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Steady-State Analysis of Continuous Adaptation
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Hearing-Aids

Marcio G. SiqueiraMember, IEEEand Abeer AlwanMember, IEEE

Abstract—Acoustic feedback is a problem in hearing aids Acoustic
that contain a substantial amount of gain, hearing aids thatare /™~ _____ X / Feedback Path
used in conjunction with vented or open molds, and in-the-ear N
hearing aids. Acoustic feedback is both annoying and reduces the

maximum usable gain of hearing-aid devices. This paper studies
analytically the steady-state convergence behavior of LMS-based

adaptive algorithms when used in continuous adaptation to reduce

acoustic feedback. A bias is found in the adaptive filter's estimate

of the hearing-aid acoustic feedback path. Methods for reducing  microphone
this bias and producing an improved estimate of the acoustic

feedback path are analyzed and compared. It is shown that by the

use of a delay in the forward or cancellation paths of the hearing

aid plant, and for representative feedback paths, it is possible to

reduce this bias by more than 15 dB.

Receiver

Processing
Plant
{Hearing Aid)
Index Terms—Adaptive filters, feedback, hearing aids.

Fig. 1. Acoustic feedback in a hearing aid inside of a human ear.

[. INTRODUCTION
MAJOR complaint of hearing-aid users is acoustic feed- X(n)=O 2™ | FeedbackPath | ™
back which is perceived as whistling or howling (at oscil- F(z)

lation) or distortion (at sub-oscillatory intervals). This feedback
occurs, typically at high gains, because of leakage from the re-  d®n)
ceiver to the microphone (Fig. 1).

Acoustic feedback suppression in hearing-aids is important W(z)
since it can increase the maximum insertion gain of the aid. The
ability to achieve target insertion gain leads to better utilization
of the speech bandwidth and, hence, improved speech intelligi- en) |  Forward Path
bility for the hearing-aid user. The acoustic path transfer func- G(2)
tion can vary significantly depending on the acoustic environ-
ment [1]. Hence, effective acoustic feedback cancellers mUStFk?& 2. Hearing aid plant with an adaptive filter for performing continuous
adaptive. feedback reductiorG(z) is the processing plant transfer function dngk) is

Continuous and noncontinuous adaptation systems for fed¥-electroacoustic feedback path.
back reduction have been proposed in the past. Non-contin- ) ) _ o
uous adaptation systems periodically use a training Seque,ﬁ@"\cpntlnuous adaptation s_ystem_that adjust§ the adaptive filter
such as white noise, at the output of the hearing aid for adaptgefficients only when the input signal level is low. Both sys-
tion of the feedback canceller coefficients. The interference rf§Ms may be objectionable because they limit adaptation to only
ture of this training sequence, however, reduces the signal-t§1en silent or howling intervals are detected.
noise ratio (SNR) and thus is only useful for the profoundly Continuous adaptation systems are, therefore, preferred.
deaf who would not be affected by the noise sequence. Kaégey constantly adapt th_e filter coefficients _bgsed on the input
[2] proposes such a system that adapts to the cancellation p@f@l, and do not require any type of training sequence, as

when howling is detected. Maxwell and Zurek [3] also proposes0Wn in Fig. 2. In this figure, the adaptive filtér(-) attempts
to continuously estimate the feedback path transfer function

F(z). The main disadvantage of continuous adaptation systems
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Fig. 3. Model of the hearing aid plant with (a) delay in the cancellation path and (b) delay in the forward path.

