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acoustic enhancement along with an FIR filter. We derive expressions for an
optimum shaping filter and for an optimized feed-forward path. Improvement
in loudspeaker output signal quality, normalized misalignment and maximum
stable gain for each of the above-mentioned scenarios is assessed through nu-
merical simulations.

Keywords Adaptive filters - Feedback cancellation - Hearing-aid - Conver-
gence rate - Misalignment.

1 Introduction
1.1 Motivation

Nowadays, hearing aids can receive input from the acoustic environment through
a microphone, and also from a device capable of wireless transmission of sound
signals!. In such a scenario, there is a possibility of intermixing of both the
signals leading to an acoustic confusion for the users. When only the acoustic-
environment signal is considered and the wirelessly-received signal is absent,
the feedback cancellation continues as discussed in e.g. [19]. However, these
existing hearing aid designs do not consider multiple inputs at a time. In
case of multiple inputs, the interference can be severe if the two inputs are
highly correlated with each other. The scenario for a single-microphone single-
loudspeaker system, where a wirelessly-received signal is considered along with
the input received at the microphone, has also not been addressed in any ex-
isting research work. Hence, there is a necessity to analyse the resulting signal
quality when more than one input signal is considered and to suggest possible
optimization techniques to reduce the interference.

The feedback cancellers in [1,7-9, 14-18] receive acoustic input only via
microphone. However, it would be interesting to analyze the behaviour of a
feedback cancellation system that receives a wireless signal in addition to the
acoustic input. For the aforementioned problem, the wirelessly-received in-
put to the hearing aid can be considered to be an externally-generated signal.
Indeed, the reception of two inputs can result in interference and acoustic con-
fusion for the user because the wireless signal is added into the loudspeaker
path. When both the signals are emitted from the same source, there is high
correlation between the wireless signal and the output of the feed-forward
path and the resulting interference can be severe. The perceptibiity of the
externally-generated wireless signal can be weakened by using a shaping fil-
ter which utilizes the masking capability of the human ear [9,17]. However,
a fixed shaping filter used in [7,14] is not sufficient for reducing such an in-
terference, as the user might still be able to hear the shaped wireless signal
along with the enhanced desired acoustic signal. Moreover, the feed-forward
path in the existing feedback cancellers in [3,7,14,17-19] is considered as a

1 The hearing-aid considered in this work is a single-microphone system that receives one
acoustic signal through the microphone and another through a wireless link.
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constant enhancement. There is a possibility to further reduce the interference
and improve the quality of the loudspeaker output, when multiple correlated
inputs are received at the hearing aid, by considering a cascade structure for
the feed-forward path wherein one part is the fixed amplification as needed by
the user and the other part is an FIR filter which can be further optimized.

1.2 Paper overview

In this paper, we consider a hearing-aid design with the capability to receive
acoustic input from a wirelessly-linked device and also from the user’s sur-
roundings via microphone. We follow the basic adaptive feedback cancellation
methodology and propose to model the wirelessly-received acoustic signal as
an externally generated signal. We will focus on the following scenarios:

1. The two inputs are very similar and therefore, highly correlated.

2. The two inputs are very similar but received at the hearing aid with a time
delay with respect to each other

3. The two inputs are independent and generated from two different sources

A cost function is proposed to improve the quality of output signal in presence
of interference. The shaping filter is optimized with respect to this cost function
with the objective to reduce the interference between the two correlated input
signals, and thereby enhance the quality of the loudspeaker output. Instead
of a fixed feed-forward path, we have considered the feed-forward path as a
cascade of a constant signal-reinforcement portion and an FIR filter. The FIR
filter part of the feed-forward structure is also optimized using the same cost
function as that of the shaping filter. The proposed optimization methodology
applied to the hearing-aid model showed improvement in output sound quality
and resulted in improvement of normalized misalignment as well as maximum
stable gain.

1.3 Notation

The following notation is adopted throughout the paper: []T for the transpose
of a matrix, []7" for the inverse of a matrix, E [.] for the expectation opera-
tion and |.| for the magnitude. Here, n is used to denote discrete-time index
and k for discrete-time delay operator such that k=1m (n) = m(n —1). We
have used bold-faced capital letters for matrices, bold-faced small letters for
vectors, italic small letters for random variables and R for real numbers. For
any two signals a (n) and b (n), the signal correlation 745, (n) = E [a (n) b (n)].
A discrete-time filter of length L is represented as a polynomial F' (k) in terms
of k=Vas F (k) = fo+ fik '+ ...+ fo_1 k= ET! or by its coefficient vector
£ = [fo,f1,...., fu_1]". The signal m (n) is filtered by F (k) as F (k)m (n) =
f7 (n)m (n), with m (n) = [m(n),m(mn—1),...m(n—L+1)".
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Fig. 1 Adaptive feedback canceller with an optimized shaping filter (depicted as dotted
block)

2 Proposed Methodology

In this section, we consider a hearing aid that receives an acoustic signal from
its surrounding environment via a microphone, and another from a device via
a wireless link. Feedback cancellation is carried out by an adaptive filter F (k)
of order L —1 (see Fig. 1). As discussed earlier, various possible scenarios may
exist which we elaborate one by one. Minimization of the cost function is done
to obtain optimized expressions for the shaping filter S (k) and for the feed-
forward path filter G (k), wherever necessary, to obtain improvement in the
quality of the loudspeaker signal at the user’s end. We consider the following
scenarios:

Scenario 1 : When the wirelessly-received input and the acoustic-environment
input are received from the same source and are very similar

Scenario 2 : When both the acoustic inputs are very similar, but there exists
a time delay between them

Scenario 3 : When both the acoustic inputs are independent and received from
two different sources

Assumption 1 Along with the sound signal from the environment, an acous-
tic signal is also transmitted from a wireless source using an encoding filter
H (k) and a zero-mean white stochastic encoding noise ¢ (n) € RM*1 s also
introduced in the encoding process.

