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Abstract

This paper focuses on speech enhancement in hearing aids and presents an
integrated approach to active noise control and noise reduction which is
based on an optimization over a zone of quiet generated by the active noise
control. A basic integrated active noise control and noise reduction 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. For an integrated
active noise control and noise reduction scheme to be efficient, it is desired
to achieve active noise control at the eardrum which in practice is away from
the ear canal microphone. In some cases it can also be desired to achieve
noise control over a zone not limited to a single point.

Two different schemes are presented. A first scheme based on a mean
squared error criterion expressed at a remote point away from the ear canal
microphone and a second scheme based on an average mean squared error
criterion over a desired zone of quiet. They are both compared experimen-
tally with the original scheme for both active noise control and integrated
active noise control and noise reduction, respectively.
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Abstract—This paper focuses on speech enhancement in hear-Generalised Sidelobe Canceller (GSC) [2] or techniquesdas
ing aids and presents an integrated approach to active noise on the Multichannel Wiener Filter (MWF) [3] are commonly

control and noise reduction which is based on an optimisatio
over a zone-of-quiet generated by the active noise controlA
basic integrated active noise control and noise reductioncheme
has been introduced previously to tackle secondary path eftts

used.
With the advent of efficient feedback control schemes [4][5]
the usage of hearing aids with an open fitting has become

and effects of noise leakage through an open fitting. This more common. Whereas removing the earmold reduces the
scheme however, only takes the sound pressure at the ear canagcclusion effect and improves the physical comfort [6], one

microphone into account. For an integrated active noise cdrol
and noise reduction scheme to be efficient, it is desired to hieve
active noise control at the eardrum which in practice is awayrom

major drawback is that the direct signal leakage through
the fitting into the ear canal cannot be neglected anymore.

the ear canal microphone. In some cases it can also be desiredconventional NR does not take this contribution into acd¢oun

to achieve noise control over a zone not limited to a single jrut.

Combined with the attenuation in the acoustic path between

Two different schemes are presented. The first scheme isthe hearing aid loudspeaker and the eardrum (the so-called

based on a mean squared error criterion expressed at a RP
away from the ear canal microphone and the second scheme is

based on an average mean squared error criterion over a desd

zone-of-quiet. They are both compared experimentally withthe

original scheme for both active noise control and integratd

active noise control and noise reduction, respectively. Tdremote-
point approach then allows to restore the performance of the
original scheme at the desired remote point while the zonefo
quiet approach allows to increase performance up t®dB on the

desired zone-of-quiet.

Index Terms—Hearing aids, noise reduction, multichannel
Wiener filter, active noise control, zone-of-quiet

I. INTRODUCTION

secondary path), the noise leaking through the fitting can th
override the action of the NR.

One efficient way to cancel this undesired noise leakage is
to use Active Noise Control (ANC) [7][8]. In the hearing aids
framework, ANC then has to be performed together with the
NR. A scheme integrating the two functional blocks based
on a filtered-X [9][10][11] version of the MWF (the so-
called FXMWF) has been introduced in [12]. The objectives
of this scheme are to attenuate the noise component of the
leakage (i.e. ANC) and to minimise the difference between
an unknown desired speech signal and the signal delivered
at the eardrum (i.e. NR). In practice however, the ear canal
microphone, used to construct the error signal in the scheme

State-of-the-art hearing aids perform Noise Reduction)(Nigannot be located exactly at the eardrum. Besides, theabpati
in order to improve their output Signal-to-Noise Ratio (SNRdlstrlbunon of sound_ sources and the geometry of the ealcan
and hence to allow for a better speech understanding dg not allow to achieve control over the (_:ompl_ete ear canal.
background noise [1]. Conventional NR systems such as thierefore, the actual SNR at the eardrum is basically unknow
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and uncontrolled.

ANC allows to generate a zone-of-quiet based on destructive
interference. The size and shape of this zone-of-quietrdpe
on the type of the sound sources and the frequency components
of the signal to be cancelled [13][14][15]. It is therefore
possible to determine the performance of the scheme deskcrib
in [12] at any point in the ear canal, based on the spatial
distribution of the sound sources and on the position of the
ear canal microphone.

Capitalising on this idea, it is possible to define a partcul
design criteriong.g., a mean squared error (MSE) criterion, at
one particular point of the ear canal, away from the ear canal
microphone, and to derive a filter from the minimisation of
this MSE criterion to control the noise at this particulange
point (RP). The RP-based filter then exhibit a structurelaimi
to the filtered-X structure.

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



the MSE criterion over a desired zone-of-quiet. A filter isth  In practice, in order to distinguish “speech plus noise
derived from the minimisation of this averaged-MSE (aMSH)eriods” from “noise only periods” it is necessary to use a
criterion in order to achieve a control that is more robust oroice activity detector (VAD). The performance of the VAD
the desired zone-of-quiet compared to a scheme minimisingan affect the performance of the filters. In this paper h@rev
standard MSE criterion as in [12]. as research on VAD is a vast subject in itself, a perfect VAD
In [16] the authors presented an integrated ANC and NR assumed so as to focus on the performance improvement
scheme adjusted to a specific zone-of-quiet. This paper willving to the zone-of-quiet approach.
first introduce a scheme that aims to minimise the noiseThe compound vector gathering all microphone signals is:
at a RP and extend this scheme to a scheme designed to X = [X X" @
minimise the noise power over a desired zone-of-quiet. @hes AL aAM
two approaches are then applied to a ANC scheme and tA MWF W = [W; ... W),|T will be designed and applied
the integrated ANC and NR scheme. The performance wf these signals, which minimises an MSE criterion:
these schemes will then be compared with the performance 9
of the standard ANC scheme and the integrated ANC and NR Juse = E{|E["} 3)

scheme [12]. Instead of a time-domain approach as in [1%\hereE is the expectation operator attlis an error signal

the frequency-domain approach presented in [17] is adopigdbe defined next, depending on the scheme applied.

