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This paper proposes a new adaptive é,lgorithm for acoustic echo cancellers with
four times the convergence speed for a speech input, at almost the same computational
load, of the normalized LMS (NLMS). This algorithm reflects both the statistics of the
variation of a room impulse response and the whitening of the received input signal [1].

This algorithm, called the ESP (exponentially weighted step-size projection) al-
gorithm, uses a different step size for each coeflicient of an adaptive transversal filter.
These step sizes are time-invariant and weighted proportional to the expected variation
of a room impulse response. As a result, the algorithm adjusts coefficients with large
errors in large steps, and coefficients with small errors in small steps. The algorithm
is based on the fact that the expected variation of a room impulse response becomes
progressively smaller along the series by the same exponential ratio as the impulse
response energy decay [2].

This algorithm also reflects the whitening of the received input signal, i.e., it
removes the correlation between consecutive received input vectors. This process is
effective for speech, which has a highly non-white spectrum.

A geometric interpretation of the proposed algorithm is derived and the conver-
gence condition is proved. A fast projection algorithm is introduced to reduce the
computational complexity and modified for a practical multiple DSP structure so that
it requires almost the same computational load, 2L multiply-add operations, as the
- conventional NLMS. The algorithm is implemented in an acoustic echo canceller con-

structed with multiple DSP chips, and its fast convergence is demonstrated.
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1. ABSTRACT

This paper proposes a new adaptive algorithm for
acoustic echo cancellers with four times the conver-
gence speed for a speech input, at almost the same
computational load, of the normalized LMS (NLMS).
This algorithm reflects both the statistics of the vari-
ation of a room impulse response [1] and the whiten-
ing of the received input signal [2]. It is called the
ESP (exponentially weighted step-size projection) al-
gorithm. The algorithm is implemented in an acous-
tic echo canceller constructed with multiple DSP chips,
and its fast convergence is demonstrated.
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2. CONVENTIONAL ADAPTIVE
ALGORITHMS

2.1 NLMS Algorithm

s e(k)
h(k+1) =h(k) + ax(k)Tx(k)x<k) (1)
o(k) = (k) = B(B)x(8) + (k) )
where
h(k) = [hu(k), ha(k), - -, ho(R))T,

i(k)(i=1,---,L): coefficients of an FIR filter,
x(k) = [z(k),z(k = 1),--+,z(k = L+ 1)F
. received input vector,
L: number of taps,
a : scalar step size (0 < a < 2).

¢ In the conventional NLMS, convergence is fastest
at a=1.

e Filter coefficient vector ﬁ(k) is adjusted only in the
direction of the received input vector x(k).

¢ The NLMS algorithm converges very slowly when
the received input signal is a colored signal such as
speech.
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2.3 Variation of a Room Impulse Response
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(b) Reverberent energy decay -curves

e Impulse responses attenuate exponentially, and
the expected variation of the impulse response also
attenuates by the same exponential ratio.

e The exponential attenuation ratio is common to all impulse

responses in the same room. We can estimate it from the room

conditions, or determine it by measuring one impulse response.
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2.3 Exponentially Weighted Step-Size NLMS
(ES) Algorithm

h(k+1)=h(k)+ A - (ke)(f}z (k)x(k) (3)
where
/ g 0
A= @ (4)
\ 0 ay,
and

a; = a07i—l(i = 1ye e, L):
~ : exponential attenuation ratio (0 < v < 1).

e The ES algorithm uses a different step size for each
coefficient of an adaptive transversal filter by intro-
ducing a step size matrix A having diagonal form.

N

¢ Elements «; are time-invariant and decrease ex-
ponentially from «; to oy with the same ratio v as

k1:he impulse response h(k).
J

¢ This algorithm updates coefficients with large er-
rors in large steps, and coefficients with small er-
rors in small steps [1].

e

¢ The algorithm doubles the convergence of the NLMS.
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2.4 Projection Algorithm

h(k +1) = h(k) + a[Bi(k)x(k) + Ba(k)x(k = 1)) (5)
where
a : scalar step size(0 < a < 2),
B1(k), Ba(k) : time-varying parameters.

