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Abstract—Binaural hearing aids use microphone signals from
both left and right hearing aid to generate an output signal for
each ear. The microphone signals can be processed by a procedure
based on speech distortion weighted multichannel wiener filtering
(SDW-MWEF) to achieve significant noise reduction in a speech +
noise scenario. In binaural procedures, it is also desirable to pre-
serve binaural cues, in particular the interaural time difference
(ITD) and interaural level difference (ILD), which are used to lo-
calize sounds. It has been shown in previous work that the binaural
SDW-MWEF procedure only preserves these binaural cues for the
desired speech source, but distorts the noise binaural cues. Two
extensions of the binaural SDW-MWF have therefore been pro-
posed to improve the binaural cue preservation, namely the MWF
with partial noise estimation (MWF-17) and MWF with interaural
transfer function extension (MWF-ITF). In this paper, the binaural
cue preservation of these extensions is analyzed theoretically and
tested based on objective performance measures. Both extensions
are able to preserve binaural cues for the speech and noise sources,
while still achieving significant noise reduction performance.

Index Terms—Binaural cues, binaural hearing aid, localization,
multichannel Wiener filtering, noise reduction.

1. INTRODUCTION

ODERN hearing aids make use of noise reduction
M algorithms to improve speech intelligibility in back-
ground noise. Hearing aids are usually fitted with multiple
microphones, which generally leads to an improvement in
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noise reduction performance because spatial sound information
can then be exploited in addition to spectral information. In a
binaural setup, the hearing impaired person has two hearing
aids that communicate over a wireless link [1]-[10]. In prin-
ciple, microphone signals from both hearing aids could be
shared, leading to further noise reduction performance com-
pared to a monaural configuration or bilateral configuration
in which two hearing aids work independently. Current noise
reduction algorithms in bilateral and binaural configurations
are not designed to preserve the binaural cues, in particular the
interaural time difference (ITD) and interaural level difference
(ILD), which are used to localize sounds [11]. Preservation
of binaural cues is crucial as incorrect sound localization can
endanger the hearing aid user. In addition to sound localization,
binaural cues also improve speech perception in noisy environ-
ments. The so-called spatial release from masking effect leads
to a speech intelligibility improvement of up to 10 dB [12].
Part of this improvement is caused by the spatial separation
of speech and noise sources which generally improves the
signal-to-noise ratio (SNR) at one of the ears. Another part is
however purely caused by the binaural processing, and denoted
as binaural unmasking. Other studies confirm this and report
speech reception threshold (SRT) improvements of 2-3 dB due
to the binaural processing [13]. In contrast to the monaural or
bilateral setups, a binaural noise reduction algorithm could
fully exploit this binaural unmasking effect to further improve
speech intelligibility.

In [14], a binaural noise reduction algorithm based on Multi-
channel Wiener Filtering (MWF) has been introduced, referred
to as Speech Distortion Weighted MWF (SDW-MWF). It has
been proven in [15] that this algorithm preserves the binaural
cues for the speech component, but changes noise binaural
cues to equal those of the speech component. The binaural
SDW-MWF approach is reviewed in Section III.

In [16], an extension of the binaural SDW-MWF algorithm
has been proposed, introducing a new tradeoff parameter. This
parameter allows a tradeoff between noise reduction perfor-
mance and the preservation of noise binaural cues. Perceptual
tests in [17] have shown that this approach, referred to as MWF
with partial noise estimation (MWF-n), enables correct local-
ization of both speech and noise components. Although noise
reduction performance decreases in this approach, this does
not necessarily lead to a loss in speech intelligibility due to the
compensatory effect of binaural unmasking [18]. In Section IV,
MWE-7 is reviewed and its binaural cue preservation is ana-
lyzed theoretically.

1558-7916/$26.00 © 2009 IEEE
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Fig. 1. General binaural processing scheme.

