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ABSTRACT This work develops an effective technique acoustic feedback cancellation (AFC) in the digital
hearing aid (DHAid) devices. The normalized least mean square (NLMS) algorithm-based AFC method
may suffer from a biased convergence. The biased convergence problem is considerably resolved by the
prediction error method (PEM)-based AFC (PEM-AFC); however, it may demonstrate a slow convergence.
The proposed method’s main structure is based two adaptive filters. The main adaptive AFC filter receives
its input from the DHAid receiver signal, while the auxiliary AFC filter is activated by a probe signal. The
main idea is to apply a lattice filtering-based pre-processing for decorrelation in the main AFC filter’s update
equation. This produces a Newton-like adaptive algorithm with fast convergence. Additionally, the lattice
filtering is executed on a sample-by-sample basis, in contrast to the frame-based execution in the traditional
PEM-AFC method. As the AFC system converges, the level of the probe signal is decreased to improve the
output SNR; however, the low-level input signal slows down auxiliary AFC filter’s convergence. In order
to improve the convergence speed, the gradient information from a maximum Versoria-criterion (MVC)
is incorporated into the auxiliary AFC filter’s update algorithm. The two adaptive filters’ coefficients are
exchanged, to ensure that both adaptive filters converge to a good estimate of the true acoustic feedback
path. Simulations show that the proposed method works well for speech/signals and for DHAid devices with
different gain settings. Additionally, the proposed method shows robust performance in the event of a sudden
change in the acoustic environment.

INDEX TERMS Normalized LMS algorithm, lattice adaptive filtering, digital hearing aid devices, acoustic
feedback cancellation.

I. INTRODUCTION
Thanks to advancements in medicine and medical support
and infrastructure in the recent past, the life expectancy has
continuously increased in many countries. Therefore, it is
very important to address the issues related to ageing society
threatening to maintain the quality of life. The age-related
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hearing loss is a very important concern, among many others.
According to World Health Organization (WHO), ‘nearly
2.5 billion people are projected to have some degree of hear-
ing loss and at least 700 million will require hearing rehabili-
tation’ by 2050 [1]. Furthermore, over 1 billion young adults
are at risk of developing hearing loss due to unsafe listening
practices [1]. Hearing loss has very serious health conse-
quences, including social isolation, depression, altered phys-
ical function, decreased activity engagement, lower quality
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of life, greater cognitive decline, and an increased risk of
dementia [2]. As a result, hearing aid users have showed
cognitive deterioration comparable to older adults without
hearing loss, making hearing aids an important tool that has
been found to improve long-term cognition [3]. Therefore,
it is very important to develop efficient modern digital hear-
ing aid (DHAid) devices which will gain acceptability among
all age groups [4], [5].

Hearing impairment is the partial or total loss of the hearing
ability of an individual. In general, the use of DHAid devices
may compensate this limitation, and hence, using DHAid
devices may be essential for social integration of hearing
impaired people in order to improve their auditory perception.
Hearing aids were basically an analog item till the 1990s,
when digital technology replaced completely the analog pro-
cessing. This brings new features and functionality, impos-
sible to be reached with the old technologies, viz., superior
digital signal processing (DSP) capabilities for noise reduc-
tion and improved speech intelligibility, integration of active
noise cancellation (ANC) to facilitate use in noisy situations,
flexibility in fitting the instrument to the unique hearing loss
characteristics of the consumer, implementation of efficient
algorithms for feedback cancellation, directivity and source
localization, frequency domain processing and better fitting
to individual needs, and improved sound quality [6].

There are four common types of hearing aid models: in the
canal (ITC), completely in the canal (CIC), in the ear (ITE),
behind the ear (BTE) [7], where BTE DHAid device provides
a greater flexibility for a somewhat large distance between the
input microphone and the receiver loudspeaker. Yet, it cannot
be completely tightly fitted to alleviate the problems related
to the occlusion effect [8] which results in own voice being
perceived as hollow. Additionally, a tight fitting may result
is user complaining discomfort. For an open fitting, however,
the unavoidable leakage path between the input microphone
and receiver loudspeaker may lead to annoying feedback
problems even at much lower gains compared to a closed fit-
ting. A presence of such leakage path results in acoustic feed-
back, and the DHAid devices may suffer from oscillations,
the phenomenon known as howling. The howling results in
screeching or whistling sounds greatly annoying the user.
In fact, howling is the major complaint for unacceptability
of DHAid devices. Therefore, an integral part of contem-
porary DHAid devices is the acoustic feedback cancellation
(AFC) technology, whose primary goal is to mitigate the
acoustic feedback brought on by the DHAid’s input micro-
phone and loudspeaker’s acoustic connection [9], [10], [11].
The improved performance feedback control algorithms are
therefore indispensable for modern DHAid devices, where
the aims are to provide 1) improved maximum stable gain
(MSG), 2) good sound quality and low susceptibility to tonal
signals at all gains avoiding very annoying entrainment arti-
facts [12], and last but not least, 3) fast tracking of possible
variations in the feedback path.

Fig. 1 shows schematic and block diagrams for a typical
DHAid device comprising single input microphone and a

FIGURE 1. (a) A schematic diagram and (b) a block diagram of a typical
digital hearing aid (DHAid) device.

single receiver loudspeaker. Essentially, DHAid acts as an
amplifier to compensate for the hearing loss and to amplify
the microphone signal m(n) to give the amplified signal u(n)
to be played by the receive loudspeaker towards the user ear.
HereG(z) denotes the transfer function for the signal process-
ing carried out by the DHAid. As stated earlier, due to open
fitting that leakage path is unavoidable and acoustic feedback
from receiver loudspeaker to the input microphone is always
present. Thus, the microphone signal m(n) comprises the
desired/target signal x(n) and undesired (but unavoidable)
feedback signal uf (n). It is assumed that environmental noise
is not present, which is typically the case when testing DHAid
in a controlled laboratory settings. It is important to mention
that noise reduction in DHAid devices is a separate research
area and is not considered in this paper [13]. The measured
acoustic feedback path, denoted as transfer function F(z)
in Fig. 1(b), comprises characteristics of digital to analog
converter (DAC), the receiver loudspeaker, the physical leak-
age path between the receiver and the input microphone, the
microphone itself, and analog to digital converter (ADC). The
transfer function of the acoustic feedback path is subjected
to variations due to the changes in the nearby acoustics, for
example, due to the jaw movement of the user or when the
user brings a smartphone near his/her ear.

Due to the time-varying nature of the system, the adaptive
signal processing plays a pivotal role in designing adap-
tive AFC systems for practical DHAid devices. The efforts
for developing efficient algorithms for AFC started back in
1990’s when DHAid devices gained much attention [9], and
the conventional AFC method is indeed based on the cele-
brated normalized least mean square (NLMS) algorithm [14].
The conventional NLMS-based AFC method is simple to
implement, however, adaptive filter converging to a (subop-
timal) biased solution poses a great threat. This biased con-
vergence is due to the strong correlation present between the
signals involved in the adaptive AFC filter’s (NLMS-based)
updated equation. A literature review shows that many solu-
tions have been proposed: delay in the cancelation path [9] or
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in the forward path [15], the prediction error method (PEM)-
based AFC (PEM-AFC) [16], [17], [18], the probe signal-
based AFC [19], [20], [21], frequency domain AFC [22],
and two microphones-based method [23], [24], all aim at
achieving an unbiased convergence.

One concept for the probe signal-based methods is a non-
continuous adaptation (the so-called open-loop algorithm),
in which the DHAid forward path is broken and a probe
signal is injected at specific intervals, such as when howling
is detected by an appropriate oscillation detector [19]. Three
main characteristics should be considered in a howling detec-
tion algorithm: detect the howling in its initial stages before
its high gain makes it intolerable for the user, to estimate
the howling frequency component correctly, and above all,
the detection algorithm should have low computational com-
plexity [25]. However, the DHAid user experiences annoy-
ance from the probe signal’s ON/OFF switching. It has been
investigated that the probe signal can be perceptually masked
by using an adequate probe shaping filter [21]. Neverthe-
less, a constant presence of the probe signal requires either
that the strength of the probe signal be low enough that
would result in high signal-to-noise ratio (SNR) [20], or that
a gain-controlled strategy may be developed and incorpo-
rated to automatically and gradually reduce (alongside the
convergence of the AFC system) the strength of the probe
signal [26], [27], [28].