decorrelate the input signa(n) from the input to the adaptive and that the same result does not hold for a delayed cancellation
filter s(n). Bustamantet al.[1], who were the first to propose apath.
continuous adaptation system that used an LMS-based adaptive
filter [Fig. 3(a)], indicate that a delay of 1 ms placed in the
cancellation path is sufficient for decorrelating speech signals.
However, they do not present a mathematical justification for In most digital hearing-aids, the processing plant consists of
their choice of delay. an automatic gain control (AGC) to limit the dynamic range
Estermann and Kaelin [4] use a frequency-domain approaghthe input signal, a frequency-shaping filter that correlates
for reducing the complexity of continuous adaptation systemawith the subjects’ audiogram, and a user-adjusted gain control
The main difference between Estermann and Kaelin’s systeystem. For simplicity, the hearing-aid forward p#ifz) in
and the ones used by Bustamaettal.[1] and by Maxwell and Fig. 2 is modeled a§'(z) = Gyz~! [4] without an AGC mech-
Zurek[3]is that the delay is placed in the forward path, as shovanism or a frequency-shaping filter.
in Fig. 3(b). Again, Estermann and Kaelin chose the delay in theThe acoustic feedback path of a hearing-aid accounts for the
forward path by real-time (DSP) evaluation with no analyticdéakage of sound from the hearing-aid receiver in the ear canal,
justification. through and around the hearing-aid earmold, to the hearing-aid
Besides the use of a delay, other techniques such as spectnuicrophone. The acoustic feedback path also includes the
compression [5] have been proposed to decorretétg and responses of the hearing-aid microphone and receiver. The
s(n). acoustic feedback path modéi(z) in Fig. 2, was estimated
This paper is a first step toward an analytical approach fbased on experiments with three human subjects and a KEMAR
evaluating the performance of adaptive filters when correlatethnnequin [8]. In order to identify the acoustic feedback path,
inputs are used in continuous adaptation systems. We presewh#te noise was sent to the hearing-aid receiver while the
mathematical analysis of the steady-state performance and stiomward path of the hearing-aid was disconnected. The signals
that when the input signal to the continuous-adaptation hearisgnt to the receiver and those received at the microphone were
aid planfz(n)] is correlated, a bias is introduced in the adaptivemultaneously recorded on a DAT. Using these measurements,
filter taps’ estimate, causing nonoptimal feedback cancellatica.15-pole/14-zero linear model of the acoustic feedback path
It should be noted that most adaptive filtering applications deas determined using the Steiglitz-McBride algorithm [9]. The
not present a bias in the taps’ solution. In fact, for other appfeedback path was modeled under both static and time-varying
cations, such as echo cancellation and channel equalizatiortoihditions. For the purposes of the analysis and simulations,
is possible to prove that the mean of the taps of adaptive #ie first 101 samples (12.625 ms with a sampling rate of 8 KHz)
gorithms, such as the least mean squares (LMS) algorithm [6],the model’s impulse response, shown in Fig. 4, were used
converges to the optimal solution for appropriate choices of the construct a 100th order FIR model of the feedback path. An
convergence factor, independent of the input signal characteddditional impulse response, shown in Fig. 5, was obtained
tics [7]. from other measurements performed at the House Ear Institute,
The use of delays in the forward and cancellation paths oLas Angeles.
hearing-aid plant, as suggested previously by Bustaneirae It is important to note that this work assumes that the adap-
[1] and Estermann and Kaelin [4], is analytically shown here tive filter is capable of approximating the feedback path with no
reduce the bias when the input signal is correlated. System amakidual error, i.e., the transversal adaptive filter has the same
ysis for the cases where delays are used in the forward and camier of the feedback path, and is assumed to be FIR. In actual
cellation paths are then studied when the input sigfia) is an implementations, however, the feedback path transfer function
Mth-order Markov Process. This paper will also show, amomgay have an impulse response of higher order than that of the
other results, that the use of a forward path delay results iradaptive filter. In that case, the estimation process will result in
bias that is independent of the feedback path transfer functi@anresidual error since only some samples of the feedback path

Il. HEARING-AID MODEL
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006 1 responsé(n) and the input signal(n) added to a noise com-
ponentg(n). It can be written as
008 . : ; ; s

2 L s L
o 10 20 30 40 50 60 70 80 20 100

samples d(n) = s(n) * h(n) + q(n). (1)

. N In, most casesy(n) is assumed to be white noise. The dis-
Fig. 4. Impulse response of a hearing-aid feedback path for a human subject. . ) . . . N
crete-time FIR Wiener filter estimate [7] fdf (=) is a vectoh

o which represnts the impulse response coefficients and is given

by
] h=Rj'r.y 2)
| | where
' R.. 2 E{s(n)s” (n)} 3)
oos|- ] rea 2 E{s(n)d(n)} (4)
A
o s(n) = [s(n) s(n—1) - s(n=N)IT (5
.l and N is the order of the Wiener estimate.
- ] Now consider the case where the interference sigfal is
ok | derived from the input signa{n) by a linear system. It is easy
to prove that (2) will not lead to a proper estimate of the impulse
015 ; . . . . . . . . response off (z). The Wiener estimate impulse response vector
0 10 20 30 40 50 60 70 80 90 100 " . .
h deviates from the impulse responseffz) by
samples
£= R;slrsq (6)
Fig. 5. Impulse response of an alternate feedback path.
wheree is defined as
impulse response will be estimated. In this paper, it is assumed c=h—h @)

that the adaptive filter and the feedback path are both FIR and
of the same ordefV). andh is a vector representing the impulse responsH (f).

IIl. STEADY-STATE ANALYSIS USING CONTINUOUS B. Application to a Feedback Reduction System
ADAPTATION In this section, expressions for the bias are derived for the

This section will address the performance of Wiener filegases ofdelaye_d forward or cancellation pf_;\ths in the hearing-_aid
estimates for a continuous-time adaptation system for hearfignt- A delay is used to decorrelate the input and output sig-
aids. The purpose is to determine the steady-state behavioP'8fs In the continuous-adaptation feedback reduction plant for

adaptive filters that approximate the Wiener solution, such 3§aring aids. Superscripfsande will be used to indicate when
the LMS algorithm. a delay is used in the forward and cancellation paths, respec-

tively. All vectors are assumed to have the Wiener filter length
(N + 1 taps—Vth-order estimate) except where indicated with
subscripts.