here. The filter output signa¥ (i.e., the signal to be fed into the
The signal model, the standard ANC scheme and integrat@shring aid loudspeaker) is defined as:

ANC and NR scheme are described in Section Il. The ANC "

scheme and integrated ANC and NR scheme designed to Z=W"X (4)

control the noise at a RP are presented in Section lll. Thghere denotes the Hermitian transpose.

zone-of-quiet based approach to ANC and integrated ANCThe desired speech signal, as defined in [12], is arbitrarily
and NR, to control the noise over a desired zone, is presentgfhsen to be the (unknown) speech component of the first
in Section IV. Experimental results are presented in SBAH0 mjcrophone signali = 1), up to a delayA. This can be
and finally conclusions are presented in Section VI. written as:

Dnr = G{{,AXS )
Gia = [Ge™“2l0...0]=G-e A (6)

Il. BACKGROUND AND PROBLEM STATEMENT

State-of-the-art speech enhancement in hearing aidséslbas
on standard NR techniques ignoring the effects of noig¢here the gairtz is the amplification that compensates for the
leakage through the fitting and the secondary path betwdwaring loss.
the loudspeaker and the eardrum. It has been shown in [12]The autocorrelation matrices of the speech component and
that the leakage signal can significantly degrade the NRe noise component of the microphone signals are respec-
performance for hearing aid gains up to 20dB. It is possibityely given by:

however to attenuate the leakage signal's noise component Re. — E{XSXSH} )
using ANC. This section introduces the signal model and Xo = o
notations, suggests a frequency-domain multichannel ANC Rx» = E{X"X""} (8)
and introduces a frequency-domain version of the intedrate |, g stationary scenario, and if the speech signal and
ANC and NR scheme presented in [12]. the noise signal are assumed to be uncorrela®eg, can
be estimated during "noise only periods" afRdcs can be

A. Signal model estimated during "speech plus noise periods* using:

Let M be the number of hearing aid microphones (chan- Rx = E{Xx#} (9)
nels). The frequency-domain sign#l,, for microphonen has Rxs = Ry —Rxn (10)

a desired speech paki?, and an additive noise paX,, i.e.. _ . . _
In practice, the correlation matrices are estimated recur-

X (w) = X5 (w) + X (w) me{l...M} (1) sively. The estimate of the autocorrelation matrix of thenm

wherew = 27 f is a frequency-domain variable. For concise'f-Jhone signals is updated during “speech plus noise petiods

nessw will be omitted in all subsequent equations. using:
In practice the frequency-domain sign#},, is obtained by

taking the discrete-time Fourier transform (DTFT) of the¢i where A € [0, 1] is an exponential forgetting factor that

domain signalz,,[k]. Wherek is the time index. depends on the number of past samples to be taken into ac-
In the sequel, superscripts and n will also be used count. HereA =1 — Sai] — With Ngamples = 20000 samples

for other signals and vectors, to denote their speech aaid16kHz. This clearly ‘exceeds the spectral stationarity of

noise component, respectively. Signal model (1) holds fepeech signals (arourtbms) but not necessarily the spatial

so-called “speech plus noise periods”. There are also énoistationarity of the sources. It also allows to have a stable

only periods” {.e. speech pauses), during which only a noisestimation for the correlation matrices, which is the main

component is observed. concern at this stage.

Rx = ARy + (1 — \)XX* (11)




The estimate of the autocorrelation matrix of the noigdis signal, therefore its SNR is generally lower than fag th
component of the microphone signals is updated similarsignal provided by the hearing aid.
during “noise only periods”, using: Taking both the leakage signal and the secondary path effect
- - I into account, leads to the following output signal model:
Rx» = ARx» 4 (1— XXX (12)

= ARy + (1 — A)X"X"H (13) Z=C-Z+L (17)

If speech and noise are uncorrelated, the estimate of thél clearly appears that for small amplification gai@sthe

autocorrelation matrix of the speech component of the micr¢akage SNR may affect the output SNR thus partly can-
phone signal is then given by: celling the improvement achieved with the NR. In conclusion

~ ~ ~ whereas the secondary path and the leakage are not taken into
Rx: =Rx —Rxn» (14) accountin conventional NR algorithms, they may degradie the
performance significantly.

B. MWF-based noise reduction, secondary path and signal
leakage C. Active noise control

The MWF-based NR is designed to minimise the squaredThe leakage signal is not processed in the hearing aid
distance between the filtered microphone sighsl’(X) and therefore it is not possible to improve its SNR using staddar
the desired speech signaDgr = G1 aX?). Therefore, the NR algorithms. It is possible however to attenuate the Igaka
MSE criterion to be minimised is: signal using ANC. In all subsequent systems, it is assumed

I H vsi2 that a microphone is present in the ear canal to provide an
v = E{JWTX =G AX* ") (15)  error signal which will be used by the ANC. This subsec-
If speech and noise are uncorrelated, the correspondingawietion presents a frequency-domain multichannel ANC used to
filter is: attenuate the leakage signalas shown in Figure (3).
Wig = R)}l Ry:Gj A (16) The performance of a feedforward ANC schemes is highly
i dependent on the causality of the system [7]. The distance

