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ABSTRACT slight variations in the interchannel correlation [5]. Con-
) ) sidering these two facts, the echo paths can be identified
A new stereo echo canceler with pre-processing for orqyiding that the adaptation algorithm can deal with un-
correct echo-path identification is proposed. The pre-pro- oo rejated low-level components or small variations in the
cessing is accomplished by a two-tap time-varying filter jyterchannel correlation. A strong interchannel correlation
which delays the input signal periodically by one sample in o cessitates a fast-convergence algorithm. Such an algo-
one of the two channels. Aliasing components and audible iy requires much computation and its implementation is
clicks by pre-processing are made inaudible by selecting, easy.
appropriate parameters for the filter._ Simulations vyith the Another solution consists in a partial decorrelation of
NLMS algorithm and a white Gaussian signal confirm the 5 4 signals by introducing a non-linearity in each chan-
correct echo-path identification. For speech S|gnal_s, thenel [6]. In spite of this decorrelation, the convergence
convergence speed of the proposed echo canceler is morgg fjier coefficients is still slow unless a fast-convergence
than three times faster than that of an echo canceler W'thalgorithm is used.
nonlinear transformations. Results of a subjective listening This paper proposes a stereo echo canceler with pre-
test demonstrate that quality of the pre-processed signals iy, cessing for correct echo-path identification. Section 2
4.38 using the CCIR five-grade impairment scale. This is o jie\ys the conventional structure. The proposed structure
acceptable for general teleconference applications. is introduced in Section 3. In Section 4, simulation results
show the convergence of filter coefficients. The audio qual-
1. INTRODUCTION ity of the pre-processed signals is evaluated by a subjective
listening test in the last section.

Teleconferencing allows people at remote places to
communicate as if they were in the same room. To improve 2. CONVENTIONAL STRUCTURE
the realism of this electronic meeting, a good localization of
participants by means of stereo systems is required. Such The shaded area labeled “conventional structure” in
systems include a stereo echo canceler to remove undesireBig. 1 represents the conventional stereo echo canceler. The
acoustic echoes. symmetry allows us to consider only the echo received by
Inthe conventional structure, the four echo paths existing the left microphoney: (k). k is the time index for discrete
between the two loudspeakers and the two microphonessignals. The structure related to this echo is shown with
are estimated by four adaptive filters which are linearly bold lines. The discussions remain the same for the other
combined [1]. However the echo paths are not correctly echo,m (k).
identified for strongly cross-correlated input signals, like In the discussions in this section, the adjustment of
stereo speech signals [2]. The condition for which the adaptive filters is not considered. Therefore, the impulse
echo is canceled leads to an infinite number of solutionsresponses of the left and the right adaptive filters, (%)
to the filter coefficients. These coefficients misconverge to andw gy, (k), respectively, are assumed to be time invariant.
values which depend on the acoustic environment in thelLet us defineh; (k) andh gy (k) as the left and the right
room where the talkers are located [3]. Consequently, anyecho-path impulse responses, respectively. The residual
kind of acoustic changes in the remote room, such as talkerechoe (k), is related to the left input signal; (%), and the
movements, seriously degrade ERLE (Echo Return Lossright input signak (%), by
Enhancement).
In practical situations, the input signals have low-level ep(k) = [hpo(k) —wrp(k)] = xL(k)
components which are not cross-correlated [4], and there are +hgo (k) — wrp (k)] * 2 r(k), Q)
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Fig. 1: The proposed stereo echo canceler for teleconferencing.

where the operator denotes the convolution between two
discrete signals. The left and the right acoustic paths in  [¢(k)
the remote room are characterized by the impulse responses

g1 (k) and gn(k), respectively. For a single-talker con- I
figuration, a source signal(k), is convoluted withy, (k) one- samp e
andgg(k), to form the input signals ; (k) andz(k), as no delay delay

tranSItIOﬂ areas

follows:
Q/2 Q/2+L/2 Q-L/2 Q
zp(k) = gu(k)=*a(k) ) Fig. 2: c(k) with a period Q.
rzr(k) = k)= x(k). 3
v (k) gr(k) * o(k) ® “pre-processing unit”. It is assumed that the pre-processing
Substituting (2) and (3) in (1) gives takes place in the left channel. It may be equipped with in
o the right channel instead. The pre-processing consists of a
e(k) = [hor(k) —wpr(k)]* go(k)*x(k) two-tap filter whose time-varying coefficients are controlled

+hrr (k) — wrp (k)] * gr(k) * 2(k). (4) by a periodic functior (%) with a period Q. When(k) = 1
for the first Q/2 iterations, the processed sigralk), is
identical to the input signatz (k). Whenc(k) = 0 for
the following Q/2 iterations, the processed signal is a one-

