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Project Title On the improvement of acoustic feedback cancellation in

hearing aids for enhanced dynamic range

Name of the Investigator Dr. Nisachon Tangsangiumvisai

Research Assistance Mr Arj Chankawee

Duration August 2003 - July 2004
Abstract

Acoustic Feedback Cancellation (AFC) is necessary to alleviate the annoying acoustic
feedback problem in the hearing aids. Moreover, the dynamic range of the amplifying gain of the
hearing aids can be enhanced, after the acoustic feedback elimination. This project aims to improve
the performance of the AFC system in hearing aids, particularly for the continuous adaptation
approach of the adaptive filter. The use of higher-order time-varying allpass filter with the AFC
system is proposed to decorrelate adequately the input and the output signals of the hearing aids for
improved performance, with as little degradation of the quality of the output signal of the hearing aids
as possible. Due to the existence of the speech input energy within the error signal, the adaptation of
the adaptive filter in the AFC system is therefore severely disturbed, and results in misconvergence of
the adaptive filter. A Forward Linear Predictor (FLP) is suggested in this project to be employed
within the AFC system so that the predicted speech input signal can be removed from the error signal,
and thus, more accurate estimation of the acoustic feedback signal can be obtained. Computer
simulations based on real speech signals demonstrate the effectiveness of the proposed technique,

supported by subjective listening tests.
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On the improvement of Acoustic Feedback Cancellation in Hearing-Aid Devices

A. Chankawee and N. Tangsangiumvisai

Digital Signal Processing Research Laboratory, Department of Electrical Engineering,
Faculty of Engineering, Chu'alongkom University,
Bangkok, 10330, Thailand, email: Nisachon T(@eng.chula.ac.th

Abstract- This paper presents a decorrelation technique to im-
prove the performance of acoustic feedback cancellation in hear-
ing aids, particularly for the continuous adaptation approach. It
is proposed that the input and the output signals of the hearing
aids are decorrelated via the use of higher-order time-varying
allpass filters in order to adequately decorrelate the signals with
as little degradation of the quality of the output signal of the hear-
ing aids as possible. Simulation results are presented based on
real speech signals and supported by subjective listening tests.

I. INTRODUCTION

Acoustic Feedback Cancellation (AFC) is necessary for
hearing aids in order to eliminate the howling perceived by the
users. This is because the amplified signal at the output of the
hearing aids is also sent back to the microphone at the input
terminal of the devices via the air vent. The howling effect
becomes more severe to the users especially when the gain of
the devices is large. Thus, the dynamic range of the hearing
aids is limited due to this acoustic feedback problem.

Adaptive filtering systems with continuous adaptation have
been proposed for acoustic feedback cancellation [1, 2]. This
method causes no interference to the hearing-aid users, as com-
pared to the non-continuous adaptation approach [3, 4], which
requires periodically the training sequence, such as white noise.
Moreover, the non-continuous adaptation approach requires a
good detector for the howling effect. If the howling detector
does not function properly; does not detect the howling when it
occurs, the acoustic feedback will not be eliminated in that pe-
riod and affects the hearing. Therefore, continuous adaptation is
preferable to non-continuous one due to its independence of the
howling detector. Moreover, it is suitable for those who do not
have a severe problem with hearing.

Acoustic feedback canceliation with continuous adapta-
tion, however, encounters the problem of correlation between
the input and the output signals of the hearing aids. This results
in misconvergence of the adaptive filters [5]. Subsequently, the
acoustic feedback in the hearing aids cannot be estimated accu-
rately. Several techniques have been proposed to decorrelate
these two signals but the simple and low-complexity ones using
delays [1, 2, 4] have been particularly investigated in this paper.

It has been shown in [5] that the use of a fixed delay in the for-

ward path of the hearing aids gives better degree of decorrela-
tion as compared to that in the cancellation path.

It is found in {1, 5] that a fixed delay of at least I ms is re-
quired in order to decorrelate sufficiently the input and the out-
put signals of the hearing aids. Normally, the hearing-aid users
wear the device in only one ear. By considering at the quality of
the received signals at both ears, it is required that the inter-
aural delay between the left-side and the right-side signals
should be under the limit of 200 us [6] in order not to destroy
the stereo perception of the signals. A fixed delay of 1 ms to the

signal on one ear will therefore result in the fixed inter-aural
delay that exceeds the 200 s limit and result in degradation of
the stereo signals.

It is therefore proposed in this paper to employ a time-
varying delay via higher-order time-varying allpass filters (HO-
TV-APF) [7]. This is due to the characteristics of HO-TV-APF
that the amount of delay introduced to the hearing-aid users is
time-varying and can be adjusted by the variation of the HO-
TV-APF parameters so that adequate signal decorrclation can
be obtained while preserving the stereo perception.