The filter (16) is designed without taking the effects of theetween the reference microphones and the secondary source
signal leakage and the secondary path effects into accountst be sufficient to allow causal design. In the case of hgari
Figure (1) shows an MWF-based NR where the secondaigs with an open fitting, the causality criterion (Figurecah

path and the signal leakage are added. be defined as follows:
The acoustic delay from the noise source to the
x[K rer e e el roousi d ear canal microphond,; has to be larger than the
1 3 coustic domain

sum of the acoustic delay from the source to one of
the reference microphoneéses, the delay associated
with the processing within the hearing aifiya
(i.e., Analog-to-Digital converter delays, Digital-to-
Analog converter delays...), the algorithmic delay
Aqyg (delay introduced bye.g., NR, ANC, feedback
control...), and the acoustic delay of the secondary
e path Asec The acoustic delay is the direct propaga-
Fig. 1. MWF-based NR‘—' tion time between a sound source and a microphone
T (BTE microphone or ear canal microphone). If the

The secondary path represents the propagation from the gqyrce is about 1 meter away from the listeny,
loudspeaker to the eardrum. In the case of hearing aids with a3 A ¢ are about 50 taps.€, sampling periods)
an open fitting, this secondary path includes the effecth®f t 4t 165172 (with Api > Aver). In hearing aidsAec
transfer function that models the acoustic propagatiomfro s just a few taps at6kH -.
the loudspeaker to the eardrum (including the loudspeaker
response itself) and the effects of the sound transferad fr
the ear canal to the open field through the open fitting  gyternal sources
(also know as vent-loss). In the context of hearing aids thi  (speser, noise sources. . .)
secondary path then usually acts as an attenuation. Asgumin
that the loudspeaker characteristic is approximatelalintne
secondary path can be represented by a filter coefficienbvect
c[k] of length P. The DFT ofc|k] is then denoted’. [ﬂ

A hearing aid with an open fitting has no earmold to prevent
ambient sound from leaking into the ear canal, which results
in an additional leakage signdl reaching the eardrum. In
literature this leakage signal is also referred to as Vierdtigh
or direct sound [18][19]. No direct processing can be done on

Fig. 2. Delays in hearing aid system




Acoustic domain

Aref + AHA + Aalg + Asec < Apri (18)

The causality margin is then defined as:

0= Apri - (Aref + AHA + Asec) (19)

, 1.e., the delay (number of taps) that can be introduced by the
DSP algorithms in the hearing aids such that the system s
satisfies (18):

il
Fig. 3. Multichannel ANC

Aag <6 (20) microphone signals are then:
When é > 0 the DSP algorithms can introduce a delay Y, = C-Xp me {1...M}
Agag > 0. It is then possible to design a causal ANC. When Y' = [vi...Yy] (21)

0 < 0 the ANC has to be designed as a non-causal filter. h q h b ) d offi . lassi
In practice, this criterion does not define a hard limit but it The secondary path can be estimated off-line using classic

gives an indication on the performance to be expected frdﬂ?nt'f'cat'on methoFis based for exa_lmple on !_east Mean
an ANC scheme. The bandwidth on which it is possible t%q_uare (LMS)_ algorlthlfn_S [24], or on-line by addlng_ random
achieve good ANC performance reduces with the causal |se_t0 the S|gnal_ exciting the seconplary path, as intredluc
margin & specified in (19). When (20) is not satisfied, th Eriksson et al. in [25] and later refined by Kuo et al. [26]
ANC efficiency vanishes quickly [20]. Delay is thus a criticaand Zhang et al. [27]‘_ o H ) .
problem in ANC and many approaches have been develop c]-_he ANC ogt_pu.t signal iV X, where the filterW is
to try to deal with it [21], [22]. esigned to minimise the MSE:

In practice, to ensure the causality of the scheme, the filter Jane = E{|C-WHX + L%} (22)
coefficients are computed in the frequency-domain while the ) ) o )
actual filtering operation is performed in the time-domairf:\Ssuming that the secolndary path |dent|f|cat|on error islisma
in a similar way as presented in [21]. The time-domaiff’ = C) and that the filtetW is adapting slowly, the MSE
delayless ANC filter is obtained by taking tReV-IDFT of Cfiterion (22) can be written as follows:
the frt_aqu_ency-domain vectpr coefficient. The resultingetim Janc ~ E{WHY + L} (23)
domain filter contains afV-dimensional causal part andN&
dimensional anticausal part. The time-domain filter effety The FXMWF minimising (22) is then:
applied to the microphone signals is truncated to fkie
dimensional causal part. The algorithmic delay introduioed

the filter then reduces thag = 1. _ Here Ry is the correlation matrix of the filtered microphone
Note that, due to the inverse DFT and the truncation, tgynaisy andry; is the cross-correlation vector between the

effect of causality on the frequency-domain version of thgiareq microphone signal¥ and the leakage signdl.
ANC schemes is unclear and difficult to analyse. Therefore,

in this article the frequency-domain ANC schemes are mainly Ry = E{YY"} (25)
operating on a system with a sufficiently positive causality ryp = E{YL*} (26)
margin ¢ > 0), so that the effect of the truncation is indeed _

limited. This corresponds to neglecting the hearing aicgtel Where * denotes the conjugate of a complex number. The
(Ana = 0) in which case the causality margin typically varietéakage signall can be estimated from the error signal

between O taps and 3 taps (#6kHz), depending on the &S follows:

Wanc = —Ry 'y (24)

geometry of the sources. A study of the impact of causality L—Z_CWIX~Z_CY 27)
on the performance of the time-domain integrated ANC and
NR scheme can be found in [12]. In practice the cross-correlation vector is then estimated

In this paper, the DFT is applied with2V — 1-tap overlap recursively using:
in order to obtain a filter as close as possible to the optimal s = %
filter at each time instank. This overlap value leads to a fyo=Aye+ {1 -NYL (28)
high complexity algorithm. In practice, the system to idignt _ _ ) )
is varying slowly and the signals can be considered to k& !ntegrated active noise control and noise reduction
stationnary over at leag0 to 30ms. The overlap could then Filter (24) can be used to compensate for the signal leakage.
easily be reduced t@v. With this overlap value and usingIn the speech enhancement context however, the goal is to
an MWF implementation baseds.g., on general singular deliver a desired speech signal at the user’s eardrum. T AN
value decomposition [23], it could be realistic to considehen has to be performed together with the NR.
implementing the FXMWF in a real-time system. This subsection presents a frequency-domain version of the
All subsequent schemes rely on a filtered-X type operati@eheme introduced in [12] which integrates the ANC and the
based on an estimaté of the secondary patéi. The filtered NR in a single set of adaptive filters and which is shown in
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(a) Geometric description (b) Sound field
Fig. 5. Sources distribution and sound field. The dashed lirpresent the
sound field from the secondary source. The dotted lines septehe sound
:Z{F'd from the leakage.