Assumption 2 The signal ¢ (n) is considered to be uncorrelated with all other
signals in the adaptive feedback cancellation system.

Definition 1 With reference to Assumption 1, the sound signal wirelessly-
received at the hearing aid is shown in Fig. 1. The encoded wireless signal
transmitted from the source can be expressed as

r(n) =ah()z@)+(1-a)l(n), (1)

where the input signal z (n) € R and ry, (n) = E [22 (n)], the signal vec-
tor r (n) € RM™*! for the encoded wireless signal r (n) transmitted from the
source can be defined as v (n) = [r(n),r(n—1),....,r(n— M +1)]", h(n) =
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[h(0),h(1),....h (M —1)]" is the coefficient vector for an FIR encoding filter
H (k) of order M — 1 applied at the transmitting device such that h(n) €
RM*1 the signal vector ¢ (n) € RM*1 for the zero-mean white stochastic en-
coding noise ¢ (n), is defined as ¢ (n) = [ (n),((n—1),....¢ (n — M +1)]",
¢ (n) is assumed to be uncorrelated with x (n) for simplicity, R (n) € RM>*M
is the autocorrelation matrix given as R(n) = E [¢ (n) ¢T (n)], and « is a
scaling constant such that 1 > a > 0.

Definition 2 The shaped wireless signal, which is introduced into the loud-
speaker path of the adaptive feedback canceller in Fig. 1, can be written as

— as"(mh (n)x (n) + (1 - a)s" ()¢ (), (2)

where s (n) = [s(0),s (1), ...,s (M —1)]" is the coefficient vector for the shap-
ing filter S (k) of order M — 1.

Let the signal difference

¢(n) =a(n)=b(n), 3)

where a (n) is the desired loudspeaker-output signal and b(n) is the actual
loudspeaker output. Then, the cost function E[c2 (n)] can be minimised by
optimizing S (k) to reduce the interference due to correlation between the two
acoustic signals input to the hearing aid. The optimization problem of S (k)
can be expressed as

s* = argming E[c*(n)]. (4)

2.1 Scenario 1

Let the hearing aid receive the acoustic signal x (n) from the user’s environ-
ment as well as via a wireless link, i.e. both the acoustic inputs are very simi-
lar and thus, have a high correlation between them. This scenario would have
been simpler if there was no signal available from the acoustic environment
and the wirelessly-received signal was the only acoustic input to the hearing
aid. However, when an acoustic input is available from the wireless source as
well as from the acoustic environment, the resulting interference can distort
the loudspeaker output signal.

Let the wirelessly-received input and the acoustic-environment input be
similar signals and received from the same source. Then, the interference per-
ceived in the loud-speaker signal at the user’s end, due to correlation be-
tween the two aforementioned sound inputs, can be reduced by shaping the
wirelessly-received input with a shaping filter. The optimal shaping filter is
given in Lemma 1:
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Lemma 1 Considering Assumptions 1-2, and Definitions 1-2, the solution to
the optimization problem of S (k) in (4) is unique for the minimization of the
cost function and is given by

s*(n) = a[a2h(n)rm (n)hT (n) + (1—a)2R(n)}_1h(n)rm n), (5)

where s* (n) = [s* (n),s* (n— 1), ..., s* (n — M + 1)]" such thats* (n) € RM*1,
Proof : See Appendix A.

Remark 1 There is no need to optimize the feed-forward path here because
both the acoustic inputs received by the hearing aid are very similar. Hence,
the arrangement can be made such that the hearing-aid user perceives only
the wirelessly-received signal, while the gain of the feed-forward path G (k) is
reduced to prevent interference between the two acoustic inputs.

2.2 Scenario 2

./‘b(")l G(k)
x(n) v(n) __e(n) - u(n) i (n)
—O—O—=@1| 9l 60—

Mie T Speaker
y(n) - y
ﬁ(k) F(r) S(k) 4’(_”)

\

Fig. 2 Adaptive feedback canceller with an optimized shaping filter and an optimized feed-
forward path (depicted as dotted blocks)

Let us consider a practical scenario when the hearing aid is connected to a
wirelessly-transmitting device that also transmits sound signals normally for
the normal-hearing people in the room. Thus, the hearing aid is receiving the
acoustic signal z (n) from the environment as well as via a wireless link, as
shown in Fig. 1.

Assumption 3 The device transmitting the acoustic signals is placed away
from the hearing-aid user such that the signal received from the acoustic en-
vironment is x (n — A) + v (n), where A is a time delay and v(n) € R is
the background noise, which is considered as a white stochastic signal of zero
mean.

Assumption 4 The signal v (n) is considered to be uncorrelated with all other
signals in the adaptive feedback cancellation system.
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The source being kept at a distance from the hearing-aid user, the wireless sig-
nal will reach the hearing-aid microphone faster than the acoustic-environment
signal; the acoustic environment signal will be delayed in time with respect
to the wireless signal. However, since both the signals are very similar, there
exists a high correlation between them.

Remark 2 Tt is impractical to assume the feed-forward path gain as zero for
the scenario under consideration, and thus the interference caused due to in-
termixing of the two sound signals is unavoidable. Consequently, both of the
received acoustic signals will need to be considered.

