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Abstract— This work aims to evaluate the performance of the
cepstral method to estimate, in the presence of noise, the stable
optimal solution of feedforward occlusion cancellation. Simu-
lations showed that the efficiency of the method reduces when
decreasing the signal-to-noise ratio (SNR) at the hearing aids
external microphone. For an analysis window of 2 s, estimates
with mean normalized misalignment (MIS) less than -6, -14 and
-22 dB are obtained for SNRs of 30, 40 and 50 dB, respectively.
For a window of 4s, mean MIS less than -16 and -24 dB are
achieved for SNRs of 40 and 50 dB, respectively. The results in-
dicate that the calibration process, where the method is used,
needs to be carried out in an acoustically controlled environ-
ment to maximize the accuracy of the stable solution estimate.

Keywords— QOcclusion effect, hearing aid, cepstral method,
optimal solution, ambient noise.

I. INTRODUCTION

The occlusion effect in hearing aids occurs when the
ventilation opening has insufficient diameter to provide the
necessary dissipation of sound energy conducted to the ear
canal through the skull and jaw, when the hearing aid user
speaks [1,2].This leads to an increased low-frequency sound
pressure level, thereby making the user listen to his own muf-
fled voice [3]. The cause of the occlusion effect is modeled
by the impulse response o(n) in Figure 1.

The voice v(n) uttered by the hearing aid user is picked
up by the hearing aid’s external microphone, after traversing
the acoustic path represented by the impulse response a(n),
along with the ambient noise r(n), generating the signal y(n).
Disregarding the filter wy(n), the signal of the external mi-
crophone, y(n), is amplified by the compensation system re-
presented by the impulse response g(n), resulting in the sig-
nal x(n) to be played back by the hearing aid’s loudspeaker.
The signal z(n), to be picked up by a possible internal micro-
phone of the device, is in fact the signal to be heard by the
hearing aid user and is defined as

+v(n)*o(n)
ca(n) +o(n)] » M

v(n) +g(n)*r(n),

Fig. 2: Feedback structure for occlusion effect cancellation.

where the symbol * denotes the convolution operation. There-
fore, the occlusion effect is characterized by the addition of
o(n) xv(n) to the desired value of z(n) and, thus, can be inter-
preted from the reverberation point of view.

Fixed and adaptive controllers have been proposed to, at
least, attenuate the occlusion effect. The fixed solutions, pro-
posed in [1,4-7], ensure the system stability but do not deal
with the dynamic changes of the acoustic system, and may
suffer performance losses due to variations in the ear channel
or displacement of the ear mold. On the other hand, the adap-
tive solutions proposed to date in [4, 5] present slow conver-
gence of the adaptive filter coefficients and require constant
adaptation since the occlusion effect occurs in short time pe-
riods, when sound signals are produced by the user.

Both solutions can be implemented in feedforward or feed-
back structures, which are shown in Figures 1 and 2 respec-
tively. Note that, in the feedback structure, the hearing aid has
a internal microphone to pick up and utilize the signal z(n).

Among the mentioned cancellation proposals, the work
presented in [7] stands out for being the only one to estimate
the optimal solution for feedforward occlusion cancellation.
The estimation is performed using a cepstral method and the



occlusion cancellation feedback structure in a calibration pro-
cess, when hearing loss compensation is not necessary and
g(n) and wy(n) can be freely chosen, provided that they do
not result in an uncomfortable acoustic environment. How-
ever, the estimation method was evaluated considering only
the absence of ambient noise in the calibration, a situation
that may not be found even in controlled conditions.

This work aims to evaluate the performance of the cep-
stral method for estimating the stable optimal solution of oc-
clusion cancellation in the presence of noise. This article is
organized as follows: Section II discusses the optimal solu-
tion w, (n) for feedforward occlusion cancellation; in Section
II1, the cepstral method for estimating w,(n) is described; in
Section IV, the configurations of the performed simulations
are presented; Section V presents and discusses the results
obtained; and, finally, Section VI concludes the work.

II. FEEDFORWARD OCCLUSION CANCELLATION
SYSTEM

In the feedforward occlusion cancellation system, illus-
trated in Figure 1, the optimal frequency response, in the
sense of totally removing the signal o(n) xv(n) from z(n),
in the absence of ambient noise (r(n) = 0) is given by [7]

; 0(e/®)
joy
WD(e ) - A(ela’) 9 (2)
which in the time domain corresponds to
wo(n) = o(n) xar(n), 3)

where a;(n) denotes the impulse response of the inverse sys-
tem to the acoustic path. Due to the properties of the discrete-
time Fourier transform, w,(n) is absolutely summable and
therefore this optimal solution is stable.