Fig. 4. Integrated ANC and NR

Figure (4). The purpose of the NR is to provide an optim

estimate of the desired speech sigh®|r (5). The aim is to I1l. I NTEGRATED ACTIVE NOISE CONTROL AND NOISE
deliver this desired speech signal at the eardrum in spite of REDUCTION AT A REMOTE POINT
secondary path effects and the signal leakage. The scheme described above achieves noise control at the

The purpose of the ANC is now to cancel the noisgar canal microphone. Ideally, this should be located at the
component.™ of the leakage signdl arriving at the eardrum. eardrum. In practice, however, this is not possitile, the
In the hearing aids context, the speech component of t8gntrolled point can be only located a few millimetres away
leakage signal can provide cues whigy., are helpful for from the eardrum. The ANC can then only generate a so-
speaker localisation. Therefore, it is chosen here to danggjled zone-of-quiet around the ear canal microphone amd th
only the noise component of the leakage signal and presegygnal which is actually reaching the eardrum is unknown and

its speech component. uncontrolled.
The overall desired signal (at the eardrum) to be used is
then:

A. Remote point model

To study the performance of the ANC and NR schemes
over the zone-of-quiet, the ear canal microphone is chasen t
be the origin of the 2-dimensional coordinate system used to

Jne = E{|C-WHX + L" — Dyg|?} (30) determine each point of the space (presented in Figure. %a))
is then possible to estimate the sound pressure at a particul

Assuming that the secondary path identification error fintr = (rsinf , rcos#) in the ear canal, when the sound
small € ~ C) and that the filteW is adapting slowly, the pressure at the ear canal microphone and the type of the

Dynt = Dy + LP (29)

Hence the MSE criterion to be minimised is:

MSE criterion (30) can be written as follows: sound sources generating the sound field in the ear canal are
i . ) known [13][14][15].
Jine = E{|[W™Y + L™ — Dyngr|"} (31)  The external sound sources (the speech source 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 hence a plane wave model can be used. Assuming
also that the ear canal acts as a waveguide and that the
(32) S;S)Iane waves from different directions are uncorrelated, (@

Here ry.p,, and ry... are the cross-correlation Vectorsy, . fie|q generated by the leakage can be modelled as one
between the filtered microphone signalsand the desired 5"

signal Dyg and the noise component of the leakage sign
L™, respectively.

The FXMWF minimising (30) is then:

Wit = R;/l(rYDNR — rYLn) = R;/l(rysDNR — rynLn)

ane wave propagating along the ear canal axis (chosen to be
e axisa) as presented on Figure 5(b). The sound pressure at

pointr resulting from the leakage signal can then be expressed
Foer  —ELYDEY — GH ELYSXSH 33) as follows:
veow =E(YDig) = GILE(YV'X"}  (39) 1) = L(0) 1) )
rynpn =E{Y"L""} (34)

where
Where the noise component of the leakage sighalan be 6i(r) 2 oWt (37)

estimated, during “noise only periods”, from the error sign
Z"™ as follows:

with ¢y the speed of sound in air arfd0) the sound pressure
resulting from the leakage signal at the ear canal microphon
I"=27" _C-WIX"~ 7" _—C. V" (35) The hearing aid loudspeaker (secondary source), is located
atrg = (rosina, rocosa). The ear canal is assumed to
In practice, the cross-correlation vectors are then estichabe in the near field of the hearing aid loudspeaker. A simple
recursively according to (28). model to study the sound field generated by the hearing
The time-domain version of the above scheme, based onaid loudspeaker is then the monopole-point-secondaryesou
adaptation employing an error signal (30) measured with theodel [14]. The use of this model can be justified by the
ear canal microphone, has been derived and evaluated in [E2pall dimension of the hearing aid loudspeaker. The sound



field generated by the hearing aid loudspeaker is then askurttee cross-correlation vector betwe¥iir) and L(r), i.e, the

to be circular with decaying amplitude: leakage signal. at the RPr.
U(r) =U(0)da(r) (38) Ry (r) = IE{Y(r)Y(r)H} (48)
where ryp(r) = E{Y(r)L(r)"} (49)
Sa(r) & 0o TIwE 39
2(r) = Ir— r0|e ° (39 Filter (47) is then a FXMWF-based ANC filter applied on the

] ) ) filtered microphone signal¥™ to attenuate the leakage signal
WIth U(0) the sound pressure resulting from the hearing aifl ot filtered by the corresponding acoustic modglg)
signal Z at the ear canal microphone andd (r), respectively. It can then be used to compensate for

U)=C-z (40) the signal leakage at a distant pomt

The cost function (46) can be rewritten as follows:
and Ar defined in Figure (5(a)).

Note that the subsequent schemes can be adapted if these Janc(r) = E{|C(nW"X + L(r)[*} (50)
acoustic models are replaced by other models. The method:l.he RP-based ANC scheme is then merely an FxXMWF-
ology applied stays valid as long as it is possible to ﬁngased ANC canceling the noisk(r), where the secondary
a mathematical model to describe the acoustic propagatlé)ékhc is replaced byC(r) = 52(”0’
from the sources (speech source, noise sources and segondar '
source) to the eardrum.

