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Abstract—Commonly adaptive filters are used to reduce the
acoustic feedback in hearing aids. While theoretically allowing
for perfect cancellation of the feedback signal, in practice the
adaptive filter solution is typically biased due to the closed-
loop hearing aid system. In contrast to conventional behind-
the-ear hearing aids, in this paper we consider an earpiece
with multiple integrated microphones. For such an earpiece
it has previously been proposed to use a fixed null-steering
beamformer to reduce the acoustic feedback in the microphones.
In this paper we propose to combine the fixed null-steering
beamformer with an additional adaptive filter to cancel the
residual feedback component in the beamformer output. We
compare the combination of the fixed null-steering beamformer
and different adaptive filtering algorithms including subband
adaptive filtering and the prediction-error-method based fullband
adaptive filtering with using either of the two approaches alone.
Experimental results using measured acoustic feedback show the
benefit of using the combined approach compared to using either
of the two approaches to cancel the acoustic feedback.

I. INTRODUCTION

Acoustic feedback occurs due to coupling between the
hearing aid loudspeaker and the microphone(s) and is a
common problem in hearing aids that limits the maximum
applicable gain. In addition, the acoustic feedback can degrade
the sound quality and is often perceived as whistling or
howling. Therefore, in order to increase the maximum gain and
increase the sound quality in a hearing aid, robust feedback
cancellation algorithms are needed.

Frequently adaptive feedback cancellation schemes are used
to cancel the acoustic feedback, which use an adaptive filter to
model the acoustic feedback path(s) between the hearing aid
loudspeaker and the microphone(s) [1], [2], [3], [4], [5], [6].
Theoretically these approaches allow for perfect cancellation
of the feedback signal. However, due to the closed-loop system
of the hearing aid, the filter adaptation is usually biased [7],
[8]. In order to reduce this bias several solutions have been
proposed for single-loudspeaker single-microphone hearing
aids including noise injection [3], adaptive prewhitening [8],
and phase modulation [9]. Furthermore, several approaches to
improve the feedback cancellation performance using multiple
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Fig. 1. Hearing aid system considered in this work.

microphones have been proposed, e.g., by adaptively reducing
the contribution of the incoming signal on the adaptive filter
update [5], using a fixed null-steering beamformer [10], [11] or
by using a combined multi-microphone feedback cancellation
and noise reduction scheme [12], [13].

In this paper we consider the combination of a fixed
null-steering beamformer to cancel the contribution of the
loudspeaker signal in the microphone(s) with an adaptive filter
aiming to cancel the residual feedback component in the beam-
former output for a newly developed earpiece [14]. Figure
1 depicts the design of the earpiece with three microphones
and a single loudspeaker, where two microphones and the
loudspeaker a closely spaced in the vent and the third micro-
phone is located in the concha. Based on this physical design
a robust beamformer can be designed that steers a spatial
null in the direction of the hearing aid loudspeaker located
in the vent [11], [15]. Ideally the beamformer alone cancels
all signals originating from the inside of the ear canal while
not (largely) impacting the incoming signal. However, changes
in the acoustic feedback path may limit the performance of
the fixed null-steering beamformer. Therefore, we propose
to additionally use an adaptive filter to cancel the residual
feedback component.

Different adaptive filtering algorithms have been proposed
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Fig. 2. Single-loudspeaker multi-microphone hearing aid system considered
in this paper.

for adaptive feedback cancellation, including fullband [8],
[16], [17], subband [4], [18], and frequency-domain algorithms
[12], [19], [20]. In this paper we compare the performance
of the combination of a robust null-steering beamformer with
two different adaptive filtering algorithms: a) the fullband
normalized least-mean squares (NLMS) using the prediction-
error-method (PEM) [8] for decorrelation and b) the subband
NLMS adaptive filter in a delayless structure [22]. Experimen-
tal results using measured acoustic feedback path show that
using the proposed combination of a null-steering beamformer
and an adaptive filter yields an improvement of approximately
15 dB in added stable gain compared to using only an adaptive
filter.