Definition 3 The reinforced signal u (n) can be expressed as
u(n) =G (k)e(n), (6)

where G (k) is the feed-forward path, e (n) is the error between the microphone
input v (n) and the adaptive filter output y (n), and the reinforced signal vector
u(n) € REX1 is defined as u (n) = [u(n),u(n—1),..,u(n— L+ 1)]".

Definition 4 The feed-forward path G (k) is considered to be a cascade of
two parts (see Fig. 2). The first part |G| is the constant gain provided to
enhance the listening comfort of the users and the other part is an FIR filter
G (k) of order L —1 with the coefficient vector g (n) € RE*! defined as g (n) =
[3(0),5(1),...,5(L —1)]". Thus, (6) can be rewritten as

u(n) =[Gi|g(n)e(n). (7)
Definition 5 The shaped wireless signal is introduced into the loudspeaker
path of the hearing aid and the final loudspeaker output @ (n) = w(n) +
7(n), with the loudspeaker signal vector i@ (n) € RL*! defined as @ (n) =
[@(n),i(n—1),...4(n—L+1)]" and

a(n)=u(n)+7(n), (8)
where the shaped wireless signal vector T (n) € RL*! can be defined as ¥ (n) =
[F(n),7(n—1),...,7(n— L+ 1)]".

The presence of the reinforced acoustic-environment signal and the wireless
signal at the loudspeaker input will result in interference and, thus, an incom-
prehensible loudspeaker output for the user. To attenuate this interference
due to the presence of correlation between the two similar acoustic inputs (a
wirelessly-received input and a time-delayed acoustic-environment input) from
the same source and improving the quality of the output available at the user
end, the difference between the two signals at the loudspeaker input must be
minimised. The optimal shaping filter for this is given in Lemma 2:

Lemma 2 Considering Assumptions 1-4 and Definitions 1-5, the solution to
the optimization problem of S (k) in (4) is unique for the minimization of the
cost function and is given by

s* (n) = a|a? h (n) roe () BT (n)+(1 — @)* R (n) } o [rm (1) — Tz (n) |11 (n) .

9)
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Proof : See Appendix A.

We shall now derive expressions for an optimized feed-forward path. For the
hearing-aid design of Fig. 2, let ¢(n) be the signal difference, as expressed in
(3). The optimization problem of G (k) can be expressed as

g" = argmin, E[¢* (n)]. (10)

The cost function can be minimised to obtain the solution to the optimization
problem in (10) as the set of optimized feed-forward-path FIR filter coeffi-
cients. For the adaptive feedback cancellation system in Fig. 2, there may be
interference at the user’s end due to the presence of similar acoustic inputs,
i.e. a wirelessly-received input and a time-delayed acoustic-environment input.
The optimized feed-forward path filter is given by Lemma 3:

Lemma 3 Considering Assumptions 1-4 and Definitions 1-5, the solution to
the optimization problem of G (k) in (10) is unique for the minimization of
the cost function, and is given by

& (n) = ——[rup (1) = 270y (n) + 7y ()] "

|Gl
{rye )" ()1 () = o ()57 () 0 ()
2 e () = e ()]} (1)

where « is the scaling constant, v (n) is the microphone output, y (n) is the
adaptive filter output, optimum feed-forward path coefficient vector g* (n) =
[7*(n),g" (n—1),....5" (n— L+1)]" such that g* (n) € REXY and s* (n) is
the optimal set of coefficients for the shaping filter as obtained in (9) .

Proof : See Appendix B.

2.3 Scenario 3

Further, we consider another scenario in which the acoustic-environment signal
and the wirelessly-received signal are independent signals generated from two
different sources, and hence are less correlated with each other as compared to
the previous scenarios. However, an interference may still be perceived at the
user’s end due to the presence of both of the two independent acoustic inputs.
The optimal shaping filter for shaping the wirelessly-received input is given in
Lemma 4:

Assumption 5 The input signal received from the acoustic environment is
x' (n) +7v(n), where v (n) is the background noise which we have considered
to be a zero-mean white stochastic signal.



O©CoO~NOOOITA~AWNPE

Sound Quality Improvement for Hearing Aids in Presence of Multiple Inputs 9

Lemma 4 Considering Assumptions 1,2,4 and 5, and Definitions 1-5, the
solution to the optimization problem of S (k) in (4) is unique for the mini-
mization of the cost function and is given by

s*(n) = a |a2h (n) ree (n) BT () + (1 — @)’ R (n)} B [r (1) — Tua (n)] h(n).

Proof : See Appendix A.

Remark 3 The correlation term r,,/ (n) will be zero when the near-end acous-
tic signal 2’ (n) and the wirelessly-transmitted acoustic signal x (n) are un-
correlated with each other. However, there always exists a small correlation
between the two signals in practical scenarios.

Remark 4 When two independent signals arrive as inputs to the hearing aid
from two different sources, as shown in Fig. 2, acoustic confusion may result at
the output. In this case, priority can be given to either of the acoustic inputs,
which is desired to be received at the loudspeaker end.

Let there be presence of independent acoustic inputs from two different sources
(i.e. a wirelessly-received input and an acoustic-environment input). The op-
timal set of feed-forward path coefficients for minimizing the cost function in
(10) is given in Lemma 5:

Lemma 5 Considering Assumptions 1, 2, 4 and 5, and Definitions 1-5 for
the feedback canceller in Fig. 2, the solution to the optimization problem in
(10) is unique and can be given by

g (n)= m[rvv (n) =27y (n) +1yy (n)]

{S*T ()b (n)rys (n) =™ (n) h (n) Pz ()

+ é [Tvz’ (TL) — Tya (n)] }’ (13)

where g* (n) = [g* (n),g* (n— 1), ...,g* (n — L+ 1)]" such that g* (n) € REX1
and s* (n) is the optimal set of coefficients for the shaping filter, as obtained
in (12).

