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Abstract

This paper presents weighted approaches for integrated active noise control
and noise reduction in hearing aids. The unweighted integrated active noise
control and noise reduction scheme introduced in previous work does not
allow to trade-off between the active noise control and the noise reduction.
In some circumstances it will however be useful to emphasize one of the
functional blocks.

Changing the original optimisation problem to a constrained optimisa-
tion problem leads to a scheme based on a weighted mean squared error
criterion that allows to focus either on the active noise control or on the
noise reduction. It is similarly possible to derive a scheme that allows to
focus either on reducing the speech distortion or on reducing the residual
noise at the eardrum. In a single speech source scenario and when the num-
ber of sound sources (speech plus noise sources) is less than or equal to the
number of microphones, it is possible to derive a simple formula for the
output signal-to-noise ratio of the latter scheme. It can then be shown that
this scheme delivers a constant signal-to-noise ratio at the eardrum for any
weighting factor.
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1. Introduction

One of the major challenges for hearing impaired persons is understanding

speech in a noisy environment [1] Noise reduction (NR) has therefore been an

important research topic for years [2]. Modern hearing aids usually include

several microphones and adopt multichannel NR schemes such as the Gener-

alized Sidelobe Canceller (GSC) [3] or techniques based on the Multichannel

Wiener Filter (MWF) [4]. However, over the past years, the usage of hearing

aids with a so-called open fitting has become more common, mainly owing to

1Corresponding author. Tel.: +32 16 32 9607; fax: +32 16 321970. E-mail address:
romain.serizel@esat.kuleuven.be (R. Serizel).

2Non-standard abreviations:

• ANC: Active Noise Control

• FxMWF: Filtered-x Multichannel Wiener Filter

• MWF: Multichannel Wiener Filter

• NR: Noise Reduction

• SD: Speech Distortion

• SDW-ANC/NR: Speech Distortion Weighted integrated ANC and NR

• SDW-MWF: Speech Distortion Weighted Multichannel Wiener Filter

• SIW-SNR: Speech Intelligibility Weighted SNR
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the availability of more efficient feedback control schemes and fast signal pro-

cessing units. Whereas removing the earmold reduces the occlusion effect and

improves the physical comfort [5], one major drawback is that the leakage of

the environmental or background noise through the fitting cannot be neglected

anymore.

One efficient way to cancel this undesired noise leakage is to use Active

Noise Control (ANC) [6][7]. In the hearing aids framework, ANC then has to be

performed together with a NR. A scheme integrating the two functional blocks

and based on a filtered-x [8][9][10] version of the Multichannel Wiener Filter

(MWF) algorithm (the so-called FxMWF) has been introduced in [11]. The

objectives of this algorithm are to attenuate the noise component of the leakage

(i.e., ANC) and to minimize the difference between an unknown desired speech

signal and the signal delivered at the eardrum (i.e., NR), the trade-off between

these two objectives being fixed. In some cases however, it would be useful

to emphasize either the ANC or the NR, e.g., when the input signal does not

contain any speech or when the ANC is found to be inefficient.

The concept of weighted NR has been introduced in [12] and later applied

in the MWF framework to derive the so-called Speech Distortion Weighted

Multichannel Wiener Filter (SDW-MWF) [4][13][14]. A similar approach is

used in [15] to derive a weighted version of the integrated ANC and NR scheme

based on FxMWF. The weighted scheme then allows to emphasize either the

ANC or the NR providing an improved signal-to-noise ratio (SNR) or a lower

speech distortion (SD) depending of the weight applied.

Focusing on the NR allows to reduce the SD compared to the unweighted in-

tegrated ANC and NR but the NR itself still introduces SD. Similarly to SDW-

MWF, a speech distortion weighted integrated ANC and NR scheme (SDW-

ANC/NR) is derived in this paper that truly allows to trade-off between re-

ducing the SD and reducing the residual noise at the eardrum. In the single

speech source scenario and when the number of sound sources (speech plus noise

sources) is less than or equal to the number of microphones, it is possible to

derive theoretically the output SNR of the frequency-domain implementation
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of the SDW-ANC/NR scheme at the eardrum as in [16]. The SDW-ANC/NR

scheme is then shown to deliver a constant SNR at the eardrum for any weight-

ing factor.

This paper also presents a performance comparison between the original

unweighted integrated ANC and NR scheme and the weighted approaches for-

mulated here, all of them based on FxMWF and applied in hearing aids with

an open fitting. The signal model, the MWF-based NR and the unweighted

integrated ANC and NR are described in Section 2. Section 3 introduces a first

weighted approach to integrated ANC and NR. The SDW-ANC/NR is then

presented and its theoretical output SNR is derived in a single speech source

scenario in Section 4. The performance of the original unweighted integrated

ANC and NR scheme, the first weighted approach to integrated ANC and NR,

and the SDW-ANC/NR formulated here, all of them applied in hearing aids

with an open fitting, are compared in Section 5. Finally, Section 6 presents a

summary of the paper.