In [15], a different extension was proposed to tradeoff noise
reduction performance for better cue preservation. Here, the
MWEF cost function is extended with extra terms related to the
interaural transfer functions (ITF) of the speech and noise com-
ponents. Simulations in [15] with this MWF-ITF algorithm have
shown that it is then indeed possible to preserve both speech
and noise binaural cues. To reduce computational complexity, a
simplification was introduced in the MWF-ITF cost function to
obtain quadratic cost terms [19]. Remarkably, perceptual tests
in [19] showed an improvement in localization performance,
even though a simplified cost function was used. In Section V
closed form expressions for the optimal MWF-ITF filters are de-
rived. It is proven that this MWF-ITF approach cannot preserve
speech and noise binaural cues simultaneously, but that speech
and noise ITFs are changed into one and the same value, which
is a combination of the input speech and noise ITFs. However,
to explain the improvement in the perceptual tests, Section VI
illustrates that the obtained output ITF is related to the output
SNR.

Both extended MWF algorithms are validated using objec-
tive performance measures in Section VI. A direct comparison
is made, which evaluates both approaches. Finally, overall con-
clusions are drawn in Section VII.

II. CONFIGURATION AND NOTATION

A. Microphone Signals and Output Signals

We consider the binaural hearing aid configuration depicted
in Fig. 1, where both hearing aids have a microphone array con-
sisting of M microphones.! The mth microphone signal in the
left hearing aid Y7, ,,,(w) can be specified in the frequency-do-
main as

Yim(w)=Xrmw)+ Ve mw), m=1...M (1)
where X7 ,,(w) represents the speech component and
Vi m(w) represents the noise component. Similarly, the
mth microphone signal in the right hearing aid is equal to
Yem(w) = Xgm(w) + Vg m(w). For conciseness, we will
omit the frequency-domain variable w from now on.

We define the M-dimensional stacked vectors Yz, and Yg
and the 2M -dimensional signal vector Y as

1Tt is possible to use different array sizes as in [15], but here both arrays are
fixed at M microphones for the sake of simplicity.

Yr1

>

Yr1 v
,Yr=| ,Y:[Y;] 2
Yr M

Y, =
Yi.m

The signal vector can be written as Y = X + V, where X and
V are defined similarly as Y. The correlation matrix R, the
speech correlation matrix R, and the noise correlation matrix
R, are defined as?

R, = (YY"}, R, = £{XX"}, R, =&£{VVF} (3)

where € denotes the expected value operator. Assuming that
the speech and the noise components are uncorrelated, R, =
R: + R.,.

We will use the r1,th microphone on the left hearing aid and
the 7 gth microphone on the right hearing aid as the so-called
reference microphones for the speech enhancement algorithms.
Typically, the front microphones are used as reference micro-
phones. For conciseness, the reference microphone signals
Y1, and Yg ., at the left and the right hearing aid are denoted
as Y7, and Yy, which are then equal to

Y, =elY, Yp=elY 4)

where ey and egr are 2M -dimensional vectors with only one
element equal to 1 and the other elements equal to 0, i.e.,
er(ry) =1 and eg(M + rg) = 1. The reference microphone
signals can be written as Y7, = X + Vg, and Y = X + V3.

The output signals Z;, and Zp at the left and the right hearing
aid are obtained by filtering and summing all microphone sig-
nals from both hearing aids, i.e.,

Z,=WHIY, Zp,=Wiy (5)

where W, and W p are 2 M -dimensional complex weight vec-
tors. The output signal at the left hearing aid can be written as

Zy=Zop+ Zo = WEX+ WV (6)

where Z, 1 represents the speech component and Z,; repre-
sents the noise component of the output signal. Similarly, the
output signal at the right hearing aid can be written as Zp =
ZyR + Zyr = WgX + WgV. We define the 4M -dimen-
sional complex stacked weight vector W as
Wi, }

W ™

W= [
B. Special Case: Single Speech Source

In the case of a single speech source, the speech signal vector
can be modeled as

X=AS ®)

where the 2M-dimensional steering vector A contains the
acoustic transfer functions from the speech source to the micro-

