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ABSTRACT . /Feedhack Path

This paper studies analytically the steady-state convergence
behavior of adaptive algorithms that approximate the Wiener so-
lution when operating in continuous adaptation to reduce acoustic

Receiver

feedback in hearing aids. A bias is found in the adaptive filter's Merophone
estimate of the hearing-aid feedback path when the input signal J Processing
is not white. Delays in the forward and cancellation paths are (Hearing Ald)

shown to reduce the magnitude of the bias. Equations for the bias
transfer function are obtained. A discussion about properties of

the bias when delays are placed in the forward and cancellation Figure 1: Acoustic feedback in a hearing aid coupled with a human
paths follows. ear.

1. INTRODUCTION

A major complaint of hearing-aid users is acoustic feedback which
is perceived as whistling or howling (at oscillation) or distortion (at d(n) = s(n) * h(n) +r(n). (1)
sub-oscillatory intervals). This feedback occurs, typically at high . . . )
gains, becaus):a ofleakag)]e from the receiver to the r);lpi)cropxtlwone (%]:ig.l_n most.casesr(n) IS asgumed to pe Wh'te r_10|se. The Wiener
1). Acoustic feedback suppression in hearing-aids is important filter estimate [5] forH (z) is a vectorh with the impulse response
since it can increase the maximum insertion gain of the aid. The CO€fficients given by
acoustic path transfer function can vary significantly depending on . .
the acoustic environment [1]. Hence, effective acoustic feedback h=R" pu 2
cancellers must be adaptive.

This paper analyzes the performance of adaptive filtering al-
gorithms [2] when correlated inputs are used in continuous adap-

where

tation systems for hearing aids. It will be shown that any algorithm R = E{s(n)s’(n)} 3)
that attempts to approximate the Wiener solution in continuous A g d 4
adaptation systems will obtain a biased estimate of the feedback Psd A {s(m)d(n)} “)
path due to the cross-correlation between input and output sig- s(n) = [s(n)s(n—1)-- s(n—N)|" (5)

nals in the hearing aid. Although previous works have addressed

the necessity of decorrelation mechanisms for a better estimate oBnd N is the order of the Wiener estimate.

the feedback path by using delays in the cancellation and forward ~ Now consider the case where the interference sigtwa) is
paths [3], [4], none of these works have proposed an analysis fornot white and is derived from the input signgln) by a linear

the bias. This work proposes analytical expressions to predict thesystem. Itis easy to prove that (2) will not lead to a proper estimate
bias; properties of continuous adaptation systems based on thesef the impulse response di(z). Suppose that(n) is derived
analytical expressions are then discussed. from

2. THE BIAS IN THE WIENER ESTIMATE r(n) = s(n) * q(n) (6)

wheregq(n) is the impulse response of an unknown system that

A Wiener filter estimates a system transfer functiéiifz) given derives the noisy signai(n) from the input signak(n). It is pos-

the input signal to the systes{n) and a corrupted system output i ) .
signald(n). The corrupted signal is assumed to be the convolution SiPI€ to show that the Wiener estimate impulse response VRctor
between the system impulse response and the input sigig) { deviates from the impulse responserofz) by

h(n)] added to a noisy componenfn). It can be written as
€= R_lpsr (7

1This work was supported in part by NIH, and by a grant from
CNPg/National Research Council in Brazil. wheree is defined as




wherey(n) is the output of the feedback path. By using (7) and
. (10), it follows that the bias in the Wiener estimate of the feedback
e=h-h ®) pathF(z) is

andh is a vector with the impulse response®fz). It should be

. . ) X Ef _ R—l f (11)
noted that the entries of the vectocontain a Wiener estimate for P1
the impulse responsgn). where
3. APPLICATION TO A FEEDBACK REDUCTION p{ = E{s(n)z(n)}. (12)

SYSTEM
Supposing that the bias vector is sufficiently small, it can be as-

In this section, expressions for the bias are derived for the casessumed that

of delays in the forward or cancellation paths. Superscripts f and

¢ will be used to indicate delays in the forward and cancellation s(n) = Gex(n — A —1). (13)
paths, respectivelly. It is assumed that the forward path transfer

function isG(z) = G.z* [4]. The used feedback path was ob- Using the above approximation in (11), it is possible to obtain
tained from measurements [1] and is shown in Fig. 2. All the
vectors are assumed to have the Wiener Filter leniyth-(1 taps [ef ~ G%lepz,wrl} (14)
- N*"-order estimate) except where indicated with subscripts.

where

pras1 = E{x(n — A = 1)z(n)} (15)

Simulations with the NLMS algorithm [2] using speech-shaped
noise as input, a normalized convergence factqu'ct 1074, a
total of 5 million points, an impulse response with the first 20 sam-
ples of Fig. 2 were run to determine the valug|ef || for various
values of delays in the forward path. The results with gain= 2
shown in Fig. 4. which illustrates that the predicted and simulated
results are in good agreement. Simulations with different gains
ranging betweexd’. = 3 to 12 were also run, and there was good
agreement between simulated and predicted results.

Figure 2: Impulse response of a hearing-aid feedback path for a
human subject.
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In the analysis, the bias in the feedback reduction system will
be defined as

le’ll @By

e=w-—f 9

wherew is a vector with the Wiener estimate for a hearing aid
plant based on the signat¢n) andd(n) andf is a vector with the
feedback path impulse response.