2. Background and problem statement

2.1. Signal model

Let M be the number of hearing aid microphones (channels). The frequency-

domain signal Xm(ω) for microphone m has a desired speech part Xs
m(ω) and

an additive noise part Xn
m(ω), i.e.:

Xm(ω) = Xs
m(ω) + Xn

m(ω) m ∈ {1 . . .M} (1)

where ω = 2πf is a frequency-domain variable. For conciseness, ω will be

omitted in all subsequent equations.

In practice the frequency-domain signal Xm is obtained by taking the

discrete-time Fourier transform (DTFT) of the time-domain signal xm[k], where

k is the time index.

In the sequel, superscripts s and n will also be used for other signals and vec-

tors, to denote their speech and noise component, respectively. Signal model (1)
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holds for so-called “speech plus noise periods”. There are also “noise only peri-

ods” (i.e. speech pauses), during which only a noise component is observed.

In practice, in order to distinguish “speech plus noise periods” from “noise

only periods” it is necessary to use a voice activity detector (VAD). The per-

formance of the VAD can affect the performance of the ANC and the NR. In

this paper however, a perfect VAD is assumed, so as to focus uniquely on the

performance improvement owing to the weighted approaches.

The compound vector gathering all microphone signals is:

X = [X1 . . .XM ]T (2)

A MWF W = [W1 . . .WM ]T will be designed and applied to these signals, which

minimises a Mean Squared Error (MSE) criterion:

min JMSE (3)

JMSE = E{|E|2} (4)

where E{.} is the expectation operator and E is an error signal to be defined

next, depending on the scheme applied.

The filter output signal Z (i.e., the signal to be fed into the hearing aid

loudspeaker) is defined as:

Z = WHX (5)

where H denotes the Hermitian transpose.

The desired speech signal, as defined in [11], is arbitrarily chosen to be the

(unknown) speech component of the first microphone signal (m = 1), up to a

delay ∆. This can be written as:

DNR = GH
1,∆Xs (6)

G1,∆ = [Ge−jω∆|0 . . . 0] (7)

where the gain G is the amplification that compensates for the hearing loss.

The power spectral density (PSD) matrices of the speech component and
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the noise component of the microphone signals are respectively given by:

RXs = E{XsXsH} (8)

RXn = E{XnXnH} (9)

In a stationary scenario, and if the speech signal and the noise signal are

uncorrelated, RXn can be estimated during ”noise only periods“ and RXs can

be estimated during ”speech plus noise periods“ using:

RX = E{XXH} (10)

RXs = RX − RXn (11)

In practice, the PSD matrices are estimated recursively as explained in [16].

2.2. MWF-based noise reduction, secondary path and signal leakage

Hearing impairments causes a reduction of speech understanding perfor-

mance. A person affected by a mild to severe hearing loss may need a signal-

to-noise ratio (SNR) up to 10dB to understand speech, when normal hearing

persons are able to understand speech with a SNR down to −5dB [17, 18].

Therefore, there is obviously a need for NR algorithms in hearing aids [19, 20].

Modern hearing aids usually include several microphones and adopt mul-

tichannel NR schemes such as MWF-based-NR [4]. The MWF-based NR is

designed to minimise the squared distance between the filtered microphone sig-

nal Z and the desired speech signal DNR. Therefore, the MSE criterion to be

minimised is:

JMSE = E{|ENR|
2} (12)

ENR = Z − DNR (13)

= WHX− GH
1,∆Xs

If speech and noise are uncorrelated, the corresponding Wiener filter is:

WNR = R−1
X RXsG1,∆ (14)
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The filter (14) is designed without taking the effects of the secondary path

and the signal leakage into account. Figure 1 presents a behind-the-ear (BTE)

hearing aid with an open fitting, i.e., where the secondary path and the signal

leakage are taken into account. It is assumed that a microphone is present in

the ear canal to provide an estimate of the signal reaching the eardrum. Com-

mercial hearing aids currently do not have an ear canal microphone, therefore

the artificial ear canal microphone is used to generate the error signal in our

experimental setup. As will also be mentioned in Section 2.3, the filter coeffi-

cients are computed in the frequency-domain, while the filtering operation itself

is performed in the time-domain.

This secondary path then usually acts as an attenuation. Assuming that the

loudspeaker characteristic is approximately linear, the secondary path can be

represented by a filter coefficient vector c[k] of length P . The frequency-domain

representation of c[k] is then denoted by C (Figure 2). The frequency-domain

representation of the leakage signal l[k] is denoted by L. In literature this leakage

signal is also referred to as vent-through or direct sound [1][21].

It has been shown in [16] that taking both the leakage signal and the sec-

ondary path effect into account, leads to the following output signal model :

Z̃ = C·Z + L (15)

For small amplification gains G the leakage signal SNR may affect the output

SNR thus partly cancelling the improvement achieved with the NR.

2.3. Integrated active noise control and noise reduction

This section reviews the frequency-domain description of the integrated ANC

and NR scheme introduced in [11][16] to compensate for the signal leakage while

still delivering the desired speech signal at the user’s eardrum.