Using Parseval's theorem, the power of the total sourfd Integrated active noise control and noise reduction

pressure signal and the SNR at poincan be expressed as |n a similar way, a filteWq(r) may be defined correspond-

follows: ing to a RPr. This filter then minimises the MSE criterion (30)
1 (7 rewritten at pointr, based on (36) and (38):
Powr) = o |61(r)L(0) 4 62(r)U(0)[*dw (41) P (36) (38)
Pow (1) J(r) = E{j52()OWHX + 5,(1)L" — Dugl?} (51)
SNR(r) = W(r) (42) Assuming that the secondary path identification error is

Interferences which are destructive at the ear canal micrsrpaII € ~ C) and that the filteM is adapting slowly, the

phone (thus allowing ANC) may become constructive at a R .SE criterion (51) can be written as follows:
The noise component of the leakage may then be amplified Jint(r) = ]E{|§2(r)WHY + 61(r)L™ — Dnr|?} (52)

at the eardrum instead of being attenuated, resulting irwa lo ) ) )
SNR(r). Assuming that the speech and noise component of the signals

are uncorrelated, the optimal filter (FXMWF) minimising {52

. . is then:
B. Active noise control

When the noise is to be controlled at a paimway from the Wint(r) = Ry (62(N)ry Dy — 62(1)31(r) ryzn)
ear canal microphone and when the acoustic propagation from " |62(r)[2 (53)
the sources to the RP can be modelled, the MSE criterion (22 W _ Ry (82(N)Nye pye — 02(r)81 (1) rynpn)
can be rewritten at point based on equations (38) and (36): ne(r) = 102(1)]2

_ H 2
Janc(r) = E{jox(r)OWTX +a1(r) L7} (43) Filter (53) then allows to deliver a desired speech signdl an

Assuming that the secondary path identification error gmpensate for the noise component of the leakage signal at
small € ~ C) and that the filteW is adapting slowly, the @ pointr which is away from the ear canal microphone.

MSE criterion (43) can be written as follows: Alternatively, (52) can be written as:
Janc(r) = E{|02(r)WY + 6,(r)LI*} (44) Jint(r) ~ E{\W?Y(r) + L"(r) — Dngr[*} (54)
The FXMWF minimising (43) is then: and then filter (45) reduces to:
Sa(r)dy (r)* Wine(r) = Ry (1) 'ry p, (r) (55)
Wanc(r) = — 2(5) r1(2) RerYL (45) "
[2(r)] Here ryp,, (r) is the cross-correlation vector between the
Alternatively, (44) can be written as follows: filtered microphone signal¥ and the desired signdD, at
the RPr.
Janc(r) =~ E{WHY (r) + L(r)[*} (46) Fy (1) = ELY (1) Dyt (r)*} (56)
and then filter (45) reduces to: Assuming that speech and noise are uncorrelafes), (r)
Wanc(r) = —Ry (1) "2ry 1 (r) (47) can be expressed as follows:
HereRy (r) is the correlation matrix o¥ (r), i.e, the filtered ryDw(r) = TysDw(r) —Tynen(r) (57)

microphone signaly’ estimated at the RP andry . (r) is = E{Y*(r)Dnr(r)*} —E{Y"(r)L"(r)"}



Filter (55) can then be rewritten as: Depending on the number of sound sources (speech source
_ lus noise sources) the output SNR is then:
Win(r) = Ry (1) " (fy« pug (f) — Tynpe(r))  (58) © ) P

Filter (58) provides an integrated ANC and NR applied to SN Binyq<m) = p = SNRNR(noLeakage)
the filtered microphone signal® and the leakage signdl (p+1)2 (Ppyp + 8+ p R.P) + Ees
both estimated at the RP SN Ring(@>m) =
The cost function (54) can be rewritten as follows: iz (Poye + 8+ P'R.P) + E. 7
. )
Juse(r) ~ E{|C()W"X + L"(r) — Dnel*}  (59) The remote-point integrated ANC and NR then allows to
The RP-based integrated ANC and NR scheme is thegstore the performance of the integrated ANC and NR at
merely and FXMWF-based integrated ANC and NR cancelli@pintr [17].
the noiseL™(r) and delivering the desired speech sighiai,

where the secondary patfi is replaced byC(r). V. INTEGRATED ACTIVE NOISE CONTROL AND NOISE
REDUCTION OVER A ZONEOF-QUIET
D. Single speech source scenario The ultimate goal is to control the signal at the eardrum.

It has been explained in [17] that the leakage signal can bherefore it is more relevant to design a filter adapted to
. . S ; : 2%esired zone-of- quiet rather than a single RP. Capitglizi
approximated by a linear combination of the input signals

on the RP-approach, this section introduces the Zone-of-
L=P'x+ er (60) Quiet (ZQ) model, the ZQ-based ANC scheme and the ZQ-

based integrated ANC and NR scheme derived based on this

The leakage signal at pointcan similarly be approximated 7z model. The latter scheme has previously been presented

by a linear combination of the inputs: in [16].
L(r) = 6, (r)L(0) = P rNX+er(r 61
") 1N LO) ") e (") (61) A. Zone-of-quiet model
where The average signal power and the average SNR over a
P(r) =0, (r)P (62) desired zone-of-quief are defined as:
er(r) =0i(rer (63) aPow(s) 2 / Pow(r)ds (72)
The estimation erroe(r) is then orthogonal to the mi-
crophone signals and to the microphone signals filtered by aSNRS) £ 3 / SNR(r (73)
P(r) [24]. If the filter W(r) varies slowly e.(r) is also -
orthogonal to the microphone signals filtered by whereS is the area of5.
. The filters introduced in the previous sections minimise
EE{X(w)eL(“) b= 0 (64)  MSE criteria at a particular point (the ear canal microphone
E{P(w)¥Xer(w)*} = 0 (65) in Section Il or a RP in Section Ill) and may exhibit degraded
E{W(w)#X(w)er(w)*} = 0 (66) performance in terms of average signal power or average SNR