II. ACOUSTIC FEEDBACK CANCELLATION USING
ADAPTIVE FILTERS WITH CONTINUOUS
ADAPTATION

A block diagram for acoustic feedback canceliation cm-
ploying adaptive filters with continuous adaptation is illus-
trated in Fig. 1. The input signal of the hearing aids is denoted
by x(n), whereas s(n) is the amplified output signal. In general,
the forward path of the hearing aids, which is denoted by the

impulse response g(7) , can be modeled [2] as given by
G(z) = G,z 1)

where G(z) is the z-domain representation of the impulse re-
sponse g(n), and G, is an amplifying gain of the hearing aid
devices. The acoustic feedback path in the ear canal is charac-
terised by an impulse response f(7) . In this pape, ih¢ feed-
back path of length L=100 is assumed to be time-invariant, i.c.
f(n) =£, and will be modeled as illustrated in Fig. 2.

y(n)
x(n) —  f(n) < » s(n)
bl
A
I LWIN _
em | o
—  d(n)

Fig 1: Acoustic feedback cancellation with continuous adapta-
tion.

Subsequently, the microphone signal d(n) as the input of
the hearing aids becomes d(n)=x(n)+ y(n), where the
acoustic feedback signal y(n) is defined by v(n) = f's(n).
The output signal vector of length L is given by
s(n) =[s(n), s(n—=1),...,s(n—L+D]) . An adaptive
filter of the same length L with FIR structurc, as dcfined by
w(n) =[wy(n), w(n),..., w,,(n)]", arc cmployed in
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order to estimate the acoustic feedback path. The estimation
error signal is described as
e(n) = d(n)-y(n) @

which is also equivalently found to be
e(n) = x(n)+[f-w(m)] s(n) ©)

0.15 T v —

Magnitude
& &
- &

&
&

0.25
0

0 2 0 4 50 6 70 8 80 100
Number of taps

Fig 2: Impulse response of an acoustic feedback path in the

hearing aids.

It can be seen from eq.(3) that once the adaptive filter can
perfectly identify the acoustic feedback path, the error signal
e(n) approaches the desired input signal x(n). This demonstrates
that the acoustic feedback signal in the hearing aids can effec-
tively be eliminated.

III. TIME-VARYING DELAY USING HIGHER-ORDER
TIME-VARYING ALLPASS FILTERS

In order to decorrelate the input and the output signals of
the hearing aids, it has been shown in [1, 2, 4] that the inclusion
of a fixed delay in the forward path, as depicted in Fig. 3, gives
better decorrelation performance than that in the cancellation
path. This, however, results in delay between the input signal,
x(n), and the output signal, s(n), of the hearing aids.

delay A

Fig 3: Acoustic feedback cancellation with delay in the forward
path.

Since the hearing-aid users normally wear the device in
only one ear, the output signal s(n) arriving the impaired ear
will be delayed as compared to the signal x(r) arriving at the
other ear of the users. The inter-aural delay, which is the differ-
ence between the group delay of the lefi-channel and the right-
channel signals, should be under the limit of 200 s [6] in order
not to destroy the stereo perception of the signals. Obviously,
the signal received at the ear with no hearing-aid devices has
zero or no group delay. Thus, the inter-aural delay can be ob-
served from the group delay of the processed signal.

Apart from the characteristic of HO-TV-APF [7] that has
constant magnitude response, it can also, on average, approxi-
mate linearity in the phase response of the processed signal.
Thus, a constant group delay can be approximately obtained
from time-varying group-delayed signal. This fact underpins
minimum degradation of the stereo perception of the signals
arriving at both ears of the hearing-aid users.

The time-varying allpass filter is represented in the form of

N
Z a,(n)z” ™ 427N
A(z,n) = EB—— @
1+ a,(m)z”
i=1

where N is the order of the allpass filter and the time-varying
coefficients a;(n) of the allpass filter are updated by

Czi(n) == ai,in( +’;’(n)9 i=1,...,N (5)
Each time-varying parameter ay(n) deviates aror:d its initial
value of o via an i.i.d. random variable ri(n), within the range

[-Ri,Ri], indicating the maximum possible difference between
them.

Therefore, in this paper, the use of a time-varying delay via
employing HO-TV-APF in the forward path, instead of a fixed
delay, is proposed to decorrelate the input and output signals of
the hearing aids.

IV. EXPERIMENTAL RESULTS

A.  Computer Simulations

A speech signal, sampled at 8 kHz, were normalized to
have zero mean and unity variance, and used as the desired
input signal x(n) of the hearing aids, as depicted in Fig. 4. The
gain of the hearing aids, as defined in eq.(1), was chosen to be
Gy = 12 for all cases. The adaptive filter was controlled by the
Normalised Least Mean Square (NLMS) algorithm [8] with
step-size u = 0.02 for every simulations.

15 —

Magnitude x(n)

L A L y "
0.5 1 15 2 25 3
Sample number X 104

Fig 4: Speech input signal of the hearing aids.