II. ACOUSTIC SCENARIO AND NOTATION

Consider the acoustic system of a single-loudspeaker multi-
microphone hearing aid with M microphones depicted in
Figure 2. The microphone signal ym[n], m = 1, . . . ,M , in
the mth microphone at discrete time n is the sum of the
incoming signal xm[n] and the feedback contribution fm[n] of
the loudspeaker in the mth microphone and is denoted using
matrix and vector notation as

y[n] = x[n] +H(q, n)u[n]︸ ︷︷ ︸
f [n]

, (1)

with

y[n] =
[
y1[n] . . . yM [n]

]T
, (2)

x[n] =
[
x1[n] . . . xM [n]

]T
, (3)

H(q, n) =
[
H1(q, n) . . . HM (q, n)

]T
, (4)

where [·]T denotes transpose operation, u[n] is the loudspeaker
signal, and Hm(q, n) is the transfer function of the acoustic
feedback path between the mth microphone and the loud-
speaker. We assume that the acoustic feedback path can be
modeled as an LH -dimensional polynomial in q, i.e.,

Hm(q, n) = hm,0[n] + · · ·+ hm,LH−1[n]q
−LH+1 (5)

= hT
m[n]q, (6)

where q is the vector containing the delay-elements of q of ap-
propriate length and hm[n] =

[
hm,0[n] . . . hm,LH−1[n]

]T

is the LH -dimensional vector of the impulse response of the
mth acoustic feedback path.

After applying the fixed filter-and-sum beamformer B(q) to
the microphone signals the beamformer output signal ẽ[n] is
obtained, i.e.,

ẽ[n] = BT (q)y[n], (7)

with

B(q) =
[
B1(q) . . . BM (q)

]T
. (8)

The LB-dimensional beamformer coefficient vector for the
mth microphone is defined as

bm =
[
bm,0 . . . bm,LB−1

]T
, (9)

and the MLB-dimensional stacked vector is defined as

b =
[
bT
1 . . . bT

M

]T
. (10)

Furthermore, an adaptive filter Ĥ(q, n) of length LĤ is used
to cancel the (remaining) contribution of the acoustic feedback
signals in the beamformer output resulting in the error signal
e[n], i.e.,

e[n] = ẽ[n]− Ĥ(q, n)u[n]. (11)

The signal e[n] is then processed using the hearing aid forward
path G(q, n), yielding the loudspeaker signal u[n], i.e.,

u[n] = G(q, n)e[n]. (12)

III. SYSTEM ANALYSIS

We first analyze the transfer function of the hearing aid
system depicted in Figure 2 and present conditions under
which perfect feedback cancellation can be achieved. Using
(1), (7), (11), and (12) loudspeaker signal can be rewritten as

u[n] = G(q, n)(BT (q)y[n]− Ĥ(q, n)u[n]) (13)

= G(q, n)BT (q)x[n]

+G(q, n)(BT (q)H(q, n)− Ĥ(q, n))u[n],
(14)

such that

u[n] =
G(q, n)BT (q)

1−G(q, n)(BT (q)H(q, n)− Ĥ(q, n))︸ ︷︷ ︸
CT (q,n)

x[n], (15)

with C(q, n) the closed-loop transfer function. From this ex-
pression it can be observed that perfect feedback cancellation
for the considered system can be achieved under either of the
following two conditions:

• the null-steering beamformer B(q) and the adaptive filter
Ĥ(q, n) cancel the feedback contribution in the micro-
phones, i.e.,

BT (q)H(q, n)− Ĥ(q, n) = 0. (16)

• the adaptive filter is not used, i.e., Ĥ(q, n) = 0, and
the null-steering beamformer B(q) cancels the feedback
contribution in the microphones, i.e.,

BT (q)H(q, n) = 0, (17)

with Bm(q) 6= 0 for at least one m ∈ [1, . . . ,M ] to avoid
the trivial solution.

2017 25th European Signal Processing Conference (EUSIPCO)

ISBN 978-0-9928626-7-1 © EURASIP 2017 242



IV. PROPOSED COMBINED NULL-STEERING AND
ADAPTIVE FILTERING

Since the second condition for perfect feedback cancellation
(cf. Section III) is difficult to fulfill in general, in this paper
we propose to use the combination of a fixed null-steering
beamformer and an adaptive feedback canceller aiming to
fullfil the first condition for perfect feedback cancellation. We
first review the computation of the null-steering beamformer
as presented in [11] and then present two different adaptive
filtering algorithms that are used for adaptive feedback cancel-
lation in the proposed system. For the proposed system these
aim to reduce the residual feedback component in the null-
steering beamformer output.

