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Abstract

This paper presents an integrated approach to active noise control and noise
reduction in hearing aids which is based on an optimization over a zone of
quiet generated by the active noise control. A basic integrated scheme has
been introduced previously to tackle secondary path effects and effects of
noise leakage through an open fitting. This scheme, however, only takes the
sound pressure at the ear canal microphone into account. In practice, it
is desired to achieve noise control in a zone not limited to a single point.
A scheme based on an average mean squared error criterion over the de-
sired zone of quiet is presented here and compared experimentally with the
original scheme.
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ABSTRACT

This paper presents an integrated approach to active noise control

and noise reduction in hearing aids which is based on an optimiza-

tion over a zone of quiet generated by the active noise control. A

basic integrated scheme has been introduced previously to tackle

secondary path effects and effects of noise leakage through an open

fitting. This scheme, however, only takes the sound pressure at the

ear canal microphone into account. In practice, it is desired to

achieve noise control in a zone not limited to a single point. A

scheme based on an average mean squared error criterion over the

desired zone of quiet is presented here and compared experimen-

tally with the original scheme.

Index Terms— Active noise control, zone of quiet, multi-

channel wiener filter, noise reduction, hearing aids

1. INTRODUCTION

The usage of hearing aids with an open fitting has become more

common over the past years mainly owing to the availability of

more efficient feedback control schemes and fast signal processing

units. Whereas removing the earmold reduces the occlusion effect

and improves the physical comfort [1], one major drawback is that

the noise leakage through the fitting cannot be neglected anymore.

One efficient way to cancel this undesired noise leakage is to

use Active Noise Control (ANC) [2][3]. In the hearing aids frame-

work, ANC then has to be performed together with a Noise Reduc-

tion (NR) scheme [4][5]. A scheme integrating the two functional

blocks and based on a filtered-x [6][7][8] version of the Multichan-

nel Wiener Filter (MWF) scheme (the so-called FxMWF) has been

introduced in [9][10]. The objectives of this scheme are to atten-

uate the noise component of the leakage (i.e. ANC) and to mini-

mize the difference between an unkown desired speech signal and

the signal delivered at the tympanic membrane (i.e. NR). In prat-

ice however, the so-called ear canal microphone, used to construct

the error signal in the scheme, cannot be located exactly at the tym-

panic membrane. Besides, the spatial distribution of sound sources

and the geometry of the ear canal do not allow to achieve control

over the complete ear canal. Therefore, the actual signal-to-noise

ratio (SNR) at the tympanic membrane is basically unkown and

uncontrolled.

This research work was carried out at the ESAT Laboratory of
Katholieke Universiteit Leuven, in the frame of the Marie-Curie Fel-
lowship EST-SIGNAL (http://est-signal.i3s.unice.fr) under contract No.
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AMBioRICS. The scientific responsibility is assumed by its authors.

ANC allows to generate zones of quiet based on destructive

interference. The size and shape of these zones of quiet depend

on the type of the sound sources and the frequency components of

the signal to be cancelled [11][12][13]. It is therefore possible to

determine the performance of the scheme described in [10] at any

point of the ear canal, based on the spatial distribution of the sound

sources and on the position of the ear canal microphone.

In a similar way, it is also possible to compute an average of

a particular design criterion, e.g., a mean squared error (MSE) cri-

terion, over the desired zone of quiet. In the approach presented

here a filter is derived from the minimization of this averaged-MSE

(aMSE) criterion in order to achieve a control that is more robust

on the desired zone of quiet than with a scheme minimizing a stan-

dard MSE criterion as in [10].

This paper will present a perfomance comparison between the

original integrated ANC and NR scheme and the scheme intro-

duced here, adjusted to a specific zone of quiet, both of them

based on FxMWF and applied in hearing aids with an open fit-

ting. The signal model, the integrated ANC and NR scheme and

its performance on a defined spatial zone are described in Sec-

tion 2. Section 3 introduces the approach based on a zone of quiet

for integrated ANC and NR. Experimental results are presented in

Section 4 and finally Section 5 presents a summary of the paper.