) over a desired ZQ (see also Section V).
The integrated ANC and NR scheme at RE55) canthen | grder to derive new filters which are efficient on a desired

be rewritten as: ZQ S the average MSE (aMSE) criterion over a desired ZQ
Cc* _ - ined:
Wi (1) = |62( T 1(52(r)RXsG1,DNR—52(r)RznP(r)H) has to be defined: 1
(67) aJMSE(S) = § / JMSE(r)dS (74)
The filter (67) then reduces to: S
cr)* 4 N B. Active noise control
Wi, —_R3'(Rx-G1, Dxg — Ryn P(r 68 o _
(1) = cm)E X (Rx N (r)") (68) When the noise is to be controlled over a desired ZQ

In a single speech source scenario, the autocorrelat®i@y from the ear canal microphone and when the acoustic
matrix of the microphone signals is rankand applying the Propagation from the sources to a RP can be modelled, the

Woodbury identity to inverRy leads to: aMSE criterion to be minimised can be written as:
1 2
00 Ry Ry o alme(S) = g [ E(lEmcnPs  (79)
Wi (1) = (000 (R R (G 4P — PO S Js
[C(r)] +p ) Eac(r) = C-WHX(r)+ L(r) (76)
The output SNR of the RP-based integrated ANC and NRAssummg that the secondary path |dent|f|cat|on error is

_ aMSE crlter|0n (75) can be written as follows:
E{|C(r)"W"X* + X*P(r)"|?}

SNRO) = gremwixt txpnipez; 00 adaelS) ~ ;/E{Wz( OWTY +5(NL2KS  (77)




The integration being a linear operator, the aMSE criteciam
be rewritten as:
WHRyW
WZRyW / 16,(r)[2dS
S s

WHTYL

- /Ség(r)él(r)*dS]

R
¥ TL/ 16, (r)|?dS
S Js

whereR, is the auto-correlation of the leakage sigial

aJANc(S) ~

+ 2R

(78)

R =E{|L*} (79)
The FXMWF minimising (75) is then:
m2,1(8) 51
w S)=-——= Ryr 80
ANC( ) 772,2(5) vy 'YL ( )
with
1
ma(s) £ g [ [8()Pas 1)
S
1
772,1(5) £ E/ég(l’)§1(r)*ds (82)
S

C. Integrated active noise control and noise reduction

where

Rzq(S) = m2(S)Ryy(w) (89)

er(S) = ng(S)rysDNR —ng,l(S)rynLn (90)
where 72 2(S) and 721(S) are defined in (81) and (82),
respectively andp(.S) is defined as:

m(S) £ 5 [ 6a0ds o)

V. EXPERIMENTAL RESULTS

The schemes introduced in Section Ill and Section IV have
been tested experimentally for both ANC and integrated ANC
and NR and their performance has been compared with the
performance of a standard ANC scheme and the original
integrated ANC and NR scheme [12] described in Section Il,
respectively.

A. 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-microphones behind-
the-ear (BTE) hearing aid. The sound sources (FOSTEX

In a similar way, a filteiVn:(S) may be defined correspond-6301B loudspeakers) were positioned at 1 meter from the
ing to a desired ZQ5. This filter then minimises the aMSE centre of the head. The speech source was locat&daatd the

criterion:
WIn(S) = 5 [ E(BnF}ds (83)
Bn(r) = C-WIX(r)+L"(r)—Dxe  (84)

Assuming that

noise source &t70°. The BTE was worn on the left ear, facing
the noise source &0°. Commercial hearing aids currently do
not have an ear canal microphone, therefore the artificial ea
simulator is used here as ear canal microphone to genegte th
error signal. The tests were run on 22 seconds long signals.

the secondary path identification error fEhe noise was a multitalker babble from Auditec [29]. The

small € = C), that the filterW is adapting slowly and that speech was composed of three sentences from the HINT
the noise and speech components of the microphone sigridsabase [30] concatenated with silence periods. All ineads
are uncorrelated, the aMSE criterion (83) can be written asvere sampled at 16kHz.

1
aJin(S) = g / E{|62(r)WHYS — DNR|2dS}
S

1

+5 /S E{|6,(0)WHY™ + 5, (r)L"[?dS}  (85)

The integration being a linear operator, the aMSE can Re,

rewritten as:

WHRy W
aJm(S) = Ty/wg(r)ﬁds
S
H
n 2%[M/52(r)51(r)*d5]
S s
H
_ o WY Dw / 55(r)dS]
S s

Rpn
+ —g /|51(r)|2d5+|G|2Ry (86)
s

In these experiments, the ear canal microphone was consid-
ered to be located 15mm away from the eardrum. The hearing
aid loudspeaker is located 20mm away from the ear canal
microphone and the angleis set to%7T (as shown in Figure 6).

The MWF length is set taV = 128, and, in the case of
integrated ANC and NR schemes, the NR delay is set
to half the filter length A = 64). The secondary patty' is
estimated off-line using an identification technique basaed
the Normalised-Least-Mean-Squares (NLMS) algorithm. The
length of the estimated patfis is set toL = 32.

The RP-based schemes (ANC and integrated ANC and NR)
are designed to optimise the MSE criterion at the centraitpoi
of the eardrum (pointty; in Figure 6).