A. Null-steering beamformer design

The goal of the null-steering beamformer is to cancel the
contribution of the loudspeaker signal in the microphone(s).
Assuming time-invariance and knowledge of a set of multiple
(I) acoustic feedback paths, e.g., by measurement, the null-
steering beamformer is designed by minimizing the following
constrained least-squares optimization problem [11]

min
b

I∑
i=1

‖HT
i b‖22

subject to Bm0
(q) = q−LD ,

(18)

where in the beamformer weights in the reference microphone
m0 are constrained to be a simple delay of LD samples.
Furthermore, HT

i is the (LB +LH − 1)×MLB-dimensional
matrix of the stacked (LB + LH − 1) × LB-dimensional
convolution matrices HT

m,i of the ith measurement in the mth
microphone. Note that for this optimization problem a closed-
form solution exists and the reader is refered to [11] for more
details.

B. Adaptive Feedback Cancellation

The goal of the adaptive filter Ĥ(q, n) is to remove the
residual feedback component in the beamformer output signal
ẽ[n]. In order to update the adaptive filter coefficients ĥ[n] we
use two different established algorithms. First we consider the
fullband adaptation and use the PEM to reduce the bias [8]
and second we use a delayless subband adaptation of the filter
coefficients which has been shown to work well for speech
signals [18].

1) Prediction-Error-Method: One possibility to decorrelate
the loudspeaker signal and the incoming signal in the filter
adaptation is to use the PEM. Assuming that the incoming
signal in the beamformer output x̃[n] = BT (q)x[n] can be
modeled as an autoregressive process with a white Gaussian
noise excitation signal w[n], i.e.,

x̃[n] = A−1(q, n)w[n], (19)

with A−1(q, n) a monic and stable all-pole filter of order LA,
the goal of the PEM is to first obtain an estimate Â(q, n) of
A(q, n) in order to prewhiten the beamformer output ẽ[n] and
the loudspeaker signal u[n]. By using Â(q, n) the decorrelated

signals ẽp[n] = Â(q, n)ẽ[n] and up[n] = Â(q, n)u[n] are com-
puted and used in the filter adaptation, where the prewhitened
a-priori error signal is defined as

ep[n] = ẽp[n]− Ĥ(q, n− 1)up[n]. (20)

In the proposed approach Â(q, n) is computed using the
Levinson-Durbin recursion [21] every 10 ms from the most
recent 10 ms of the error signal e[n], similar as proposed in
[19]. The adaptive filter Ĥ(q, n) is then updated in the time-
domain using the NLMS [21] update rule, i.e.,

ĥ[n] = ĥ[n− 1] +
µ

α+ uT
p [n]up[n]

up[n]ep[n], (21)

where up[n] is the LĤ -dimensional vector of the prewhitened
loudspeaker signal, µ is a step-size, and α is a small positive
constant.

2) Delayless subband adaptive filter: A different possibility
to decorrelate the loudspeaker signal and the incoming signal
is to use subband adaptive filtering algorithm. Recently it
has been shown that this approach works particularly well
for speech signal without any additional decorrelation units
[18]. In this paper we therefore also consider the use of a
delayless subband adaptive filter architecture in closed-loop
configuration [22] with Ms subbands and a decimation factor
of Ds =Ms/2. The error signal e[n] and u[n] are transformed
into the subband domain using an analysis filterbank based on
a Kaiser prototype window [23]. In each subband an adaptive
filter of length Ls = LĤ/D is updated using the NLMS update
rule similar as in the fullband adaptive filter (cf. (21)). The
corresponding fullband filter coefficients are then obtained by
using the weight transform scheme presented in [24].

V. EXPERIMENTAL EVALUATION

The performance of the proposed combined null-steering
and adaptive filtering algorithms for acoustic feedback can-
cellation is evaluated and compared with using only the null-
steering beamformer and with using only an adaptive filtering
algorithm. Particularly we consider the ability to cancel the
acoustic feedback in a challenging acoustic scenarios with
varying broadband gains.

A. Setup and Performance Measures
We used measured acoustic feedback paths from the three-

microphone earpiece depicted in Figure 1. Measurements were
performed on a dummy head with adjustable ear canals [25]
in a an acoustically treated chamber. The impulse responses
of the acoustic feedback paths were sampled at fs = 16 kHz
and truncated to length LH = 100. In total 20 different sets
of acoustic feedback paths were measured, i.e., the earpiece
was repositioned on the dummy head 10 times and for each
repositioning feedback paths were measured in both free-field,
i.e., without obstruction, and with a telephone receiver in close
distance to the ear. For the forward path G(q, n) = |G|q−dG

of the hearing aid we always used a delay dG = 96, corre-
sponding 6 ms, while different broadband amplifications |G|
were used. For all experiments we used M = 2 microphones
(m = 1, 2) and the reference microphone m0 = 2, i.e., the
microphone located at the outer end of the vent, was chosen as
it provides a natural position for sound pickup likely including
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all relevant perceptual cues. The null-steering beamformer was
optimized using 9 out of the 10 free-field measurements with
LB = 16 coefficients for each microphone and a delay of
LD = LB/2 in the reference microphone.