Proof : See Appendix B.

3 Simulation and Results

In this section, we present the simulation results of the various considered sce-
narios, viz. Scenario 1 in which the wirelessly-received signal is similar to the
acoustic-environment signal, Scenario 2 in which there exists a time delay be-
tween the acoustic-environment signal and the wirelessly-received signal, and
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Scenario 3 in which both the signals are generated from two different sources.
The simulations presented in this section aim to verify the improvement in
quality of the loudspeaker signal when the shaping filter and the feed-forward
path are optimized. The simulations are performed in MATLAB on a sampling
frequency of 16 kHz.

The forward-path gain |G| is set to a constant value of 4. The feed-forward
path filter G (k), feedback path F (k) and the adaptive estimation filter F' (k)
are considered as FIR filters of order 50. The feedback path is known apriori
and is obtained using a behind-the-ear hearing aid. Its magnitude response
is presented in Fig. 3. Insertion of a delay of 55 samples in the feed-forward
path as well as the feedback path is done to reduce bias in the estimation
of the feedback path. The LMS algorithm is used to update the coefficients
of the adaptive filter as well as the shaping filter and the feedforward path,
using a step size value of 0.00001. The acoustic-environment signal for all
the considered scenarios is a female-spoken speech sample denmarkl.wav of
5 seconds, recorded using MATLAB. Pertaining to (1), we have considered
a simple encoding filter, i.e. an FIR filter of order 1, with initial coefficient
vector [0.9, O.S]T and « = 0.5. Similarly, the shaping filter pertaining to (2) is
also considered as an FIR filter of order 1 with initial coefficients [0.5, 70.2]T.

Magnitude in dB

% 1 2 3 4 5 6 7 8

Frequency in kHz

Fig. 3 Magnitude response of the original feedback path

3.1 Scenario 1

Pertaining to the scenario in which the wireless signal is very similar to the
acoustic-environment signal, only one of the inputs will be sufficient for the
user and the other input can be muted. The wireless input is the preferred
signal at the loudspeaker and its spectrogram is presented in Fig. 4(a). The
distortion introduced due to the coding noise can be reduced by passing the
wirelessly-transmitted signal through the optimized shaping filter. The spec-
trograms for the wireless signal shaped using a fixed shaping filter and that
for the wireless signal shaped using the optimized shaping filter have been
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CASE 1: Spectrogram-Wireless input
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CASE 1: Spectrogram-Shaped wireless signal
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Case 1: Spectrogram-Shaped wireless signal (Optimized)
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Fig. 4 Spectrograms for (a) original wirelessly-received signal. (b) wirelessly-received sig-
nal shaped using fixed shaping filter. (c) wirelessly-received signal shaped using optimized

shaping filter
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presented in Figs. 4(b) and 4(c), respectively. It can be seen from Figs. 4(b)
and 4(c) that the signal power is well preserved but the Fig. 4(b) contains
random noise, which can be annoying to the user. However, in Fig. 4(c), the
random noise is reduced with the use of the optimized shaping filter. Op-
timization of the feed-forward path is not required in this case because the
acoustic-environment input is ignored.

3.2 Scenario 2

In the scenario where the acoustic-environment signal is a delayed replica of
the wireless signal, only one of the inputs, i.e. the wireless input, would be
sufficient at the user end. We assume that the acoustic-environment signal is
transmitted from a device kept at a distance of 2 meters from the user. Since
the sound signal travels at a speed of 340 m/s, a delay of 5 ms is introduced in
the acoustic-environment signal. As discussed in Section 2, the input from the
acoustic environment cannot be muted or ignored for this scenario. Thus, it is
necessary to suppress the interference between the two inputs by optimizing
the feed-forward path as well as the shaping filter.

Figs. 5 (a) and 5(b) depict the spectrograms for the acoustic-environment
input and the wireless input shaped using a fixed shaping filter, respectively.

The interference between the wirelessly-received signal and the acoustic-environment

signal has been depicted by the spectrogram in Fig. 5(c). It can be seen in Fig.
5(c) that the loudspeaker output quality is worsened as compared to the de-
sired loudspeaker output in Fig. 5(a) due to interference present throughout
the frequency range as undesirable audible artefacts in the spectrogram. Fig.
5(d) shows the spectrogram of the loudspeaker signal when the optimized
shaping filter was used. It can be clearly seen from Fig. 5(d) that the noise
introduced due to interference is reduced throughout the frequency range, esp.
between 1 kHz to 7.5 kHz, as compared to that in Fig. 5(c). As compared to
Fig. 5(d), further decrease in the interference noise was achieved for the output
signal with both feed-forward path and shaping filter optimized as shown in
the spectrogram in Fig. 5(e). In this dual-optimized output, the formants of
the desired output, i.e. the wirelessly-received signal, are well preserved and
the signal can be easily understood. However, the noise in the background
is reduced significantly throughout the frequency range as compared to that
when only the shaping filter was optimized, as evident from the spectrogram.