A Wiener filter estimates a system transfer functibifz) In the analysis, the bias in the feedback reduction system will
given the input signal to the systeifn) and a corrupted systempe defined as

output signali(n) as illustrated in Fig. 6. The corrupted signal
is assumed to be the convolution between the system impulse e=w-—{f (8)

A. Bias in the Wiener Estimate
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wherew is a vector representing the Wiener estimate for a xm) »(n) s(n)
hearing aid plant based on the signa{®) andd(n) andf is P Ffz) |-
a vector representing the feedback path impulse response (se
Fig. 3).

1) Bias with a Delayed Forward Pathin the hearing aid Del
plant shown in Fig. 3(b), it can be seen that the response sigha P F(2) = s
d(n) is

d(n) = y(n) + z(n 9 d(r) Ead
(n) = y(n) (n) ) +r"\j(") Adaptive Filter | o | Delay | |
wherey(n) is the output of the feedback path. By using (6) and Y- W(z) A
(9), itfollows that the bias in the Wiener estimate of the feedback
pathF(z)is '
7 i en) | Forward Path
& = Rss g (10) G(z)

where

Fig. 7. Model of a hearing aid plant with a delay in the cancellation path and
rl — E{s( ) ( )} (11) with the feedback path divided into two components.

2) Bias with a Delayed Cancellation Pathin the case of ands(n), and the second bias term is due to the outpu®¢f).
the hearing aid plant shown in Fig. 3(a), the input signal to thiéhe bias can then be written as
adaptive filter is delayed bsx samples. In this case, the Wiener CR-1pf 4 R-1yt 21
filter will estimate the lastvV + 1 terms of the impulse response, = R 1+ Ry 1 (21)
since the firstA samples of the impulse response are implicitlyhere
approximated by zeroes. . A

The feedback path shown in Fig. 3(a) is assumed to be FIR ¥1 = £1s(n — A)x(”)} = E{s(n)x(n+ A)} (22)
and with a transfer functiof’(z). It is also assumed thatitcan 2 E{s(n — A)yyr(n)} = E {s(n n)sh(n+ A )} f1,4(23)

be divided into two components ]
Note thates in (21) gives the lastV + 1 entries of the bias

Fi(z) =] ata(z7") (12) vector. There is, however, another term in the bias vector due
Fo(z) = £1t(27h) (13) toapproximating the first\ samples of’(z) with zeroes. This
term of the bias can be written as
wheref; A is a vector representing the fir&t samples of the

impulse responsé; is a vector withV + 1 samples, anéa (=) ela=0—fia=—f A (24)
andt(z) are defined as Thus, the total bias is equal to
A —
faz) (1 = o AT (14) [@i A] [ 1.4 (25)
£ = e = — 4 ' — 4 .
t(Z) é [1 z s ZN]T. (15) €3 Rsslrl =+ Rsslr2
The feedback path transfer function can thus be written as a
function of I, (z) and F,(z) as follows: C. Steady-State Performance
_ Simulations were carried out to verify that the adaptive filter
F(z)=F A Fy(2). : : oHTYE
(2) 12) +2 2(2) (16) leads to a biased solution when correlated hearing-aid input
Consequently, the feedback path output sigifal) can be di- signals are used. In addition, simulations were performed to
vided into two components compare the steady-state performance of the feedback reduc-
B 17 tion system when delays are used in the forward and cancel-
y(n) = yi(n) +2(n) (17) " |ation paths. In the simulations, a feedback path with an im-
where pulse response shown in Fig. 4 was used. The inputs were white
A gaussian noise and speech-shaped noise with a low-pass mag-
T . .
y1(n) = £ asa(n) (18) ' nitude transfer function [10].
A L .
ya(n) 2 £7s(n). (19) The performance criterion used to estimate the extent to

which the adaptive filter approximates the feedback path
This is illustrated in Fig. 7. Note that Figs. 7 and 3(a) represeintpulse response is misalignment, defined by
the same system. The sign#h) can thus be written as
le(m)l] = |1E{w(n) - £}]]. (26)

d(n) = y1(n) +32(n) + 2(n). (20) This metric is the norm of the difference between the adaptive
Considering that the adaptive filter will only be able to approxiilter estimate vectow () and the feedback path coefficients
mateFs(z), itis clear that the bias will contain two componentsectorf. In steady state, the metric is the norm of the bias in the
in this case: the first is due to the transfer function betwsen adaptive filter estimate.