The parameters of the PEM-based fullband adaptive filter
(FB-PEM) were chosen as LĤ = 64, µ = 0.002 and
α = 10−6. The order of the prediction error was chosen
as LA = 20. The parameters of the subband adaptive filter
(SB) were chosen as Ms = 32, Ds = 16, Ls = 4,
µ = 0.003, α = 10−6 and an 128-point DFT was used to
obtain the corresponding fullband filter. The parameters of
both adaptive filtering algorithms were chosen to yield similar
initial convergence.

The performance of the proposed combined fixed null-
steering and adaptive filtering approach was evaluated using
the added stable gain (ASG) [8] and the effective closed-loop
gain (ECLG) [4]. The ASG for the considered hearing aid
system is computed as [8]

ASG = 20 log10M− 20 log10
1

maxf |Hm0(f)|
, (22)

where the second term is the maximum stable gain in the
reference microphone m0 without applying the beamformer
and/or adaptive filter and M is in the maximum stable gain
using the proposed approach, i.e.,

M =
1

maxf |HH(f)B(f)− Ĥ(f)|
, (23)

where H(f) is the stacked vector of the frequency responses
at frequency f of each microphone, B(f) is the stacked vector
of the frequency responses of the beamformer in each micro-
phone and Ĥ(f) is the frequency response of the adaptive
filter.

The ECLG for a broadband gain |G| is computed as

ECLG = 20 log10 |G| − 20 log10M. (24)

Whenever the ECLG exceeds a value of 0 dB the system can
be assumed to be howling [4].

As the incoming signal we used an 80s long speech signal
comprising 26 concatenated sentences spoken by 4 different
speakers from the TIMIT database [26]. The distance between
the external source and the dummy head was 1.2 m.

B. Results
In the experiment we investigate the performance of all

considered combinations of the null-steering beamformer and
adaptive filtering algorithms for a time-varying broadband
gain. Figure 3 depicts the results, where the red line indicates
the time-course of the overcritical gain, where G0 was chosen
to result in an overcritical gain of approximately 25 dB. As can
be observed all considered systems perform very similar. Note
that the null-steering beamformer alone yields an unstable
system after 10 s by the choice of the overcritical gain and
is thus not shown.

In order to allow for an easier comparison for different
overcritical gains, in the following we consider the ECLG.
We compute the ECLG for the last 10 s of the speech signal
where the highest gain is applied for different broadband
gains. Figure 4 depicts the distributions of the ECLG by
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means of boxplots for four different overcritical gains. As
can be observed for lower gains all system lead to a stable
performance (i.e., ECLG < 0), where the system using the
FB-PEM shows slightly better performance compared to the
subband adaptive filtering. For the largest considered gain of
45 dB overcritical only the combination with the null-steering
beamformer leads to a stable system for both adaptive filtering
algorithms.

To evaluate the additional benefit of the null-steering beam-
former in comparison to using only an adaptive filter, we
compute the median ECLG for different overcritical gains for
the FB-PEM and FB-PEM+BF systems. Figure 5 depicts the
median ECLG as a function of the overcritical gain. As can
be observed, using only the null-steering beamformer leads to
the lowest performance of ≈ 14 dB. When using only the FB-
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PEM, the system remains stable for overcritical gains of up to
40 dB, while the combination of the null-steering beamformer
and the adaptive filter remains stable for overcritical gains
of up to 55 dB. Thus the null-steering beamformer adds an
additional 15 dB in ASG to the system, which is approximately
the same amount that could be achieved by using the null-
steering beamformer only. Note that this is also observed when
using the subband adaptive filter.

VI. CONCLUSION

In this paper we propose to combine a null-steering beam-
former and an adaptive filter to cancel the acoustic feed-
back for a multi-microphone earpiece. We compared different
adaptive filtering algorithms to cancel the residual feedback
component in the beamformer output. Experimental results
using measured acoustic feedback paths show that the pro-
posed combination yields an increased performance compared
to using only the null-steering beamformer or using only an
adaptive filter, where no major differences between the two
considered adaptive filtering algorithms were found. In fact,
the results indicate that the performance of the combined
system is approximately 15 dB larger than using an adaptive
filter only, which can be related to the performance of the
null-steering beamformer.
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