3.3 Scenario 3

In the scenario where the wirelessly-received signal and the acoustic-environment
input are generated from different sources, the preferred loudspeaker output is
the acoustic-environment signal. We considered a male-spoken speech sample
abhinav.wav of 5 seconds as the wireless signal, also recorded in MATLAB.
During simulation, more priority was given to the acoustic-environment input,
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Fig. 5 Spectrograms for (a) acoustic-environment input. (b) Wireless signal shaped using
fixed shaping filter. (c) Interference. (d) Loudspeaker output when shaping filter optimized.

(e) Loudspeaker output when shaping filter and feed-forward path are both optimized.
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Case 3: Spectrogram-Shaped wireless signal
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Fig. 6 Spectrograms for (a) wirelessly-received signal shaped using fixed shaping filter. (b)
Interference. (c) Loudspeaker output when shaping filter optimized. (d) Loudspeaker output

when shaping filter and feed-forward path are both optimized.

i.e. it is considered to be the signal desired to be received by the user at the
loudspeaker end when both the acoustic inputs received at the hearing aid are
generated from different sources. The logic behind it was that the users must
be able to hear their immediate surroundings to facilitate their convenience
and safety during emergencies. The spectrogram for the acoustic input from
the environment is same as that in Fig. 5(a), while that for the wireless signal
shaped using a fixed shaping filter is presented in Fig. 6(a). Due to arrival of
both the inputs at the hearing aid, the interference between the two signals
results in acoustic confusion for the user. The spectrogram for the interference
is depicted in Fig. 6(b). The interference between the two inputs was reduced
by optimizing the feed-forward path and the shaping filter. Fig. 6(c) depicts
the spectrogram for the output when only the shaping filter was optimized.
It can be clearly seen that, as compared to Fig. 6(b), the undesirable audible
artefacts due to interference are reduced between 0.8 kHz and 6.5 kHz in Fig.
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6(c). In Fig. 6(d), it can be observed that the optimization of feed-forward path
along with the shaping filter further reduced the interference as compared to
Fig. 6(c). The suppression of interference between the two inputs in the afore-
mentioned scenario was more as compared to that in the scenario where the
acoustic-environment signal is a delayed replica of the wirelessly-received sig-
nal. This is due to the fact that the correlation between the wireless signal and
the acoustic-environment input is less when both the signals are independent
and generated from different sources, as compared to when both the signals
are similar. In the spectrogram of Fig. 6(d) for the dual-optimized loudspeaker
output for this scenario, it can be observed that the formants of the desired
signal, i.e. the acoustic-environment signal, are well preserved and the signal
can be easily understood.

Kormalized Misalignment

Mormalized Misalignment

——— Without Optimization 05

Optimized

1 o Optimized

Wyithout Optimization

Marrmnalized Misalignment in dB
o

Normalized Misalignment in dB

Iterations @ lterations

(a) (b)

Fig. 7 Normalized misalignment when (a) acoustic-environment signal is a delayed replica
of wirelessly-received signal (b) Acoustic-environment signal and wirelessly-received signal
are independent and generated from different sources

3.4 Performance measures

The normalized misalignment between the original and the estimated feedback
path was plotted in Figs. 7(a) and 7(b) for the loudspeaker output when no
optimization was done and when both the feed-forward path and the shaping
filter were optimized. As seen in the figures, it is evident that the misalign-
ment is reduced when the shaping filter as well as the feed-forward path is
optimized, as compared to when no optimization is done. Reduction in nor-
malized misalignment is more in Fig. 7(b) as compared to that in Fig. 7(a) due




O©CoO~NOOOITA~AWNPE

16 Asutosh Kar et al.

— Without Optimization

Optimized

MSG (dB)

Time (s)

(a)

Without Optimization

Optimized

MSG (d8)

A L L L L L L L L
o 05 1 15 2 25 3 35 4 45 )
Time (=)

(b)

Fig. 8 Maximum stable gain when (a) acoustic-environment signal is a delayed replica of
wirelessly-received signal. (b) acoustic-environment signal and wirelessly-received signal are
independent and generated from different sources

to the fact that the correlation between the acoustic-environment input and
the wireless signal is less when both are independent signals. Thus, there are
more fluctuations in plots of Fig. 7(a) as compared to those in Fig. 7(b) due
to existence of correlation between the wireless signal and the acoustic signal
from the environment. It can also be observed in both the figures that the
range of reduction in normalized misalignment, when the feed-forward path
as well as the shaping filter is optimized, is small. This is because no explicit
bias-reduction techniques are employed in the simulation of the hearing aid.
The maximum stable gain (MSG) performance of the hearing aid is pre-
sented in Figs. 8(a) and 8(b) for different scenarios when no optimization is
done and when the feed-forward path as well as the shaping filter are both
optimized. As observed from the Figs. 8(a) and 8(b), the MSG performance is
better when the feed-forward path as well as the shaping filter is optimized,
as compared to when no optimization is done. It can be seen from Fig. 8(b)
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that the MSG performance is better, when both the inputs are independent,
as compared to the scenario in which both the inputs are very similar. This is
due to the fact that the correlation between the two signals is reduced when
both the signals are independent as compared to when both of them as are
very similar. The fluctuations seen throughout the plots are due to the pres-
ence of correlation between the wireless signal and the acoustic signal from
the environment as no explicit bias-reduction methods are employed in the
hearing aid under consideration.

