Echo Cancellation (AEC) provides one of the best solutions to the control of acoustic echoes generated by
hands-free audio terminals —. In this type of application, an adaptive filter identifies the acoustic echo path between the terminal’s
loudspeaker and microphone, i.e., the room impulse response. The filter output, which provides an electronic replica of the
acoustic echo, is subtracted from the microphone signal to cancel the echo. Nevertheless, there are several specific and
challenging problems associated with AEC applications. First, the echo path is extremely long (on the order of hundreds of
milliseconds) and it may rapidly change at any time during the connection. The excessive length of the acoustic echo path in time
is mainly due to the slow speed of sound through air; moreover, multiple reflections of walls and objects in the room increase this
length. In addition, the impulse response of the room is not static overtime, since it varies with the ambient temperature, pressure,
and humidity; also, movement of objects and human bodies can rapidly modify the acoustic impulse response. As a consequence
of these aspects related to the acoustic echo path characteristics, the adaptive filter works most likely in an under-modeling
situation, i.e., its length is smaller than the length of the acoustic impulse response. Hence, the residual echo caused by the part of
the system that can not be modeled acts like an additional noise and disturbs the overall performance. Second, the background
noise that corrupts the microphone signal can be strong and highly non stationary.

Il. PROPOSED SYSTEM

In this system, the affine projection algorithm (APA) and different versions of it are very attractive choices for aec.
however, an APA with a constant step-size parameter has to compromise between the performance criteria. therefore, a variable
step-size APA (VSS-APA) represents a more reliable solution. in this paper, we propose a VSS-APA derived in the context of
aec. most of the apas aim to cancel (i.e., projection order) previous a posteriori errors at every step of the algorithm. the proposed
VSS-APA aims to recover the near-end signal within the error signal of the adaptive filter. consequently, it is robust against near-
end signal variations (including double-talk). this algorithm does not require any a priori information about the acoustic
environment, so that it is easy to control in practice.

I1l. SYSTEM DESIGN

A general AEC configuration is depicted in Fig. 1. The goal of this scheme is to identify an unknown system (i.e., acoustic
echo path) using an adaptive filter. Both systems have finite impulse responses, defined by the real-valued vectors and , where
superscript denotes transposition and is the time index; is the length of the echo path, while is the length of the adaptive filter. The
signal is the far-end speech which goes through the acoustic impulse response , resulting the echo signal, . This signal is picked up

6814 www.ijariie.com 1468



Vol-3 Issue-5 2017 IJARIIE-ISSN(O)-2395-4396

by the microphone together with the near-end signal , resulting the microphone signal . The near-end signal can contain both the
background noise, , and the near-end speech.

The output of the adaptive filter provides a replica of the echo, which will be subtracted from the microphone signal. The
DTD block controls the algorithm behavior during double-talk; nevertheless, the proposed algorithm will be derived without
involving the DTD decision.

The following relations define the classical APA

e(n)=d(n)-XT(n)h(n-1) (1)

h(n)=h(n-1)+pX(M)[XT (M) X(n)]-1e(n) O]

Where d is the desired signal vector of length , with denoting the projection order. The matrix is the input signal
matrix, where (with ) are the input signal vectors. The constant denotes the step-size parameter of the algorithm.

Let us rewrite (2) in a different form

h(n)=h(n-1)+X(m)[XT(N)X(n)]-Lp(n)e(n) @)
Where,
p(n)=diag {n0(n),u1(n),.....up-1(n)} (4)
Using the adaptive filter coefficients at time , the a posteriori error vector can be defined as
g(n)=d(n)-XT(n)h(n) (5)

It can be noticed that the vector from (1) plays the role of the a priori error vector. Replacing (3) in (5) and taking (1) into
account, it results that

e(n)=[1p-u(n)le(n) (6)

where denotes a identity matrix. In consistence with the basic idea of the APA, it can be imposed to cancel a posteriori
errors, i.e., , where denotes a column vector with all its elements equal to zeros. Assuming that , it results from (6) that . This
corresponds to the classical APA update (2), with the step-size . In the absence of the near-end signal, i.e., , the scheme from Fig.
1 is reduced to an ideal “system identification” configuration. In this case, the value of the step-size makes sense, because it leads
to the best performance Nevertheless, it can be noticed that the AEC scheme from Fig. 1 can be interpreted as a combination
between two classes of adaptive system configurations (according to adaptive filter theory -).