SIQUEIRA AND ALWAN: ACOUSTIC FEEDBACK REDUCTION SYSTEMS FOR HEARING-AIDS 447

15 T T T T T T

/ Colored noise, no delay €1,a)- The first term(e5) is given by (21), while the second
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10r 3 response. Thus, the minimum bias will be equat-f A, and
will be attained only if the adaptive filter is capable of perfectly
estimating the feedback path; = 0).
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In the next section, an analytical study will show that the bias
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y in the case of a delay in the forward path is independent of the

@ o Colored "0'5'_3’ delay i"_the forward path feedback path impulse response, and this result is in contrast
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IV. EFFECT OFDECORRELATION DELAY

Fig. 8. Misalignment when the input is white or speech-shaped noise. Two Determining quantitative relations for the bias as a function
CaSGSI were %ﬁfe\fitiif?(ﬂv\\llv;trz zfggﬁgjgzgﬁd 2$:e+ﬁgfgf\|$’r,daﬂ; g;gay ®fthe input signal statistics, the delgi ), and the forward path
??r?eefseg]dilack path was modeled with the Fi)mpul.se response ig Fig. 4. galn(Go) is complicated for arbitrary s_lgnal_s. This sectionis an
analytical study of the case where the input is a colored sequence
derived from anV/ -pole filtered white noise (Markov process).
Fig. 8 shows the misalignment of the NLMS (normalizedthe model for the forward path was described previously [4]
LMS [7]) adaptive filter with convergence factpr= 0.1 and and assumes that the error sigefal) is amplified by a constant
order N = 100 for both white noise and speech-shaped noiggin ¢, and delayed so thak(z) = Gz~'. The extension to
input signals, with and without a delay. A total of 5 experimentg more generafs(z) is straightforward and includes a matrix
were run to simulate the ensemble average. The equations/f@iitiplication operation in most of the formulae.
the NLMS algorithm are

A. Bias Reduction by Use of a Delayed Forward Path

— T (s
e(n) = d(n) —w=(n)s(n) (27) " |n the case where the forward pa€(z) is modeled as
w(n+1)=w(n)+ ||§{:l)||§(n)e(n) (28) G(z) = Goz7', it is possible to express the input to the
adaptive filters(n) as a function of the error signal as

where w(n) = [wo(n) -+ wn(n)]¥ is a vector s(n) = Goe(n — A —1). (29)
of order N containing the instantaneous taps update,
s(n) = [5(n) --- 8(n — N)]" is a vector of orderN Thus, (10) and (11) can be rewritten as a function of the cross-
with input samples of the adaptive filter(n) is thea priori  correlation sequenaé,, (m) and the autocorrelation matix/,
error signal and(n) is the desired response signal. It is imporas follows:
tant to note thaé(n) = s(n) for a delayed forward path and
3(n) = s(n — A) for a delayed cancellation path (see Fig. 3). of — Lz [Rge] -1 rll‘ (30)
As expected, when a white noise input signal is used, the G
hearing-aid input and output signals are reasonably well decor- ] = GoE{e(n — A — 1)z(n)} = Gor{ (A +1). (31)
related, thus reducing the adaptive filter bias. When the input
signal is correlated noise, however, a bias results, as illustravgere
in Fig. 8.
Fig. 8 also shows that if the input is correlated noise and 8(” —A-1
delay is included in the forward path, performance improves by= [e(n = A —1) e(n—=A—2) -~ e(n—A - N - 1)~
20 dB resulting inje(n)|| < —10 dB in steady state. The delay (32)
used was 10 samples at 8 kHz. When the same delay is used in
the cancellation path, the adaptive filter also converges, but withHence, to compute the elements:=6f it is necessary to cal-
a higher bias. This can be explained by the fact that a delayggate the cross-correlation sequenggm) and the autocorre-
cancellation path results in approximating the fifssamples |ation sequence.. (). The equations for the cross-correlation
of the feedback impulse response with zeros, an inapproprigif autocorrelation sequenees(m) andr..(n) are derived in
approximation for the feedback path used here, thus causinggpendix | for the case where the input to the hearing aid is a
higher bias. Markov process. It is shown that.(m) andr.,(m) are func-
The results can also be explained by observing that the biams ofs/. These relations result in a set of nonlinear equations
vector for the delayed cancellation-path has two terfisafd that are not easily solved analytically. However, it is possible to
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computes/ from these equations by using the following itera
tive procedure:

1- Sete/ = initial guess

2- Calculater/, (m) using (42)

3- Calculater/,(m) using (47)

4- Calculater{ using (31)

5- Calculatez! using (30)

6-1f |27 — o7 || < Sminlé/ || : STOP
7- Otherwises’ — 2/ : go to step 2.

Predicted results

Misallignment ||cf]| (dB)

In the above proceduré! is the iterative estimate ef , 6,,,i, N
is the minimum normalized precision for t_he algorithm’s con  -so L . L e ——
vergence—a typical value i€ ~2. One possible way to choose
the initial guess is by setting it equal to zero (or to a very smaili
value) and choosing a sufficiently large value foy sayA =  Fig.9. Steady-state misalignmépt' || as a function of forward path delay (in
Ajin. Once the algorithm converges to a valuesbf this value samples)forz, = 2. Continuous lines represent simulation results and dashed

th b d initial for th wh lines, predicted values. The input was speech-shaped noise. The feedback path
can then be use ‘?‘S an '_n' lal guess lor the case ete was modeled with the first 21 samples of the impulse response in Fig. 4.
Ain — 1. The resulting estimate af can be used as an initial

estimate forA = A_in — 2, and so on, untilA = 0_‘ forward pathA. The derivations are shown in Appendix Il. The
Although there is no guarantee that numerical methods fg uation for the bias in this case is

solving sets of nonlinear equations will converge to the desire

solution, the above procedure converges to the desired solution 55 =

in most cases. As will be shown in the next section, the above

procedure usually converges to the desired solution when tBerep is the Markov process constant.