The objective evaluation of loudspeaker signal quality was carried out for
each scenario by comparing the loudspeaker signal, obtained after optimiza-
tion, with the original (distortion-free) reference signal. The perceptual evalu-
ation of speech quality (PESQ) algorithm was used for the objective measure-
ment of the perceived audio quality of the loudspeaker output as the PESQ
measures are well-established sound quality measures and are considered to be
reliable for the evaluation of disturbing acoustic artifacts in the signal under
consideration. For the evaluation of loudspeaker output in our simulations, we
used the MATLAB implementation of PESQ presented in [12], based on the
PESQ algorithm described in the ITU recommendation P.862 [10]. Table 1
presents the explanation of scores obtained from the PESQ implementation
for the loudspeaker output signal in each scenario, and Table 2 represents the
computed PESQ values. It can be observed from the evaluation scores in Ta-
ble 1 that the loudspeaker signal quality is enhanced when the feed-forward

path as well as the shaping filter is optimized. For the scenario when the

Table 1 PESQ values related to Mean opinion scores in the

range 1-5
PESQ value | Signal Quality | Signal impairment
1 Bad Very annoying
2 Poor Annoying
3 Fair Slightly annoying
4 Good Perceptible,
but not annoying
5 Excellent Imperceptible

wirelessly-received signal and the acoustic environment signal are very similar,
the loudspeaker output quality is Fair and the signal can be easily understood
and comprehended. For a more practical scenario when the input from the
acoustic environment is the delayed version of the wireless signal, the loud-
speaker output quality is nearly Fair but only slightly annoying. However, the
speech can still be understood easily. Similarly, when the wireless signal and
the acoustic-environment input are both independent signals generated from
different sources, the loudspeaker signal quality is Fair but better than when
only shaping filter is optimized. In this case also, the speech can be easily
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Table 2 Explanation of PESQ values

PESQ values for loudspeaker signal

Only Feed-forward path
Scenario shaping filter and shaping
optimized filter optimized

1 (wirelessly-received signal and
acoustic-environment signal 3.366 -
very similar)

2 (acoustic-environment signal
is similar to wireless signal, 2.527 2.858
but delayed in time)

3 (wireless signal and
acoustic-environment signal
are independent, generated 2.371 2.903

from different sources)

understood even though slightly annoying artifacts are present due to signal
correlation.

Table 3 Absolute ratings of listening test scores

Scenario Signal Mean score
1 Signal output for optimized 3.5
shaping filter
2 Interference signal output 1.45
2 Signal output for optimized 2.45

shaping filter

Signal output for optimized
2 shaping filter and 2.8
feed-forward path

3 Interference signal output 1.0

3 Signal output for optimized 2.3
shaping filter

Signal output for optimized
3 shaping filter and 2.85
feed-forward path

In addition to computing the PESQ values, we also conducted a listening
test based on absolute ratings of quality of the signal under consideration.
Evaluation of sound quality for the acoustic feedback suppression systems is
usually performed using absolute-ratings-of-quality-based tests. These tests
allow for a convenient assessment of the test signal quality. On the other
hand, audiologists use relative ratings, such as those used in [4], to improve
fitting of the assistive listening devices [5]. For our work, the test based on
absolute ratings was carried out in duration of 2 days in a quiet room. We
selected 20 test subjects with normal hearing to evaluate the signal quality
within the range 1 to 5 [11] as provided in Table 1, similar to that done
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in [6,9,13]. A pair of headphones (Beyerdynamic DT 990 professional over-
ear headphones) connected to the computer is used by the test subjects to
listen to the signals and the score for each signal for every test session was
recorded on the computer. The mean of ratings for each signal is given in
Table 3. The logic behind selecting test subjects with normal hearing is that
if the distortion in the signal under consideration is not annoying to the test
subjects with normal hearing, it is unlikely that it will be annoying to the
hearing-aid users [2]. This way, we were able to obtain a lower threshold for
the acceptable signal quality. It can be observed from Table 3 that the mean
scores for the optimized loudspeaker outputs are close to the computed PESQ
values in Table 1.

4 Conclusion

In this paper, we analysed the different scenarios viz. the wirelessly-received
signal and the acoustic-environment input are emitted from different sources
and are less correlated to each other or emitted from the same source and
are highly correlated, in which case the wirelessly-received signal can be very
similar to the signal from the acoustic environment or to a time-delayed version
of it. For the aforementioned scenarios, we optimized the shaping filter and
the feed-forward path to minimize the proposed cost function for reducing the
estimation bias and improving the output quality. The proposed optimization
technique provided improvement in quality of the loudspeaker signal output,
the normalized misalignment and the maximum stable gain for each of the
considered scenarios.
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Appendix A

Proof of Lemma 1
Proof : Considering Assumptions 1-2 and Definitions 1-2, (3) can be rewritten as
c1(n) =7(n) — z(n). (A1)

Then, the respective cost function in this scenario is expressed as

[Fz(n)] —2E[F(n) z(n)] + E [xQ(n)] . (A.2)
The optimization problem for this scenario can be obtained by rewriting (4) for (A.2) as

s* = argnin, E[ci? (n)] (A.3)
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Substituting (2) in (A.2), we have
E [ (n)] = a?sT(n)h(n) E [+ (n)] hT<n> <n)

+a(l=a)sT(mh () B [z(n) ¢T ()]s ()

+a(l-a)sT()E[¢(n )x(n)]hT<n>s<n>

+ (1= )2 () E [¢ (n) ¢T ()] 5(n) — 20T (n) b (n) B [2 (n)]
~2(1-a)s"()E[¢ (n) z (n)] + E [+ (n)]

=0T () h(n) e () W7 (n) s (n) + (1 — @)’sT (n) R (n) s (n)
—2as7(n) b (n) rax () + 2z (n). (A4)

Minimising the cost function in (A.4) by taking the derivative with respect to the shaping
filter coefficients s, (n),¢=0,1,..., M — 1 and equating to zero, we have

202 h (n)rez (M) T (n)s* (n) + 2(1 —@)? R (n)s* (n) — 2ah(n)rez (n) = 0. (A.5)

Simplifying (A.5), we obtain (5), where s* (n) = [s* (n),s* (n —1),...,8* (n — M + 1)]T
such that s* (n) € RM*1 represent the solution to the optimization problem in (A.3).