First, it represents a “system identification” configuration, because the goal is to identify an unknown system (i.e., the acoustic
echo path) with its output corrupted by an apparently “undesired” signal (i.e., the near-end signal). However, it also can be viewed
as an “interference cancelling” configuration, aiming to recover an “useful” signal (i.e., the near-end signal) corrupted by an
undesired perturbation (i.e., the acoustic echo); consequently, the “useful” signal should be recovered in the error signal of the
adaptive filter. Therefore, since the existence of the near-end signal cannot be omitted in AEC, a more reasonable condition is ,
where the column vector represents the near-end signal vector of length . Taking (6) into account, it results that

el+1(n)=[1-pl(n)]el+1(n)=v(n-1) @)

where the variables and denote the th elements of the vectors and , with . The goal is to find an expression for the step-size
parameter such that

E{e2l+1(n)}=E{v2(n-1)} (8)
where denotes mathematical expectation. Squaring and taking the expectations results in

[1-pl(n)]2 E{e2l+1(n)}=E{v2(n-1)} 9)
By solving the quadratic (9), two solutions are obtained, i.e.,

w(n=1+ E{Vv’(n-1)}
2
v E{e%a(}  (10)
Following the analysis from , which states that a value of the step-size between 0 and 1 is preferable over the one between 1

and 2 (even if both solutions are stable, but the former has less steady-state mean square error with the same convergence speed),
it is reasonable to choose

w(n=1-  E{Vi(n-1)} (11)
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2
v E{e:1(n)}
From a practical point of view, has to be evaluated in terms of power estimates as

Foln—1)

pin)=1—— .
) Feyey (1)

(12)
The variable in the denominator can be computed in a recursive manner, i.e.,

62, (m)=X52 (n—1)+ (1= A)ez,,(n) 13)

where is a weighting factor chosen as , with ; the initial value is . The estimation of is not straightforward in real world
applications like AEC. In this case, is the near-end signal (i.e., background noise or/and near-end speech) which is combined

together with the acoustic echo, resulting the microphone signal (the only signal that is practically available). Several scenarios
could be considered, as follows.

1) Single-Talk Scenario: In the single-talk case, the near-end signal consists only of the background noise, . Its power
could be estimated during silences (and it can be assumed constant), so that becomes

ol Pw

S (14)
d(re) = y(n) + v(n) (15)
E(n)} - B0} = (AW} 0

Also, let us assume that the adaptive filter coefficients have converged to a certain degree, so that

Bl )+ B )} = ()} - Ein). g
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I1l. VSS-APA ALGORITHM

Initialization: h(0)=0,,, 63(0)=0, 6%(0)=0
for /=0top- 1 |
a; (0)=0

For time indexn=1,2, ...
e[u]=d|{n}—f{n]l:|[n—]}
$(n) =" (n)h(n-1)
ai(n)=Aai(n-1)+(1-1)d*(n)
a:(n)=2a: (n-1]+(1-4)5*(n}
fﬁrf {lm;a. I

rr"’ [n] = At}i_l I{J'r— |:| 4 [1 "’1}",;;4 [n]

q&j (n-1)- *T. n- F}‘ ‘

uy\n)={1- Fo, ) ‘

u(n) diag;;.r“(u.\]..;a-[u]:....,uﬂ |(JT\|}

]:ILF!J:“EJI ]) i X{n}[r’}‘lﬂ P X! {n}XI:n}-." “{”}u}[_ﬂJ

Summarizing, the proposed VSS-APA is listed in Table I. A block diagram of this algorithm is presented in Fig., where the
blocks with gray background indicate the specific operations of the proposed algorithm. As compared to the classical APA, the
additional computational amount of the VSS-APA consists of multiplication operations, divisions, additions, and square-root
operations. Taking into account the fact that the value of the projection order in AEC applications is usually smaller than 10 (e.g.,
common values could be , and 8), and the length of the adaptive filter is large (e.g., hundred of coefficients), it can be concluded
that the computational complexity of the proposed VVSS-APA is moderate and comparable with the classical APA or to any fast
versions of this algorithm.