forward path delay is greater than six samples at a sampling rat&omputer simulations were performed to evaluate the analyt-

of 8 KHz. ical estimate of the adaptive filter convergence error for aone tap
1) Numerical Results:Simulations were performed to adaptive filter. Inthe Simulations, the gm was setto 2 and 4,

verify the outlined numerical method for computinig/||. the Markov process constgntvas setto 0.9, and delay) was

In all simulations, a 5 million point data sequence and dttween 0and 40 samples. The NLMS algorithm was used with

adaptive filter order of 20 were used with the NLMS algorithmi = 0.01. The feedback path was modeled with the first sample

A small convergence factor gf = 0.01 was used to reduce Of the impulse response shown in Fig(./4(z) = 0.0778). Sim-

the effect of excess mean-squared error in the simulatiotéated and predicted results [from (33)] are shown in Fig. 10.

The feedback path was modeled with the first 21 samples/ﬁﬁain, solid lines represent simulated values and the dashed

the impulse response shown in Fig. 4. The input was a 1Jthes represent values obtained with (33).

order Markov process derived from a white Gaussian inputFrom Fig. 10, it can be seen that the magnitude of the taps’

that models speech-shaped noise [10]. Plots illustrating tAeviation is reduced with increasing delak) and for higher

theoretical and experimenta| results are shown in F|g 9. nglns Simulations in Section V will show that these results hold

solid curve represents simulation values while the dashed cuf@emore general cases.

represents predicted values. For< 7 samples, the predicted . _ .

curve is discontinued because the numerical procedure cbh-Bias Reduction by Use of a Delayed Cancellation Path

verged to a solution that did not agree with the simulation In the delayed cancellation path case, the second term of the

results. The number of iterations for the described methéhs in the adaptive filter estimate (21), is reproduced below as a

range from 5-10 iterations for high valuesAf(around 40) to function ofR;, andr{,(m), the autocorrelation matrix feXn)

Forward path delay (in samples)

pAH
Go

(33)

40-50 iterations for values af around 10. and the cross-correlation betweem) ande(n), respectively.
For A > 14 samples, there is a difference between the two . 1 cao1 .1 Cl1 .
curves in Fig. 9. This can be explained by practical limitations. €2 = &z [Re] ri+ @ [Re] x5 (34)

A total number of points greater than 5 million and a smaller . .
convergence factor would be necessary to achieve a better match ri = GoE{e(n — A —1)x(n)} = GoE {r;,(m)} (35)
ggltjv;?eer;rtrr(lﬁ [t;lilo curves with a sufficiently low excess mean v A GoE{e(n — A — 1)y (n)}
. _ 2 T

2) Results for a One-Tap Adaptive Filter and a First-Order =Gk {e(n)eA(n + A)} fia (36)
Markov Process Input:Although the case of a single tap and Hence, to compute the elementg6fit is necessary to calcu-
a single-pole input is not as general as the one addressed inléte the cross-correlation sequem€g(m) and the autocorrela-
previous section, it allows us to derive an expression for the bigsn sequence;, (m). The equations for the sequeneés(im)
as a function of the pole, the forward gdih, and delay in the and+ (n) are derived in Appendix | for the case where the

(>
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//Simulation results
Simulation results _

ast

Misallignment || 1] (dB)
Misallignment [|:¢|| (dB)

40}

Ty

-50

o 5, 10 15 20 25 30 35 40 0 5 10 15 20 25 30 35
Forward path delay (in samples)

4‘0 l‘S 50
Cancellation path delay (in samples)

Fig. 10. Steady-state misalignméfat, || as a function of forward path delay F19- 11. Steady-state misalignmejfit®|| as a function of cancellation path

(in samples) folGn = 2 andG = 4. Continuous lines represent simulationdelay (in sam_ples) foGO_ = 2. Contlnuous'llnes represent simulation re_sults
results and dashed lines represent predicted values. The input was a 1st #@gdashed lines, predicted values. The input was speech-shaped noise (12th
Markov Process. The feedback path was modeled with the first sample of ff{der Markov Process). The feedback path was modeled with the first 21
impulse response shown in Fig(#(z) = 0.0778). samples of the impulse response in Fig. 4.