As the acoustic path models the propagation delay from
the user’s mouth to the external microphone of the hearing
aid, its impulse response can be written as [7]

a(n) = a(n) * &(n —Na), @

where 0 (n) is the unit impulse function, d(n) = 0 for n <0,
a(0) # 0 and N, > 0. Consequently, as demonstrated in [7],
aj(n) is in general a two-sided signal composed of left-side
increasing exponentials for n < —N, and right-side decreas-
ing exponentials for n > —N,. But, since its energy is con-
centrated around n = —N,, a;(n) can be considered of fi-
nite length with a;(n) # 0 only for A} < n < A,, where
A} < —N,; < A,. Note that A is always negative.

Combining the above approximation of a;(n) with the fact
that o(n) # 0 only for n = 0,1,...,M — 1, as shown in Sec-
tion V, w,(n) #0only forn=A;,A; +1,... M+A,— 1 [7].
Hence, the stable optimal solution is non-causal.

ITI. CEPSTRAL METHOD TO ESTIMATE w,(n)

In the feedback cancellation system represented in Fig-
ure 2, it can be shown that the discrete-time Fourier transform
(DTFT) of the error signal e(n) is given by

1 —W,(e/?)Ws(e/®)
1+ G(e/?)W,(e/®)
Wo(e/®)Wa (/)
14+ G(e/®)W,(ei®)

E(e/®) = Y(e/?)

®)

R(e'?).

In the absence of ambient noise, R(e/?) = 0 and (5) be-
comes

1 — W, (e/?)W,(e/®)

E(ejw): 1+ G(el®)Wh(e®)

Y (e/®). (6)

In this ideal case, if [W,(e/®)Ws(e/®)| < 1 and
|G(e/®)W,(e/®)| < 1, necessary conditions for Taylor series
expansions, then the cepstrum of e(n) can be defined from (6)
as [7]

hod *wo(n *k
ce(n) =cy(n) — Z M
k=1

(7
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where {-}** denotes the kth convolution power.

The cepstral method proposed in [7] explores (7) to esti-
mate w,(n), in a fashion similar to [8, 9] for acoustic feed-
back cancellation. The estimation is carried out in a calibra-
tion process that occurs before using the hearing aid or when
the user finds it convenient. The signal v(n) must be a voiced
sound, usually a vowel, emitted by the hearing aid user.

The reasoning behind the method comes from speculat-
ing that w,(n) * wy(n), the impulse response for k = 1 of the
first time series in (7), can be extracted from ¢, (n) — c,(n) by
properly choosing g(n) and wy (7). At the calibration process,
hearing loss compensation is not required and these impulse
responses can be arbitrarily chosen, as long as they do not
cause acoustic disturbance to the hearing aid user.

The choice of g(n) and wy(n) plays a key role as it serves
three purposes [7]: ensure that the conditions for Taylor se-
ries expansions are met and, therefore, equation (7) is valid,
make w,(n) * wa(n) causal; and make the non-zero samples



of w,(n) *wy(n) do not overlap with the non-zero samples of
the impulse responses for k > 1 of the first time series in (7).
The impulse responses of the compensation and the feed-
back paths are simply defined as a bandwidth gain and a de-

lay [7], that is,
g(n) =kg6(n—Ny) ¢))

and

wa(n) =k,6(n—N,), )

where N, > 0 and N,, > 0.
The conditions for Taylor series expansions are met by
choosing k,, and k, such that

1
k| < mgxm (10)
and |
k| < ——. (11)
7 k]

Causality and non-overlapping of w,(n) * wy(n) are
achieved by choosing N,, according to [7]

Ny >M+A; —2A;. (12)

Specified the parameters of g(n) and wy(n) according
to the above discussion, the method starts by computing
the real cepstra c.(n) and c¢y(n) from the signals e(n) and
y(n), respectively, through the fast Fourier transform (FFT).
Then, the method gets {wz(n) *[g(n) —w,(n)] }A, an estimate
of wa(n) % [g(n) —w,(n)] which is the resulting impulse re-
sponse for k = 1 in (7), by selecting the first M +A> +N,, — 1
samples of ¢, (n) —c,(n).

In the sequel, the method computes {g(n) —w,(n)} , an
estimate of g(n) —w,(n), as follows [7]

{g(n) —wo(n)} = {wa(n)*[g(n) —wo(n)]} *wi(n), (13)

where wy(n) = 1/k,8(n+ N,,) represents the impulse re-
sponse of the inverse system to wy(n) and is known. Note
that convolution with wy(n) consists of a sliding on the time
axis and a multiplication.

Finally, the method computes W, (n), an estimate of the
stable optimal solution w,(n) for the feedforward occlusion
cancellation, as [7]

Wo(n) = —{g(n) —wo(n)} +g(n). (14)

IV. SIMULATION CONFIGURATION

This section describes the configuration of the experiment
carried out in a simulated environment to evaluate the per-
formance of the cepstral method in estimating w,(n) in the
presence of noise.