The decorrelation technique using a fixed delay of 1 ms (8
samples) was compared with the technique using HO-TV-APF
with different orders, i.e. N = 1,2,3. The time-varying parame-
ters of HO-TV-APF were chosen as given in Table 1 so that the
initial group delay of the processed signal, and thus the average
group delay, were about the limit of 200 us. This rule applied
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particularly for the frequency range of the speech signal, i.e.
300-3400 Hz, in order not to destroy particularly the stereo
perception of the speech information. Beyond this frequency
range, the parameters of HO-TV-APF were chosen so that
group delay can be over the fixed inter-aural delay limit. This
potentially yields efficiency in signal decorrelation performance
of the proposed method. The group delay of the proposed
decorrelation method is illustrated in Fig.5.

Table 1 : Initialised parameters and deviation of HO-TV-APF
for different orders N.

N Oyt R, Ozt R O3,int Ry
1 0.8 0.05 - - - -
2 0.8 0.10 0 0.05 - -
3 0.8 0.05 0 0.05 0 0.05

For comparison, the performance of the adaptive filter was
evaluated in terms of Weight Error Vector Norm (WEVN),
given by

2
WEVN(n) =10xlog,, ”f——”:_ir‘:z)—” (6)
where || . || denotes the Euclidean norm of a vector. With no

decorrelation method, it is shown in Fig. 6 that WEVN of the
AFC system diverged from its steady state. When employing a
fixed delay, WEVN reached about -10dB. For the time-varying
delay approach; N =1 and N =2, final value of WEVN reached
—7dB and —-104B, respectively.

Although the decorrelation degree obtained from the fixed
delay approach of 1ms is higher than those with time-varying
delay employing HO-TV-APF, the time-varying delay method
use less amount of delay added to the AFC system. It can be
seen from the WEVN performance in Fig. 6 that with increas-
ing order N of the HO-TV-APF, the decorrelation capability of
the signals can be further improved. To achieve this, suitable
values of time-varying parameters of HO-TV-APF have to be
carefully selected for sufficient decorrelation degree while pre-
serving the stereo perception of the signals. Thus, for the N =3
case, time-varying parameters of HO-TV-APF were adjusted to
be a little above the fixed inter-aural delay limit of 200 s, but
less than 1ms of the fixed delay approach, in order to obtain
sufficient degree of signal decorrelation while trying not to se-
verely degrade the stereo perception of the signals. In addition,
the parameters were selected so that the WEVN performance of
the N = 3 case attained approximately the same level as that of
the fixed delay approach.

With such parameters in Table 1, it is shown in Fig. 6 that
the N =3 case yields the highest degree of signal decorrelation,
as compared to the N =1 and N = 2 cases. Moreover, from our
experimental simulations, higher degrees of signal decorrela-
tion could be obtained with other values of group delay, which
were higher than 200 us. The reason behind this is due to the
time-varying characteristics of the delay. It gives less severe
disturbing effect on stereo perception, on average. Despite the
fact that the 200 £ limit of fixed inter-aural delay were used as
the reference in this paper in order to compare the preservation
of stereo perception among different decorrelation methods, the
upper limit of the time-varying inter-aural delay to guarantee

stereo perception will have to be found from further experi-
ments.

1600 - —
1400 -
Speach freq
1200+
31000
£
F 800
(]
°
o
2 600
(U]
400
N=3
200} N=2 o
N
0 1 1. - - .4 -
0 005 01 015 02 025 03 035 04 045 05
Nommalized frequency

Fig 5: Group delay of HO-TV-APF for differcnt ordess N.

2 . . . U
~ - (1) fixed delay
—tz)N=1
— (3N=2
— (@N=3
2 (5) o detay )

wevn(n) in dB

Sample number

Fig 6: Comparison of WEVN performance of the AFC system
with and without decorrelation methods.

B.  Subjective Listening Tests

Subjective listening tests based on the five-level quality
scale were undertaken with 25 listeners. (1=bad, 2:-poor, 3=fair,
4=good, 5=excellent) The Mean Opinion Scorc (MOS) value of
the stereo signals with no addition of delay was graded as 3.64.
The MOS values for different cases of fixcd aud tine varying
delay were given in Table 2.

Tabie 2: Mean Opinion Score value of the steice signals em-
ploying different decorrelation methods,

Signals MO8 ahs ]
No decorrelation method . 1,04 B
Fixed delay (1ms) R ]
Time-varying delay (N = 1) 3.48 T
Time-varying delay (N = 2) 160 T
Time-varying delay (N = 3) 376 T

It can be seen that the decorrelation method employing
HO-TV-APF can preserve stereo perception of the received
signals at both ears of the hearing-aid users muuch better than
that using a fixed delay of 1 ms. Thus, with highes fixed delay
than 1 ms for higher signal decorselation level, the siereo per-
ception would be more degraded. For the HG-TY-APF signal
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decorrelation approach, the higher the order N, the higher MOS
values can be obtained.

On the other hand, if a fixed delay of approximately 200
4s is employed in order to demonstrate a fair comparison of
subjective listening test particularly with the time- varying delay
approach of N = 3, although the stereo perception of the signals
can be preserved much better than the 1 ms-fixed-delay case,
the WEVN performance would be indifferent from that with no
added delay. This means that the misconvergence problem of
the adaptive filters in the hearing-aid devices cannot be allevi-
ated when employing a fixed delay less than 1 ms.