In the case of ZQ-based schemes (ANC and integrated ANC
and NR schemes), two different zones are considered, the firs
zone (zone 1 in Figure 6) is a section of the portion of the

Here Ry~ is the auto-correlation of the noise component ¢far canal between the ear canal microphone and the eardrum

the leakage signal™:

Rp» = E{|L"|?} (87)
The FXMWF minimising (74) is then:
Wint(S) = Rzq(8) 'rzq(5) (88)

(considered to be a 15mm by 10mm rectangular zone), the
second zone (zone 2 in Figure 6) is a section of the close
neighbourhood of the eardrum (considered to be a 5mm by
10mm rectangular zone).

The performance measure used for the ANC schemes is
the residual noise power at the eardrum. The reference power



b [ [ Pow®) [ Powfpy) |
[ Standard ANC [ 107 ] 538 |
Seaondary source [__Remote point ANC | -4 | -10.6 |
Tympanic mebrane TABLE |
Zore1 |22 NOISE POWER AT THE EAR CANAL MICROPHONE AND AT THE EARDRUM
a (INDB), 6 = 3.
Eacmﬁ [ [ min(Pow) T max(Pow) | aPow |
microphone all [ Standard ANC [ 75 [ 54 [ 64 |
. . . [ ZQ-based ANC (Zone 2)| -10.9 | 96 | -106 |
Fig. 6. Simulation setup. TABLE Il
) ] ) _ MINIMUM , MAXIMUM AND AVERAGE NOISE POWER OVER ZONE2 (IN
is the power of the leakage signal’s noise component, which DB),§ = 3.

can also be considered as the residual noise power when the

hearing aid is turned off. Note tha‘F it ca}n be_shown from (3(@3igure 7(a)), a RP-based ANC scheme designed to minimise
that_ the power of Fhe I_eakage signal’s noise componentjs; noise at pointry: (Figure 7(b)), a ZQ-based ANC scheme
stationary in spacel.e., in t.he ear canal. The performancgjesigned to minimise the noise power over zone 1 (Figur 7(c)
measure is then written as: and a ZQ-based ANC scheme defined to minimise the noise
APOW! (1) = PowW,(r) — POW. (92) Power over zone 2 (Figqre 7(d)). All these schemes are based
on a FXMWF. For the first set of results presented here the

where Po,(r) and Pow, are the power (in dB) of the hearing aid delays are neglected s = 0) resulting in a
residual noise at pointand the power of the noise componen¢ausality margin = 3.

of the leakage signal, respectively. The standard ANC scheme allows to reduce the noise
Pow,(r) = E{WHX"(r)+ L")} (93) Ppower by abput 10dB at the ear cgnal microphone but its

PowL, = E{L"?} (94) performance is degraded to a reduction of 4dB at the eardr_um

eak (rrMm). The RP-based ANC scheme allows to reduce the noise

The performance measure used for integrated ANC ap@wer by about 10dB atry and therefore restores the ANC
NR schemes is the intelligibility-weighted SNR. Evaluatio performance at the eardrum (Table I). When the noise is to
of NR in hearing aids can rely on a variety of performandee controlled over a desired zone-of-quiet, however, the RP
measures and most commonly perceptual measures suchaged ANC scheme does not provide a satisfying approach as
the speech reception threshold (SRT), listening effortimga its residual noise power quickly increase when moving away
or preference rating. Evaluating perceptual measuresresqufrom ry;.
listening tests which were not carried out during this work. The noise reduction performance of the ZQ-based ANC
The intelligibility-weighted SNR, however, has been shdwn designed to minimise the noise over the close neighbourhood
be correlated with the SRT and is therefore used here a®fathe eardrum (zone 2) is shown in Figure 7(d). When the
performance measure. standard ANC scheme achieves an average noise reduction of

The leakage SNR, which can also be considered as the SBB over the considered zone, the ZQ-based ANC scheme
when the hearing aid is turned off, is used as a referenaehieves an average performance of about 10dB. The maxi-
measure. Note that it can be shown from (36) that the SNRmium noise power over the considered zone then drops from
the leakage signal is stationary in spaice, in the ear canal. -5.4dB with the standard ANC scheme to -9.6dB with the
The intelligibility-weighted SNR improvement [31] is defid ZQ-based ANC scheme (Table I). The risk of constructive
as: interferences is then highly reduced.

When the noise is controlled over the full ear canal (zone
ASNRpteliig (1) = Z Ii(SNR ou(r) — SNR; jeak) ~ (95) 1), the average noise reduction delivered by the standai@ AN
! scheme is 8dB. The ZQ-based ANC scheme set to minimise

for the RP-based schemes, and: the noise over zone 1 (Figure 7(c)) achieves an average noise
1 reduction of about 10dB improving the performance of the
aASNRnelig = S /s ASNRnelig (1)dS (96)  standard scheme by almost 2dB. The maximum noise power

over the ear canal also drops from -5.4dB with the standard
ANC scheme to -7.4dB with the ZQ-based ANC scheme
(Table III).

It appears that for the standard ANC scheme the noise
reduction performance quickly decreases when the ear canal

icrophone is away from the eardrum. The RP-based approach
e%I_ows to restore the ANC performance at a single point but
ét%fperformance also decreases when moving away from the
optimised point. When the noise is to be considered over a
zone-of-quiet, the ZQ-based approach has shown to provide
. . significant performance improvement. It also allows to keep
B. Active noise control the maximum noise power over the zone-of-quiet at a lower

The residual noise power has been computed in the ear cdeaél than with the standard ANC scheme, thus preventing for
and the performance is presented for a standard ANC schemessible constructive interferences.

for the ZQ-based schemes.

Herel, is the band importance function and SNR(r) and
SNR,; jeak represent the output SNR at pomand the leakage
SNR (in dB) of theith band, respectively.

