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Summary

A new adaptive algorithm called the exponential step or ES algorithm is proposed for an acoustic echo canceller.
Based on room acoustic characteristics, this algorithm adjusts the magnitude and direction of the adjustment vector

in the gradient algorithm(1],[2]. Real time

experiments show that the ES algorithm o

Received input X (k)

Loudspeaker

converges faster than previous algorithms :
triple the speed for white noise signal and
double the speed for speech signal
without increasing the number of
calculations per iteration.

1. Variation of an impulse response
An adaptive Finite Impulse Response filter

updated with the gradient algorithm[1],[2] is

applied to an acoustic echo canceller shown in o

/
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Figure 1. An adaptive algorithm suitable for
the variation characteristics of an’ acoustic echo
path is expected to improve convergence
performance. The impulse response variation
is studied to determine common impulse
response properties. Here, for simplicity, the
case is discussed where the distance between a
loudspeaker and a microphone changes.

Impulse responses are measured for loudspeaker-microphone
distances for 0.6 m (IR{) and 1 m (IR,) in a conference room

(reverberation time at 500 Hz is 160 ms). These wave forms IR; *

and IRy, and a subtraction (IRy-IR) are shown in Figure 2(a).

The reverberent energy decay curves of IRj, IRy and IR,-
IRj, calculated by integrating squares of these wave forms[3], are
shown in Figure 2(b). Figure 2 shows that impulse responses
IRj and IR, attenuate exponentially and that the subtraction,
which is the variation in these impulse responses, attenuates by
the same exponential ratio.

2. Exponential step (ES) algorithm

A step gain matrix (X, which is a scalar step gain (! extended
to a diagonal matrix, is introduced here to update large error
coefficients in large steps-and small error coefficients in small
steps. :

Q =diag [ Ay, Ao, ...
where
Q; = (A mayx - Xmin) exp (- 6.9 (-1) T/ TR) + A pin
(i=1,2,...,N).
Tg : sampling interval, TR : reverberation time,
N : number of taps.

The ES algorithm for learning identification method[2] is
proposed by the following equation.

h(k+1)=h(k) + a e®) X(x) / X2 )
where
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Fig.1 Configuration of an acoustic echo canceller.
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(b) Reverberent energy decay curve

Fig. 2 Impulse response and reverberent energy

decay curve. IRi and IR2 are {mpulse
responses for loudspeaker-microphone
distance 0.6 m and 1 m respectively.
Reverberation time at 500 Hz {s 160 ms.



(k) : tap coefficients of a canceller, e(k) : residual echo,
X(k) : received input, [[X|| : norm of X.

Multiplying diagonal matrix (X to the adjustment vector

A nax

% exponential decay curve

\ discrete steps with
means modifying the magnitude and direction of the g -\ one constant value
adjus:tment vector of the conventi.onal method. For a B per DSP chip
practical system constructed with Digital Signal Processor
chips, step gain Q(; is set in discrete steps with one B
constant value per DSP chip as shown in Figure 3. In this Qnin ! J

case the number of calculations per iteration-is equal to that
of conventional algorithm.

The ES algorithm is different from other algorithms[4]
in that it is based on room acoustic characteristics and that
fast convergence speed is obtained without increasing the
number of calculations per iteration.

3. Real time experiments

Figure 4 shows the real time experimental results on
residual echo level convergence performance using a
canceller which is constructed with DSP chips[5].
Reverberation time of the conference room is 300 ms and
speaker-microphone distance is 2.5 m. 7 kHz frequency
range is separated into two bands. A canceller samples at 8
kHz in each band. The lower band is 0.15-4 kHz, has
3840 taps, and cancels 480 ms echo. The higher band is 4-
7 kHz, has 1792 taps, and cancels 224 ms echo[6]. For

real time operation, ((; is setto O].256=2.5, QL757.

512=1.5, ({513.1ast=0-3. When using a white noise input
signal (Figure 4(a)), convergence at -20 dB is at triple the
speed and when using a speech (male) input signal (Figure
4(b)), convergence at -20 dB is at double the speed of the
maximum speed ((X=1.0) in the conventional method[2].
Echo return loss enhancement is over 30 dB in 0.15-7 kHz
frequency range.

4. Conclusion

The ES algorithm reflecting room acoustic
characteristics converges faster than previous algorithm :
triple the speed for white noise signal and double the speed
for speech signal without increasing the number of
calculations per iteration.
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Fig.4 Real time experimental results on convergence
performance. Step gain matrix with a1-256=2.8,
Q257-512=1.5, @513-1a3t=0. 3( ) and a=1.0
(=—==) in learning identification algorithm.
Reverberation time at 500 Hz is 300 ms.
Loudspeaker-microphone distance is 2.5 m.