The PEM-AFCmakes the assumption that the target signal
can be represented as an autoregressive (AR) process [16],
[17], [18]. The inverse of such AR model can then be found
and utilized to decorrelate the signals used in the AFC
filter’s adaptation. The PEM-based adaptive filtering with
row operations (PEM-AFROW) [17], [29], the PEM-based
partitioned-block frequency-domain (PEM-PBFD) adaptive
filter [30], [31], and the PEM-based frequency domain
Kalman filter (PEM-FDKF) algorithm [32] are just a few
examples of the many versions for PEM-AFC implementa-
tion that can be found in the existing literature. A hybrid AFC
algorithm has also been developed in [33] and [34] which
selects between, depending upon the convergence condition
of the AFC system, the classical NLMS update rule or PEM-
based adaptation [16]. This decision is aided by a stability
detector based on soft clipping. The main concept is to utilize
fast convergence and low bias features of the standard NLMS
and PEM-AFC, respectively [33].

We take into consideration a time-domain version of
PEM-AFC in order to fairly compare it to the time-domain
technique presented in this paper. The key question to answer
is to do better in terms of implementation and real-time
sample-by-sample processing, in contrast to compute the
coefficients of decorrelation filter at regular intervals, for
example, every 10 ms [27]. Essentially, a new method is
proposed hereby which combines concepts of gain controlled
probe-signal [27], lattice filtering-based AR modeling [35],
and dual adaptive filtering [28]. The key features of the
proposed method are summarized below:

1) Dual adaptive filtering: The proposed method com-
prises two adaptive filters operating in tandem.

2) Lattice filtering-based decorrelation for the main
adaptive AFC filter : The main adaptive filter is excited
by the DHAid receiver signal u(n), which in a perfect
world would be an amplified replica of the target signal
x(n). A lattice filtering-based pre-processing is utilized
to produce the whitened reference signal that will be
used in the associated NLMS-update equation for an
unbiased adaptation of the main adaptive filter [36].
This effectively produces Newton-like adaptation and
thus a fast convergence speed [35, Chapter 11].

3) Probe signal-based adaptation of the auxiliary adap-
tive AFC filter : A probe signal, uncorrelated with the
target signal, serves as the ‘input signal’ and the error
signal of the main adaptive AFC filter serves as the
‘desired response’ for the auxiliary adaptive AFC fil-
ter. The (uncorrelated) probe signal is combined with
the received signal u(n) along with a suitably selected
delay. The auxiliary AFC filter shows an unbiased con-
vergence as a result of the (uncorrelated) probe signal,
but the DHAid user experiences it as an extremely
irritating random noise. Therefore, as the AFC system
converges, the level of the probe signal is (automati-
cally) reduced. The low level excitation signal, on the
other hand, slows convergence. Therefore, in order to
speedup the slow convergence of the auxiliary AFC
filter, a hybrid algorithm is suggested to perform the
adaptation which combines gradient information from
maximum Versoria criterion (MVC) [38] and delay-
based NLMS [37].

4) Controlling strength of probe signal: Amethod of vary-
ing gain for the added probe signal has been employed:
at startup, a large value is used for quick convergence,
and as the system converges, the gain is decreased to
a negligible value, resulting in a very high SNR at the
steady-state.

5) Coefficient transfer strategy: Depending on the conver-
gence condition of the two adaptive AFC filters, their
coefficients are mutually exchanged. The idea is that
both main and auxiliary adaptive AFC filters would
converge to a reliable estimation of the true feedback
path.

The rest of the paper is organized as follows. Section II
gives a brief overview of PEM-AFC in connection with
NLMS-based traditional method. Sections III describes the
proposed method as outlined above, and Section IV presents
results of computer simulations. Finally, conclusion is given
in Section V. A short version of this paper was presented at a
conference [39].

II. OVERVIEW OF CLASSICAL APPROACHES FOR AFC
A. CONVENTIONAL LMS/NLMS ADAPTIVE FILTERING
Ablock diagram for the traditional AFC technique employing
the NLMS algorithm is shown in Fig. 2. It is assumed that
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the feedback (leakage) path F(z) is a finite impulse response
(FIR) filter having L coefficients. The microphone signal
m(n) is a mixture of the input signal x(n) and the acoustic
feedback signal uf (n), and can be expressed as

m(n) = x(n)+ uf (n), (1)

where uf (n) can be expressed as

uh(n) = f (n) ∗ u(n) = uuuT (n)fff , (2)

where f (n)
z
←→ F(z) denotes impulse response of F(z),

∗ denotes convolution, fff = [f0, f1, · · · , fL−1]T is the coeffi-
cient vector for theF(z) (assumed to be a linear time-invariant
(LTI) system for discussion presented in this Section), and
uuu(n) = [u(n), u(n − 1), · · · , u(n − L + 1)]T is the received
signal vector. In Fig. 2, H (z) is the adaptive AFC filter aimed
to perform neutralization of the feedback component uf (n)
present in the microphone signal. The AFC filter H (z) is also
assumed to be an FIR filter of length L and is excited by the
receiver loudspeaker signal u(n). Therefore, the output signal
of AFC filter H (z), yh(n), can be expressed as

yh(n) = h(n) ∗ u(n) = uuuT (n)hhh(n), (3)

where h(n)
z
←→ H (z) denotes impulse response ofH (z), and

hhh(n) = [h0(n), h1(n), · · · , hL−1(n)]T is the coefficient vector
for the AFC filter H (z). The output signal yh(n) of the AFC
filter H (z) is compared with the microphone signal m(n) to
compute the ‘error’ signal eh(n) as

eh(n) = m(n)− yh(n),

= x(n)+ uf (n)− yh(n),

= x(n)+ uuuT (n) [fff − hhh(n)] . (4)

The NLMS algorithm updates the coefficients of adaptive
AFC filter H (z) [14] as

hhh(n+ 1) = hhh(n)+
µ

‖uuu(n)‖2 + δ
eh(n)uuu(n), (5)

where ‖ · ‖ is the Euclidean norm of the quantity inside, µ is
the fixed step-size (FSS) parameter, and δ is small positive
constant used as a regularization parameter. Ideally speaking,
the AFC adaptive filterH (z) is trying to identify the feedback
path F(z) as hhh(n) → fff as n → ∞ resulting in eh(n) →
x(n), and hence the DHAid input signal s(n) is derived as
s(n) ≡ eh(n). Due to a strong correlation between m(n) (used
as a ‘desired’ response for H (z)) and u(n) (used as input to
H (z)), regrettably, H (z) converges to a (suboptimal) biased
solution [40], [41]:

hhh(n)→ fff +RRR−1uuuuuu rrruuux , (6)

where the second term on the right-hand-side (RHS) is the
biasing term, and its presence shows that hhh(n) may not con-
verge to the desired solution fff . As shown in (6), the biasing
term comprises product of inverse of the auto-correlation
matrix RRRuuuuuu = E

{
uuu(n)uuuT (n)

}
of receiver (loudspeaker) signal

u(n), and the cross-correlation vector rrruuux = E {uuu(n)x(n)}
between u(n) and the input signal x(n). The resulting effect

FIGURE 2. Classical NLMS algorithm-based method for AFC in DHAid
devices.

in AFC is twofold: first, the adaptive filter estimates and
cancels only part of the feedback signal uf (n); second, it also
estimates and cancels part of the system input signal x(n).
As a consequence, the feedback-compensated signal s(n) ≡
eh(n) is a distorted estimate of the target signal x(n) [42]. As a
result, the method in Fig. 2 cannot be applied in a continuous
adaptation mode; rather, the adaptation must be ceased after
an ‘acceptable’ convergence has been reached. Nevertheless,
the key property of the conventional NLMS-based AFC is it
fast convergence speed, thanks to AFC adaptive filter being
excited by a strong signal u(n) which is essentially expected
to be an amplified version of x(n).

