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Abstract—In this paper an adaptive echo canceller is
presented, based on adaptive IR notch filter with a new
algorithm, for the echo cancellation in telephone network.
Where the new algorithm is employs the modified sign-
regressor algorithm and works with the autocorrelation of
the error signal to estimate the parameter, resulting in
obtaining good estimate of parameter for the echo canceller.
The simulation results show that the performance of the
proposed canceller outperforms the canceller with the
classical LMS, SR and RLS algorithms in terms of Echo
Return Loss Enhancement (ERLE).

Index Terms—echo canceller, adaptive algorithm, IR notch
filter

I.  INTRODUCTION

The applications of adaptive IIR notch filters are
widely used for communication systems, radar, sonar,
biomedical engineering and so on [1]-[7], because of its
simplicity. The one challenging application is an echo
canceller [4], [5], [8]-[17] in the long distance telephone
network. Echo return loss and impulse response are
important characteristics of an echo path for the design of
echo cancellers. The performance of echo cancellers
depends on the choice of the adaptive filtering algorithm.
From the literature survey, it is found that the Least Mean
Square (LMS) adaptive algorithm and the Sign-Regressor
(SR) adaptive algorithm [1], [2] are the most commonly
used technique for real time applications, due to its
simplicity and numerical robustness. However, it suffers
from the slow convergence since the echo path is usually
very long and the speech signals are non-stationary and
highly correlated and a large number of filter coefficients
is needed. In order to improve the convergence rate and
the performance of the system, the Recursive Least
Square (RLS) algorithm is the best choice. However, the

computational complexity of this algorithm also increases.

Therefore, in this paper presented a new algorithm based
on adaptive lattice form IIR notch filter that gives less
computational complexity than the RLS algorithm for the
echo canceller.

The paper is organized as follows. Section I, the
structure of the echo canceller in the telephone network is
presented. In Section Il the adaptive lattice form
structure IR notch filter for adaptive echo canceller is
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presented. Section IV presents the attractive algorithms
and the new algorithm. Section V describes the
performance evaluate in the form of Echo Return Loss
Enhancement (ERLE). Computer simulations for several
situations to demonstrate the performance of the system
and conclusions are given in Sections VI and VII,
respectively.

II. EcHO CANCELLER SCHEME

In the telecommunication system, a major source of
impairment to speech quality is network echoes. The echo
signal in the telephone network can be depicted in Fig. 1.
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Figure 1. Adaptive echo cancellation in telephone network.

Consider the adaptive echo canceller described in Fig.
1, where x(n) and v(n) represent the far-end signal and

near-end speech signal, respectively. Also d(n), c(n)

and Y(n) denote the received input signal to the echo

canceller, background noise, and the estimated echo
signal, respectively. That can be described as follows [4]:

() =W T (n)X(n) 6
e(n) =d(n) - 9(n) )
d(n) =v(n) + y(n) +c(n) ©)

where W' (n) is the filter coefficient vector of the echo

canceller, X(n) is the input vector and €(Nn) is the error
signal.

We assume the linearity of a finite duration (n) of the
echo impulse response path with length of n samples
containing the noise c(n) are input x(n) and the
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estimate echo are §(n) all can be expressed as follows
[4]:

(i+2)
880
where n is the numbers of samples and R; is a random
number within -2, +2 and &§(n) is the Dirac function,
respectively.

4)

Echo path = Zn: R, exp[- 16(n-1)
i=0

The transfer function of adaptive echo canceller in the
second-order adaptive I1IR notch filter lattice form
structure is given as follows [3]:

H(2) - 1+ 2k, (n)z™ -|1- z” :
1+ky(MA+p)z + pz°
The output signal of Eg. (5) can be expressed in time
domain as follows:
g(n) =u(n) + 2k, (Mu(n—-1) +u(n—2) (6)

u(n) = x(n) — K, (M@ + p)u(n —1) - pu(n - 2) (7)

where IZO(n) is filter coefficient vector of adaptive lattice
form structure filter at time n, and p is the pole constrain

factor close to but less than unity to ensure the stability of
the filter, respectively. The larger parameter p , the

narrower notch bandwidth is obtained.

ADAPTIVE IIR NOTCH FILTER

Q)

IV. ADAPTIVE ALGORITHMS

In this section we will describe a family of the
attractive algorithms and the new one.
A. Sign-Regressor Algorithm

The Sign-Regressor (SR) algorithm [1] is obtained
from the conventional LMS algorithm by replacing the
tap—input x(n) with the signum function of x(n) or sign
[x(n) 1, where the sign function is applied to the input
x(n) on an element-by-element basis. The SR algorithm

for updating K,(Nn) is summarized as follows:

ko(n+1) = ko(n) + 2usign(x(n))e(n)  (8)

where x(n) is the input signal, The step size parameter u
is a small positive constant, sign is the Signum function
and e(n) is the estimation error signal, respectively.