A. Database

The database consists of 20 recordings (12 male and 8 fe-
male) of the sustained vowel /a/ sampled at a frequency of
22050 Hz. The vowel /a/ was chosen due to its wide use in
the acoustic analysis of voice. It was provided by the Medi-
cal Engineering Research Group of the National Council for
Scientific and Technological Development (GPEM/CNPq).
The recordings were performed at the Hospital das Clinicas,
Faculty of Medicine, University of Sdo Paulo (HC-FMUSP),
approved by the Human Research Ethics Committee of the
Federal University of Sdo Carlos under the protocol number
256/2010.

In this work, the signals were re-sampled to 16 kHz and the
active power levels were normalized to —26 dBov through the
ITU-T Recommendation P.56 algorithm [10]. Longer speech
signals were created by concatenating each signal with itself.
Variable length segments of each resulting signal were used
as v(n) in order to evaluate the performance of the cepstral
method as a function of the vowel length uttered by the hear-
ing aid user.

The speech signals were additively contaminated with
zero-mean white noise at the following signal-to-noise ratio
levels SNR = {0, 50,45,40,35,30,25,20} dB.

B. System configuration
Bl  Acoustic path

The acoustic path was represented in two ways. First, as
in [4,7, 11], the acoustic path was a time delay defined as

a(n) = 8(n—N,), (15)

where N, = 14. This delay refers to a propagation length of
30.29 cm, assuming an average length of 15 cm between the
glottis and the lips [12] and a distance of 15.29 cm between
the lips and the external microphone of hearing aids [4]. In
this case, the condition (10) becomes |k, | < 0.41.

Closer to a real-world situation, the second acoustic path
was modeled by a room impulse response available in [13].
The sampling frequency was reduced to 16 kHz and its first
17 samples were discarded to simulate the typical 14-sample
delay from the lips to the hearing aid external microphone.
Then it was truncated for computational cost reasons. The
impulse response a(n) and the frequency response magnitude
of the second acoustic path are shown in Figure 3. In this
situation, the condition (10) becomes |k,,| < 0.14.

B2 Occlusion path

The occlusion path was modeled by the impulse response
available in [4], which was measured in a volunteer with a
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custom and non-ventilated ear mold and digitally recorded at
a sampling rate of 16kHz. The impulse response o(n) and
the frequency response magnitude of the occlusion path are
shown in Figure 4, where it is noted that M = 150.

B3 Forward path

Asin [4,7,11], the forward path was modelled as
gln)=8(n-1), (16)

that is, N, = ko = 1. It is emphasized that, as discussed in
Section III, the forward path does not need to compensate the
hearing aids user’s loss during the calibration process. And,
as discussed in Section IV, the optimal stable solution for
feedforward occlusion cancellation is independent of g(n).

C. Misalignment

The estimate of the stable optimal solution obtained by the
cepstral method was evaluated through the normalized mis-
alignment (MIS), which is defined as

) 12
ME_{mmw—%wW}

n

> (17
{z%mﬁ

V. SIMULATION RESULTS

The performance of the cepstral method was
evaluated for several signal-to-noise ratios (SNR)
in the hearing aid external microphone, namely,
SNR = {e,50,45,40,35,30,25,20} dB, and for differ-
ent analysis window sizes that is used to calculate the
short-time cepstra. Hann’s window was used.

A. Scenario 1

The impulse response a(n) of the first acoustic path is de-
fined in (15). Consequently, the impulse responses of its sta-
ble inverse system and stable optimal solution are defined as
ar(n) = 6(n+14) and w,(n) = o(n+ 14), respectively, where
the non-causality of the stable optimal solution is verified.

The cepstral method was configured as follows: A} =
—100, A> = 100, M = 150, k,, = 0,1, N,, = 450, k; =1 and
Ng = 1. The mean MIS obtained for various speech lengths
and various SNRs are shown in Table 1. Examples of w,(n),
which have MIS close to the mean value, obtained by the
method with windows of 2 and 4 s and SNRs of 30 and 40 dB
are illustrated in Figure 5.

The results show that the performance of the method im-
proves both with the increase in the analysis window size and
with the increase in the SNR. For a window of 2's, a consid-
erably short time for a person to sustain a vowel sound, SNRs
equal to 30, 40 and 50 dB are needed so that, on average, MIS
is lower than —12, —20 and —25 dB, respectively.

As initially demonstrated and discussed in [7], the perfor-
mance improvement with window augmentation is due to the
increase in the accuracy of the definition of ¢, (n) according
to (7), caused by the reduction of the truncation effect of e(n),
which theoretically has infinite duration, necessary to com-
pute c.(n). The performance improvement with the increase
in SNR is also due to the increase in the accuracy of (7), but
now caused by the reduction of the effect of the second term
on the right-hand side of (5), which tends to zero as SNR
tends to infinity.