2In [17] a distinction is made between R, 1, and R, g, but this distinction
is omitted here for notational convenience. Similarly, the definition (2) has been
altered compared to the definition found in [17].
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phones (including room acoustics, microphone characteristics,
and head shadow effect) and S denotes the speech signal. The
vector A is defined similarly as Y in (2), i.e.,

Ara

5

AL: 7AR:

Apm AR M

The speech correlation matrix is then a rank-1 matrix, i.e.,

R, = P,AAY (10)

with P, = £{|S|?} the power of the speech signal. The refer-
ence microphone signals at the left and the right hearing aid can
be written as

Y, =ArS+Vy, Yr=ARrS+ Vg (11D

with Ay, the rpth element of A;, and Ag the rgth element of
Ap.

C. Performance Measures

The input SNR is defined as the power ratio of speech and
noise component in the reference microphones, i.e.,

E{|XLI’} _ efRser
E{IVLPP} — efRuer
E{|XR[’} _ ef{Ruer
€{|VR|2} N engeR

SNR = (12)

SNRY =

13)

and the output SNR is defined as the power ratio of speech and
noise component in the output signals, i.e.,

SNRout — g{|Z1'L|2} — WLHREWL
Pzl WIR, W,
&{|Z.r?} WER,W

SNR(})%ut _ {| R|2} _ 1:[ R.
g{|Za:R| } WRRUWR

(14)

15)

The SNR improvement at the left and the right hearing aid is
defined as

SNRout SNRout
ASNRj, = L_ ASNRp = E_16)
SNR}" SNR%

The input and output interaural transfer function (ITF) of the
speech and noise components are defined as the ratio of the com-
ponents at the left and right hearing aid, i.e.,

XL egX ZmL _ W?X

ITF» = == = ITFo™ = = 17
P xp eix e =g T wix 17
W Vi oellv . Zo WHV

ITF" = = = , ITFo™ = = . (18
vV T erv T =z Ty (Y

In the case of a single speech source, the ITF™ and ITFS" are
independent of the actual input signal .S, namely,

L efA 4 WEHA
TP = SL= = 2L pppout — L
eRA AR WRA

19)

Hence, it is also possible to use alternative formulas for these
ITFs, namely,

] H H
ITF" — ef{RzeR _ eZRweL 20)
exR.er  epRgef
WHR, W WHR, W
ITF;ut _ L T R L T L (21)

T WHR, W, WHR, W’

These input and output ITFs are complex valued scalars, of
which the amplitude and phase can be defined as the (square
root of the) interaural level differences (ILDs) and interaural
time differences (ITDs), namely,

in _ engeR engeL *
ILD}' = i i
v epReer epReer

H
R,
= R (22)
epR.er
WIR, W
LD = L2 2L (23)
WHR, W
and
. efR ep
ITD =/ | L2722 ) = / (elR, 24
x <engeR> (eL ER) 9
ITD™ =/ (W/R,Wg). (25)

Formulas (20)—(25) will be used as ITF, ILD, and ITD defini-
tions, also in the more general case with more than one speech
source. The input and output ITF, ILD, and ITD for the noise
component are then also similarly defined as

. HR. HR
ITF? = SL 20Ok CL Ol (26)
epR.er  ezR.eg
H H
ITFgut _ WII;RUWR _ W[I;RWWL (27)
WIR,Wr WIR, W,
. efR,er
[LD" = L= 28
" eflR,ep (28)
WIR,W
Dot = L DL (29)
WHR,Wg
ITDY" = / (e¥'R,er) (30)
ITD™ =/ (WHR,Wg). (31)

The algorithms discussed in subsequent sections require the
noise covariance matrix R, to be of full rank, apparently
excluding the interesting case with one single noise source.
However, the above definitions will prove useful in practical
cases with, for instance, a single dominant noise source in
additive background noise such as sensor noise. Furthermore,
in a practical single noise source scenario, the R,, matrices will
generally be full-rank because of the finite dimensional discrete
Fourier transforms used for the frequency domain processing.
The ILD errors are calculated as

AILD, =10log;,(ILD2"") — 10log,,(ILD®)
AILD,, = 10log,,(ILD%") — 10log,,(ILD™).