B. CLASSICAL PEM-AFC AND ITS VARIANTS
It is straightforward to comprehend from (6) that the biasing
term can be reduced, if cross-correlation between u(n) and
x(n) can be reduced. The pre-whitening filter B(z) is used by
PEM-AFC utilizing NLMS algorithm (see Fig. 3) to enhance
NLMS algorithm convergence. The AR modeling from the
DHAid input signal s(n) = eh(n) is performed using the
Levinson-Durbin algorithm [43] to generate the coefficients
bbb(n) = [1, b1(n), b2(n), · · · , bLp (n)]

T of B(z). Here, Lp is the
order of B(z). After obtaining the pre-filtered signals e′h(n)
and u′(n) using the coefficients of B(z), the coefficients of
AFC filter H (z) are updated using NLMS algorithm as

hhh(n+ 1) = hhh(n)+
µ

‖uuu′(n)‖2 + δ
e′h(n)uuu

′(n). (7)

It has been demonstrated that PEM-AFC significantly
resolves the biased convergence issue of the traditional
NLMS-based AFC method [16]. A literature review shows
that many variants have been proposed to improve upon the
performance of PEM-AFC method [16], [17], [18], [29],
[30], [31], [32], [33], [34]. Considering that the conven-
tional NLMS-based AFC provides fast re-convergence from a
howling period, while the PEM-AFC algorithm addresses the
biasing problem, a very interesting idea of a hybrid method
merging the best properties of both approaches, have been
proposed in [33]. This method is based on a hybrid switched
combination of two approaches. A properly designed stability
detector has been developed to detect whether the error signal
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after the feedback canceler is outside a certain bound, indicat-
ing instability. When instability is detected, the conventional
NLMS-based AFC algorithm is used to achieve fast conver-
gence, whereas otherwise the PEM-AFC is employed owing
to its low bias properties [33].

In this contribution, we address the fundamental issue
of updating the decorrelation filter B(z) on the bases of
AR-modeling techniques. As discussed in [18], for the classi-
cal method shown in Fig. 3 (and in fact for other variants too),
the AR model of order Lp = 10 − 20 can be updated every
10− 20 ms for a speech signal at a sampling frequency Fs =
16 kHz. The question we ask: Can we do better to perform
continuous decorrelation along with continuous adaptation
of AFC filter(s)? This question is very important, especially
given that when the DHAid is in operation, the target signal
characteristicsmay switch between speech, audio (music, TV,
etc.), telephone ring, fire alarm, etc. As a result, performing
the decorrelation constantly on a sample-by-sample basis
would be ideal. This is exactly what this study explores.

III. PROPOSED METHOD
A. IMPLEMENTATION STRUCTURE
The implementation structure for the proposed method is
adopted from a previous work presented in [44]. As shown in
Fig. 4, the AFC in the previous approach has been achieved
by two adaptive filters, H (z) and V (z), working in tandem.
The main adaptive AFC filter H (z) is excited by the receiver
loudspeaker signal u(n) (as in conventional AFC approach
shown in Fig. 2), and it is tasked with mitigating the effect of
the feedback component uf (n). The auxiliary adaptive filter
V (z) is excited by the internally generated probe signal p(n),
and is expected to provide neutralization for the feedback
component pf (n) due to the probe signal p(n). The micro-
phone signal is now given as

m(n) = x(n)+
[
uf (n)+ pf (n)

]
, (8)

where pf (n) = f (n) ∗ p(n − D) is the acoustic feedback
component due to the delayed probe signal p(n − D) where
D is an appropriately selected delay as explained later. The
expression for the error signal eh(n) for the main adaptive
AFC filter H (z) is given as

eh(n) = x(n)+
[
uf (n)− yh(n)

]
+ pf (n), (9)

where grouping of uf (n) and yh(n) signifies that output signal
yh(n) fromH (z) is expected to ‘take care’ of uf (n). Using error
signal eh(n) of main adaptive AFC filter H (z) as a desired
response for the auxiliary adaptive AFC filter V (z), the error
signal for V (z), ev(n), is given as

eh(n) = x(n)+
[
uf (n)− yh(n)

]
+
[
pf (n)− yv(n)

]
, (10)

where the second bracketed term on the RHS signifies that
output yv(n) from the auxiliary AFC filter V (z) is expected
to reduce the feedback component pf (n). Without going into
details [44], a few remarks for this method are as follows:

FIGURE 3. Prediction error method (PEM)-based method for unbiased
AFC in DHAid devices.

FIGURE 4. Block diagram for a previous method for continuous AFC in
DHAid devices.

• The main AFC filter H (z) is excited by u(n) which is an
amplified version of (ideally) x(n), and hence conver-
gence of H (z) is very fast; however, it may converge to
a biased solution as discussed earlier.

• It is assumed that p(n) is a low-level white signal and is
uncorrelated with the input signal x(n) and hence with
the receiver signal u(n).

• The auxiliary AFC filter V (z), though converging slowly
being excited by a low-level probe signal p(n), would
give a good steady-state estimate of the acoustic feed-
back path F(z).

• The delay D increases the effective length of ‘plant’ to
be identified by the auxiliary adaptive AFC filter V (z).
Therefore, V (z) is an extended-length filter with initial
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coefficients converging to zero (to model the appended
delay D), and the rest of coefficient model the feedback
path F(z).

• The appended delay D and the corresponding initial
coefficients of V (z) (modeling the delay) help in design-
ing a convergence monitoring and coefficients strategy.

• The coefficient transfer strategy is designed such that the
biased convergence of H (z) is reduced (if not compe-
tently avoided) and the initial convergence of V (z) must
be improved. This ensures that both H (z) and V (z) give
good estimate of F(z); hence, H (z) takes care of uf (n),
and V (z) takes care of pf (n) resulting in ev(n) → x(n)
and thus, s(n) ≡ ev(n) can be used as an input to
the DHAid processing unit G(z) for amplification and
further (user-specific) processing.

Our experiments have shown that previous method can-
not fully mitigate the biased convergence issue of the first
AFC filterH (z). Furthermore, the low-level probe signal p(n)
results in sluggish convergence of auxiliary AFC filter V (z).
Another important issue is presence of the probe signal during
all operating condition of the DHAid device. Though a low
level signal, p(n) is not completely absent and may appear as
a background hissing sound which is not at all acceptable for
the practical DHAid devices. The proposed method presented
in this paper, addresses all these issues as well as responds to
the question raised earlier, and is explained below.

B. LATTICE FILTERING-BASED ADAPTATION OF
THE MAIN AFC FILTER H(z)
As shown in Fig. 5, the proposed method for AFC in
DHAid devices essentially builds upon the previous approach
described earlier (see Fig. 4), and is based on dual adaptive
filters operating in tandem. Here, the delay D is carefully
chosen to be employed in the technique (explained later)
that will be used to track the convergence of the auxiliary
AFC filter V (z). In order to facilitate the lattice prediction-
based decorrelation [35], a delay M is used with the desired
response as well as input of H (z). As a rule of thumb,
the delay M is chosen in line with the order of the lattice
backward prediction-error filter that is used to accomplish
whitening/decorrelation of u(n) prior to being employed in
the update equation of H (z).
The desired response for adapting H (z) is taken from the

microphone signal m(n). Accordingly, the error signal eh(n)
is calculated as

eh(n) = m(n−M )− yh(n), (11)

where yh(n) is the output signal of the AFC filter H (z)
expressed as

yh(n) = hhhT (n)uuu(n−M ), (12)

where uuu(n−M ) = [u(n−M ), u(n−M −1), · · · , u(n−M −
L+1)]T is vector for the (M -sample) delayed received signal
u(n−M ). The NLMS algorithm, to update the coefficients of

FIGURE 5. Block diagram for the proposed method for continuous
unbiased AFC in DHAid devices.

the main AFC filter H (z), is given as

hhh(n+ 1) = hhh(n)+
µh

‖uuu′(n)‖2 + δ
eh(n)uuu′(n), (13)

where uuu′(n) = [u′(n), u′(n − 1), · · · , u′(n − L + 1)]T

is the whitened or decorrelated signal vector, and µh is a
fixed-valued step-size parameter. The whitened signal u′(n) is
computed via lattice prediction-based filtering, as explained
below. The details for block ‘lattice predictor’ (taking u(n)
as an input and generating the decorrelated signal u′(n)) is
shown in Fig. 6, and corresponding algorithms are summa-
rized in Table 1 and 2 [35].