The performance of feedforward ANC schemes is highly dependent on the

causality of the system [6][22]. In this paper, to ensure causality (Figure 3),

the filter coefficients are computed in the frequency-domain while the filtering

operation itself is performed in the time-domain (Figure 4), in a similar way as
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presented in [23].The time-domain delayless ANC filter is obtained by taking the

2N -IDFT of the frequency-domain vector coefficient. The resulting time-domain

filter contains an N -dimensional causal part and a N -dimensional anticausal

part. The time-domain filter effectively applied to the microphone signals is

truncated to the N -dimensional causal part.

Note that, due to the inverse DFT and the truncation, the effect of causality

on the frequency-domain version of the ANC schemes is unclear and difficult

to analyse. Therefore, in this article the hearing aid processing delay ∆HA

(i.e., Analog-to-Digital converter delay, Digital-to-Analog converter delay. . . )

is neglected such that the ANC schemes to be designed are causal and the effect

of the truncation is limited. All the subsequent theoretical expressions of the

output SNR are then valid only when the system is causal. A study of the

impact of causality on the performance of the integrated ANC and NR scheme

can be found in [11].

In practice neglecting the proceesing delay ∆HA corresponds to a system with

a causality margin arounds 3 taps (at 16 kHz), depending on the localisation of

the sources. This means that for a delay ∆HA ≤ 3 the system is causal.

The desired signal to be used here is chosen similarly as in [16]:

DInt = DNR + Ls (16)

and the MSE criterion to be minimized is:

JMSE = E{|EInt|
2} (17)

EInt = Z̃ − DInt (18)

= C·WHX + Ln
︸︷︷︸

L−Ls

−GH
1,∆Xs

The optimal filter (FxMWF) minimizing (17) is:

WInt =
C

|C|2
R−1

X (RXsG1,∆ − rXnLn) (19)

where rXnLn is the cross-PSD vector between the noise component of the

microphone signal and the noise component of the leakage signal defined as:
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rXnLn = E{XnLn} (20)

The secondary path can be estimated (estimate Ĉ) off-line using classic iden-

tification methods based for example on Least Mean Squares (LMS) algorithms,

or on-line by adding random noise to the signal exciting the secondary path, as

introduced by Eriksson et al. in [24] and later refined by Kuo et al. [25] and

Zhang et al. [26].

Note that this filter WInt can be separated into two filters, as in [11]:

U =
C

|C|2
R−1

X RXsG1,∆ (21)

V = −
C

|C|2
R−1

X rXnLn (22)

The first filter U is an MWF-based NR filter that also compensates for the

effects of the secondary path. Expression (21) is indeed very similar to (14). If

the secondary path is estimated on-line, the compensation is then adaptive and

robust to changes of scenarios (hearing aid slightly moving, ear becoming partly

obstructed. . . ).

The second filter V is an ANC filter that aims to cancel the noise component

of the leakage signal.

2.4. Fixed trade-off between active noise control and noise reduction

The integrated scheme minimizes an MSE criterion (17) which can be viewed

as the sum of an ANC (23) term and a SD term (24). Therefore, the integrated

ANC and NR scheme may exhibit lower noise attenuation performance than an

ANC filter alone, minimizing the MSE criterion (23). On the other hand, the

integrated ANC and NR scheme may be found to introduce more SD than a

standard NR scheme minimizing the MSE criterion (25).

E{|EANC|
2} =E{|C ∗ WHXn + Ln|2} (23)

E{|ESD|
2} =E{|C ∗ WHXs − DNR|

2} (24)

E{|ENR|
2} =E{|C ∗ WHX − DNR|

2} (25)
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When the input signal does not contain any speech, the NR is not needed and

the ANC alone can perform better than the integrated ANC and NR scheme

and deliver lower residual noise at the ear canal microphone.

On the other hand, e.g., if the background noise is high-frequency noise when

typically the ANC is found to be inefficient, using a NR alone may reduce the

SD introduced by the integrated ANC and NR scheme (see also Section 5).

3. Weighted integrated active noise control and noise reduction

The integrated ANC and NR scheme introduced in [11] and reviewed in the

previous section imposes a fixed trade-off between the NR and the ANC. It

is possible, however, to modifiy the optimisation problem in order to derive a

filter with a variable ANC/NR trade-off. A time-domain version of the scheme

described below has been previously introduced in [15]. The frequency-domain

implementation allows to derive theoretically the output SNR and to express it

in a simple form.

3.1. Constrained problem formulation

The algorithm described in this section applies a different weight to the

ANC objective (23) and to the NR objective (25) of the integrated ANC and

NR scheme.

The overall objective can be seen as minimizing the residual noise at the ear

canal microphone (i.e., ANC) under the constraint that the difference between

the desired signal and the filtered signal, as delivered to the ear canal microphone

(i.e., NR), is kept below a given threshold:

min
w

E{|EANC|
2}, subject to E{|ENR|

2} ≤ T (26)

Introducing the Lagrange-multiplier µ > 0, the MSE criterion to be minimized

is then :

JMSE = E{|EANC|
2} + µE{|ENR − T |2} (27)

The Lagrange-miltiplier µ ∈ ]0,∞[ then acts as a trade-off parameter be-

tween the ANC and the NR. Intuitively, for a small µ the system performs more
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ANC than NR and when µ increases, the amount of ANC performed reduces

while the NR becomes more important.