(32)
(33)
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The ITD errors are calculated as
ITDS" — ITD®
AITD, = M
™

ITD"t — ITDI"
AITD, = |—

(34)

(35)
T

By this definition, AITD,, and AITD,, are relative errors which

always lie between 0 and 1.

III. MULTICHANNEL WIENER FILTER (MWF AND SDW-MWF)

A. General Case

The binaural Multichannel Wiener Filter (MWEF) produces a
minimum-mean-square-error (MMSE) estimate of the speech
component in the reference microphone of each hearing aid,
hence simultaneously reducing noise and limiting speech dis-
tortion [20].

To provide a more explicit tradeoff between speech distor-
tion and noise reduction, the speech distortion weighted multi-
channel wiener filter (SDW-MWF) has been proposed, which
minimizes a weighted sum of the residual noise energy and the
speech distortion energy [14]. The binaural SDW-MWEF? cost
function for the filter W, estimating the speech component X7,
in the reference microphone of the left hearing aid and for the
filter W  estimating the speech component X r in the reference
microphone of the right hearing aid is equal to

X - WH X} 2}

2
wiv
JMWF(W):S{H[XR—ng oo WV
(36)

wiv
where p provides a tradeoff between noise reduction and speech
distortion. The optimal SDW-MWF filters for the left and right
hearing aid are equal to

Wuwr.z = (R, + pR,) 'Reer
Wuwr.r = (Rs + #R,) 'Rer.

(37

B. Single Speech Source

As shown in [15], in the case of a single speech source, the
optimal filters are equal to

P.R;'A
Wwuwr,, = ———— A7
w+p
P.R;'A
Wuwr,r = LTAR
with
p=P,AIR A. (39)

3For conciseness, SDW-MWF is abbreviated to MWF in the formulas in this
paper, following the same convention as in [17].

This implies that Wyrwr, 7, and Wyiwr, g are parallel [21], 1.e.,

Wuwr,r, = ITE,"* Wywr R

(40)

with the interaural transfer function of the speech component
ITE;" now equal to
XL

. AL
ITF" = — = ——. 41
Using definition (14) and the fact that Wyrwr, 7, and Wywr, r
are parallel (40), the output SNRs of the left and right hearing

aid are the same and equal to

SNRY"™ = SNR%" = p = P,APR'A.

(42)

Using definition (16), the SNR improvement in the left and the
right hearing aid is equal to

(43)

with

P,p =el’Ryer, P,r=ellR,eg. (44)

As the SDW-MWEF filter weight vectors for the left and the right
hearing aid are parallel, the ITFs of the output speech and noise
components are the same and equal to ITF;

ITF" = ITFO" = ITF®

(45)

implying that all sounds (including the noise components) are
perceived as coming from the speech direction.

IV. PARTIAL NOISE ESTIMATION (MWF-7))

A. General Case

An extension of the binaural MWF that aims to partly pre-
serve the binaural cues of the noise component has been pro-
posed in [16] and validated through perceptual tests in [17] and
[18]. The objective is to produce an MMSE estimate of the sum
of the speech component and a scaled version of the noise com-
ponent in the reference microphones. This partial noise estima-
tion was also presented in [22] and [23] in single-channel noise
reduction procedures. The cost function of the SDW-MWF with
partial noise estimation (MWF-n) is equal to

2

X, —WHX
Jawrn (W) = 5{ H [XIZ; B W%X]
2
Vi — WV

with the scaling parameter 0 < 7 < 1. When 1 = 0, this cost
function reduces to the standard SDW-MWF cost function in
(36). When 7 = 1, the optimal filters are equal to Wrwry, 2 =
er and Wyrwry, R = €Rg, resulting in perfect preservation of
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the binaural cues for the speech and the noise component, but
no noise reduction. The optimal filters for each hearing aid are
equal to

(RI + /I,R ) (Ra: + U/LR'U)eL
(1 =n)Wywr,L +ner

Wl\'[WF'r; (RT + MRU) (RT + UMR'U)eR
(1

— n)Wuwr,r + N€R.