Table 1 provides the details of lattice predictor algorithm
[35, Chapter 11], which is employed to compute M -th order
lattice predictor’s parameters. These parameters are forward
prediction errors, backward prediction errors, and reflection
coefficients, and are denoted by the variables fm(n), bm(n) and
km(n) (m = 1, 2, · · · ,M ), respectively. The step-size param-
eter for adjusting the reflection coefficients isµk , and λ is the
forgetting factor which is selected in the range (0.9 < λ < 1).
It is well known that the stability of lattice-structure-based
filters is guaranteed if and only if the reflections coefficients
km(n) stay less than unity in magnitude [43]. Therefore, the
role of the parameter γ (a positive constant) is to prevent the
reflection coefficients km(n) from diverging. Table 2 shows
the algorithm which takes the estimates from algorithm in
Table 1, and produces samples of whitened signal vectoruuu′(n)

342 VOLUME 11, 2023



M. T. Akhtar et al.: PEM-Based Howling Cancellation in Hearing Aids: Can We Do Better?

It can be seen from a comparison of (5) and (13) that
the latter uses uuu′(n) (instead of uuu(n)) in the update equation
of the NLMS algorithm. It is important to note that this
produces an algorithm similar to the NLMS-Newton, which
considerably improves convergence. The reader is directed to
[35, Chapter 11] for more information on the algorithm’s
convergence analysis.

C. HYBRID ADAPTIVE ALGORITHM FOR THE
AUXILIARY AFC FILTER V (z)
The probe signal p(n) excites the auxiliary adaptive AFC
filter V (z), as shown in Fig. 5. The receiver signal u(n) is
combined with the probe signal after being delayed by D
samples. Due to the presence of the inserted delay z−D, the
AFC filter V (z) has a task of identifying an overall cascade
system of feedback path and the delay z−D. Consequently, the
auxiliary AFC filter V (z) is an FIR filter having (extended)
length D+ L + 1, with its coefficient vector being given as

www(n) =
[
wwwD(n)
wwwF(n)

]
=



v0(n)
...

vD(n)
vD+1(n)

...

vD+L(n)


(D+L+1)×1

, (14)

where the initial part vvvD(n) = [v0(n), v1(n), · · · , vD−1(n),
vD(n)]T makes an attempt to model the introduced delay z−D,
and the latter coefficients vvvF (n) = [vD+1(n), · · · , vD+L(n)]T

provide an estimate for the feedback path’s coefficients. The
error signal eh(n) from the main AFC filter H (z) acts as a
‘desired’ response for the auxiliary AFC filter V (z) to give
the corresponding error signal ev(n) as

ev(n) = eh(n)− yv(n), (15)

where yv(n) denotes the output signal of the auxiliary AFC
filter V (z), and is computed as

yv(n) = vvvT (n)ppp(n), (16)

where ppp(n) is the input signal vector for the extended-length
AFC filter V (z) and can be expressed as

ppp(n) =
[
pppD(n)
pppF(n)

]
=


p(n)

p(n− 1)
...

p(n− D− L)


(D+L+1)×1

, (17)

where sample of p(n) are obtained from the probe signal p0(n)
via the time-varying gain β(n). The computation of β(n) is
detailed later; however, the main concept is to lower the probe
signal intensity as the AFC system converges. As a result, the
SNR at the DHAid output would be improved, though the
AFC filter V (z) would become slow. It has been reported that
MVC-based adaptive filtering exhibits robust performance
for non-Gaussian signals [38], which are indeed encountered
in the DHAid devices. Therefore, it is suggested to use the

TABLE 1. Summary of algorithm to compute parameters of the M-th
order lattice predictor.

FIGURE 6. Lattice-backward prediction-filter based method to generate
the (de-correlated) input signal u′(n) for the update equation of the main
adaptive filter H(z) in the proposed method shown in Fig. 5.

following hybrid adaptive technique to get a fast convergence
speed for V (z):

vvv(n+ 1) = vvv(n)+ µv(n)1VVVNLMS(n)+ µ̃v1VVVMVC(n),

(18)

where 1VVVNLMS(n) corresponds to the gradient information
as in the classical NLMS algorithm as

1VVVNLMS(n) =
ev(n)ppp(n)

‖ppp(n)‖22 + δ
, (19)

and where µv(n) is a time varying step-size parameters com-
puted using delay-based technique as [37]

Pev (n) = λPev (n− 1)+ (1− λ)e2v(n), (20)

N̂D(n) = λN̂D(n− 1)+ (1− λ)
(
‖wwwD(n)‖2‖vvvD(n)‖2

)
/D,

(21)

µv(n) = c
C1N̂D(n)
Pev (n)+ δ

bµvmin
, (22)

where C1 signifies an empirical constant, Pev (n) stands for
an estimate of the power of ev(n), and µvmin is the minimum
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value for the step-size µv(n) [27]. Here, c · bµ2min
denotes the

floor operation, i.e., if µv(n) ≤ µvmin then µv(n) = µvmin .
In (18), the contribution of the increment vector

1VVVMVC(n) is controlled via experimentally chosen fixed
step-size parameter µ̃v, and to compute 1VVVMVC(n), the fol-
lowing MVC-based adaptive method is employed [28], [38]:

{ev(n)} = {|ev(n)|, |ev(n− 1)|, · · · , |ev(n− Nw + 1)|},

(23)

ev(n) = λev(n− 1)+ (1− λ) min{ev(n)}, (24)

θ = dC2ev(n)eC2; τ = 1/(2θ )q, (25)

1VVVMVC(n) =
sgn{ev(n)}|ev(n)|q−1vvv(n)[

1+ τ |ev(n)|q
]2 , (26)

where {ev(n)} is collection/window of Nw recent values of
ev(n), q is a fractional number to account for the non-Gaussian
nature of signals, and d·eC2 denotes the ceil operation, i.e.,
if θ ≥ C2 then θ = C2 where C2 is another empirical con-
stant. Finally, the error signal ev(n) (15) used in adaptation of
the auxiliary AFCfilterV (z) is input to the DHAid processing
unit G(z), i.e., s(n) ≡ ev(n).
Let’s now clarify how the probe signal, p(n), is produced

in order to activate the AFC filter, V (z)? As previously men-
tioned, there are two components to the coefficients of V (z):
vvvD(n) and vvvF(n). Assume that all of the initial coefficients
(i.e. vector vvvD(n)) are initialized to 1. These coefficients aim
to model the added delay z−D, and hence, are anticipated to
converge to a pure delay as

vvvD(n) = [v0(n), v1(n), · · · , vD−1(n), vD(n)]T

→ [0, 0, · · · , 0, 1]T . (27)

As a result, the required solution for vvvD(n) is known a priori,
and this knowledge may be utilized to check on the conver-
gence of the AFC filter V (z). We basically define a parameter.

α(n) =
1
D

D−1∑
j=0

|vj(n)|2. (28)

The behavior of α(n) can be understood pretty simply.
The initial value is α(0) = 1 (as vvvD(n) has been initial-
ized as a unity vector). As V (z) converges, the coefficients
v0(n), v1(n), · · · , vD−1(n) are expected to converge to zero
(see (27)), and hence the parameter α(n) converges to a tiny
value (ideally close to zero). This insight leads us to calculate
the time-varying gain β(n) as

β(n) = dα(n)e1 (29)

which is restricted to the maximum value of 1 so that gain
does not become excessively large in some situations of
divergence, for example, when the characteristics of acoustic
path suddenly change during the DHAid is in use. Finally, the
gain parameter β(n) is used to regulate the probe signal as

p(n) = β(n)p0(n), (30)

where p0(n) denotes a white zero-mean random Gaussian
signal. When α(n) is close to unity (see (29)), which denotes

TABLE 2. Summary of algorithm to compute the samples of the
decorrelated signal u′(n) for adaptive algorithm of the main AFC filter
H(z) in the proposed method.

that V (z) is not yet convergent, and thus p(n) ≈ p0(n).
Alongside the convergence of the auxiliary AFC adaptive
filter V (z), the parameters α(n) and β(n) become very small
(ideally close to zero). Therefore, the probe signal p(n) is
tuned to a negligible value as the auxiliary AFC filter V (z)
converges.