input to the hearing aid is a Markov process. Beth(m) and V. SIMULATIONS

r¢,(m) are functions of5 (see Appendix I), and these relations th _ . Wtical predicti fthe b

result in a set of nonlinear equations that are not easily solveo,n_ € previous section, analytical predictions ot the bias were

analytically. It is possible to computg from these equations verified through simulations. In this section, we extend the sim-

by using an iterative procedure similar to the one described lf"ﬁt'ons to include a different _feedback path, a wider range Qf

the previous section. The numerical procedure is as follows: gains, and speech-shaped noise as the input. These simulations
allow a comparison of systems with delayed forward and cancel-

lation paths. We also discuss other properties of the adaptation
1- Setej = initial guess schemes.
2- Calculater¢, (m) using (51) Computer simulations were conducted to evaluate the effec-
3- Calculater?, (m) using (53) tiveness of the NLMS algorithm in estimating the feedback path
4- Calculater? using (35) and using (36) when a delay is used to decorrelate the hearing-aid inpult
5- Calculatezs using (34) and output signals(n). The model of the acoustic feedback
6-1f ||5 — €5 < bminl€5]] - STOP path used a 100th order FIR linear filter with impulse responses
7- Otherwises§ — £5 : go to step 2. shown in Figs. 4 and 5. A constant g&ify and a single delay

were used to model the forward path transfer functign) so
thatG(z) = Goz~'. No frequency-shaping filter or automatic
The outlined procedure converges to the desired solutioninmgain control (AGC) was used in the forward path model.
cases, as will be shown in the next section. The initial guess cBime simulations were performed using speech-shaped noise
be chosen in a way similar to that described for a delay in thth variance of 65 dB as the hearing-aid input signék).
forward path. The total bias is given by (25). Speech-shaped noise was generated by passing white Gaussian
1) Numerical ResultsSimulations were performed tonoise through a 12-pole frequency shaping filter. A sampling
verify the outlined numerical method for computitig’||. In rate of 8 KHz was used. The NLMS algorithm [7] used a

all simulations, 5 million points and an adaptive filter order ofiormalized convergence facter= 0.1 and orderN = 100.
20 were used with the NLMS algorithm. A small convergence

factor of 4 = 0.01 was used to reduce the effect of excesg
mean-squared error in the simulations. The feedback path
was modeled with the first 21 samples of the impulse reponseThe objective of the simulations was to evaluate the
shown in Fig. 4. The input was a 12th-order Markov sequensteady-state performance of the adaptive filter for various
derived from a white Gaussian input that models speech-shapethys. Figs. 12 and 13 show the average misalignment in
noise. Theoretical and simulated curves are shown in Fig. 1tie steady-state over a range of delays for four values of the
The continuous curve represents simulation values and foeward path gairtz, (2, 3, 7, and 12) where the feedback path
dashed curve represents predicted values. It can be seen thatfipulse response is shown in Fig. 4. A total of 200 000 samples
A < 7 samples, the theoretical curve is discontinued becausere used in each simulation. The average misalignment
the numerical procedure converged to a solution that did neas obtained by averaging the norm of the difference vector
agree with the simulation results. [||lw(n) — £||] over the last 50 000 samples.

Steady-State Performance as a Function of Delay
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cancellation path delay f@¥, = 2,3,7,12. The feedback path used is showncancellation path delay fa#, = 2,3,7, 12. The feedback path used is shown
in Fig. 4. The input was speech-shaped noise. in Fig. 5. The input was speech-shaped noise.

Fig. 12 shows that the best steady-state misalignment is adifferent feedback path is shown in Fig. 5; simulation results
tained when the forward path delay is 10 samples (1.25 ms)aje shown in Figs. 14 and 15. Comparing Figs. 14 and 12, one
higher and that the adaptive filter is more accurate in estimatingtices that the magnitude of the bias vector is relatively inde-
the acoustic feedback path impulse response when higher g@egdent of the feedback path when a delayed forward path is
are used. used. On the other hand, a comparison of Figs. 15 and 13 indi-

Fig. 13 shows the bias as a function of the delay in the ca@ates that, for a delayed cancellation path, higher gains can be
cellation path. The curves f@¥, = 7 and12 are discontinuous used only if the feedback path impulse response does not have
because the adaptive filter is unstable with a delay greater thast of its energy concentrated in the first samples. With the
eight and four samples, respectively. The reason for the refaedback path shown in Fig. 5, a delayed cancellation path al-
tively poor performance in this case is that the use of a dellgved higher gains for a delay of 10-15 samples. A delay of
in the cancellation path will approximate the firsstsamples of more than 15 samples in the cancellation path made the adap-
the impulse response with zeros—an unreasonable approxiiiég filter unstable for high gains, due to the poor approximation
tion for the feedback path shown in Fig. 4. of the samples 10-15 of the impulse response in Fig. 5.