V. CONCLUSIONS

The signal decorrelation method employing time-varying
delay via HO-TV-APF has been shown in this paper to be able
to decorrelate sufficiently the input and output signals of the
hearing aids. By increasing the order N of the HO-TV-APF,
further improvement in signal decorrelation capability, as
compared to the fixed delay method, has been demonstrated.
This leads to a more accurate acoustic feedback cancellation,
and thus results in enhanced dynamic range of the amplifying
gain of the hearing-aid devices. Furthermore, the proposed
method use less amount of delay than the decorrelation method
using 1ms fixed delay. Therefore, it yields sufficient degree of
signal decorrelation with minimum degradation in stereo per-
ception of the perceived signals.
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ABSTRACT

Acoustic Feedback Cancellation (AFC) is required to
mitigate the howling effect in hearing aids due to the
acoustic feedback problem. In this paper, a technique is
proposed to improve the performance of AFC in the
hearing-aid devices. Due to the existence of the speech
input energy within the error signal, the adaptation of the
adaptive filter in the AFC system is therefore severely
disturbed, and results in misconvergence of the adaptive
filter. The proposed technique based on a forward linear
predictor is employed so that the predicted speech input
can be removed from the error signal, and thus, more
accurate estimation of the acoustic feedback signal can
be obtained. Computer simulation based on real speech
signals demonstrates the effectiveness of the proposed
technique.

1. INTRODUCTION

The use of hearing aids in people with hearing
impairment is to amplify the sound of interest to assist
their hearing, without any discomfort from high intensity
sounds. The leakage of the amplified signal from the
output of the hearing aids is, however, sent back to the
microphone of the devices through the acoustic feedback
path, i.e. air vent between the hearing aids and the ear.
This leads to the acoustic feedback problem which is
perceived by the hearing aid wearers as whistling or
howling, especially when the amplifying gain of the
devices is large. To prevent the acoustic feedback
problem, the dynamic range of the amplification of the
hearing-aid devices is thus limited. Nevertheless, this
inhibits the maximum amount of amplification, which is
required for people with severe hearing loss. Acoustic
Feedback Cancellation (AFC) is therefore necessary for
hearing aids in order to mitigate the howling effect. As a
result, the amplifying gain of the devices can be adjusted
according to the hearing loss of the users with no
restriction as long as the devices do not undergo
unstable.

In general, an AFC system can be achieved by
employing the adaptive filters to estimate the acoustic
feedback signal. There are two types of the adaptation of
the AFC system, non-continuous adaptation [1, 2] and

continuous adaptation [3, 4]. The non-continuous
approaches require periodically the training sequence,
such as white noise sequence, to function the adaptive
filter solely when the howling effect is detected. Such a
training sequence can be perceived by the hearing-aid
wearers when high amplification gain is needed. Thus,
the non-continuous adaptation approaches are no longer
suitable for such users.

In fact, the acoustic feedback paths depend on the
time-varying environment. The adaptive filter of the
AFC system is therefore required to adapt continuously
in order to identify accurately the acoustic feedback
path. Hence, in this paper, the continuous adaptation
approach of the AFC system is considered. Acoustic
feedback cancellation with continuous adaptation,
however, encounters the misconvergence problem of the
adaptive filter. This is due to the existence of the speech
input energy within the error signal that involves in the
adaptation process. Therefore, it is proposed in this paper
that the input speech signal should be eliminated from
the error signal before entering into the adaptation of the
adaptive filter. One simple and effective approach to
obtain the predicted speech signal is by using a forward
linear predictor. The Recursive Least Square (RLS)-type
linear predictor is chosen for this purpose due to its high
efficiency. As a result, more accurate estimation of the
unknown acoustic feedback path in the hearing aids can
be achieved.

Moreover, the correlation between the input and
the output signals of the hearing aids is another reason
behind the misconvergence of the adaptive filter. One
possible method to decorrelate these two signals is by
utilizing a fixed delay of at least 1 ms in the forward path
of the hearing aids {5]. Improvement of the AFC system
with continuous adaptation in terms of misalignment has
been shown in [5]. The proposed technique to eliminate
the speech input signal from the ermor signal is
investigated in an AFC system when there is no
decorrelation method in [5] and when employing the
method in [5].

This paper is organized as follows. Section II

describes the acoustic feedback cancellation in hearing
aids. In Section III, the use of the forward linear
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prediction technique in the AFC system is presented,
followed by simulation results in Section IV.
Comparison of the AFC system employing the forward
linear predictor with and without the decorrelation
method in [5] is also presented. Finally, the conclusions
are given in Section V.

2. ACOUSTIC FEEDBACK CANCELLATION
USING ADAPTIVE FILTERS

The acoustic feedback path of the air vent in the ear
canal is usually modeled by an adaptive filter. A
schematic diagram of the AFC system with continuous
adaptation is illustrated in Fig. 1. The forward path of the
hearing aids, which is denoted by the impulse response
g(n) , can be modeled as given by

gn) = Gy (1)

x(n)

feedback cancellation with

Acoustic
continuous adaptation.