• When µ → 0, the MSE in (27) reduces to (23). The system behaves

like a standard ANC algorithm. The algorithm then achieves high noise

attenuation performance but it also introduces extensive SD, as the speech

component is not taken into account in the optimization process.

• When µ → ∞, the MSE in (27) reduces to (25). The system then behaves

as a MWF-based NR algorithm. The algorithm introduces less SD but

the noise attenuation performance is decreased. The signal leakage is not

compensated for anymore.

The optimal filter (FxMWF) minimizing the MSE criterion (27) is then:

Wµ =
C

|C|2
R−1

µ rµ (28)

Here Rµ is the weighted PSD matrix of the microphone signal X and rµ is the

weighted cross-PSD vector between the microphone signal X and the desired

signal DInt:

Rµ = µRXs + (1 + µ)RXn (29)

rµ = µRXsG1,∆ − rXnLn (30)

Note that the weighted PSD matrix can be estimated using:

Rµ = µRX + RXn (31)

By substituting (30) and (31) in (28):

Wµ =
C

|C|2
(µRX + RXn)−1(µRXsG1,∆ − rXnLn) (32)

From (32) it appears that the two extreme cases for the filter wµ are given

by:

lim
µ→0

Wµ = −
C

|C|2
R−1

XnrXnLn (33)

lim
µ→∞

Wµ =
C

|C|2
R−1

X RXsG1,∆ (34)
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Here (33) is the expression of an ANC scheme which minimizes the noise at the

ear canal microphone and (34) is the expression of a FxMWF-based NR scheme

that compensates for the secondary path. The filter described in (32) therefore

integrates the two functional blocks with the coefficient µ used as a trade-off

parameter between the ANC and the NR.

3.2. Single speech source case

In the single speech source case it is possible to derive simpler formulae for

the above filters. The PSD matrix RXs is then rank-1 and can be rewritten as:

RXs = P sAAH (35)

where P s is the power of the speech signal and A is the steering vector, which

contains the acoustic transfer functions from the speech source position to the

hearing aid microphones (including room acoustics, microphone characteristics,

and head shadow effect).

The leakage signal can be approximated (estimated) by a linear combination

of the input signals:

L = P̃
H
X + eL (36)

where eL is the estimation error and P̃ is the estimated leakage path from the

input microphones to the ear canal microphone.

The weighted MSE criterion (27) can then be rewritten as follows:

Jµ,MSE =E{|CWHXn + P̃
H
Xn + en

L|
2}

+ µE{|CWHX − GH
1,∆Xs|2} (37)

The estimation error eL is orthogonal to the microphone signals and to the

microphone signals filtered by P̃ and by W [27]:

E{Xe∗L} = 0 (38)

E{P̃
H
Xe∗L} = 0 (39)

E{WHXe∗L} = 0 (40)
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The weighted integrated ANC and NR filter (32) can then be rewritten as

follows:

Wµ =
C

|C|2
[RXs + νRXn ]−1RXsG1,∆

− νη
C

|C|2
[RXs + νRXn ]−1RXnP̃ (41)

with

ν =
µ + 1

µ
ν ∈ ]1, ∞[ (42)

η =
1

µ + 1
η ∈ ]0, 1[ (43)

The matrix pencil (RXs + νRXn) can then be inverted by applying the

Woodbury identity and the filter (32) can be expressed as follows:

Wµ =
C

|C|2
[
R−1

XnRXs

ν + ρ
(G1,∆ + ηP̃) − ηP̃] (44)

with

ρ = P sAHR−1
XnA (45)

The expression is very similar to the expression for the so-called MWF-η

in [28]. The weighted integrated ANC and NR scheme can then be seen as an

SDW-MWF with partial production of anti-noise. When η → 0 no anti-noise

is produced and the weighted integrated ANC and NR scheme behaves as a

FxMWF-based NR. Increasing η will introduce the anti-noise and when η → 1

the weighted integrated ANC and NR scheme tends to produce only anti-noise,

i.e., the filter acts as an ANC scheme.

4. Speech distortion weighted integrated active noise control and

noise reduction

The MSE criterion minimised by the weighted integrated ANC and NR

scheme introduced in Section 3 does not relate directly to the MSE criterion

minimised by the unweighted integrated ANC and NR introduced in Section 2.

Therefore, the weighted integrated ANC and NR scheme does not reduce to the
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original unweighted integrated ANC and NR scheme for any weighting factor.

Besides, focusing on the NR allows to reduce the SD compared to unweighted in-

tegrated ANC and NR, but the NR itself still introduces SD [14]. In this section

a speech distortion weighted integrated ANC and NR (SDW-ANC/NR) scheme

is derived that allows for a trade-off between reducing the SD and reducing the

residual noise at the ear canal microphone, i.e., ANC.