Wunwrn, L

(47)

The MWF-n procedure thus corresponds to a mixing of the
output signal of the standard SDW-MWF [weighted with (1 —
1)] and the reference microphone signals (weighted with 7).

B. Single Speech Source

Using (38), in the case of a single speech source, the optimal
filters are equal to

P.R1A
Wirwre,,r = (1 —n)——A} +ner
==y
P.R,IA
Wuwry,r = (1 — U)f rtner.

Plugging the filters (48) in definition (14), the output SNRs for
the left and right hearing aid are obtained as

SNRO™
(npe+ p)*>SNRY

T (1= 1) (20 + p+ np)SNRY + 2 (1 + p)?
SNR%"

_ (112 + p)*SNR;
(1 =n)(2np + p +1p)SNRE + n*(1 + p)?

(49)
where
. PS|AL|2 . PS|AR|2
SNR} = ——“—, SNRj{H = ———. 50
L efR,,eL’ R eg vEeR ( )

The output SNRs for the left and right hearing aid are now only
the same if the input SNRs are the same, or if n = 0, in which
case the output SNR of the SDW-MWF approach is obtained
(i.e., SNR}" = SNR%" = p).

Using (49) and definition (16) and by defining ASNR} and
ASNRY, as the SNR improvements of the binaural SDW-MWE,
cfr. (43)

o pPuL o pPUR
ASNRS = , ASNREL = ——— 51
L= pAL)? R= PAg|? D
the SNR improvement at the left hearing aid is equal to
(nu+p ) 2
ASNR, = ASNR} it (52)
(L52)” 4 (ASNRY, — 1)

If n = 0, the SNR improvement is equal toASNRY, whereas
if » = 1 no SNR improvement is obtained, i.e., ASNRy = 1.

Since the SNR improvement ASNR7 of the binaural
SDW-MWF is always larger than or equal to 1 [24], it
can easily be shown that

1 < ASNRy, < ASNRY.

(53)

Similar expressions can be derived for the SNR improvement at
the right hearing aid, also leading to 1 < ASNRgr < ASNR%.

If p is sufficiently large?, i.e., p > u, 7, SNRY, and  #
0, then the SNR improvement for the left hearing aid in (52)
becomes approximately equal to

1

lim ASNRy = — 54)
U

p—00

Similarly, if p > p, n, SNR'}Q, the SNR improvement in the
right hearing aid will be approximately equal to 1/7?.

From (48) it can be seen that the MWF-n filters are generally
not parallel, such that the ITF of the output speech and noise
components are typically different. Using (17), the ITF of the
output speech component is equal to

H
WMVVF’I],LA

ITF" =
! WﬁWFn rRA
Uikt AL
(-2 A+ AR Am
and so
ITFO"™ = ITF™, 56)

such that the ITF of the speech component is again preserved.
By plugging the filters (48) into definition (27), the output
noise ITF is obtained as

ITFout — WERUWR
v T WHR,Wp
_ Y(PsALA%) + (e R eg) 57)
P(Ps|AR|?) +n*(ef Ruer)
where
P=1(1- U)Qﬁ +2n(1 - ﬁ)m (53)

By using definitions (19), (26), and (50), it can be shown that
(57) is equal to

¥ SNRZ

out __
ITF™ = R s

_ ITE",

ITF, + 7¢ SNR™

(59)

Equation (59) shows that ITF"" is a weighted sum of ITF» and
ITE,.If n = 1, the factor ) is equal to 0 so that ITF;"* = ITF,",
whereas for 7 = 0, ITF2"* = ITF".