Forward path delay (in samples)

3.1. The bias with delays in the forward path

. s .
In the hearing aid plant shown in Fig. 3, it can be seen that the Figure 4:[le"|| as a function of forward path delay

reference signal(n) is

=0 3.2. The bias with delays in the cancellation path
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- In the case of the hearing aid plant shown in Fig. 5, the Wiener
R A —— filter will be able to estimate the lasf + 1 terms of the impulse
response, since the firAt samples of the impulse response will be

- W(2)
approximated by zeroes.
«0 | Fonaaran | | ooy || Itis also assumed thdt(z) can be divided into two components
G A
Fi(z) = ffaATa(z™h) (16)
Figure 3: Model of a hearing aid plant with a delay in the forward Fy(z) = fiT(z Y 7

path.
wheref; A is a vector with the firstA samples of the impulse

responsef, is a vector with the remainingv + 1 samples, and
d(n) = y(n) + x(n) (10) Ta(z) andT(z) are defined as



X(n) y(n) Feedback Path s
F@

-

+ X 9 Adaptive Filter Delay
]| f=—]|
- WE) s
&n) Forward Path

G(2)

Figure 5: Model of a hearing aid plant with a delay in the cancel-
lation path

>

Lz - 22 (18)
2 [z 2NT (19)

Consequently, the reference signal can thus be written as

d(n) = y1(n) + y2(n) + z(n) (20)

where
yi(n) = flasa(n) (21)
p(n) = fs(n). (22)

The componentg: (n) andy-(n) are illustrated in Fig. 6.
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Thus, the total bias should be equal to

c Ei A _fl,A
= ,C = _ c — c . 27
€ { €3 } [ R™'pf +R7'p5 @

If the bias vectors ande{ are sufficiently small, the following
approximation fors(n) holds

s(n) = Gex(n —1). (28)

Substituting the above approximation into (23), it is possible to
obtain the following approximation fars

L1 ,
£ ~ G- Rolpoan + R Bx(mx" (n+ M)}, (29)

Thus, the approximation for total bias in this case is

. —fi A 30
| R (P 4 Bl (AR Y || ©O)

Simulations with the NLMS algorithm [2] using the same param-
eters described in the previous section were run to determine the
value ofe® for various values of delays in the cancellation path.
The results are shown in Fig. 7 which illustrate the accuracy of the
predictions.

/ Predicted Results

Simulation Results
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Figure 7:||e¢|| as a function of cancellation path delay.

Figure 6: Model of a hearing aid plant with a delay in the cancella- 4. PROPERTIES OF FEEDBACK REDUCTION SYSTEMS
tion path and with the feedback path divided into two components.

It is clear that the bias will contain two components in this case
one, due to the transfer function betweefn) and s(n), and a
second bias term due to the outputfaf(z). The bias can then be
written as

e5=R7'pf +R™'ps (23)

where
pi = Ef{s(n—Ax(n)}=E{s(nz(n+A)}  (24)
ps = E{s(n—A)yi(n)} = E{s(n)sk(n+ A)}i A25)

4.1. Performance in Steady-State

' Simulations were carried out to compare the performance of the
NLMS adaptive filter [5] with and without delayed forward and
cancellation paths. The inputs were white gaussian noise and speech-
shaped noise [6] with a low-pass magnitude transfer function. The
used convergence metric is defineddy:)

C(n) = 201og, w(n) — ]| (31)

Figure 8 shows the convergence of the NLMS adaptive filter
with convergence factge’ = 0.1, orderN = 100 andG. = 2.
As expected, when a white noise input signal is used, the hearing-
aid input and output signals are reasonably well decorrelated, thus

There is, however, another term in the bias vector due to approxi-reducing the adaptive filter bias. Figure 8 also shows that if the in-

mating the firstA samples off'(z) with zeroes. This term can be
written as

eSA=0—fian=—fIA. (26)

put is correlated noise and delays are included in the forward path
the performance improves by 20 dB resulting’im) < —10 dB

in steady state. The used delay was 10 samples at 8KHz. When
the same delay is used in the cancellation path, the adaptive filter



;/ Co‘lorsd‘noise: no d‘e\ays 5 CONCLUS'ONS

/JWMWM Unlike most adaptive filtering applications [2], [5], the LMS al-

s - gorithm and any algorithm that attempts to approximate a Wiener
oo voree, dems i the forwrd path solution in continuous feedback reduction systems for hearing aids

Colored noise, delays in the cancellation path has a bias in its estimate when correlated inputs, such as speech,
are used. This bias is due to non-zero cross-correlation of the in-
put and output signals in the hearing aid plant. It was shown that it
is possible to derive analytical approximations that lead to closed-
form equations for the bias when delays are placed in the forward

samples or cancellation paths.
The derived equations indicate that the bias decreases with in-

Figure 8: Adaptive filter convergence using either white or speech- creasing values of the forward gat#.. The analysis showed that
shaped noises. The used delay of 10 samples was used in the fofthe bias in the adaptive filter's estimate is a function of the feed-
ward and cancellation paths back path characteristics only in the case where a delay is placed in
the cancellation path. On the other hand, when a delay is placed in
the forward path, the bias is independent of the feedback path. In
addition, the derived equations showed that when a delay is placed
in the cancellation path, the minimum bias will be limited by the

Convergence Metric (in dB)

also converges, but with a higher bias. This can be explained by
the fact that delays in the cancellation path approximate the first . . S
A samples of the feedback impulse response with zeros, a bad aptlrstA samples of the feedback path impulse response. Such limit

roximation for the feedback path used here, thus causing a hi herdqeS not ex_ist when a delay is placed in_ the forward path. This
Eias. P ganhg might explain why Estermann and Kaelin [4], who used a de-

layed forward path, obtained better results than other works [8],
[3] which used a delayed cancellation path to decorrelate the input
4.2. The Dependency on the Feedback Path Characteristics and output signals.
and on the GainG.
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