[hop(k) — wpp (k)] * gp(k) = sample delayed versio_n ofthe input signal. These operations

[hir(k) — wre (k)] * gr(k). ®) are repegted every Qiterations. .
By this pre-processing, the condition for which the echo

There is an infinite number of solutions to (5), and therefore is canceled leads to two equations. Fkok) = 1, the

The condition for which the echo is canceled,dg (k) = 0,
leads to the following equation.

it does not imply thatv,, (k) = h.p(k) and wg, (k) = equation derived fronaz (k) = O is expressed by (5), like
hrr(k). It means that the correct echo-path identification forthe conventional method. Fefk) = 0, a supplementary
is not achieved. equation is derived frora, (k) = 0, since the input signal is
delayed by one sample. The common solution to these two
3. PROPOSED STRUCTURE equations is unique and corresponds to the true echo-path

impulse responses [7]. The correct echo-path identification

The proposed stereo echo canceler differs from theis achieved.
conventional one by a pre-processing which delays the input ~ Naturally, listeners should not perceive any degradation
signal periodically in one of the two channels. The pre- of the processed signals. However, two kinds of degrada-
processingis represented in Fig. 1 by the shaded area labeletions exist [8]. First, the processed signals contain aliasing



Tab. 1: Parameters for simulations.
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components. Secondly, “clicks” are heard when the input 3 5| TS\

signal is suddenly delayed by one sample, or equivalently, £ sl = )

whenc(k) moves from one to zero. The same phenomenon | — leftchannel ]

occurs when:(k) varies from zero to one. The aliasing "T'f - right channel

components can be made inaudible by selecting a long pe- 8r proposed

riod for ¢(k), controlled by Q [8]. To avoid the audible % 510000 20000 30000 40000 50000 60000

clicks, ¢(k) varies smoothly between zero and one ofier ITERATION

iterations, as depicted in Fig. 2, for a smooth transition. Fig. 5: Coefficient convergence for speech signals.
4. SIMULATION RESULTS Fig. 3 shows that NCEV for the LC-based structure

misconverges to a final value which depends on the acoustic

Simulations were carried out for the structure based environmentin the remote room. The LCNT-based structure
on linear combination (LC) [1], the one based on linear is not effective fork; = 0, corresponding to the ultimate
combination with nonlinear transformations (LCNT) [6], interchannel correlation. For the proposed structure, NCEV
and the proposed structure. The parameters for simulationds not degraded by any acoustic change in the remote room,
aregivenin Tab. 1.V stands for the length of adaptive filters. and it reaches the optimum value for the given ENR. The
ENR (Echo-to-Noise Ratio) is defined as the ratio of the echo correct echo-path identification has been achieved.
power before cancellation to the power of an independent  Fig. 4 exhibits the behavior of ERLE. For the LC-based
white Gaussian noise added to the echo. Adaptation wasand LCNT-based structures, ERLE is degraded each time
performed with the normalized LMS (NLMS) algorithm an acoustic change occurs, since the adaptive filters do not
with a step sizeu of 0.5. For the LCNT-based structure, identify the echo paths correctly. For the proposed structure,
« = 0.5 was selected as a reasonable trade-off between the=RLE is not degraded at all and reaches the optimum value

convergence speed and the audio distortion [6]. for the given ENR.

A white Gaussian signal with zero mean and a unit  NCEV for recorded speech signals sampled at 8 kHz and
variance was used for the input sngnazk_i,(k) andz (k). real echo-path impulse responses measured in a conference
As an example of strong cross-correlation k) was ak- room are shown in Fig. 5() = 2000 andL = 200 were

sample delayed version of(k). Modifications ofk, after  sglected to obtain a good audio quality for the processed
35000 and 50000 iterations simulated acoustic changes INignals. NCEV is almost saturated a¢ dB for the LC-

the remote room. Q and L were selected to obtain a pased structure ane4.6 dB for the LCNT-based structure.
complete convergence within 60000 iterations. Another g, the proposed structure, NCEV reaches arowshs

pair should be used from a viewpoint of audio quality. To g within 60000 iterations and it keeps decreasing. After
show the convergence of filter coefficients, the norm of yhe 10000-th iteration, NCEV convergence for the proposed
the coefficient-error vector (NCEV) was calculated in both giycture is three and half, and five times faster compared to
channels. the LCNT-based and LC-based structures, respectively.



with nonlinear transformations. A subjective listening test
[ ] reference [ ] processed has shown that the processed signals were sco8&déing
4.82 4.85 4.87 4.38 4.86 4.81 the CCIR five-grade impairment scale, which is satisfactory
N for general teleconferencing.
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