4This is the case when the spatial separation between the speech source and
the noise sources is sufficiently large, in which case the product A" R A is
large. A high speech power P; also leads to a large p, but then the assumption
p > SNR" may not be valid as the input SNR is also high.
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By rearranging the terms in (59) and using (49), the output
ITF can also be related to the SNR improvement
7’ (p+p)°

(nu+ p)?

Under the assumptions leading to (54), the obtained noise output
ITF thus becomes

ITFO" = ITF" 4 ASNRp, (ITF® —ITF?). (60)

(14 p)?
(nu + p)?

so it is seen that the error on the noise binaural cues will become
small for any choice of 7 # 0 under these assumptions.

ITF" ~ ITF® 4 (ITF® — ITF™) ~ ITF® (61)

V. INTERAURAL TRANSFER FUNCTION EXTENSION (MWE-ITF)

A. General Case

To control the binaural cues of the speech and the noise com-
ponent, it is also possible to extend the binaural SDW-MWF
cost function with terms related to the ITF of the speech and the
noise components, as has been proposed in [15], [19], and [25].
When the aim is to preserve the binaural cues of the speech and
the noise components, the desired output ITFs are equal to the
input ITFs in (20) and (26).

In [15], the ITF cost function for the noise component is de-
fined as

_ E{(WHV —ITFr WHVP)

v ) (W) —
e E(IWEVI}
WIR,, W
= (62)
WHR, W
with
R, —ITF™* R,
Rui = —ITF'R, |ITF'|*R, } 63)
| L rpging
= | —1TER IQ]M:| R, [Topr  —ITF" Iopr]  (64)
[0207  O2ns
R, = 65
"7 0 R, } (63)

where 0o/ is a 2M x 2M all-zero matrix and I, is the 2M x
2M unity matrix. For mathematical convenience, we also in-
troduce a simplified quadratic ITF cost function which is ob-
tained by removing the denominator in (62), corresponding to
the output noise power in the right hearing aid, i.e.,

Tirp o(W) =E{[WL'V —ITF} WEV|?}

=WHfR,,W. (66)

The ITF cost function for the speech component is defined sim-
ilarly as the ITF cost function for the noise component, i.e.,

- WIR, W
Jirp 1 (W) = WIR., W (67)
Jirp (W) =WHR,W. (68)

The SDW-MWF with interaural transfer function extension
(MWF-ITF) thus minimizes the overall cost function which
trades off noise reduction, speech distortion and binaural cue
preservation, i.e.,

Suwr-11r (W) = Jawr(W) + 7 Ji1p (W) + 8Ji0p (W)

(69)
where the parameters v and ¢ allow to put more emphasis on
binaural cue preservation for the speech and the noise compo-
nent. The cost function Jyrwr (W) is defined in (36) and for the
ITF cost functions we can either use the cost functions defined
in (62) and (67) or the simplified cost functions defined in (66)
and (68).

When using the ITF cost functions J{pp,(W) and
Jirp (W), no closed-form expression is available for the
filter minimizing Jvwr—1rr(W), such that we have to use
iterative, e.g., quasi-Newton, optimization techniques [26],
[27].

When using the simplified quadratic ITF cost func-
tions Jipp (W) and Jipg o(W), the filter minimizing
Juwr—1tr(W) is equal to

Wuwr-1tF,2 = (R + 7Rt + 0Ry) 7',

(70)

with

_ R, + 1R,
O

0

_ RmeL
R Rx +MR1}:| ’ e = |:R$eR:| ’ (71)

B. Single Speech Source

In the case of a single speech source, the filter Wyrwr_17F,2
in (70) can be reduced (cfr. Appendix ) to (72), as shown at the
bottom of the page, with

b
— : (73)
¢ p+p+ 61+ |ITE}?)
a; =1+ ITE™*[TF" (74)

Py
ptp
P,

WMwWF-1TF,2,I. =

WMWF-ITF,2,R =
1+ p

{47 - &AL — TR AR) [1 = vai (1 - €a)] R, 1A

{A};c + EITFR (A3 — ITF™* A%,) [1 - m;(

ITF®
- o)t
ITF®

(72)
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vp
vV = 0 .
i+ p+yp(1 + [ITF | — €lay?)

