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Abstract

The proper control of acoustic echoes is of vital significance in modern communication systems. Acoustic echoes are
commonly combatted by means of acoustic echo cancellation. A critical issue in acoustic echo cancellation is the control of
adaptation of the echo cancellation filter with the possible presence of near-end speech activities. In this paper, a novel echo
cancellation structure is proposed. The proposed structure makes use of two parallel adaptive filters. Echo of the two
parallel adaptive filters is tailored for a specific operating situation. By so doing, the contradicting requirements of

robustness against near-end disturbance and fast convergence and tracking speed are achieved simultaneously.
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1. Introduction

The proper control of acoustic echoes is of vital
importance in modern communication system.
Acoustic echoes arise due to the acoustic coupling
between the loud-speaker and the microphone at
user terminals. With the long round-trip delay
typical in today’s mixed signal networks, unsup-
pressed echoes would be very annoying to the end-
users, and to the extreme, can make a conversation
impossible [1,2].
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Echo cancellers (EC) have been developed to
suppress echoes in communication networks [3]. An
EC is essentially an adaptive filter, as illustrated in
Fig. 1, that generates an echo estimate from the far-
end signal. This echo estimate is subsequently
subtracted from the microphone signal. The most
attracting feature of an EC is its capability of
providing a natural conversation pattern, i.e., allow-
ing the users at both ends interrupting each other.

Nevertheless, during time periods in which users at
both ends are active (known as double talk, or DT),
the adaptation of the EC filter would be subject to
perturbation of strong near-end speech signal. Such a
strong perturbation would set the EC filter off its
already converged state, resulting in an annoyingly
high level of returned echo to the far-end user.
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Fig. 1. An illustration of an echo canceller for acoustic channels.

A common way to alleviate the DT problem is to
halt the adaptation of the EC filter whenever near-
end speech activity is detected [4]. Due to statistical
fluctuation and delay in parameter estimation,
detection errors are inevitable. In [5], an adaptive
filtering algorithm based on robust statistics is
developed to cope with such detection errors.

In this paper, a novel parallel adaptive filter
structure is proposed which is robust against
double-talk, fast in tracking echo path variations
due to random or systematic changes, and does not
rely on a double-talk detector (DTD). It comprises
of two FIR filters, each tailored for a specific
operating situation. A controlling algorithm is
employed to govern the exchange of the filter
coefficients between the two filters, and to decide
the filter to be used for cancelling the echoes.

One feature of the acoustic echo path is its
extreme length [6]. The impulse response of a typical
office requires an FIR filter of about 1000 taps at
8kHz sample rate to model. The implementation
cost of such a long adaptive filter is high. More
importantly, when adapted in time domain with
input signals of high spectral dynamics, the con-
vergence speed of such a long adaptive filter is very
slow. Adapting the EC filter in frequency domain or
in subbands [7] can substantially speed up the
convergence. Moreover, frequency domain and
subband algorithms generally employ block proces-
sing and fast Fourier transform, which results in a
considerable reduction in computational complex-
ity. In this paper, we implement the echo canceller
in subband with a delayless structure. Clear benefits
of the proposed algorithm in terms of convergence
rate, DT robustness and tracking are demonstrated
with simulation results.

2. Robust statistics based adaptive filtering

Fig. 1 illustrates the basic idea of acoustic echo
cancellation. The echo path is considered as a linear
time-invariant system. The microphone signal y(n)
can therefore be written as

y() =" hex(n — k) + v(n), ()
k=0

where /iy is the kth tap of the impulse response of
the echo path, x(n) is the loudspeaker signal, v(n) is
the near-end signal. The echo canceller models the
room impulse response with an N tap FIR echo
cancellation filter (EC filter) and generates an
estimate of the echo signal as

N—1
P =" hex(n— ko), ®)
k=0

where /i is the kth tap of the impulse response
estimate. The echo estimate p(n) is then subtracted
from the microphone signal and the error signal

e(n) = y(n) — 3(n) )

is transmitted to the far-end. The EC filter l;k is
made adaptive so that it can be adjusted to match
vastly different room impulse responses and to track
time variation of the echo paths.

Typically, the EC filter is adjusted to minimize the
power of the error signal. It is well-known that an
EC filter so adjusted is sensitive to extraneous
disturbances. A single large uncorrelated error is
sufficient to send the EC filter far off its optimal
state. This makes the operation of the echo canceller
unreliable in the presence of near-end speech. In
order to reduce this sensitivity, the notion of robust
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