D. CONVERGENCE MONITORING &
COEFFICIENT TRANSFER
Let’s see how the appended delay z−D helps in designing an
efficient strategy for convergence monitoring and coefficient
transfer. The key idea is to inspect the convergence of two
adaptive AFC filters such that 1) their coefficients are mutu-
ally transferred to help aid each other in achieving a reliable
estimate of the true acoustic feedback path F(z), 2) the probe
signal gain β(n) is reduced at the steady-state, and 3) sudden
change in the path is automatically detected to increase the
strength of the probe signal for fast re-convergence of the
AFC system.

The receiver (loudspeaker) signal u(n), which is expected
to be (ideally) an amplified version of the target signal x(n),
excites the AFC filter H (z) in the proposed technique (see
Fig. 5). Being excited by a large level signal, H (z) converges
quickly, yielding Peh (n) < Pev (n), where Peh (n) signifies an
estimate of the power of eh(n) that may be calculated using a
lowpass estimator as given in (20). The coefficients of main
AFC filterH (z) are copied to vvvF(n) (part of the auxiliary AFC
filter V (z) expected to identify F(z)) at the start-up.
As soon as parameter α(n) drops below a certain threshold

i.e., α(n) < T1, it is expected that the auxiliary AFC filter
V (z) has converged. From continuous exchange of both fil-
ters’ coefficients, it is safe to assume that the main AFC filter
H (z) has converged too, and an estimate of the true acoustic
feedback path F(z) can be obtained from the main AFC filter
H (z) as f̃ff (n) = hhh(n). Considering the nature of the parameter
α(n) as described in (28), the threshold T1 may be chosen as a
small number near to zero. Further adaption ofH (z) is ceased
because a reliable estimate of F(z) has already been acquired.
On the other hand, the auxiliary adaptive AFC filter V (z) is
continuously adapted to track potential fluctuations of F(z).
The procedure to track variations in F(z) is as follows.

The misalignment being calculated as the normalized
squared deviation (NSD) for the auxiliary adaptive AFC filter
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V (z) can be computed using the estimate f̃ff (n), as

NSDv(n) = 10 log

{
‖̃fff (n)− vvvF(n)‖2

‖̃fff (n)‖2

}
. (31)

The three parameters α(n), NSDv(n), and Pev (n) (power
of the error signal ev(n)), may now be used to examine
the convergence state of the auxiliary AFC filter V (z). It’s
easy to comprehend and select appropriate thresholds for
these three factors, as α(n) should be ‘small’, NSDv(n)
should be negative, and Pev (n) should be small for a cov-
erged/coverging V (z). If, for instance, α(n) > 1, NSDv(n) >
T2, and Pev (n) also increase, then the AFC filter V (z) has
diverged, suggesting that the unknown feedback path F(z)
must has been altered. Re-initializing H (z) and V (z) and
resuming the adaptation of H (z) allow for the estimation of
modified F(z).

IV. COMPUTER SIMULATIONS
A. SIMULATION PARAMETERS
This section presents results of extensive numerical sim-
ulations carried out to understand the performance of the
proposed method in comparison with the key related art. It is
customary to consider a gain-delay model for the DHAid pro-
cessing unit G(z), and this work is no exception. Essentially,
the DHAid device processing unit is modeled as G(z) =
Kz−1, where 1 denotes the permitted delay for necessary
processing and K denotes the gain factor for the desired
amplification. In this study, the numerical experiments have
been performed for two gain settings of K = 10 and
K = 20, and the processing delay has been fixed to 1 =
40 samples (2.5 ms for the adopted sampling frequency
of 16 kHz). A small delay of 2.5 ms has been selected
for reasons remarked earlier for the delay requirements
in modern DHAid which are becoming almost delay-less
devices.

It is important to mention that each method (considered
in this simulation study) employs a different strategy to deal
with the issues of the conventional NLMS AFC. There-
fore, the corresponding parameters in various situations have
been experimentally adjusted with the objective of fast and
stable convergence of the respective method. The methods
included in this simulation study (and corresponding simu-
lation parameters) are as follows:

1) Conventional NLMS AFC: The NLMS algorithm-
based conventional AFC method as shown in Fig. 1.
(µ = 1× 10−3, δ = 1× 10−4.)

2) Probe-shaping AFC [21]: A probe signal-basedmethod
where a probe shaping filter is introduced to percep-
tually mask the probe signal (not discussed in this
paper and reader is referred to [21] and [27] for further
details). (µ = 1 × 10−3, δ = 1 × 10−4, SNRprobe =

σ 2
p /σ

2
x = −20 dB.)

3) PEM-AFC [16]: A time-domain implementation of
PEM-AFC as shown in Fig. 3. The decorrelation pre-
filter B(z) is of order Lp = 16, and AR modeling-based

prediction algorithm is used to update its coefficients
every 10 ms [27]. (µ = 1 × 10−3 (K = 10), µ =
5× 10−4 (K = 20) δ = 1× 10−4.)

4) Basic Method [44]: The proposed method builds upon
the previous method shown in Fig. 4, therefore, the
previous method is treated as a ‘basic method’ for the
performance comparison. (µh = 1 × 10−3, δ = 0.02,
λ = 0.97, SNRprobe = σ 2

v /σ
2
s = −15 dB, D = 64,

µvmin = 1× 10−6, T1 = 1× 10−3, T2 = −20 dB.)
5) Proposed Method-a: A version of proposed method

(in Fig. 5) by considering only NLMS-adaptive algo-
rithm instead of NLMS-MVC hybrid adaptive algo-
rithm for the auxiliary AFC filter V (z). The objective is
to understand if the hybrid adaptive filtering does really
provide any performance again [36]. (µh = 1× 10−4,
δ = 0.02, λ = 0.97, D = 64, µk = 1×10−6, γ = 0.9,
M = 32, µvmin = 1 × 10−6, C1 = 1, T1 = 1 × 10−3,
T2 = 10 dB, p0(n) is zero-mean unit-variance white
Gaussian noise.)

6) Proposed Method-b: The proposed method as fully
described in this paper (see Fig. 5) (with preliminary
results presented at a conference [39]). (µh = 5×10−4

(K = 10), µh = 2.5 × 10−4 (K = 20), µ̃v =
7.5×10−3,C1 = 0.097,C2 = 0.97, q = 1.75,Nw = 8,
p0(n) and rest of parameters are same as listed therein
for the Proposed-a method.)

Another previous work [27] and [28] considers appending
delay in the forward path of the DHAid device, after the
probe signal p(n) has been mixed with receiver signal u(n).
This results in requiring to use extended-length coefficients
vectors for both main and auxiliary AFC filters. The delay in
the forward path appears in series with the DHAid processing
unit G(z), and hence, would limit the delay available for
processing in G(z). Such an appended delay in the forward
path may be prohibited for practical DHAid devices, as it may
severely affect the ‘stereo’ listening experience; especially
if the DHAid device is needed only for one ear. In such
a case, a delayed signal in one ear using DHAid would
interact with a non-delayed signal from the normal ear. This
may severely perturb the stereo perception and quality of
listening experience. Additionally, such a delay in the forward
path may cause problems with the listening experience for
binaural DHAid devices too, for example, when the user
is watching TV [46]. In this case, the visual signal is the
relatively less-delayed reference, and the usermay experience
audio-video dyssynchrony resulting in the lip movements not
matchingwith the sounds that follow. It has been reported that
disruptions in audio-visual integration such as these occur
when delays begin to exceed about 40 ms for the best lip-
readers and about 80 ms for average lip-readers (see [46]
and references there in). Therefore, previous methods in [27]
and [28] (which employ appended delay in the forward path
of DHAid) are not considered in the numerical experiments
presented in this paper.
Fig. 7 shows impulse, magnitude, and phase response char-

acteristics of the acoustic feedback paths used in numerical
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FIGURE 7. Characteristics of electro-acoustic feedback path F (z) used in computer simulations. (top left) Impulse response
characteristic of feedback path when the cellphone is close to ear, (top right) Impulse response characteristic of feedback
path when the cellphone is right on the ear, (bottom left) the corresponding magnitude response characteristics, and
(bottom right) the corresponding phase response characteristics.

experiments explained below. HereF1(z) denotes the acoustic
feedback characteristics for the situation when user brings
cellphone near to his/her ear, and F2(z) corresponds to the
situation when the cellphone is right on the ear. The data for
the acoustic paths is obtained from a freely available source1

with full description available in [45]. The data obtained is
preprocessed for the desired sampling frequency of Fs =
16 kHz, and truncation has been carried out to achieve the
impulse response of length L = 64 as shown in Figs. 7(a)
and 7(b). All adaptive filters are FIR filters of length L = 64
(same as that of the true acoustic feedback path(s)), except
for the auxiliary AFC filter V (z) in the basic (previous) and
proposed methods. Due to the presence of the appended delay
in the path for probe signal, the length of FIR auxiliary filter
V (z) is L + D+ 1 = 64+ 64+ 1 = 129.