(75)

Hence, the filter Wyrwr_1TF,2,1 is equal to a scaled version
of WMWF,L in (38) and likewise WMVVF—ITF,Q,R is equal to
a scaled version of Wywr, g. The scaling factors reflect the
extensions with the ITF cost functions. As a consequence, the
output SNR will be the same for the left and the right hearing
aid, and will be equal to the output SNR of the SDW-MWEF (cf.
42)), i.e.,

SNR}" = SNR@" = p = P,AYR;'A

(76)
and the SNR improvements are given by
_ _pPy _ _pP
ASNRe = e ASNRR=lar | o)

which is the same as (43).

As the filters W]\,{VVF_ITF727L and WMVVF—ITF,Z,R are still
parallel, the ITFs of the output speech and noise components are
the same and result in (78), as shown at the bottom of the page.
It can be shown that for ¥ — oo and § # 0, ITF" = ITF>™ =
ITF™ and that for § — oo and v # 0, ITFo"* = ITF°" = ITF®,

Hence, extending the SDW-MWF with the ITF cost functions
gives rise to the same SNR improvement and output SNR as the
binaural SDW-MWEF, but changes the ITF of the output compo-
nents. It is also possible to link the output SNR with the ITF of
the output components. Consider two frequencies, w; and wa,
where the output SNR for w is larger than the output SNR for
wa, 1.e., p1 > p2 (p1 and p- are given by (39) at frequencies w,
and wo, respectively). Hence, when using the same value for 6,
&1 < & (where & and &5 are given by (73) at frequencies wy
and wo, respectively), such that for w; the output ITF is closer to
the ITF of the speech component than for w,. This is an advan-
tageous perceptual effect that will be illustrated in simulations
in Section VL.

VI. EXPERIMENTAL RESULTS

In this section, the performance of the MWF-7 and MWE-ITF
algorithms will be tested in a scenario with one speech source
and one noise source. First, the experimental setup will be dis-
cussed.

A. Data Model

The sources are located in the far-field of the microphone
arrays in a non-reverberant environment. It is assumed that there
is one speech and one noise source, and that they are located at
angles 6, and 6, from the head (6 = 0°: front, # = 90°: right),
with an elevation ¢ = 0°. The speech and noise components of
the microphone signals can thus be written as

X(w)=d(w,0;)S(w), V(w)=d(w,8,)V(w) (79)

with the steering vector d(w, #) equal to (80), as shown at the
bottom of the page. The (omnidirectional) microphones are lo-
cated on a head, so the head shadow effect will be taken into ac-
count. To achieve this, head-related transfer functions (HRTFs)
measured on a KEMAR dummy-head [28] are incorporated in
the steering vectors. It is assumed that the same HRTF can be
used for all the microphones at the left hearing aid, so that for
example an entry dy, ., (w, #), representing the mth microphone
of the left hearing aid, at an angle 6, can be calculated as

dpm(w,0) = HRTFp(w, 0)e3mm®) (81)

where 77, () represents the delay between the mth micro-
phone and the reference point at the left hearing aid. The steering
vector entries for the right hearing aid are obtained in a similar
way (using HRT Fg, data and 7g ,,,(6)). The speech and noise
correlation matrices are constructed as

R,(w) =P, d(w,0,)d" (w,6,)
R, (w) =P, d(w, Hai)dH (W-, 617) + Pys Inas.

(82)
(83)

The parameters P;, P,, and P, represent the powers of the
speech source, (located) noise source and (internal) sensor
noise. Some sensor noise, modeled as spatially uncorrelated
noise, is added in (83) to add a degree of realism and also to
make the noise correlation matrix invertible.