A. Block Diagram of VSS-APA

Define abbreviations and acronyms the first time they are used in the text, even after they have been defined in the abstract.
Abbreviations such as IEEE, SI, MKS, CGS, sc, dc, and rms do not have to be defined. Do not use abbreviations in the title or
heads unless they are unavoidable.

ST
TRANSMITTER NOISE
SOURCE
¥
ADAPTIVE | HYBRID HYERID N ADAPTIVE
FILTER COUPLE COUPLE FILTER
WFED
CHANNEL

RECEIVER +
RECEIVER

Fig 1: Block diagram of echo cancellation
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It is interesting to notice that the step-size of the proposed VSS-APA does not depend explicitly on the near-end signal, even if
it was developed taking into account its presence; consequently, a robust behavior under near-end signal variations (e.g.,
background noise variations and double-talk) is expected. Moreover, since only the parameters available from the adaptive filter
are required and there is no need for a priori information about the acoustic environment, the proposed algorithm is easy to
control in practice.

IV. SOFTWARE SPECIFICATION

MATLAB (matrix laboratory) is a multi-paradigm numerical computing environment. A proprietary programming language
developed by Math Works, MATLAB allows matrix manipulations, plotting of functions and data, implementation of algorithms,
creation of user interfaces, and interfacing with programs written in other languages, including C, C++, C#, Java, Fortran and
Python. Although MATLAB is intended primarily for numerical computing, an optional toolbox uses the MuPAD symbolic
engine, allowing access to symbolic computing abilities.

An additional package, Simulink, adds graphical multi-domain simulation and model-based design for dynamic and embedded
systems. MATLAB is a high-performance language for technical computing. It integrates computation, visualization, and
programming in an easy-to-use environment where problems and solutions are expressed in familiar mathematical notation.
Typical uses include:

. Math and computation

«  Algorithm development

. Modeling, simulation, and prototyping

. Data analysis, exploration, and visualization
. Scientific and engineering graphics

A. The Matlab Language

This is a high-level matrix/array language with control flow statements, functions, data structures, input/output, and object-
oriented programming features. It allows both "programming in the small* to rapidly create quick and dirty throw-away programs,
and "programming in the large" to create complete large and complex application programs.

B. The Matlab Working Environment

This is the set of tools and facilities that you work with as the MATLAB user or programmer. It includes facilities for
managing the variables in your workspace and importing and exporting data. It also includes tools for developing, managing,
debugging, and profiling M-files, MATLAB's applications.

C. Handle graphics

This is the MATLAB graphics system. It includes high-level commands for two-dimensional and three-dimensional data
visualization, image processing, animation, and presentation graphics. It also includes low-level commands that allow you to fully
customize the appearance of graphics as well as to build complete Graphical User Interfaces on your MATLAB applications.

V. SOFTWARE SPECIFICATION

clear all
close all
hold off
%channel system order
sysorder =5
% Number of system points
N=1000;
inp = randn(N,1);
n = randn(N,1);
[b,a] = butter(2,0.25);
Gz =tf(b,a,-1);
h= [0.0976;
0.2873;
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0.3360;

0.2210;