4.1. Constrained problem formulation

Similarly to SDW-MWF in [4][13][14], it is possible to derive an integrated

ANC and NR scheme that applies a different weight to the ANC objective and to

the SD objective. The overall objective can be seen as minimising the residual

noise at the ear canal microphone (i.e., ANC) under the constraint that the

difference between the desired speech signal and the speech component of the

filtered signal, as delivered to the ear canal microphone (i.e., SD), is kept below

a given threshold:

min
W

E{|EANC|
2}, subject to E{|ESD|

2} ≤ T (46)

where EANC and ESD are defined in (23) and (24).

Introducing the Lagrange-multiplier µ > 0, the MSE criterion to be min-

imised is then :

Jµ,MSE = E{|EANC|
2} + µE{|ESD − T |2} (47)

The Lagrange-multiplier µ ∈ ]0,∞[ acts as a trades-off parameter between

the ANC and the SD:

• When µ → 0, the MSE criterion in (47) reduces to (23). The system then

behaves as a standard ANC algorithm. The algorithm then achieves a

high noise attenuation performance but it may also introduce significant

SD.

• When µ → ∞, the MSE criterion in (47) reduces to (24). The system then

minimizes the SD but the noise attenuation performance is decreased. The

signal leakage is not compensated for any more.
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The optimal filter, minimising the MSE criterion in (47), is then:

WSDW =
C

|C|2
R−1

SDWrSDW (48)

Here RSDW is the speech distortion weighted PSD matrix of the microphone

signal X and rSDW is the weighted cross-PSD vector between the microphone

signal X and the desired signal DInt:

RSDW = µRXs + RXn (49)

rSDW = µRXsG1,∆ − rXnLn (50)

The optimal filter can then be rewritten as follows:

WSDW =
C

|C|2
(µRXs + RXn)−1(µRXsG1,∆ − rXnLn) (51)

This will be referred to as speech distortion weighted integrated ANC and NR

(SDW-ANC/NR). Note that for µ = 1 the filter (51) then reduces to the un-

weighted integrated ANC and NR (19).

From (51) it appears clearly that the two extreme cases for the filter WSDW

are given by:

lim
µ→0

WSDW = −
C

|C|2
R−1

XnrXnLn (52)

lim
µ→∞

WSDW =
C

|C|2
G1,∆ (53)

Here (52) is the expression of an ANC filter, which minimises the residual noise

at the ear canal microphone, and (53) is the expression of a filter that minimizes

the SD at the ear canal microphone. The filter described in (51) therefore

integrates the two functional blocks with the coefficient µ used as a trade-off

parameter between the ANC and the SD.

4.2. Single speech source case

In the single speech source case it is possible to derive simpler formulae for

the above filters and for their SNR performance.
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The leakage signal can be approximated (estimated) by a linear combination

of the input signals (36). The weighted MSE criterion (47) can then be rewritten

as follows:

Jµ,MSE =E{|CWHXn + P̃
H
Xn + en

L|
2}

+ µE{|CWHXs − GH
1,∆Xs|2} (54)

The estimation error eL is orthogonal to the microphone signals (38) and to

the microphone signals filtered by P̃ (39)and by W (40).

The SDW-ANC/NR filter (51) can then be rewritten as follows:

WSDW =µ
C

|C|2
[µRXs + RXn ]−1RXsG1,∆

−
C

|C|2
[µRXs + RXn ]−1RXnP̃ (55)

The matrix pencil (µRXs + RXn) can then be inverted by applying the

Woodbury identity and the filter (51) can be expressed as follows:

WSDW =
C

|C|2
[
R−1

XnRXs

1
µ + ρ

(G1,∆ + P̃) − P̃] (56)

The expression is very similar to the single speech source expression for the

integrated ANC and NR in [16] with a scaling factor in the numerator.

4.3. Output signal-to-noise ratio when the number of sources is less than or
equal to the number of microphones

When the number of sources (speech plus noise sources) is less than or equal

to the number of microphones (Q ≤ M) the leakage signal can be rewritten as

a linear combination of the microphone signals.

L = PHX (57)

The filter (56) then becomes:

WSDW =
C

|C|2
[
R−1

XnRXs

1
µ + ρ

(G1,∆ + P) − P] (58)
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The output SNR of a filter W is defined as follows:

SNRW(ω) =
WHRXsW

WHRXnW
(59)

The output SNR of the SDW-ANC/NR scheme at the ear canal microphone

can then be expressed as follows:

SNRSDW,(Q≤M) =
ρ2(PDNR

+ α + PLs)

ρ(PDNR
+ α + PLs)

= ρ (60)

where PDNR
is the power of the desired speech signal, PLs is the power of the

speech component of the leakage signal, and α is defined as follows:.

α = GH
1,∆RXsP + PHRXsG1,∆ (61)

It is shown in [29][30], that in a single speech source scenario the weighting

factor µ of an SDW-MWF scheme merely acts as a scaling factor on the obtained

filter and that the frequency-domain output SNR is therefore independent of

this weighting factor µ. In the case of the SDW-ANC/NR the weighting factor

µ does not merely act as a scaling factor, see (51) and (56). In the single

speech source scenario and when the number of sources (speech source plus

noise sources) is less than or equal to the number of microphone, however, the

weighting factor µ is found to act as a scaling factor on the power of the speech

signal at the ear canal microphone and the power of the noise signal at the ear

canal microphone. Therefore, the SNR at the ear canal microphone is again

independent of the weighting factor µ (60).