Figure 1:
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Figure 2: Impulse response of an acoustic feedback path

in the hearing aids.

where G, is an amplifying gain of the hearing-aid
devices. In this paper, the acoustic feedback path is
characterised by an impulse response f(n) of length

L=100 and is assumed to be time-invariant f , as
illustrated in Fig. 2.

From the block diagram of acoustic feedback
cancellation in Fig. 1, x(n) and s(n) are the input and
output signals of the hearing aids, respectively. The
acoustic feedback signal is defined by

ym) = 's(n) @

where the output signal vector of length L is given by
s(n) =[s(n), s(n=1),...,s(n—L+1)]" . Therefore, the
microphone signal d(n) of the hearing aids becomes

d(n) = x(n)+y(n) 3
An FIR adaptive filter of the same length L, as defined
by w(n)=[wy(n), w(n),..., w,_ (M , is trying to
model the unknown acoustic feedback pathf | yielding
the estimated feedback signal y(n), as the output signal
of the adaptive filter. The error signal, which is the
difference between the desired signal of the system d(n)
and the estimated feedback signal is given by

e(n) = d(n)-3(n) @
which is also equivalent to

e(n) = x(n)+[f-w(m]'s(n) )
This demonstrates that, although the adaptive filter can
perfectly identify the acoustic feedback path, the error
signal e(n) approaches the input speech signal x(n). The
existence of x(n) in the error signal e(n), however, makes
the adaptive filter not converge to true solution. Hence,
the acoustic feedback signal in the hearing aids cannot
be effectively eliminated.

3. THE USE OF A FORWARD LINEAR
PREDICTOR FOR INPUT SIGNAL PREDICTION

In order to predict the input signal of the AFC system, the
Forward Linear Predictor (FLP) is utilised. Let M be the
prediction order, the input signal estimate can be found as

M
&y = Y wiieln-j) (©6)
Jj=1

where w}’ (n)=[wy1(n), wro(n), ..., W (m)]" denotes

the prediction coefficient vector of FLP [6]. For speech
modeling, the prediction order M varies between 2-18,
depending on the applications [7].

en) ————»f wi'(n)

' The forward prediction error is defined by

M
e(n) = e(n)— Y wi(jen-j) ™

j=l
which can be seen as the output signal of the so-called
prediction errvor filter, whose coefficients are given by

w}”l(n)z[l —wry(ny —wpy(n) .. —wf_M(n)]T and
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its input signal is e(n). as shown in Fig. 3. The prediction
coefficients are updated at every time instant » as follows :

w " (n+1) = w}l (n) + k(n)ey(n) ®)
The Kalman gain vector is obtained from
k) = —2 ©)
A+u’ (n=1)n(n)
where
n(n) = P(n—-Tu(n) (10)
The matrix P(n) = ®'(n)denotes the inverse of the

autocorrelation matrix of the input signal u(n) of the FLP

@) = Y A"u@-Du’(i-1), where u(n) is an
i=1

FLP input vector of length M. The choice of the

forgetting factor 0<<A<1 depends on the

characteristics of the input signal u(n). By using the

matrix inversion lemma [6], the inverse of the

autocorrelation input matrix P(n) can be found

recursively as
P() = A7 (L, —k(mu'(n))P(n-1) (11)
and I,,is MxM an identity matrix. Therefore, by

employing the FLP to prediction the input speech signal
x(n), the modified schematic diagram of the AFC system
will henceforth be as illustrated in Fig. 4.

y(n)

s wM(n) | &(n)
N ey(n)

Figure 4: The modified schematic diagram of the AFC
system for hearing aids.

The additional computational complexity required
to implement the FLP part into the AFC system is given
in Table 1. By considering at the number of Real
Multiplication (RMP) per input sample, when M is the
prediction order, the system requires an additional
computational complexity of O(M?).

4. EXPERIMENTAL RESULTS

A normalised speech signal with sampling rate of 16 kHz,
as depicted in Fig. 5, was used as the desired input signal
x(n) of the hearing aids. [n the experiment, the AFC system
employed the Normalised Least Mean Square (NLMS)
algorithm [6] with step-size p=0.02 for every simulations.
The performance of the AFC system for hearing aids was

observed via the Weight Error Vector Norm (WEVN),
which is given by

2
- wen]
WEVN(n) =10 xlog;g ————— (12)
lel?
where H . " denotes the Euclidean norm of a vector.

b

a 1 2 3 ¥ 5 5

Sample number x10°
Figure 5: Speech input signal of the hearing aids.
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Figure 6: WEVN performance of the AFC system with
various values of gain G,.

Table 1: Computational complexity required by the FLP.