B. PERFORMANCE MEASURES
The convergence characteristics of various methods has been
studied via misalignment between the true feedback path and
its estimate provided by the adaptive filter being computed as
NSD:

NSD(n) = 10 log

{
‖fff (n)− f̂ff (n)‖2

‖fff (n)‖2

}
, (32)

1https://openspeechplatform.ucsd.edu/

where fff (n) denotes coefficient vector of the true acoustic
feedback path (F1(z) or F2(z) as used in a particular exper-
iment), and f̂ff (n) is the corresponding estimate provided by
the adaptive AFC filter H (z) in various methods as discussed
in this paper. The most important objective of any DHAid
device is to improve upon the gain available to user as the
AFC system is put in action.

Another important performance metric is MSG being com-
puted as

MSG = 10 log
{
max
ω
‖F(ω)− F̂(ω)‖2

}
, (33)

where F(ω) and F̂(ω) denote the Fourier transform of the true
acoustic feedback path fff (n) and its estimate f̂ff (n) obtained
from the AFC filter, respectively. The frequency at which
there is the most discrepancy between the true and estimated
paths is used to calculate the MSG. The system won’t be
unstable, nevertheless, until the phase at that frequency is a
multiple of 2π [24].

As shown in block diagrams (see Figs. 1-5), x(n) is the
desired input signal to be amplified for DHAid user, and s(n)
is the reconstructed signal being input to G(z) and hence the
DHAid received signal u(n) is in fact an amplified version of
s(n). Therefore, the adaptive filtering AFC system must be
efficient enough to mitigate the effect of acoustic feedback
and ensure that s(n) resembles x(n) as close as possible.
In order to perform the quantitative assessment of s(n) in
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FIGURE 8. Speech signals from NOIZEUS database: (top) concatenated female speech signal, and (bottom) concatenated
male speech signal.

FIGURE 9. Simulations results for concatenated speech signals in Case 1 for DHAid with gain K = 10: The absolute
difference (AD) between the source signal x(n) and the reconstructed signal s(n) being input to the HAid processing unit
G(z) for concatenated female speech signal (top) and for concatenated male speech signal (bottom). [(1) Conventional
NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

comparison with x(n), various performance measures have
been proposed in the literature on speech processing, where
some of them have been developed specifically for signals
in DHAid devices. We consider the following performance
measures in this study:

• Absolute Difference: The visual inspection of the abso-
lute difference (AD) being computed as

AD(n) = |x(n)− s(n)|, (34)

may give ‘some’ idea about the quality of the recon-
structed signal s(n).

• Normalized Mean Squared Error : The normal-
ized mean squared error (NMSE) being computed

(in dB) as

NMSE = 10 log



1
N

n0+N−1∑
n=n0

[x(n)− s(n)]2

1
N

n0+N−1∑
n=n0

[x(n)]2


, (35)

where n0 is selected when the AFC system have entered
in its steady-state and N denotes the total number of
samples selected for computation. Being a ratio of two
similar quantities, NMSE is a unit-less quantity, and
NMSE → −∞ shows that the corresponding signal is
reconstructed with the minimum error.

VOLUME 11, 2023 347



M. T. Akhtar et al.: PEM-Based Howling Cancellation in Hearing Aids: Can We Do Better?

FIGURE 10. Simulations results for concatenated male speech signal in Case 1 for DHAid with gain K = 10: Impulse
response (left column) and magnitude response (right column) characteristics of estimated acoustic feedback path F̂1(z)
(obtained by adaptive AFC filters in various methods) in comparison with the true acoustic feedback path F1(z).

• Perceptual Evaluation of Speech Quality: The AD as
well as NMSE are not considered being robust perfor-
mance metrics for non-stationary signals like speech,
therefore, it is very important to consider other met-
rics which take statistical properties into consideration.
The perceptual evaluation of speech quality (PESQ),
an ITU-T standard for assessing the quality of speech
signals, is one such criteria [47]. The highest score

of 4.5 is given for a clean signal that has not been
degraded.

• Signal to Distortion Ratio: The signal to distortion ratio
(SDR) compares the levels of nonlinear distortion in the
processed signal to the original signal, and is based on
the Hilbert transform [48], [49], [50].

• Mutual Information: The Kullback-Leibler divergence
can be used to interpret the mutual information (MI),
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FIGURE 11. Simulations results for concatenated speech signals in Case 1 for DHAid with gain K = 10: (top-left)
NSD (dB) curves for female speech signal, (top-right) MSG (dB) curves for female speech signal, (bottom-left)
NSD (dB) curves for male speech signal, and (bottom-right) MSG (dB) curves for male speech signal.
[(1) Conventional NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and
(6) Proposed-b method.]

FIGURE 12. Simulations results for concatenated speech signals in Case 1 for DHAid with gain K = 20: The
absolute difference (AD) between the source signal x(n) and the reconstructed signal s(n) being input to the
HAid processing unit G(z) for concatenated female speech signal (top) and for concatenated male speech signal
(bottom). [(1) Conventional NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a
method, and (6) Proposed-b method.]

a non-parametric measure of similarity between two
random variables X and Y , as [51]

MI =
∫
∞

−∞

∫
∞

−∞

f (X ,Y ) log
(
f (X ,Y )
f (X )f (Y )

)
dXdY , (36)

where the joint probability distribution function of X
and Y is denoted by f (X ,Y ), and the marginal prob-
ability distribution functions (PDFs) of X and Y are
denoted by f (X ) and f (Y ), respectively. MI is always
non-negative and zero if and only if the two random
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FIGURE 13. Simulations results for concatenated male speech signal in Case 1 for DHAid with gain K = 20: Impulse
response (left column) and magnitude response (right column) characteristics of estimated acoustic feedback path F̂1(z)
(obtained by adaptive AFC filters in various methods) in comparison with the true acoustic feedback path F1(z).

variables are strictly independent. With the knowledge
that (MI > 0) signifies a close match between ‘signals’,
we compute MI between the input signal x(n) and the
reconstructed signal s(n). The larger the MI, the more
closely the reconstructed signal s(n) resembles the input
signal x(n).

• Hearing Aid Speech Quality Index: An index cre-
ated specifically for the speech signals processed by

DHAid devices is the hearing aid speech quality
index (HASQI). HASQI has been created to foresee
changes in speech quality due to noise, nonlinear dis-
tortions, frequency compression-related degradations,
speech vocoding, noise suppression, acoustic feedback
and feedback cancellation, and speech mixed with mod-
ulated noise. For a clear signal with no deterioration, the
maximum score is 1.0 [52], [53].
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TABLE 3. Quantitative assessment of various methods for concatenated female speech signals from NOIZEUS database in Case 1.

FIGURE 14. Simulations results for concatenated speech signals in Case 1 for DHAid with gain K = 20: (top-left) NSD (dB)
curves for female speech signal, (top-right) MSG (dB) curves for female speech signal, (bottom-left) NSD (dB) curves for
male speech signal, and (bottom-right) MSG (dB) curves for male speech signal. [(1) Conventional NLMS AFC,
(2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

• Hearing Aid Audio Quality Index: The hearing aid audio
quality index (HAAQI) has been created as a way to
forecast the audio quality (particularly for music signals)
in DHAid devices. It uses the HASQI auditory model
with various parameters fitted to the results of a signifi-
cant music-quality rating experiment [54]. If there is no
signal deterioration, the maximum score is 1.0 [54].

• Output SNR: For probe-signal based AFC methods
(probe-shaping NLMS [21], basic method [44], and
proposed method), it is very important to compute the
output SNR as

SNR_out = 10 log

{
σ 2
u

σ 2
p

}
, (37)

where σ 2
u and σ 2

p denote variances of the received signal
u(n) and the probe signal p(n), respectively.