The weighting factor µ, however, has an effect on the SD and the residual

noise power at the ear canal microphone which can be expressed as follows:

SDSDW,(Q≤M) =
1

(1 + ρµ)2
(PDNR

+ α + PLs) (62)

Pn
SDW,(Q≤M) =

µ2ρ

(1 + ρµ)2
(PDNR

+ α + PLs) (63)

It appears from the previous equations that when µ → 0 the SDW-ANC/NR

scheme behaves as an ANC scheme and the residual noise power at the ear canal
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microphone tends to 0. When µ → ∞, the SDW-ANC/NR scheme minimizes

the SD and so the SD at the ear canal microphone tends to 0.

5. Experimental results

The weighted integrated ANC and NR scheme and the SDW-ANC/NR

scheme introduced in this paper have been tested experimentally and their per-

formances have been compared with the performance of the unweighted inte-

grated ANC and NR scheme described in [11][16].

The weighted integrated ANC and NR scheme is first considered and then

the SDW-ANC/NR scheme is analysed. For both of the weighted schemes, the

influence of the weighting factor µ on the power of the residual noise at the ear

canal microphone and on the SD of the desired signal is first examined. The

impact of µ on the output SNR at the ear canal microphone is then considered.

Note that the weighting factor is chosen to be constant for all frequencies.

5.1. Experimental setup

The simulations were run on acoustic path measurements obtained with a

CORTEX MK2 manikin head and torso equipped with artificial ears and a

two-microphone BTE hearing aid. The sound sources (FOSTEX 6301B loud-

speakers) were positioned at 1 meter from the center of the head. The speech

source was located at 0◦ and the noise source at 270◦. The BTE was worn on

the left ear, facing the noise source.

The tests were run on 22 seconds long signals. The speech was composed of

three sentences from the HINT database [31] concatenated with silence periods.

The noise was either the multitalker babble from Auditec [32] (Figure 5) or the

car noise from the NOISEX-92 database [33] (Figure 6). All the signals were

sampled at 16kHz.

The filter lengths were set to N = 128, and the NR delay was set to half of

the NR filter length (∆ = 64). The secondary path c[k] was estimated off-line

using an identification technique based on the NLMS algorithm. The length of

the estimated path ĉ[k] was set to P̂ = 32.
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The position of the sources and the SNR for the source signals resulted in a

so-called leakage SNR (which corresponds to the SNR when the hearing aid is

turned off) equal to −1.3dB. The system was calibrated so that for G = 0dB,

for a source at 0◦, the leakage and the signal fed in the loudspeaker have equal

power at the ear canal microphone.

5.2. Performance measures

In order to compare the weighted integrated ANC and NR schemes with

the unweighted integrated ANC and NR scheme, the following performance

measures are defined.

The normalised noise power (in dB) is defined as

POW = 10 log10

POWweight

POWunweight
(64)

where POWweight and POWunweight are the broadband power of the noise signal

at the ear canal microphone obtained with one of the weighted integrated ANC

and NR schemes and with the unweighted integrated ANC and NR scheme,

respectively.

An intelligibility weighted SD measure is used defined as

SDintellig =
∑

i

IiSDi (65)

where Ii is the band importance function defined in [34] and SDi the average

SD (in dB) in the i-th one third octave band,

SDi =
1

(21/6 − 2−1/6)f c
i

∫ 21/6fc
i

2−1/6fc
i

|10 log10 Gs(f)|df (66)

with center frequencies f c
i and Gs(f) the squared magnitude of the transfer

function for the speech component from the input of the weighted ANC and NR

to the ear canal microphone.

The normalised SD (in dB) is then defined as

SD = SDintellig,weight − SDintellig,unweight (67)
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where SDintellig,weight and SDintellig,unweight represent the output SD (in dB)

at the ear canal microphone for one of the weighted integrated ANC and NR

schemes and for the unweighted integrated ANC and NR scheme, respectively.

The speech intelligibility-weighted SNR (SIW-SNR) [35] is used here to com-

pute the SIW-SNR improvement which is defined as

∆SNRintellig =
∑

i

Ii(SNRi,weigth − SNRi,unweigth) (68)

where SNRi,weight and SNRi,unweight represent the output SNR at the ear canal

microphone of one of the weighted integrated ANC and NR schemes and of the

unweighted integrated ANC and NR scheme of the ith band, respectively.

The output SIW-SNR is similarly defined as:

SNRintellig =
∑

i

Ii(SNRi,out − SNRi,out) (69)

where SNRi,out and SNRi,leak represent the output SNR at the ear canal micro-

phone of one of the integrated ANC and NR schemes and of the leakage signal

of the ith band, respectively.

5.3. Weighted integrated active noise control and noise reduction

In this subsection, the performance of the weighted integrated ANC and NR

scheme introduced in Section 3 is analysed and compared to the performance

of the unweighted integrated ANC and NR scheme presented in [11].