2. BACKGROUND AND PROBLEM STATEMENT

Speech enhancement in hearing aids is based on standard NR tech-

niques ignoring the effects of noise leakage through the fitting

and the secondary path between the loudspeaker and the tympanic

membrane. The leakage signal is not processed in the hearing aid

therefore it is not possible to improve its SNR using standard NR

schemes. It has been shown in [10] that leakage signal can degrade

NR performance for amplification gain up to 20 dB. It is possible

however to attenuate the leakage signal’s noise component using

ANC. This section introduces the signal model and notation, sug-

gests a frequency-domain version of the integrated scheme pre-

sented in [9][10] and introduces the model to compute the SNR

over the so-called zone of quiet.

2.1. Signal model

LetM be the number of microphones (channels). The frequency-

domain signal Xm for microphone m has a desired speech part
Xs

m and an additive noise part X
n
m, i.e.:

Xm(ω) = X
s
m(ω) + X

n
m(ω) m ∈ {1 . . . M} (1)
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where ω = 2πf is the frequency-domain variable.

In the sequel, superscripts s and n will also be used for other
signals and vectors, to denote their speech and noise component,

respectively. Signal model (1) holds for so-called ”speech plus

noise periods“. There are also ”noise only periods“ (i.e. speech

pauses), during which only a noise component is observed.

The compound vector gathering all channels is:

X
T (ω) = [X1(ω) . . . XM (ω)] (2)

An optimal (Wiener) filter WT (ω) = [W1(ω) . . . WM (ω)]
will be designed and applied to the signals, which minimizes a

Mean Squared Error (MSE) criterion:

JMSE(ω) = E{|E(ω)|2} (3)

Here E(ω) is an error signal constructed from the ear canal
microphone signal.

The filter output signal Z(ω) is defined as:

Z(ω) =WH(ω)X(ω) (4)

which will be the hearing aid output signal, fed to the loudspeaker.

2.2. Integrated active noise control and noise reduction

This subsection presents a frequency-domain version of the

scheme introduced in [9][10] which integrates both the NR and

an ANC in a single set of adaptive filters and which is derived as

follows.

The so-called secondary path represents the propagation from

the loudspeaker to the tympanic membrane (including the loud-

speaker response itself). As in any ANC scheme, it has to be taken

into account explicitly. Assuming that the loudspeaker character-

istic is approximately linear, the secondary path can be represented

by the transfer function C(ω).
The purpose of the NR is to provide an optimal estimate of a

desired signal DNR(ω), which is chosen to be equal to the (un-
known) speech component in the first microphone, up to a delay

∆ and amplified by a gain G, representing the hearing loss com-
pensation:

DNR(ω) = G·Xs
1 (ω)e−jω∆

(5)

The aim is to deliver this desired signal at the tympanic membrane

in spite of the secondary path.

Finally, the purpose of the ANC is to cancel the noise com-

ponent Ln(ω) of the leakage signal L(ω) arriving at the tympanic
membrane through the open fitting. In the hearing aids context, the

speech component of the leakage signal can provide cues which,

e.g., are helpful for speaker localization. Therefore, it is chosen

here to cancel only the noise component of the leakage signal and

preserve its speech component.

The overall desired signal (at the tympanic membrane) to be

used is then:

DInt(ω) = −L
n(ω) + DNR(ω) (6)

Hence the MSE criterion to be minimized is:

JMSE(ω) = E{|EInt(ω)|2} (7)

EInt(ω) = C(ω)·WH(ω)X(ω) + L
n(ω) − DNR(ω)
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Figure 1: Sources distribution and sound field. The dashed circles

represent the sound from the secondary source, the dotted lines,

the sound from the leakage.

The scheme relies on a filtered-x type operation based on an

estimate Ĉ(ω) of the secondary path C(ω). The filtered reference
signals are:

Ym(ω) = Ĉ(ω)Xm(ω) m ∈ {1 . . . M}

Y
T (ω) = [Y1(ω) . . . YM (ω)] (8)

Assuming that the secondary path identification error is small

(Ĉ(ω) ≈ C(ω)) and that the filterW is adapting slowly, the MSE
criterion (7) can be written as follows:

JMSE(ω) ≈ E{|WH(ω)Y(ω) + L
n(ω) − DNR(ω)|2} (9)

The optimal filter (FxMWF) minimizing (7) is then:

WInt(ω) = R−1

Y Y (ω)rY DInt
(ω) (10)

HereRY Y (ω) is the correlation matrix of the filtered reference sig-
nal Y(ω) and rY DInt

(ω) is the cross-correlation vector between
the filtered reference signal Y(ω) and the desired signal DInt(ω).
The time-domain version of the above scheme, based on an

adaptation employing an error signal (7) measured with an ear

canal microphone, has been derived and evaluated in [9][10]. Note

that in practice, to ensure the causality of the frequency-domain

version of the scheme, the filter coefficients are computed in the

frequency-domain while filtering operation is in the time-domain,

in a similar way as presented in [14].