At this stage, the signals at distant poin) @re obtained
based on acoustic propagation models. A final validation
the algorithm would, however, require sound pressure m
surements along the ear canal but those are not the focu
this paper.
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[ [ min(Pow) | max(Pow) | aPow | [ [ min(Pow) | max(Pow) | aPow |
[ Standard ANC [ 109 [ 54 [ -8 | [ Standard ANC [ 87 ] 3 [ 34 ]
[ ZQbased ANC (Zone )| 109 | 74 | 97 | [ ZQbased ANC (Zone 2)| 44 | 42 | 43 |
TABLE Il TABLE V
MINIMUM , MAXIMUM AND AVERAGE NOISE POWER OVER ZONE1 (IN MINIMUM , MAXIMUM AND AVERAGE NOISE POWER OVER ZONE2 (IN
DB), é = 3. DB), 6 = —1.
[ [ Pow@) [ Powfrpy) ] [ [ min(Pow) | max(Pow) | aPow |
[ Standard ANC 45 [ 32 ] [ Standard ANC [ 44 | 3 [ 38 |
[_Remote point ANC [ 175 | 41 | [ ZQbased ANC (Zone )| 44 | 35 | 42 |
TABLE IV TABLE VI
NOISE POWER AT THE EAR CANAL MICROPHONE AND AT THE EARDRUM MINIMUM , MAXIMUM AND AVERAGE NOISE POWER OVER ZONE1 (IN
(INDB),6 = —1. DB),§ = —1.

_The performance detailed above is obtained for a suffigienfiegative causality margin, the performance of the ANC-iase
high causality margini(= 3). Itis important, however, o keep schemes is degraded. Therefore, the results presenteésin th
in mind that the causality can greatly affect the perforneangection are obtained while neglecting the hearing aid delay
of any ANC-based scheme. Therefore, Tables IV-VI Preseii, . = 0), i.e, the causality margisi = 3. A more complete

the performance of the standard ANC scheme, the RP-bagggy of the impact of the causality on the performance of the
ANC scheme and the ZQ-based ANC scheme when the Sysmgrated ANC and NR scheme can be found in [12].

is slightly non-causalq = —1). Tables VII-IX present the 1 griginal integrated ANC and NR scheme delivers a SNR
performance of the standard ANC scheme, the RP-based ANyt 9dB at the ear canal microphone but its performance
scheme and the ZQ-based ANC scheme when the systemkifiyctuating over the ear canal (Figure 9(a)) and its output
highly non-causald = —10). _ 'SNR eventually decreases to 4.4dB at the eardmymy). The

When the ANC has to operate on a setup with a negatigg_hased integrated ANC and NR scheme delivers a 9.7dB
causality margind = —1), the noise power reduction perfor-gNR atrry; and therefore restores the original integrated
mance at the ear canal microphone is degraded from ab@g{c and NR scheme performance at the eardrum (Table X).
10dB (with 6 = 3) to 4.5dB. This performance is reducedyhen the noise is to be controlled over a desired zone-aftqui
furthermore at the eardrum to a noise power reduction Ofab%wever, the RP-based integrated ANC and NR scheme does
3dB. The RP-based approach allows to almost fully restogg; hrovide a satisfying approach as its SNR quickly de@®as
this performance at the eardrum while the ZQ-based ANG moving away fron ;.

scheme allow to restore about 0.5dB to 1dB of the averagerpe sNR performance of the ZQ-based integrated ANC and
noise reduction over the desired ZQ, depending on the 4@ scheme designed to minimise the noise over the close
considered. When the causality margin is slightly negatiyR,ghhourhood of the eardrum (zone 2) is shown in Figure 8(b)
(0 = —1) the performance of the ANC schemes is degradegly compared to the performance of the original integrated
but the behaviour of the RP-based scheme and the ZQ-baaRft and NR scheme over the same zone (Figure 8(a)). When
scheme stays the same as when operating on a causal sefR-griginal integrated ANC and NR scheme achieves an aSNR
When the causality margin is further reduced( —10) the ¢ 4 94B over the considered zone, the ZQ-based integrated
performance of the standard ANC scheme is degraded and &\ and NR scheme achieves an aSNR of about 9dB. The
change due to the RP-based scheme or the ZQ-based schefifitnum SNR over the zone then increases from 4.1dB with

is insignificant. the original integrated ANC and NR scheme to about 8dB with
the ZQ-based integrated ANC and NR scheme (Table II).
C. Integrated active noise control and noise reduction When the zone-of-quiet to be considered is the full ear canal
The SNR has been computed over the ear canal and fhene 1) the aSNR (Figure 9(a)) delivered by the original
aSNR has been computed over the two zones of quiet fategrated ANC and NR scheme is 6.4dB. The ZQ-based
the output of the original integrated ANC and NR schemiategrated ANC and NR scheme designed to minimise the
the RP-based integrated ANC and NR scheme designedatdSE over zone 1 (Figure 9(b)) delivers an aSNR of 8.3dB.
minimise the MSE criterion (51) at poimtry;, @ ZQ-based The minimum SNR over the ear canal then increases from
integrated ANC and NR scheme designed to minimise tdeldB with the original ANC and NR scheme to about 5.9dB
aMSE criterion (83) over the ear canal (zone 1) and a Z@#th the ZQ-based integrated ANC and NR scheme (Table I1).
based integrated ANC and NR scheme designed to minimise
the aMSE criterion over the neighbourhood of the eardrumlt appears that the performance of the original integrated
(zone 2). It has been shown in the previous section that,avittANC and NR scheme quickly decreases when the ear canal
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[ Standard ANC [ 02 T 02 T 01 ] [ Originalintegrated ANC and NR | 9.1 | 44 ]
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TABLE VIl TABLE X
MINIMUM , MAXIMUM AND AVERAGE NOISE POWER OVER ZONEZ2 (IN SNRPERFORMANCE AT THE EAR CANAL MICROPHONE AND AT THE
DB), ¢ = —10. EARDRUM (INDB), § = 3.
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