5.3.1. Noise power and speech distortion performance

In order to analyse the impact of the weighting factor µ on the NR criterion

and on the ANC criterion, the SD at the ear canal microphone and the residual

noise power at the ear canal microphone are computed when the weighted inte-

grated ANC and NR scheme is applied on babble noise signal and on car noise

signal.

Figures 7 and 8 present the noise power attenuation and the SD attenuation,

for the weighted integrated ANC and NR scheme applied on babble noise signal

compared against the unweighted integrated ANC and NR scheme, as a function

of µ and for different values of the gain G.
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When µ → 0, the weighted integrated ANC and NR scheme is attenuating

the noise at the ear canal microphone more efficiently than the unweighted in-

tegrated ANC and NR scheme (Figure 7), i.e., it behaves as an ANC algorithm.

When µ increases, the noise power attenuation vanishes (Figure 7) while the

SD decreases (Figure 8). When µ → ∞, the weighted integrated ANC and NR

scheme behaves as a standard NR and some attenuation can be done in terms

of the SD compared against the unweighted integrated ANC and NR scheme.

The unweighted integrated ANC and NR scheme already introduce 6dB to 8dB

SD depending on the gain G. It is usualy assumed that introducing up to 10dB

SD is still acceptable [36]. Therefore, for low gain (up to G = 10dB) there is no

particular restriction on the value to choose for µ. Whereas for higher values of

the gain G it is safer to choose a value of µ > 0.5 in order to avoid introducing

to much SD.

Figures 9 and 10 present the noise power attenuation and the SD attenuation,

for the weighted integrated ANC and NR scheme applied on car noise signal

compared against the unweighted integrated ANC and NR scheme, as a function

of µ and for different values of the gain G.

The weighted integrated ANC and NR scheme behaves similarly as on babble

noise signal except that in this case, the switch between the ANC behaviour and

the NR behaviour happens for lower values of the weighting parameter µ. When

applied on car noise, the unweighted integrated ANC and NR scheme introduce

about 4dB SD. This means that it is not recommended to set µ at a value that

would lead the weighted integrated ANC and NR scheme to introduce more

than 6dB SD ,i.e. , to introduce more than 10dB SD. This would lead to

choose µ < 0.01 (Figure 10).

5.3.2. Signal-to-noise ratio performance

For all values of the gain G, the unweighted integrated ANC and NR scheme

provides a SIW-SNR improvement of about 10dB. Figure 11 presents the SIW-

SNR improvement of the weighted integrated ANC and NR scheme applied

on babble noise signal compared against the SIW-SNR performance of the un-
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weighted integrated ANC and NR scheme as a function of µ and for different

values of the gain G.

For small µ (up to around 0.5), the weighted integrated ANC and NR

scheme provides an SIW-SNR improvement that can be 4dB higher than the

SIW-SNR improvement obtained with the unweighted integrated ANC and NR

scheme. When µ increases, the weighted scheme behaves more like a standard

NR scheme, and the unweighted integrated ANC and NR scheme exhibits a

better SIW-SNR performance for gains G up to 20dB. When µ is set so that

the weighted integrated ANC and NR scheme does not introduce more that

10dB (see above), the weighted integrated ANC and NR can still improve the

SIW-SNR improvement by 4dB for low gain (G ≤ 10dB) and by 2 to 3dB for

higher gains.

Figure 12 presents the SIW-SNR improvement of the weighted integrated

ANC and NR scheme applied on car noise signal compared against the SIW-SNR

performance of the unweighted integrated ANC and NR scheme as a function

of µ and for different values of the gain G. For small µ (up to around 0.05), the

weighted integrated ANC and NR scheme provides an SIW-SNR improvement

that can be 7dB higher than the SIW-SNR improvement obtained with the

unweighted integrated ANC and NR scheme depending on the gain G. When µ

increases, the weighted integrated ANC and NR scheme exhibits similar SIW-

SNR performance as the unweighted integrated ANC and NR scheme. When µ

is set so that the weighted integrated ANC and NR scheme does not introduce

more that 10dB (µ ≥ 0.01), the weighted integrated ANC and NR can still

improve the SIW-SNR by 2dB compared to the unweighted integrated ANC

and NR scheme.

5.4. Speech distortion weighted integrated active noise control and noise reduc-
tion

In this subsection, the performance of the SDW-ANC/NR scheme introduced

in Section 4 is analysed and compared to the performance of the unweighted

integrated ANC and NR scheme.
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5.4.1. Noise power and speech distortion performance

Figures 13 and 14 present the noise power attenuation and the SD atten-

uation, for the SDW-ANC/NR scheme compared against the unweighted inte-

grated ANC and NR scheme as a function of µ and for different values of the

gain G.

When µ → 0, the SDW-ANC/NR scheme is attenuating the noise at the ear

canal microphone more efficiently than the unweighted integrated ANC and NR

scheme (Figure 13), i.e., it behaves as an ANC algorithm. This also means that

the algorithm introduces up to 50dB of SD (Figure 14).