To examine the behavior of the algorithms when a different )
feedback path is used, simulations were carried out for the caBesChoice of Delay
where most of the feedback path impulse response energy i¥he simulations discussed previously, illustrated in
not concentrated in the first samples. The impulse responserigs. 12—-15, clearly show that the smallest value of delay that



SIQUEIRA AND ALWAN: ACOUSTIC FEEDBACK REDUCTION SYSTEMS FOR HEARING-AIDS 451

Autocorrelation
: : 2
Autocorrelation

°
o

°

0.2

-0}

-0.2
o

35 40 as EJ o B 1 1$ 2 2s ) 38 40 as 50

20 25 3‘0
lag (samples) lag (samples)

1 15

(a) (b)

Fig. 16. (a) Autocorrelation sequence of speech-shaped ridi¥sgmples). (b) Autocorrelation sequence of a sentence (31265 samples).

effectively reduces the bias is around 10 samples (1.25 maigls results in biased estimations of the feedback path when
this value is the same as that chosen by Bustametnéd [1] correlated input signals are used. Analysis in the case of an
and Estermann and Kaelin [4] experimentally. This delay cavth-order Markov process input signal was presented, and
also be justified by the autocorrelation sequence of the inpequations that allow prediction of the bias were derived. The
signals. When the input is speech-shaped noise, its autocoaealysis was extended to the cases where the forward path
lation decays continuously until a lag of 10 samples (1.25 maj) the cancellation path are delayed to decorrelate the error
[Fig. 16(a)], and it does not show a significant decrease wilignal and the input signal to the adaptive filter. The analysis
greater lags. When the input is a sentence with 31 265 sampjastifies the role of delay, which had been proposed previously

the autocorrelation shows a similar behavior [Fig. 16(b)].  in the forward and cancellation paths of continuous adaptation
) systems for hearing aids [1], [4], and illustrates how delay
C. Convergence Rate as a Function of Delay decreases the bias in the adaptive filter's estimate. The analysis

The simulations in this section indicate that a delay in the foallows the prediction of the magnitude of the bias, while
ward and cancellation paths allows a reduction of the bias at tpr@vious works relied on subjective evaluation for determining
expense of a slower convergence rate. Comparing the curvetig steady-state performance of feedback reduction systems.
Fig. 8 it can be seen that the convergence of the NLMS algo-simulations and theoretical analysis indicate that a reduction
rithm is slower when delays are used. Previous works [11], [18} more than 15 dB in the misalignment can be obtained when
have acknowledged a reduction in convergence speed as a fyfg-input signal is speech-shaped noise and a delay is used ei-

tion of delays in the updates of the LMS algorithm. ther in the forward or cancellation paths. It was also shown
D. Dependence of the Bias on the Feedback Path itzgtezggtster approximation is obtained as the forward path gain

As mentioned earlier, depending on the characteristics of thqf a delay is used in the cancellation path, the adaptive filter

feedback.pat.h, a delay in the lcancellatio'n path might IoreVermght not be able to satisfactorily approximate the feedback
the adaptive filter from converging. There is a clear depende

 the adaptive filt ‘ h ber of | nﬁ th, causing the system to become unstable for high values of
ot the adaptive Tilter performance on the nNUMBET ot SAMPIES Rl 54 gain. This result can be explained by observing that

delay in the cancellation path. Equations (51) and (52) in AB\ihen adelay is used in the cancellation path, it approximates the

1 c c
pendix | show that the elements of the vectofsr; andR., first A samples of the impulse response with zeros, causing the

are dependent afy 4, thus explicitly showing that the bias in bias to be dependent on initial values of the impulse response. It

this case is a function of the firg¥ elements of the feedbackis important to note that a delay in the feedback path may be in-

path impulse response. This re_s”'? is_ in contrast with the delay? duced by sigma-delta A/D and D/A converters. In this case, a
forvr\:arﬁl path case Whézre th_e blas4|2 |nd%pe4r;der;lt of tr;]e feﬁdb 85%\yed cancellation path that properly matches the delay intro-
path characteristics. Equations (42) and (43) show that the &lgi.q 4 by the converters may have the advantage of permitting a

f J i . o
ments ofr; andR, are independent of the feedback path coefs, o order adaptive filter.

ficients. Finally, the simulations shown in Figs. 12 —15 indicate

while the same result does not hold for a delayed cancellatimh

path e forward path have shown that the magnitude of bias does

not decrease significantly with a delay greater than 10 samples
(1.25 ms for a sampling rate of 8 KHz). The theoretical analysis
also showed that the bias reduction in the case of a delay in the
In this paper, it was shown that the closed-loop plant uséafward path is not limited by the feedback path characteristics,
in continuous-time feedback reduction systems for hearinmlike the delayed cancellation path case. This perhaps explains

VI. CONCLUSION
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why Estermann and Kaelin [4] obtained a higher increase in thi@e above equation can be rewritten in matrix form fer=
critical gain of a hearing aid (20 dB) by using a delay in thé,.... A+ 1+ N
forward path than Bustamargeal.[1], who used a delay in the

. : ! !

cancellation path (6—10 dB). For this reason, and due to the fa rz¢(0) r22(0)
that the feedback path impulse response usually has most of the : = :
energy concentrated in the first samples, delay in the forward »/ (A + 1 + N) i (A+ 14+ N)
path is preferred over delay in the cancellation path to reduce r!,(0)
the bias in the adaptive filter's estimate. ; «