B. Recursive Least Square Algorithm

The Recursive Least Square (RLS) algorithm [1], [2]
solves the slow convergence speed of the SR algorithm
by using the time average instead of the statistical
average. The summary of RLS algorithm is described as
follows:

dn) = wh(n — Dx(n) 9)
_ R™Y(n-1x(n)
k(n) T A+ TR 1(n-1)x(n) (10)
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R ) = Z[R7 (= 1) — k(" (MR (n — D] (11)

ko(n) = ko(n —1) + k(n)e*(n) (12)

where e*(n) is the complex conjugate of e(n). An
initialize as

ko(0) = k(0) =d(0) =0 (13)

R71(0) = 61 (14)

where [ is identity matrix and § is a real scalar less than
but close to unity.

C. A New Algorithm

In this subsection, we will describes the Modified
Sign-regressor  Algorithm  (MSA). The proposed
technique is using the combination of the Signum
function to the input of the filter x(n) and the
autocorrelation function of the estimation of the error
signal to control the update function of the algorithm.
Therefore, the weight update equation can be expressed
as follows:

. 1-A(m)
ko(n) = ko(n — 1) + psign(x(n))e(n) (m)
(15)
where A(n) is given by
An)=1—-pe(n—-1) (16)

From (15) and (16), finally the proposed algorithm for
the new echo canceller may be expressed as

p2sign(x(n))e(n)e(n — 1)

ko(n) = ko(n—1) + 2—pe(n—1)

(A7)

The step size parameter (u) is a small positive constant,
sign is Signum function, x(n) is the input signal and e(n)
is the estimation of the error signal, respectively.

Table | shows the computational complexity per
iteration of the proposed algorithm and the conventional
SR, RLS algorithms.

TABLEl. THE COMPLEXITY OF THE ALGORITHMS

Algorithms Multiplications Additions Sign
SR 2 2 1
RLS 7 4 -
New 6 3 1

V. PERFORMANCE EVALUATION

The most common measurement of adaptive echo
canceller performance is echo return loss enhancement
(ERLE) [1], which can be expressed as

ELY*(n)]
E[e*(n)]
The ERLE is simply the ratio of signal to the ‘noise’
that could not be cancelled from the signal. On the other
hand, ERLE is the logarithm of the power ratio of
original echo to echo residue. In this paper we evaluate
the performance of echo canceller by ERLE simulation.

ERLE(dB) =10log, (18)
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VI. SIMULATION RESULTS

In this section, the performance of the proposed
adaptive echo canceller is compared with the LMS, SR
and RLS adaptive algorithms applied to an echo
cancellation in the telephone network. The main
parameters for the cancellers are given as follows:

ky,(0)=0, £=0.0001, p=0.99, data range N = 1,000
and with 100 independent runs.

Fig. 2 shows the echo impulse response that generated
by (11), the signal was repeated at time (n) equal to 502.

Fig. 3 shows an example of background noise for the
echo canceller with SNR = 30 dB and then changed to 20
dB at time (n) = 502. From Fig. 3, it is demonstrated that
the background noise is inversely proportional to the
SNR.

Fig. 4 shows the mean Echo Return Loss Enhancement
(ERLE) comparison with the new algorithm and the
conventional algorithms such as LMS, SR, and RLS
algorithms where SNR ranging between 0 dB to 70 dB.
Form the result in Fig. 4, it is evident that the new echo
canceller gives the best mean ERLE.

Fig. 5 shows the average echo residue power
comparison with the new algorithm and the conventional
algorithms such as LMS, SR, and RLS algorithms in
various SNR ranging between 0 dB to 70 dB. From Fig. 5,
it is seen that the new algorithm for the echo canceller
provides the lower error than the previous one.
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VII. CONCLUSIONS

In this paper, an adaptive echo canceller based on IIR
notch filter with a new algorithm for echo cancellation in
telephone network is proposed. The new algorithm
employs the signum function to the conventional sign-
regressor algorithm and autocorrelation function of the
estimation of the error signal. As a result, it can be
reduced the computational complexity of the adaptive
algorithm when compared to the conventional RLS
algorithm and the new echo canceller provides a good
stability.
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