X M

e,(n) = e(n)—(w}’(n))ru(n) M M
n(n) = P(n—Du(n) M2 MM

k(n) = H%En—)l)Tn) M M
win+1) = wi(n)+k(ney(n) M M
P(n) = A"(IM—k(n)uT(n))P(n—l) ML | 2MEM
Total IMCHIM+L | MMM

With different choices of the amplifying gain Gy, it
can be seen in Fig. 6 that the conventional AFC system did
not converged. Then, by employing the proposed modified
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AFC system 1n Fig. 4 with Gy=5 and M=10, the WEVN
performance was improved in the transient period, as
illustrated in Fig. 7. This means that the correlation
problem of the input and output signals of the hearing aids
still has to be alleviated. By employing the decorrelation
method in [5] with a fixed delay of 1ms, the WEVN of the
system reached about -64B. Then, the combination effect
of FLP for signal prediction and a fixed delay for signal
decorrelation was observed. It obtained the best WEVN
performance of -144B in the steady state among the other
approaches. For other values of the amplifying gain G,
improved performance was obtained by employing the

modified AFC system together with the signal
decorrelation method in [5], as shown in Fig. 8.
15 .
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Figure 7: Comparison of WEVN performance of the AFC
system when G=5.

. - ---- (1)Gan=2
Ok. v i} — @) Gain=5 | 1
" — Gain=8
] AN AN Sl §
4 M
n ‘*"\‘ A ,/\ e
@ 6 b
°
£
€ 8} 1
=
>
$ -0 —
12k J
A4 4
6} i
18 ) L ' . L :
[y 1 2 3 4 5 6 7
Sample number x10%

Figure 8: WEVN performance of the modified AFC
system with the signal decorrelation in [5].

Since the error signal e(n) will be amplified and
perceived by the hearing-aid wearers, the elimination of the
acoustic feedback signal can be observed from the error
signal. Fig. 9 demonstrates that the modified AFC system
via the use of FLP can rmitigate the howling effect much
better than the conventional AFC system. Informal
listening tests of the output signal s(n) also support the
proposed idea, as compared to other approaches
investigated in this paper.

Magnitude e(n)

Magnitude e1(n)

x 10"

Figure 9: The error signals (a) e(n) in Fig. 1 and (b) ¢/() in
Fig. 4 when Gy=5.

5. CONCLUSIONS

The use of the RLS-type forward linear prediction is
proposed to be employed in the AFC system in order to
improve the performance of the acoustic feedback
cancellation for hearing aids. By estimating the input
speech signal of the hearing aids, the adaptive filter of
the AFC system can identify the unknown acoustic
feedback path more accurately than that without the
FLP. It has also shown maximum gain of the hearing
aids employing the proposed scheme is allowed for the
users without causing the howling effect.
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ABSTRACT

Acoustic feedback cancellation (AFC) is necessary to
alleviate the annoying acoustic feedback problem in
hearing aid devices. Moreover, the dynamic range of the
amplifying gain of the hearing aids can be enhanced,
after the acoustic feedback elimination. This paper aims
to improve the performance of the AFC system in
hearing aids, particularly for the continuous adaptation
approach of the adaptive filter. The use of higher-order
time-varying allpass filter with the AFC system is
proposed to decorrelate the input and the output signals
of the hearing aids for improved performance. In
addition, a Forward Linear Predictor (FLP) is suggested
in this paper to be employed for the prediction of speech
input signal of the hearing aids so that the adaptive filter
converges more accurately. Computer simulation based
on real speech signals demonstrates the effectiveness of
the proposed technique.

1. INTRODUCTION

Hearing aid devices are used to assist the people with
hearing problem by amplifying the sound of interest.
However the main problem of acoustic feedback is due
toc the leakage of the amplified signal from the
loudspeaker to the microphone of the devices via
acoustic feedback path. This results in whistling or
howling perceived by the hearing aid wearers, especially
when the amplifying gain of the device is large. Thus the
dynamic range of amplification of the hearing aids
devices is limited unless the howling effect is eliminated.
One way to mitigate the acoustic feedback problem is by
the use of an Acoustic Feedback Cancellation (AFC)
system.

In general, the AFC system can be achieved by
employing an adaptive filter to estimate the acoustic
feedback signal. There are two types of the adaptation of

the AFC system, non-continuous adaptation [1, 2] and °

continuous adaptation [3, 4]. The non-continuous
approaches require periodically training sequence, such
as white noise sequence, to function the adaptive filter
solely when the howling effect is detected. Such a
training sequence is, however, perceived by the
hearing-aid wearers when very high amplification gain is
used. Thus, the non-continuous adaptation approaches

are no longer suitable for such users. In fact, continuous
adaptation is preferable to non-continuous one due to its
independence of the howling detector within the hearing
aids. Moreover, the continuous adaptation approach is
suitable for those who do not have a severe problem with
their hearing.

The AFC system with continuous adaptation,
however, encounters the problem of correlation between
the input and the output signals of the hearing aids. This
results in misconvergence of the adaptive filters [S].
Subsequently, the acoustic feedback in the hearing aids
cannot be estimated accurately. It is found in [6] that the
use of time-varying delay via higher-order time-varying
allpass filters (HO-TV-APF) [7] can decorrelate the two
signals, while causing as little degradation of the speech
quality as possible.