0.0964;];
y = Isim(Gz,inp);
%adding noise
n =n * std(y)/(10*std(n));
d=y+n;
totallength=size(d,1);
N=60 ;
%V SSAP algorithm
w = zeros ( sysorder ,1);
for n = sysorder : N

u = inp(n:-1:n-sysorder+1) ;

y(n)=w'*u;

e(n) =d(n) - y(n) ;

ifn<20

mu=0.32;
else
mu=0.15;

end

w=w+mu*u*e);
end
%checking results
for n= N+1 : totallength

u = inp(n:-1:n-sysorder+1) ;

y(n)=w'*u;

e(n) =d(n) - y(n);
end
nvar =0.1;
ip = randn(1000,1)*nvar;
hold on
subplot(3,1,3);
plot(d)
plot(y,'r');
title('System output’) ;
xlabel('Samples’)
ylabel('True and estimated output’)
subplot(3,1,2);
semilogy((abs(e))) ;
title('Error curve') ;
xlabel('Samples")
ylabel('Error value")
subplot(3,1,1);
plot(0:999,ip);
title('Input Signal?);
xlabel('Samples’)
ylabel('Input’)
grid; axis([0 1000 -4 4]);

V1. RESULTS AND DISCUSSION

It would be very interesting to compare the proposed VSS-APA with most of the VSS algorithms from the APA family
and also with most of the double-talk robust algorithms. However, it is beyond the scope of this paper. Consequently, we choose
to limit the framework only to the APA family by comparing the proposed solution with the regular APA and also with two other
versions of it, as follows.
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For the single-talk scenarios, the variable regularized APA (VR-APA) recently proposed inis included in our comparisons. The
motivation behind this choice is twofold. First, due to its nature, this algorithm can be also considered a VSS-APA. Second, the
experimental results presented inshow that it outperforms other VSS-APAs. The VR-APA update is

h(n)=h(n-1)+X(n)[Ip+XT(n)X(n)]-e(n)
Its variable regularization factor is given by
. [ L2 polail
d(n) = 1tl11[{ —=, T~
¢ ogln)—pog

where is a positive design parameter. The power of the background noise and the power of the input signal have to be
known within the algorithm, while the term is evaluated as

Fa(n) =263(n— 1)+ (1 - ) le(n)|*

For the scenarios where there are near-end signal variations (i.e., background noise variations or double-talk), the robust
proportionate APA (R-PAPA) proposed inis considered for comparison. Developed in the framework of robust statistics, this
algorithm was initially applied for network echo cancellation, but this idea was found to be efficient even for less sparse echo path
like in AEC. The R-PAPA is not included in the other single-talk scenarios since it is outperformed by the regular APA in these
cases. The simulations were performed in an AEC context, as shown in Fig.

The length of the adaptive filter is set to 512 coefficients. The measured impulse response of the acoustic echo path is
plotted in Fig. 3(a) (the sampling rate is 8 kHz); its entire length has 1024 coefficients. This length is truncated to the first 512
coefficients for a first set of experiments performed in an exact modeling case. Then, the entire length of the acoustic impulse
response is used for a second set of experiments performed in the under-modeling case. The far-end signal is either an AR(1)
process generated by filtering a white Gaussian noise through a first-order system , or a speech sequence . For the double-talk
scenarios, the near-end speech is plotted in Fig. 3(c). An independent white Gaussian noise signal is added to the echo signal, with
20-dB signal-to-noise ratio (SNR) for most of the experiments. It is assumed that the power of the background noise is known for
the VR-APA. The weighting factor (for VR-APA and VSS-APA) is computed.

rgus Signal

£ '”"”\-‘V»-‘Wﬁ.‘;;;““-w,k‘r.-'rv»'wu"acf-\fwrw-,r.w.\-»"a AR

. m B o BF
Fig 2: Output Waveform

VII. CONCLUSION

Variable Step-Size Affine Projection Algorithm (APA) and some of its versions were found to be very attractive choices for AEC
applications. The main advantage of this family of algorithms over the well known normalized least-mean-square (NLMS)
algorithm consists of a superior convergence rate, especially for speech signals. This algorithm does not require any a priori
information about the acoustic environment, so that it is easy to control in practice. It have the good performance of the proposed
algorithm as compared to other members of the APA family.
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