When µ increases, the noise power attenuation vanishes (Figure 13) while the

SD decreases (Figure 17). When µ → ∞, the SDW-ANC/NR scheme minimizes

the SD at the ear canal microphone. The unweighted integrated ANC and NR

scheme already introduce 6dB to 8dB SD depending on the gain G. Therefore,

for high values of the gain (G ≥ 15dB) it is safer to choose a value of µ > 0.1

in order to avoid the overall SD to exceed 10dB. For lower values of the gain on

the other hand, there is no particular restriction on the value to choose for µ.

Figures 15 and 16 present the noise power attenuation and the SD atten-

uation, for the SDW-ANC/NR scheme applied on car noise signal compared

against the unweighted integrated ANC and NR scheme, as a function of µ and

for different values of the gain G. The SDW-ANC/NR behaves similarly as the

weighted integrated ANC and NR scheme on car noise signal. This would mean

that it is then again not recommended to choose µ < 0.01 (Figure 16).

5.4.2. Signal-to-noise ratio performance

Figure 17 and 18 presents the SIW-SNR improvement (68) of the SDW-

ANC/NR scheme applied on babble noise signal and on car noise signal, re-

spectively, compared against the SIW-SNR performance of the unweighted in-

tegrated ANC and NR scheme as a function of µ and for different values of the

gain G.

For all values of the weighting factor, the SDW-ANC/NR scheme delivers

a SIW-SNR improvement that is almost constant and equal to the SIW-SNR
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improvement obtained with the unweighted integrated ANC and NR scheme. In

terms of the SIW-SNR at the ear canal microphone, the SDW-ANC/NR scheme

therefore maintains the performance of the unweighted integrated ANC and NR

scheme (i.e., the performance of a MWF-based NR when signal leakage and the

secondary path are not taken into account) while allowing to focus on reducing

the SD or on minimizing the residual noise at the ear canal microphone.

Note that the assertion made in Section 4 that for µ = 1 the filter (51) then

reduces to the unweighted integrated ANC and NR (19) is verified here. On

figures 13-18, µ = 1 corresponds to the point where the curves are crossing 0,

i.e., the SDW-ANC/NR delivers the same performance as the unweighted ANC

and NR.

6. Conclusion

A FxMWF-based integrated ANC and NR scheme has been introduced in

previous work to tackle the secondary path effects and the effects of signal

leakage in the framework of hearing aids with an open fitting. The objectives of

the integrated ANC and NR scheme are to attenuate the noise component of the

leakage signal and to minimise the difference between the desired speech signal

and the signal delivered at the ear canal microphone, the trade-off between these

two objectives being fixed.

The concept of weighted NR applied in the MWF framework to derive the

SDW-MWF has been extended here to derive weighted versions of the integrated

ANC and NR scheme.

The first weighted integrated ANC and NR scheme introduced in this pa-

per allows to emphasise either the ANC or the NR. When the signal does not

contain any speech, the weighted integrated ANC and NR scheme allows to

focus on ANC and minimises the power of the residual noise signal at the ear

canal microphone. On the other hand, if the ANC is found to be inefficient

for the considered background noise scenario the emphasis can be put on the

NR. The weighted integrated ANC and NR scheme then exhibits improved SD

performance compared to the unweighted integrated ANC and NR scheme.
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This weighted ANC and NR scheme, however, does not reduce to the original

unweighted integrated ANC and NR scheme for any weighting factor. Besides,

focusing on the NR allows to reduce the SD compared to unweighted integrated

ANC and NR, but the NR itself is still introducing SD. A SDW-ANC/NR

scheme has then been derived, which allows to trade-off between reducing the

SD at the ear canal microphone and minimising the residual noise at the ear

canal microphone (i.e., ANC). In the single speech source scenario and when

the number of sound sources (speech plus noise sources) is less than or equal

to the number of microphones, a formula for the output SNR of the SDW-

ANC/NR scheme at the ear canal microphone has been derived. The SDW-

ANC/NR scheme has then been shown to deliver a constant SNR at the ear

canal microphone for any weighting factor.
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Figure 5: Spectrogram of the babble noise signal

Figure 6: Spectrogram of the car noise signal
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Figure 11: SIW-SNR improvement of the weighted integrated ANC and NR scheme compared
to the unweighted integrated active noise control and noise reduction scheme (babble noise)
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Figure 12: SIW-SNR improvement of the weighted integrated ANC and NR scheme compared
to the unweighted integrated active noise control and noise reduction scheme (car noise)
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Figure 13: Normalised output noise power attenuation of the SDW-ANC/NR scheme (babble
noise)
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Figure 14: Normalised speech distortion introduced by the SDW-ANC/NR scheme (babble
noise)
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Figure 15: Normalised output noise power attenuation of the SDW-ANC/NR scheme (car
noise)
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Figure 16: Normalised speech distortion introduced by the SDW-ANC/NR scheme (car noise)
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Figure 17: SIW-SNR improvement of the SDW-ANC/NR scheme compared to the unweighted
integrated ANC and NR scheme (babble noise)
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Figure 18: SIW-SNR improvement of the SDW-ANC/NR scheme compared to the unweighted
integrated ANC and NR scheme (car noise)
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