It is found in [1, 5] that a fixed delay of at least 1
ms is required in order to decorrelate sufficiently the
input and the output signals of the hearing aids.
However, by considering at the case where the
hearing-aid wearers need the device in only one ear, a
fixed delay of 1 ms to the signal in that ear will result in
a fixed inter-aural delay between the left-side and the
right-side signals that exceeds the 200 s limit [6] and
thus destroy the stereo perception of the signals.
Therefore, a time-varying delay via higher-order
time-varying allpass filters (HO-TV-APF) [7] is
proposed 1n this paper to be employed instead of a fixed
delay. The amount of delay introduced to the hearing-aid
wearers is time-varying and can be adjusted by the
variation of the HO-TV-APF parameters so that
adequate decorrelation level between the input and
output signals of the devices can be obtained while
preserving the stereo perception.

The misconvergence of the adaptive filter is also
caused by another problem. The existence of the speech
input energy within the error signal of the AFC system
disturbs the adaptation process and thus leads to the
divergence of the adaptive filter. To eliminate the input
speech signal from the error signal before entering into
the adaptation process of the adaptive filter, a Forward
Linear Prediction (FLP) [8] is proposed to be used for
input signal prediction. As a result, more accurate
estimation of the unknown acoustic feedback path in the
hearing aids can be achieved.
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2. ACOUSTIC FFFEEDBACK
CANCELLATION  WITH CONTINUOUS
ADAPTATION

In this section, we present the acoustic feedback
cancellation system employing a Finite Impulse
Response (FIR) adaptive filter with continuous
adaptation. The acoustic feedback path through the air
vent in the ear canal is to be identified. The block
diagram of the AFC system is illustrated in Fig. 1. The
forward path of the hearing aids, which is denoted by an
impulse response g(n), can be modeled as given by

G(z)=G,z™' (H
where G(z) is the z-domain representation of g(n),
and G, is an amplifying gain of the hearing-aid
devices. The acoustic feedback path is characterised by
an impulse response, f(n), of length L = 100, and is
assumed to be time-invariant, as illustrated in Fig. 2.

y(n)
x{n) z f(n) <t » s(n)
d(n) . P
- y(m) wiriff |4
em| -
g(n)

Fig 1: An AFC system with continuous adaptation.

From the block diagram in Fig. 1, x(n) and s(n) are
the input and output signals of the hearing aids,
respectively. The acoustic feedback signal is defined by

y(n) = 17s(n) 2
where the output signal vector of length L is given by
s(n) =[s(n), s(n—-1),...,s(n—L+ D) and fis another
vector containing L coefficients of the acoustic feedback

path. The microphone signal d(n) of the hearing aids
becomes

d(n) = x(n)+y(n) 3)
An FIR adaptive filter of the same length L, as defined-
by wi(n)=[wy(n), w(n),..., w,_ (n)]", are employed in
order to eliminate the unknown acoustic feedback pathf ,
yielding the estimated feedback signal y(n), as the
output signal of the adaptive filter. The error signal,

which is the difference between the microphone signal

and the estimated feedback signal, which is described as
e(n) = d(n)-y(n) 4

is found to be
e(n) = x(n)+[f-w(m)] s(n) (5)
It can be shown that, once the adaptive filter can
perfectly identify the acoustic feedback path, the error
signal e(n) approaches the input signal x(n). However,

this also demonstrates that the existence of x(n) within
the error signal e(n) makes the adaptive filter not
converge to true solution. Hence, the acoustic feedback
signal in the hearing aids cannot be effectively
eliminated.
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Fig 2: The impulse response of the acoustic fcedback
path in the hearing aids.

3. THE PROPOSED TECHNIQUK

A. The wuse of HO-TV-APF for
decorrelation in the hearing aids.

sigrial

Apart from the characteristic of HO-TV-APF [7] that hae
constant magnitude response, it can also, on avergc
approximate linearity in the phase response of fhc
processed signal. Thus, a constant group delay can by
approximately obtained from time-varying group-<lelayed
signal. This fact underpins minimum degradation of the
stereo perception of the signals arriving at both cars of the
hearing-aid users. Based on the assumption (hat the
hearing-aid device is used for one ear, the inter-aural delay
can be obtained from the group delay cof the processed
signal. The time-varying allpass filter is represcated in the
form of

N .
Z ai(n)z_(N"') 4wz
A(z,n) = = (©)

N
1+ Zai(n)z"'
i=1

where N is the order of the allpass filicy and the

time-varying coefficients o (n) of the allpass filier are

updated by
a;(n)

Each time-varying parameter 0 (n) deviates around its

G +i(n),  i=L. N (D)

initial value of o, (n) via an iid. random variable

ri(n), within the range [-R;,R;], indicating the maximum
possible difference between them. The AFC system that
employs a time-varying delay in the forward path for
signal decorrelation is illustrated in Fig. 3.
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o) —

Fig 3: An AFC system with time-varying delay in the
forward path.