2.3. Zone of quiet

The scheme described above achieves noise control at the ear canal

microphone. Ideally, it should be located at the tympanic mem-

brane. In pratice, however, this is not possible, i.e., the controlled

point can be located a few tens of millimeters away. The ANC can

then only generate a so-called zone of quiet around the ear canal

microphone and the signal which is actually reaching the tympanic

membrane is unkown and uncontrolled.

To study the performance of the scheme over the zone of

quiet, the ear canal microphone is chosen to be the origin of the

2-dimensional coordinate system used to determine each point of

the space (presented in fig. 1-a). It is possible then to estimate the

sound pressure at a particular point (r = (r sin θ , r cos θ)) of the
ear canal, when the sound pressure at the ear canal microphone

and the type of the sound sources generating the sound field in the

ear canal are known [11][12][13].
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The external sound sources (the speaker and the noise sources)

are assumed to be far enough from the hearing aid user so that the

leakage signal can be viewed as a far field signal and so a plane

wave model can be used. Assuming also that the ear canal acts

as a waveguide and that the plane waves from different directions

are uncorrelated [15], the sound field resulting from the leakage

can be modeled as one plane wave propagating along the ear canal

axis (chosen to be the axis a) as presented on fig. 1-b. The sound

pressure at point r, resulting from the leakage signal can then be

expressed as follows:

L(ω, r) = L(ω, 0) e
−jω r cos θ

c0 (11)

δ1(ω, r) , e
−jω r cos θ

c0 (12)

where c0 is the speed of sound in air.

The hearing aid loudspeaker (secondary source), is located at

r0 = (r0 sin α , r0 cos α). The ear canal is assumed to be in the
near field of the hearing aid loudspeaker. A simple model to study

the sound field generated by the hearing aid loudspeaker is then the

monopole point secondary source approach [12]. The use of this

model can be justified by the small dimension of the hearing aid

loudspeaker. The sound field generated by the hearing aid loud-

speaker is then assumed to be circular with decaying amplitude:

U(ω, r) = U(ω, 0)
r0

|r− r0|
e
−jω ∆r

c0 (13)

δ2(ω, r) ,
r0

|r− r0|
e
−jω ∆r

c0 (14)

Using Parseval theorem, the power of the total sound pressure

signal and the SNR at the point r can be expressed as follows:

Pow(r) =
1

2π

Z

∞

−∞

|δ1(ω, r)L(ω) + δ2(ω, r)U(ω)|2dω

SNR(r) =
Pows(r)

Pown(r)
(15)

The filterWInt introduced in the previous section is optimal

only at the ear canal microphone. A different filterWInt(r) may
be defined corresponding to each point r. This filter then mini-

mizes the MSE criterion (7) rewritten at point r, based on (11) and

(13):

JMSE(ω, r) = E{|U(ω, r) + L
n(ω, r) − DNR(ω)|2} (16)

It appears clearly that the SNR as defined in (15) cannot be

a satisfying measure if the performance of the scheme is to be

studied on a spatial zone. Let us therefore define the average SNR

over the desired zone (area S) as:

aSNR ,
1

S

Z

S

SNR(r)dS (17)

The filterWInt introduced in the previous section minimizes

the MSE criterion (7) at the ear canal microphone and may ex-

hibit degraded performance in terms of average SNR (see also Sec-

tion 4).

3. INTEGRATED ACTIVE NOISE CONTROL AND

NOISE REDUCTION BASED ON A ZONE OF QUIET

It has been explained in the previous section how the sound pres-

sure and the SNR are varying when moving away from the ear

canal microphone. Therefore, the average-SNR measure (17) has

been introduced. In order to derive a filterWavg , integrating both

the NR and an ANC, which is efficient on a desired zone (i.e., in

term of the average-SNR), the aMSE has to be defined:

aJMSE(ω) =
1

S

Z

S

JMSE(ω, r)dS (18)

Assuming that the secondary path identification error is small

(Ĉ(ω) ≈ C(ω)), that the filter W is adapting slowly and that
the noise and speech components are uncorrelated, the MSE crite-

rion (16) can be written as follows:

JMSE(ω, r) ≈ E{|δ2(ω, r)WH(ω)Ys(ω) − DNR(ω)|2}

+E{|δ2(ω, r)WH(ω)Yn(ω) + δ1(ω, r)Ln(ω)|2} (19)

The optimal filter (FxMWF) minimizing (18) is then:

Wavg(ω) = Ravg(ω)−1
ravg(ω) (20)

where

Ravg(ω) = ηy(ω)RY Y (ω) (21)

ravg(ω) = ηs(ω)rY sDNR
(ω) − ηn(ω)rY nLn(ω) (22)

with

ηy(ω) ,
1

S

Z

S

|δ2(ω, r)|2dS (23)

ηs(ω) ,
1

S

Z

S

δ2(ω, r)dS (24)

ηn(ω) ,
1

S

Z

S

δ2(ω, r)δ1(ω, r)∗dS (25)

Here RY Y (ω) is the correlation matrix of the filtered reference
signal Y(ω), while rY sDNR

(ω) and rY nLn(ω) are the cross-
correlation vectors between the filtered reference signal Y(ω) and,
the desired speech signalDNR(ω) and the noise component of the
leakage signal Ln(ω), respectively.

4. EXPERIMENTAL RESULTS

The scheme introduced in Section 3 has been tested experimen-

tally and its performance has been compared with the perfor-

mance of the frequency-domain version of the standard integrated

scheme [9][10] described in Section 2.2.

The simulations were run for a two-microphone behind-the-

ear (BTE) hearing aid, with a speech source at 0◦ and a babble

noise source at 270◦. The BTE is worn on the left ear, facing the

noise source. The SNR for the source signals is set to 5dB and the

amplification gain G = 15dB.

In our case, as the two algorithms also perform ANC, the leak-

age SNR, which can also be considered as the SNR when the hear-

ing aid is turned off, is taken as a reference. Note that it can be

shown from (11) that the SNR of the leakage signal is stationary in

space, i.e., in the ear canal. The intelligibility-weighted signal-to-

noise ratio improvement [16] is used here to compute the average-

SNR improvement which is defined as

a∆SNRintellig =
1

S

Z

S

∆SNRintellig(r)dS (26)

∆SNRintellig(r) =
X

i

Ii(SNRi,out(r) − SNRi,leak)
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Figure 2: Simulation setup.

min(SNR) aSNR

Unconstrained integrated 6.5 8

Adjusted integrated (Zone 1) 7.8 8.9

Table 1: Minimum and average SNR, over zone 1 (in dB).

where Ii is the band importance function and SNRi,out(r) and
SNRi,leak represent the output SNR at point r and the leakage

SNR (in dB) of the ith band, respectively.

In these experiments, the ear canal microphone was consid-

ered to be located 15mm away from the tympanic membrane. The

hearing aid loudspeaker is located 20mm away from ear canal mi-

crophone and the angle α is set to 5π
6
(as presented on fig. 2).

Two different zones are considered here, the first zone (zone 1 on

fig. 2) is the portion of the ear canal between the ear canal micro-

phone and the tympanic membrane (it is assumed to be a 15mm

by 10mm rectangular zone), the second zone (zone 2 on fig. 2) is

the close neighbourhood of the tympanic membrane (considered

to be a 5mm by 10mm rectangular zone). The average-SNR and

the minimum SNR have been computed over the two zones for

the output of the standard integrated ANC and NR and the scheme

presented in Section 3, adjusted to the corresponding zones. The

results are shown in table 1 for the ear canal (zone 1) and in table 2

for the neighbourhood of the tympanic membrane (zone 2).

In both cases, the scheme presented here, adjusted to the zone

on which the noise is to be cancelled, exhibits improved per-

formance in average-SNR compared to the standard integrated

scheme. It also allows to improve the minimum SNR, therefore

reducing the impact of the performance degradation where it is the

most significant.

5. CONCLUSION

This paper presented an integrated approach to ANC and NR in

hearing aids based on an optimization over a zone of quiet gen-

erated by the ANC. While the standard integrated scheme only

allows to achieve control at the ear canal microphone, which is

in pratice away from the tympanic membrane, the scheme pro-

posed here allows to control the noise in a desired zone. Therefore,

it exhibits improved performance, compared against the standard

scheme, especially when the noise is to be cancelled on an zone

which is distant from the ear canal microphone.
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