Proof of Lemma 2

Proof : The signal difference expressed in (3) can be rewritten for this scenario as
ca(n) =a(n) —z(n). (A.6)
The cost function can be expressed as
E [022 (n)] =E[a 2 (n)] —2Ea(n) z(n)]+E [:c2 (n)] (A7)
and the optimization problem for this scenario can be obtained by rewriting (4) for (A.7) as
s* = argnin, E[c2? (n)]. (A.8)
Combining (2) and (8), and substituting in (A.7), we have
E [022 (n)] =E [u2 (n)] +2Eu(n) 7(n)]+E [772 (n)] = 2E [u (n) z (n)]
—2E[fr(n)z(n)]+ F [12 (n)]
= E [u? (n)] +2as” (n)h(n) E[u(n)z (n)]
+2(1=a)s” (n) Efu(n)¢ (n)]
+a?2sT (n)h(n) E [mz (n)] hT (n)s(n)
+a(l—a)sT (n)h(n)E [w (n)¢T (n)] s (n)
+a(l—a)s"(nE[¢(n)z (n)]h" (n)s(n)
+ (1= )" (n) B [¢ () ¢T ()] s(n) = 2B [u(m) @ (n)]
—2as” (n)h(n) E [m2 (n)]-2(1-a) sT (n) E[¢ (n) z (n)]
+ E [502 (n)] . (A.9)
Simplifying, we can write
E [022 ()] = ruw (n) +2a sT (n)h (n) rue (n) + 28T (n) h (n) ree (n) WY (n)s (n)

+(1-— a)st ()R (n)s(n) —2ruyz (n) — 2asT (n)h (n) rze (n) + ree (n).
(A.10)
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Minimising the cost function in (A.10) by taking its derivative with respect to the shaping
filter coefficients s, (n), ¢ =0,1,..., M — 1 and equating to zero, we have

2arye (n)h(n) +2 o’h (n) rez () h” (n)s™ (n)
+2(1—a)?R (n)s* (n) — 2ah (n) rez (n) = 0. (A.11)

Simplifying (A.11) we obtain (9), where the optimal set of coefficients s* (n) represent the
solution to the optimization problem of (A.8), when the acoustic signal from the environment
is a time-delayed replica of the wirelessly-received signal.

Proof of Lemma 4

Proof : The cost function for this scenario can be expressed as
Eles2(n)] = E [(a (n) — o’ (n))Q]
=E[a* ()] -2 [a(m)a’ ()] + E [/ (n)] (A.12)
and the optimization problem as
s* = argnin, E[c3? (n)]. (A.13)
Combining (2) and (8), and substituting in (A.12), we have
E [032 (n) =E [u2 (M]+2Eu@m)Fn)]+E [772 (n)] —2E [u(n) 2’ (n)]
—2E[f(n)a’ (n)] + E [w' 2 (n)]
=F [uQ (n)] + 2as” (n)h(n) E [u(n) z (n)]
+2(1—a)s” (n) Efu(n) ¢ (n)]
+a?sT (n)h(n) E [x2 (n)] hT (n)s(n)
+a(l—a)sT (n)h(n)E [:v (n)¢T (n)] s (n)
+a(l-a)sT(MEC (n)z ()] hT (1)s (n)
+ (1= )T () B [¢(m)¢T ()] s (n)
—2E[u(n)z’ (n)]+E [;v'2 (n)] —2as” (n)h(n) E [z’ (n) z (n)]
—2(1—a)sT (n)E[¢(n)2 (n)]. (A.14)
Simplifying, we can write
E [032 ()] = ruu (n) + 2asT (n)h(n) rue (n) + a?s” () h (n) 722 (n) WY (n)s (n)

+(1—a)?sT ()R (n)s(n) — 27y, (n) —2as? (n)h(n)ryy () 4 ryre (n).
(A.15)

To reduce the difference between the intended hearing-aid output and the actual hearing-aid
output, the cost function in (A.15) can be minimized by taking its derivative with respect
to the shaping filter coefficients s, (n),% = 0,1, ..., M — 1 and then equating to zero, we have

2ah (n) ruz (n) + 2ah(n) ree (n) WY (n)s* (n)
+2(1—a)?R(n)s* (n) —2ah (n)ry, (n)=0. (A.16)

Simplifying the above equation, we obtain (12), where s* (n) represents the solution to the
optimization problem in (A.13), when the acoustic inputs are independent of each other and
received from two different sources.
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Appendix B

Proof of Lemma 3

Proof : The cost function for G (k) optimization can be represented by combining (2), (7)
and (8), and substituting in (A.7) as

E [e2? ()] = G122 (n) B [¢2 (0)] +20|Gi1g () s*T (n) b (n) Efe (n) @ (n)]
+2(1-a)|G1]g(n) E [e () ¢T ()] 5* (n) + a*s*T () b (n) E [2 ()] T (n)s" (n)
+a(l=a)s T (@) E [z )" m)]s ()
+a(l=a)s T MEK () @] T (n)s* (1) + (1= a)?s™T () E [¢ () ¢T ()] s ()
=261 () Ele () = ()] — 205" ()b (n) E [o? (n)]