B. The use of an FLP for input signal prediction.

In order to predict the input signal of the AFC system, an
FLP is utilized. Let M be the prediction order, the input
signal estimate can be found as

M
émy = Y wr(ie(n-J) ®)

j=l1
where w7 (n)=[ws (n), wr,(n),..., Wi (n)]T denotes

the prediction coefficient vector of FLP [8]. For speech
modeling, the prediction order M varies from 2 to 18,
depending on the applications [9].

e(n) ——»

w;’"(n)

ez(n)

Fxg 4 A forward liﬁé-a.rul:')redlct(.)r.
The forward prediction error is defined by

M

e(m)~ " w(e(n- ) ©)
j=1

which can be seen as the output signal of the so-called

prediction error filter, whose coefficients are given by

e(n) =

w}”"(n):l:l —wei(n) —wpy(n) .. —wf'M(n):IT and

its input signal is e(n), as illustrated in Fig. 4. The
prediction coefficients are updated at every time instant
n as follows:

wii(n+1) = wi(m)+k(ney(n) (10)
The Kalman gain vector is obtained from
n(n)
kin) = A+e’ (n-1)yn(n) ah
where
a(n) = P(n—1e(n-1) (12)
and

P(m) = A(1,, ~k(mu" ())P(n-1)  (13)

fin) |« > s(n)
A
w(n) e

is the inverse of the autocorrelation matrix of the input
signal u(n) and I,is MxM an identity matrix. The

choice of forgetting factor 0 <<A <1 depend on the
characteristics of the input signal u(n). The modified

schematic diagram of the AFC system employing the
FLP is therefore illustrated in Fig. 5.

y(n)

| 6(n)

z! n wM(n)
f

PR
Fig 5: The modified schematic diagram of the AFC
system for hearing aids.

4. EXPERIMENTAL RESULTS

In the experiment, a normalised speech signal with
sampling rate of 16 kHz was used as the input signal x(n)
of the hearing-aid devices, as depicted in Fig. 6. The
amplifying gain of the devices, as defined in (1), was
chosen to be G¢=5 for all cases. The adaptation of the
AFC system was controlled by employing the
Normalised Least Mean Square (NLMS) algorithm [8]
with step-size p=0.02 for every simulations. The Weight
Error Vector Norm (WEVN), which is given by

||f - w(n)u2
Il

where” i H denotes the Euclidean norm of a vector, was

WEVN(n) =10xlog;, (14)

used to evaluate the performance of the AFC system.

Fig 7. shows that, with increasing order N of the
HO-TV-APF, the decorrelation capability of the signals
can be further improved. Suitable values of time-varying
parameters of HO-TV-APF was carefully selected for
sufficient decorrelation degree while preserving the
stereo perception of the signals. Thus, in the experiment,
HO-TV-APF with N = 3 was chosen.

The experiment was carried out as follows. The
proposed AFC system using both FLP and HO-TV-APF
was compared with the conventional AFC system, the
AFC system that used a fixed delay of 1 ms (16 samples)
for signal decorrelation, the AFC system that used
HO-TV-APF method, and the combination effect of FLP
and a fixed delay. It is shown in Fig. 8 that the WEVN
performance when using the proposed technique reached
about —13 dB, as compared to -7 dB of the AFC system
that used only a fixed delay of 1 ms. It is observed that
the combination effect of FLP with two different signal
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decorrelation methods using a fixed delay and
HO-TV-APF yielded approximately similar level of
acoustic feedback cancellation via the WEVN
performance. Nevertheless, the fixed delay technique in
[5] severely destroyed the stereo perception of the
perceived signals.

Magnitude x(n)

15 ——

T ) -
10y ’h/ - — - conventional AFC |
Y —— fixed delay 1 ms
51 ’:“ 4
a IS
- N
z Nedoo DAL . ; Noa
& Wbl [ -
H : \LM‘\'\%/A‘ &\i\ o A @
5 NUANANS 62
A f\
g, o
18 A @
" 0 1 3 B & %
Sampla number x10°

Fig.7 : Comparison of WEVN performance of the APF at
different order

5. CONCLUSIONS

The AFC system with an FLP for input signal prediction
and HO-TV-APF for signal decorrelation has been
shown to obtain improved performance of acoustic
feedback cancellation of the hearing-aid devices. The
HO-TV-APF has preserved better stereo perception of
the perceived signal than the 1-ms fixed delay method
due to less amount of time-varying delay. In addition, by
estimating the input signal of the hearing-aid devices, the
adaptive filter of the AFC system can identify the
unknown acoustic feedback path more accurately than
that without the FLP. This results in enhanced dynamic
range for the amplifying gain of the hearing-aid devices.

10 T
ad —— Conventional AFC
— Fixed delay 1 ms
. — - HO-TV-APF
5 : — HO-TV-APF+FLP 1
-- Fixad delay 1 ms + FLP

wevn(n) in dB

Sample number

x 10*

Fig. 8: Comparison of WEVN performance of the AFC
system.
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