B. Scenario 2

The impulse response a(n) of the second acoustic path is
represented in Figure 3. The resulting w,(n) is shown in Fig-
ure 6, where the non-causality of the stable optimal solution
is evident. It is important to emphasize that, in this scenario,
W, (n) is an infinite impulse response.

The cepstral method was configured as follows: A} =
—-300, A = 100, M = 150, k,, = 0,1, N,, = 850, k, = 1 and
Ng = 1. The mean MIS obtained for various speech lengths
and various SNRs are shown in Table 2. Examples of v, (n)



Table 1: Mean of the normalized misalignment in the first scenario.

Table 2: Mean of the normalized misalignment in the second scenario.

SNR Window length (ms) SNR Window length (ms)

500 1000 1500 2000 3000 4000 5000 500 1000 1500 2000 3000 4000 5000
) -10.06 -18.21 -20.69 -25.99 -27.89 -29.51 -35.31 ) -590 -1633 -19.16 -2542 -26.38 -28.04 -33.96
50 | -10.00 -17.47 -20.65 -2523 -2731 -29.82 -33.89 50 | -5.65 -14.07 -17.22 -22.07 -23.59 -24.67 -26.99
45 -9.69 -16.38 -2036 -24.15 -26.61 -2920 -32.21 45 -532 -11.86 -15.67 -18.46 -19.47 -20.36 -20.99
40 -8.94  -13.57 -1896 -21.96 -24.28 -27.04 -29.03 40 | 489 -929 -12.59 -14.08 -15.86 -16.89 -17.02
35 -7.24  -10.32  -1590 -17.54 -18.83 -22.25 -24.01 35 -375  -6.70 934 -10.14 -10.80 -11.55 -11.98
30 -497  -6.71 -11.05 -1221 -1345 -16.64 -17.78 30 | 274 409 -6.04 -6.61 -6.78 -7.83  -8.23
25 -3.67 -3.93 -6.99 762 -7.76 -1048 -11.30 25 -1.84  -2.73 -3.91 -420 -416 -525 -5.70
20 -2.23 245  -3776 432 432 622 -7.06 20 | -1.04 -158 -2.17 -236 239 313 343
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Fig. 5: Estimates of w,(n) in the first scenario for the following window
sizes and SNRs: (a) 2s, 30dB; (b) 2s,40dB; (¢) 4, 30dB; (d) 4, 40dB.

obtained by the method for speech signals with durations of 2
and 4 s and SNRs of 30 and 40 dB are illustrated in Figure 6.

For the same reasons explained in the first scenario, the
method performance improves with the increase in both the
analysis window length and the SNR. However, it is observed
that the average results are lower than those obtained in the
first scenario. This is due to the combination of two factors:
the infinite length of w,(n) inevitably causes overlap of the
impulse responses present in c¢.(n) — ¢,(n), thus impairing
their estimation [7]; for the same size of the signal analysis
window, the inevitable truncation of e(n) to compute c.(n)
can have an effect on the inaccuracy of (7) greater than in the
first scenario since w,(n) is different.

The results presented in this work show that the perfor-
mance differences become more significant with the decrease
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Fig. 6: Estimates of w,(n) in the second scenario for the following window
sizes and SNRs: (a) 2s, 30dB; (b) 2s,40dB; (c) 4 s, 30dB; (d) 45, 40dB.

in SNR. For a window of 2 s, SNRs equal to 30, 40 and 50 dB
are needed so that, on average, MIS is less than —6, —14 and
—22dB, respectively. In order to obtain mean MIS less than
—10 and —20 dB, SNRs equal to or greater than 35 and 45 dB
are required, respectively.

VI. CONCLUSIONS

This work evaluated the performance of the cepstral
method to estimate, in the presence of noise, the stable opti-
mal solution of feedforward occlusion cancellation in hearing
aids. The estimation is performed in a calibration process car-
ried out in a controlled environment. The method was origi-
nally evaluated considering the absence of ambient noise.

Simulations showed that the efficiency of the method re-



duces with the decrease in SNR at the hearing aid external mi-
crophone. For analysis windows of 2 s, estimates with mean
MIS less than —6, —14 and —22 dB are obtained for SNRs of
30, 40 and 50 dB, respectively. SNRs equal to or greater than
35 and 45 dB are required to obtain mean MIS less than —10
and —20dB, respectively. For windows of 4 s, estimates with
mean MIS less than —16 and —24 dB are achieved for SNRs
of 40 and 50 dB, respectively.

These results indicate that the calibration process, where
the cepstral method is used, needs to be carried out in an
acoustically controlled environment to maximize the accu-
racy of the optimal solution estimate, which can be used in
implementing a controller to reduce the occlusion effect.
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