—2(1=a)s*T () B¢ (n) @ ()] + B[22 (n)] (B.1)

Simplifying the above equation, we can write

E [e2? ()] = [G1°5% () { B[ () v ()] =2 B v () y ()] + Ely () y (n)] }
+2a(G1] g (n) E [ (n) 2 (n)]s*" (n) b (n)
~2aG1lg(m) Ely(n) = (n)]s*" () b (n)
+2(1-a)|G1lg(n) E [v(n) ¢T ()] 5" (n)
—2(1-a)|Gilgm) E [y() ¢" ()] 5" (n)
+a?s*T (n)h (n) E[o (n) @ (n)] b7 (n)s" (n)
+al=a)s T () E o) T ()]s (n)
+a(l=a)s"T(mE ¢ (n) @ (n)]h7 (n)s* (n)
+(1 - T M) E[¢n) ¢T ()] 5" ()
~2|G1]g () E v (n) 2 (n)] +2|G1]g (n) Ely (n) @ ()]
—2as"" (M h(n) E [o? (n)] + B [+ (n)]
—2(1=a)s"T (M) E[¢ (n) @ (n)]

= [G1I g2 (n) [row (n) = 270y (1) + 1y ()]

+2a(G1] g (n) roe (W)s*” (n) b (n)
~20G1]g (1) rye (n) 57T (n) b (n)
+02s"" ()b (n) res () BT (n) 5 (n)

+(1 =)’ () R (n)s" (n)

~2(G1] g () o (n) +2(G1] g (1) Ty ()

~2as*T (W) h (1) ree (1) + s (0), (B.2)

)
(n

Minimising the cost function in (B.2) by taking its derivative with respect to the feed-forward
path FIR filter coefficients g, (n), ¢ =0,1,..., L — 1 and equating to zero, we have

21G11% g (n) [row (1) = 2ray () + 74y ()] + 20 [G1| 0 () *7 () B ()
—2a|Gi|ryz () s*T (n) h(n) — 2|G1|rve (n) +2|G1|rya (n) = 0. (B.3)
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Simplifying the above equation, we obtain (11), where §* (n)

=[g" ()" (N~ 1), g" (n — L+ 1)]T

is the solution to the optimization problem in (10), such that g* (n) € RL*1, when the
acoustic-environment input is a delayed version of the signal from the wirelessly-transmitting
device, and s* (n) is the optimal set of coeflicients for the shaping filter, as obtained in (9).

Proof of Lemma 5

Proof : The cost function for the optimization of G (k) can be expressed by combining (2),
(7) and (8), and substituting in (A.12) as

E [032 (n)] =

Simplifying the above equation, we can write

E [032 (n)]

= 1G:P’3* W {Bv (n

n

(n)] =
+2a|Gilg(n)s *T(n)h n)]
—2a|G1|g(n)s*" (n)h

+2(1-a)|Gi[g(n)s”
—2(1-a)|G1|g(n)s*" (n

+a?s*T (n)h(n) E [2?

[v
[

[SEEENS

(n) B
(n) E
T(n) B[
(n)Ely

hT (n)s* (n)

(n)] h
+a(l—a)s*T (n)h(n [w n)CT n)]s (n)
+a(l-a)s*"(n)E[¢ (n)z (n)]hT (n)s* (n)

+(1=a)’s " () E[¢ () ¢T )] 5" (w)

—2[G1]g(n) E [v(n) 2’ (n)] +2]G1]g (n) E [y (n) 2’ (n)]
—2as*T (n)h(n)E [z (n) 2’ (n)] — 2057

+FE [2/2 (n)]

= G128 (1) [row (n) = 2ruy (1) + 7y ()]

+2a |G1]§ (n)s*T (n) h(n) rox (n)
—2a|G1]§(n)s*" (n)h(n)rys (n)
+a?s*T (n) h (n) 72z (n) KT (n)s* (n)

+(1— )’ ()R (n)s" (n) — 2|G1| g (n

) Ty’ (’I’L)

G112 g% () E [¢* ()] 20 |G1| g (m)s™T () B (n) B [e (m) @ ()
+2(1=0)[G1]g () s*" () Ble ()¢ ()] +a?s*" (n)h
+a(l=a)s"" (M h @) E [z m) ¢ m)]s ()
+a(l=a)s"T(m)E [ (n)z ()] bT (n)s" (n)
+ (1 =) () B [¢(n)¢T ()] 5" (n) — 2B [u(m) ' (n)]
—2as" M) B¢ (n)z ()] —2(1-a)s" () E[¢ ()’ ()] + E [« (n)].

(n) E

(n) E [¢(n)

[ ()] T (n) 8™ (n)

(B.4)

E[v(n)y ()] + Ely(n)y (n)] }

a' (n)]

+2|G1]g(n) Tya! (n) -2« s*T (M)Yh (n)rypr (n) + 1y (n). (B.5)
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Minimising the cost function in (B.5) by taking its derivative with respect to the feed-forward
path FIR filter coefficients g, (n),% =0,1,...,L — 1 and equating to zero, we have
2|G11%9 (n) [rov (n) = 2ruy (n) + ryy ()] + 2 |G1|s*T (n) B (n) ros (n)
—2a|G1|s*T (n) h (n) rys (n) — 2|G1| Ty (n) +2|G1|7yer () =0.  (B.6)

Simplifying the above equation, we obtain (13), where g* (n) = [g* (n),g* (n —1),...,g* (n — L+ 1)]T

is the solution to the optimization problem in (10) for G (k), .