- GoK : (45)

APPENDIX | rl(A+1+N)
CALCULATION OF AUTOCORRELATIONS AND _ o )
i f
A. Calculation ofr/,(m) kﬁw’ - 6£@—A—1—j + Eﬁw—A—l-l—j (46)
Assuming thatz(n) is an M th-order Markov Process with o ' .
M poles afp;, i = 1,..., M, and derived from white Gaussianwhere it is assumed thaf = 0 fori < 0ori> N.Equa-
noisev(n) with variances?, the transfer functior ., (z) can tion (45) can be solved for determinimg, (m) as a function of
be written as r{.(m) as follows:
X 1
Hxv (Z) = V(Z) = M o~ (37) rge(o) rgx(o)
() [lizi(1=piz™t) ; = [GOKf +17t ;
According to_ Fig. 3(b), it is possible to write an equation for r{ (A+1+ N) rf (A+1+N)
e(n) as a function ot/ (n) andz(n) as follows:
(47)
e(n) =d(n) — GoefT(n)x(n —A-1) (38)

_ o " For solving the above equation, it is necessary to first determine
wheree/ (n) = w(n)—f. Using the above relationiitis possible-/ () and the elements of the mati#&’ , which are functions

to determine the transfer functidi/, (z) of the bias vector elements .
E(z) 1
f — — .
o (2) = X(2) 1+ GoelTt(z-1)z—A-1 (39) . calculation ofré,(m)

wheret is defined in (15). In the above equation, it is assumed According to Fig. 7, itis possible to expregs ) as a function
that an LMS-based adaptive filter with a sufficiently small corPf €5(r) andz(n) as follows:

fact d, that in steady-stat
vergence factop was used, so that in steady-state e(n) = d(n) — GoesTx(n— A — 1)+ Gotx(n — 1). (48)
lim e (n) ~ lim E{e/(n)} 2 (40)

n—oo

The transfer functiod{,(z) can now be determined as
wheree/ is given by (10).

It is now possible to computel, (m) by using the Residue HE(2) = E(2)
Theorem [13], and assuming that the transfer function in (39) is X(2)
stable (poles inside the unit circle). Rar> 0 the result is - - - 11 - —
1 =Gt jta(z=1)z7t + Goe§t t(z=1)z—2~
rgx(m) — Z—l [U,LZ)HxU(Z)HxU(Z_l)ng(Z)] (41) 01 A A(Z )Z + Go 2 (Z )Z (49)
2 = PM_l 1
=0, HM E ) HM (1= pipi) wheret is defined in (14). In the above equation, assumption
i=1 =P = Pi) =1 Pib (40) applied to a delayed cancellation path was used. Now, the
1 m 42 cross-correlation;, (m) can be determined by using the inverse
X 1+ Goel Tt(p; )pAH pi - (42) 7 Transform of®Z. (=) given by
;. (2) = 0y Hoo (2)Hoo (277 ) Hea(2). (50)

B. Calculation ofr/, (m)

The autocorrelation off (1) can be calculated using (38). 1tT0 computer,(m) for m > 0 we note thatr;,(m) =

is possible to show that Z—l{cng(z_)}_ = Z_—l{<1>§e(z‘1)}. Using the Residue The-

orem [13], it is possible to calculaig ()

rge(m) = rgx (m) - GngTrge (m —A- 1) (43)
M M—1 1
whererf,(m — A —1) = [rl,(m — A —=1) rf,(m — A — re (m) = o2 Mpi -
2) - rge(m —A-N- 1)]T- i=1 HJ=1,(PZ' - pi) Hj:l(l — pipj)
Equation (43) can be rewritten as 7 1
X i
L= Gof{ stalpi)pi + Goest(pi)pi+

N
rlm) =rl(m) = Go Y elrl(fm—A—i—1]). (44) " e
=0
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D. Calculation ofr,(m)
From (48) it is possible to calculate

rge(m) = rgx(m) + GofEArge,A(m - 1)
— Goeg'rl, (m—A—-1). (52)

ee

In the above equatiom?, (1) is given by (51).
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APPENDIX I
BIAS FOR A SINGLE-POLE INPUT, SNGLE-TAP ADAPTIVE
FILTER AND DELAYED FORWARD PATH

In the case of a single tap, (30) can be rewritten as

1 -1
eh = & L]l (55)
0

wheree! is the first value of the vectar’ = E{e/}. 7{0 can
be calculated from (31) and (42) as follows

GoolpAtt
7”{’0 = O—fAl (56)
1 + GOEOP +
In the case of a single tap, (43) implies that
0.2
rl(0) =rl(0) = ————— (57)

B 1+ G()EgpA-H .

Equation (55) can then be solved, aa’&dcan be calculated as

follows
A+1
F_P
for— 58
0 GO ( )
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