C. CASE 1: LONG SPEECH SIGNALS
The objective of this case study is to understand the perfor-
mance of various AFC methods for long speech signals. The
clean speech signals provided in the NOIZEUS2 database
(available free of charge) [55] are used for this purpose.
Essentially, fifteen clean speech signals spoken by female
speakers are concatenated to obtain a long female speech
signal, and fifteen clean speech signals spoken bymale speak-
ers are concatenated to obtain a long male speech signal.
The waveplots for these signals are shown in Fig. 8, and
the simulation results have been carried out using acoustic
feedback path F1(z) (see Fig. 7.).

Fig. 9 shows curves for AD (as defined in (34)) for various
AFC methods for DHAid with gain K = 10. For sake of

2https://ecs.utdallas.edu/loizou/speech/noizeus/
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TABLE 4. Quantitative assessment of various methods for concatenated male speech signals from NOIZEUS database in Case 1.

FIGURE 15. Plots for mixed characteristic audio signals used in the computer simulations in Case 2.

FIGURE 16. Simulations results for signal S5 in Case 2 for DHAid with gain K = 10: The absolute difference (AD) between
the source signal x(n) and the reconstructed signal s(n) being input to the HAid processing unit G(z) for (1) Conventional
NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.

TABLE 5. Comparison of SNR_out for various probe signal-based
methods for concatenated speech signals from NOIZEUS database in
Case 1.

space, all signals are plotted in the same panel (by shifting the
signals) on the scale of 0 to 1 for each signal. Though visual
inspections cannot reveal true quality and efficacy of the AFC

algorithm in removing the acoustic feedback, it is evident that
the proposed methods perform better in comparison with the
rest of methods considered in this paper. The characteristics
of estimated acoustic feedback path F̂1(z) obtained by AFC
adaptive filter (in various methods) at steady-state in compar-
ison with the true acoustic feedback path F1(z) are shown in
Fig. 10 for male speech signals (the curves for female signals
have been omitted), where both the impulse response and the
corresponding magnitude response characteristics have been
plotted. It is noticed that all methods considered in this paper
are able to converge to a reasonable estimate of the acoustic
feedback path for only a certain range of frequencies. On the
other hand, the proposedmethod demonstrates better estimate
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FIGURE 17. Simulations results for signal S5 in Case 2 for DHAid gain K = 10: Impulse response (left column) and
magnitude response (right column) characteristics of estimated acoustic feedback path F̂1(z) (obtained by adaptive AFC
filters in various methods) in comparison with the true acoustic feedback path F1(z).

as compared with the rest of methods for the whole frequency
range.

The convergence curves for NSD and MSG, as defined
in (32) and (33), respectively, are shown in Fig. 11. It is
observed that the proposed method exhibits fast convergence
speed as well as best steady-state performance as compared
with the rest of methods. The comparison between two ver-
sions of proposed methods, i.e. proposed-a and proposed-b,

reveals that incorporating the MVC-based adaptive filtering
for adaptation of send AFC filter V (z) indeed offers some
performance benefits in terms of better steady-state perfor-
mance in comparison with if MVC-based adaptive filtering
were not employed. It is worth to mention that ‘good’ NSD
performance means ‘good’ estimation of acoustic feedback
path (as observed in Fig. 10 by directly plotting the adaptive
filters’ coefficients and magnitude response characteristics).
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FIGURE 18. Averaged NSD and MSG curves in Case 2 for DHAid with gain K = 10. [(1) Conventional NLMS AFC,
(2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

FIGURE 19. Variation of probe signal p(n) in probe signal-based methods for signal S5 in Case 2 for DHAid with gain K = 10.

FIGURE 20. Variation of the gain control parameter β(n) in proposed method averaged over all signals in Case 2
for DHAid with gain K = 10.

Furthermore, ‘good’ MSG performance would indicate that
the DHAid would allow ‘high’ level of gain in the DHAid
processing unit if the AFC system is in action.

The above-detailed experiment for concatenated speech
signals for acoustic feedback path F1(z) has been repeated for
a DHAid with gain K = 20. The corresponding simulation
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FIGURE 21. Averaged NSD and MSG curves in Case 2 for DHAid with gain K = 20. [(1) Conventional NLMS AFC,
(2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

TABLE 6. Comparison of SNR_out for various probe signal-based methods for experiments carried out in Case 2.

FIGURE 22. Variation of the gain control parameter β(n) in proposed method averaged over all signals in
Case 2 for DHAid with gain K = 20.

results are presented in Figs. 12-14. Fig. 12 plots comparison
for AD between the input signal x(n) and DHAid input signal
s(n) for various methods. It is observed that conventional

NLMS AFC, PEM-AFC, and basic method take a long time
to recover from the initial howling period under this high
gain scenario. It is important to mention that plotted signals
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FIGURE 23. Bar plots for various AFC methods for all signals (S1-S7) in Case 2 for DHAid gain K = 10. [(1) Conventional
NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

have been clipped (with a same threshold for all methods for
a fair comparison) for better visual presentation; otherwise,
very high oscillations have been observed during the howling
period. The prob-shaping AFC, proposed-a and proposed-b
are able to recover quickly from the initial howling period.
Furthermore, the proposed methods exhibits smallest recon-
struction error between x(n) and s(n) among the methods
considered in this paper. Fig. 13 shows steady-state impulse
and magnitude response characteristics of estimate F̂1(z) in

comparison with F1(z). As observed previously for K = 10,
the adaptive AFC filter in the proposed method converges
to a solution which matches closely with the true acoustic
feedback path for almost all frequencies in consideration.
Finally, Fig. 14 shows the convergence curves for NSD
and MSG, which show that the proposed method shows
better performance, in comparison with that of the other
methods, for fast convergence speed and good steady-state
performance.
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FIGURE 24. Bar plots for various AFC methods for all signals (S1-S7) in Case 2 for DHAid gain K = 20. [(1) Conventional
NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and (6) Proposed-b method.]

The quantitative assessment of various methods, from the
view point of reconstruction quality of the DHAid input sig-
nal s(n) in comparison with the input signal x(n) being treated
as a ground truth, is summarized in Tables 3 and 4. Here
‘boldface’ (‘underline’) is used to signify the best (2nd-best)
results achieved. It is observed that the existing AFCmethods
(conventional NLMS, probe-shaping NLMS, PEM-AFC, and
basic method) show amixed performance from the view point
of showing better performance for somemeasures than for the

others. The proposed methods show considerably improved
performance for all performance measures, with proposed-
b (full) method showing better (or comparable) performance
than that of the proposed-a method. The performance com-
parison from the view point of SNR_out (comparing power of
DHAid received signal u(n) with respect to the probe signal)
for probe signal-based methods is presented in Table 5. It is
noticed that the proposedmethods give far more better perfor-
mance than the probe-shaping NLMS and the basic method.
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FIGURE 25. Spectrogram of input signal S5 (top) in comparison with spectrogram of DHAid input signal s(n) in
(1) Conventional NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and
(6) Proposed-b method, for simulations in Case 2 for DHAid with gain K = 10.

Thanks to the gain control strategy for the probe signal, the
level of probe signal reduces to a very low level as the AFC
system reaches steady-state. Our experience shows that the
random noise present 60 dB below than the desired signal is
not perceivable by human ear. The proposed method reduces
the probe signal to a very low level not at all audible, and
therefore holds promise for practical DHAid devices.