Parameters (1 (k) and B;(k) are determined so that h(k + 1) sat-
isfies

x(k)"h(k +1) = y(k) (6)
x(k — 1)Th(k +1) = y(k — 1). (7)

Combining (6), (7), and (5) gives

Br(k)x(k) x(k) + Ba(k)x(k) x(k — 1) = e(k) (8)
B1(k)x(k — 1)Tx(k) + Ba(k)x(k — 1) x(k —1) = (1 — a)e(k — 1).
(9)

e Parameters B;(k) and B:(k) are obtained by solving

simultaneous equations (8) and (9). h(k +1) is ob-
tained using Gi(k), 52(k), and (5).

e 5 D
o Filter coefficient vector h(k) is adjusted in an ar-

bitrary direction on the plane produced by x(k) and

x(k —1).
\ J

e Convergence can be doubled for a speech input.
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e Special formula for a =1

o(k) = _Po(k) _ x(k - 1)Tx(k)
(k) = Bi(k) - x(k—1)Tx(k-1) (10)
u(k) = x(k) — c(k)x(k — 1) (11)
’ » e(k)
h(k +1) =h(k) + u(k)Tu(k)u(k) (12)

e Correlated components of x(k — 1) are subtracted
from x(k), i.e., u(k) is orthogonal to x(k — 1).

-
¢ Filter coefficient vector h(k) is adjusted in the

direction of the “decorrelated” or “whitened”

vector u(k).

\. W
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3. NEW ADAPTIVE ALGORITHM

L
Received input x(k) RhEcEa el
O
Adaptive FIR Acoustic echo
filter h (k) path h (k)
Error e(/f\) Echo replica
= y(lk)—y(k)+nfk) | |— (k) Echo y(k)
O el Ambient

Microphone nopise n(k)

the variation of a room impulse response.

e The projection algorithm only reflects a whiten-
ing of the received input signal.

e These are independent of each other, so we aim
\to reflect both of them.

e ™
e The ES algorithm only reflects the statistics of

J
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3.1 Exponentially Weighted Step-Size
Projection (ESP) Algorithm

h(k +1) = h(k) + pA[Gi(k)x(k) + B2(k)x(k — 1)]  (13)

Parameters (1 (k) and B;(k) are determined so that h(k + 1) sat-
isfies (6) and (7).

Combining (6), (7), and (13) gives

By (k)x(k)T Ax(k) + Bo(k)x (k)T Ax(k — 1) = e(k) (14)

B (k)x(k—1)T Ax(k)+Ba(k)x(k—1)T Ax(k—1) = (1—p)e(k—1).

15
where (15)

L : step size matrix scaling factor (0 < p < 2).

e Parameters (3;(k) and G;(k) are obtain(i:d by solving
simultaneous equations (14) and (15). h(k +1) is ob-
tained by using S;(k), 5:(k), and (13).
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3.2 Reduction of Computational Complexity

‘o The computational complexity of the ESP algo-
rithm can be reduced by introducing an intermediate
variable [2].

&, Exponential decay curve
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3.3 Practical Modification for a Multiple DSP
Structure

e The exponential decay curve is approximated step-
wise, and step size ¢; is set in discrete steps.

¢ This modification allows the proposed algorithm
to have almost the same computational load as the

NLMS.
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4. CONVERGENCE COMPARISON

4.1 Computer simulations

e With a speech input, the ES and projection algo-
rithms both converged twice as fast as the NLMS.

¢ Our ESP algorithm converged four times as fast as
the NLMS.

40
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Simulation conditions

- number of taps: 512,

. sampling frequency: 8 kHz,

. received input: speech,

- SNR: 35 dB,

. step sizes were set so that steady-state ERLEs were
almost equal,

. average of 50 independent results.

3rd International Workshop on Acoustic Echo Control - 7 & 8 Sept. 93 - Plestin les Gréves - France

36



4.2 Real-time Experiments

¢ With a speech input, the ES and projection algo-
rithms both converged twice as fast as the NLMS.

¢ Our ESP algorithm converged four times as fast as

the NLMS.

Squared error e(k)?(dB)

Experimental conditions

- implemented in an acoustic echo canceller constructed
with multiple DSP chips,

- 7T-kHz frequency range was separated into two bands,

- sampling frequency: 8 kHz,

- number of taps: 3072 in each band,

- received input: speech,

- step sizes were set so that steady-state ERLEs were

almost equal.
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5. CONCLUSIONS

¢ Our new adaptive algorithm ESP reflects both the
statistics of a room impulse response and the whiten-

ing of the received input signal.

¢ This algorithm has four times the convergence speed
at almost the same computational load as the conven-

tional NLMS.
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