D. CASE 2: MIXED-CHARACTERISTICS AUDIO SIGNALS
In this case study, we consider mixed characteristic audio
signals as shown in Fig. 15. The description of various signals

presented therein is as follows: S1 is an ambulance siren,
S2 is strong tonal signal with some speech signal present
in the later half of signal, S3 is of impulsive signal with
periodic tones, S4 is a mix of police siren with an ambulance
siren present in the background, S5 is an impulsive signal
with quasi-periodic tones, S6 is a sound recorded from a
typewriter, and S7 is a very shrilling sound from a barking
puppy. It is worth to mention that such signals pose a great
challenge for DHAid devices for the very annoying entrain-
ment artifacts [12]. The entrainment artifacts include whistle-
like sounds that may or may not be harmonically related to
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FIGURE 26. Simulations results for signal S5 in Case 3 for a sudden change in the acoustic path with gain
K = 10: The absolute difference (AD) between the source signal x(n) and the reconstructed signal s(n) being
input to the HAid processing unit G(z) for (1) Conventional NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4)
Basic method, (5) Proposed-a method, and (6) Proposed-b method.

the input tonal signal. These artifacts are very annoying to
the DHAid users, and can result in a reduced output signal
quality [56]. As in the previous case study, the experiments
have been performed for the acoustic feedback path F1(z) (as
shown in Fig. 7) for DHAid gain K = 10 and K = 20.
Fig. 16 shows performance comparison from the view

point of AD (34) for signal S5, which shows superior per-
formance of the proposed method resulting in reduced recon-
struction error in the input signal for the DHAid. Fig. 17 plots
the impulse and magnitude response characteristics of esti-
mate F̂1(z) at the steady-state in comparison with the true
acoustic feedback path F1(z). It is evident that the proposed
method keeps the good performance in identifying the char-
acteristic of the feedback path even for such a challenging
input signal. The corresponding convergence curves for NSD
and MSG averaged for all signals shown in Fig. 15 are shown
in Fig. 18. It is observed that the proposed method clearly
outperforms the rest of methods both in convergence speed
as well as the steady-state performance. Among the proposed
method variants a and b, the proposed-b method gives better
performance than that of the proposed-a method, thanks to
MVC-based hybrid adaptive filtering for adaptation of the
auxiliary AFCfilter. Fig. 19 shows variation of probe signal is
all probe signal-based methods, and Fig. 20 shows variation
of gain control parameter β(n) in the proposed method. It is
observed that the proposed method reduces the strength of
the probe signal as the AFC converges (see variance of probe
signal given in the corresponding subfigure), thanks to the
gain control parameter in the proposed method. This in turn
improves the SNR_out performance in the proposed method.

The above detailed experiment is repeated for DHAid with
a high gain value of K = 20. The results for individual
signals are omitted and only averaged results are discussed
below. Fig. 21 shows convergence curves for NSD and MSG
averaged for all signals S1-S7 (shown in Fig. 15), and
the corresponding curves for the variation of gain control
parameter β(n) in the proposed method(s) are shown in
Fig. 22. A similar performance comparison is observed as
in the pervious experiments, i.e., the proposed method gives
the best performance among the methods considered in this

paper. It achieves fast convergence speed and best steady-
state values for both NSD and MSG. Furthermore, the gain
control parameter converges to a very small value as the AFC
system converges, this reduces the strength of the probe signal
at the steady-state and hence improves the SNR_out. This
is indeed observed from the results presented in Table 6,
that the proposed method substantially improves upon the
SNR_out as compared with the existing methods involving
probe signal.

Considering the mixed nature of signals considered in
this case study, we employ bar plots to show performance
of various methods for individual signals for various other
performance measures. Fig. 23 shows bar plots for HASQI,
HAAQI, PESQ, SDR andNMSE for all signals S1-S7 (shown
in Fig. 16) considered in this case study for DHAid with gain
K = 10. The varying degree of performance on the basis
of various performance measures signifies that ‘averaged’
results on the basis of NSD and/or MSG may be misleading.
The first observation is that the proposed method exhibits
better performance than the rest of methods for almost all
signals and on the basis of all performancemeasures. Another
interesting observation is performance comparison for signals
S2 (tonal signal with speech content) and S5 (impulsive
quasi-periodic tonal signal). The corresponding results for a
high gain scenario of K = 20 are presented in Fig. 24. The
PEM-AFC shows very poor performance from the view point
of SDR and NMSE. As in the previous case for K = 10, the
proposed method keeps the good and stable performance.

As stated earlier, the DHAid device may suffer from
entrainment artifacts when excited with an input signal hav-
ing tonal characteristics or musical content. As a typical
example, lets revisit the performance of various methods for
signal S5 for K = 10. In order to understand the frequency
domain behavior of various methods, the spectrograms for
reconstructed signal s(n) (which is input to the DHAid pro-
cessing unit) for various methods, in comparison with the
spectrogram of the (reference) input signal x(n), are plotted
in Fig. 25. It is observed that the performance of the existing
methods is very poor, and in fact, the existing methods suffer
from a lot of entrainment artifacts. The proposed method is
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FIGURE 27. Simulations results for signal S5 in Case 3 for a sudden change in the acoustic path with gain K = 10: Impulse
response (left column) and magnitude response (right column) characteristics of estimated acoustic feedback path F̂2(z)
(obtained by adaptive AFC filters in various methods) in comparison with the true acoustic feedback path F2(z).

every efficient is this regard, in fact, no extra tone is heard
when listening to the reconstructed signal from the proposed
AFC method.

E. CASE 3: SUDDEN CHANGE IN ACOUSTIC
PATH CHARACTERISTICS
So far, we have assumed that the acoustic feedback path is
an LTI system, and the objective of experiments have been

to understand convergence and steady-state performance of
various adaptive AFC methods. However, it is very important
to study the tracking performance of any adaptive system for
time-varying systems, and this is indeed the main objective
of this case study. As shown in Fig. 7, F1(z) is the transfer
function of the acoustic feedback path measured under the
situation when DHAid user brings a cellphone close to ear,
and F2(z) corresponds to situation when the cellphone is right
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FIGURE 28. Averaged NSD and MSG curves for DHAid with gain K = 10 in Case 3 for a sudden change in the acoustic path.
[(1) Conventional NLMS AFC, (2) Probe-shaping AFC, (3) PEM-AFC, (4) Basic method, (5) Proposed-a method, and
(6) Proposed-b method.]

FIGURE 29. Variation of probe signal p(n) in probe signal-based methods for signal S5 in Case 3 for a sudden change in
the acoustic path with gain K = 10.

FIGURE 30. Variation of the gain control parameter β(n) in proposed method averaged over all signals in Case 3 for a
sudden change in the acoustic path with gain K = 10.

on the ear. In the simulation results presented in this case
study, the experiments for signals in Case 2 for DHAid gain
K = 10 have been repeated for a situation that F1(z) is used
at the startup at n = 0. Later, at the middle of simulation, the
acoustic path suddenly changes to F2(z).

Fig. 26 shows AD (34) curves for the input signal S5. It is
observed that the proposed method keeps the good perfor-
mance before as well as after the sudden change in the acous-
tic feedback path. The corresponding curves (of impulse
response and magnitude response) for estimated acoustic
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feedback path F̂2(z) in comparison with the true one F2(z),
obtained at the end of simulation for various AFC meth-
ods are shown in Fig. 27. The existing methods exhibit
suboptimal performance especially after the sudden change
in acoustic path. On the other hand, the proposed method
keeps good performance with proposed-b method showing
somewhat better identification of acoustic feedback path in
comparison with that of the proposed-a one. The NSD and
MSG curves averaged over all signals S1-S7 are presented
in Fig. 28, which shows the proposed method outperforms
the rest of methods discussed in this paper. A key advantage
of the proposed method is automatic tuning of the probe
signal to improve upon the steady-state SNR_out. This is
demonstrated in Figs. 29 and 30 which show variation of
probe signal in all probe signal-based methods (for signal S5)
and variation of probe signal gain control parameter β(n)
(averaged over all signals S1-S7) in the proposed method(s),
respectively. It is indeed observed that in contrast to the
existing methods using a constant level probe signal, the
probe signal level in the proposed method(s) is set to a large
value during the transient state and reduces to a very low level
(see variances shown in the Fig. 29 before and after sudden
change in the acoustic path). This is thanks to the gain control
strategy incorporated in the proposed method(s). As shown in
Fig. 30, the gain control parameter is tuned to a large value at
the start-up and when a sudden change in the acoustic path is
detected, and it converges to a very small value as the AFC
system converges.

V. CONCLUSION
This paper has investigated a time-domain fully adaptive
method for AFC in DHAid devices. In contrast to classical
PEM-AFC, which is based on performing AR modeling at
regular intervals, the proposed method employs lattice adap-
tive filtering on the basis of sample-by-sample processing.
It is demonstrated by extensive simulations that the proposed
method gives very effective performance both for speech
as well as audio signal having musical and/or tonal charac-
teristics. Furthermore, the proposed method exhibits robust
performance for changes in the acoustic environment. The
next important direction of work is to exploit the feature
LMS adaptation [57] in the framework of proposed method
and target when the acoustic feedback path exhibits sparse
characteristics which is typically the case in many practical
scenarios.
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