The experiments are performed using a speech source at —5°
and a noise source at 40°. A two-microphone array is used on
both the left and the right hearing aid. The microphone distance
on the left hearing aid is 2 cm, whereas the right hearing aid has
a microphone distance of 1.5 cm. The algorithms are tested at a
frequency of w = 27 x 2000 rad/s, the HRTF data is sampled
at 44 100 Hz. The parameter ;. in the SDW-MWF cost function
(36) is set equal to 1.

ITF"™ = ITF)™ =

ITE" ¢ (ITF" “ITF™) [1-va, (1-¢a})]

14¢ITF™* (ITF _ITF™) [1_,,a,, (%—gaﬂ
! (78)
d(w,0) = [dp1(w,0) ... diar(w,0) dra(w,0) ... drar(w,8)]” (80)
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Fig. 2. Dependence of output SNR (a), SNR improvement (b), and noise bin-
aural cues [ILD (c) and ITD (d)] on partial noise parameter 7. Larger values of
71 lead to lower ILD/ITD errors, but also decrease the noise reduction perfor-
mance.

B. Performance of MWF-n

The performance of the MWF-7 algorithm is now tested with
the data model of the previous section. As the ITF of the speech
component is always preserved for any choice of 7, as was
shown in (56), only the noise ITD and ILD errors will be shown.
The performance measures (32) and (34) are used for the ILD
and ITD errors. The ILD error can thus be expressed in dB,
while the ITD error is a relative error which lies between 0 and
1.

1) Dependence On Parameter 1n: The speech and noise
powers in (82) and (83) will be fixed to P; = P, = 1, the
sensor noise power is fixed to P,; = 0.01. In Fig. 2, the output
SNRs, SNR improvements (for left and right hearing aid)
and the noise cue errors are shown for different values of the
parameter 7).

The case 7 = 0 corresponds to the binaural SDW-MWF solu-
tion. It can be seen that the ITD/ILD errors of the noise compo-
nent are large. It was indeed shown in Section III-B and in [15]
that the binaural SDW-MWF algorithm distorts the noise cues.

For larger values of ), the ILD/ITD errors of the noise compo-
nent decrease. However, as more noise is mixed into the output
signals, the obtained SNR improvement will also decrease, so
that there is a tradeoff between SNR improvement and binaural
cue preservation. In these simulations the factor p (39) is suffi-
ciently large so that the assumptions in Section IV-B are valid
and the SNR improvement (for both hearing aids) is approxi-
mately equal to ASNR;, g = 1/7?, as in (54).

A large loss in SNR improvement can be seen for a choice of
7 = 0.2 compared to the SDW-MWEF case (n = 0). It does not

Fig. 3. Dependence of output SNR (a), SNR improvement (b), and noise bin-
aural cues [ILD (c) and ITD (d)] on signal power ;. The signal power has only
a small influence on the noise reduction performance and on the binaural noise
cue preservation.

seem possible for the binaural unmasking effect [13] to compen-
sate for this loss. The SNR improvement obtained in a more re-
alistic setup is however smaller than the theoretical limits shown
here, so that it is expected that the real-life absolute SNR loss
will be smaller than the loss shown here, and so that the com-
pensatory effect of the binaural unmasking can be sufficient.
Perceptual tests using this parameter setting [18] have indeed
shown an improvement in speech intelligibility for some of the
speech-noise configurations.

2) Dependence on Signal Power ps: In Fig. 3 the signal
power P; is varied (dB values are relative to noise power P,),
while P, and P, are fixed to 1 and 0.01, respectively. The par-
tial noise parameter 7 is fixed to 0.2.

The results show that for the ILD/ITD errors and for the SNR
improvement, there is no significant dependence on the signal
power P;. The obtained SNR improvement can be predicted by
(54), which gives an SNR improvement of 10log;((1/0.2%) =
13.98 dB. The ITD/ILD errors are relatively small for all values
of P, so that n = 0.2 seems to be sufficient for this scenario.
Perceptual tests in [17] indeed show that for n = 0.2, both
speech and noise sources are localized correctly.

3) Dependence on Noise Power p,: InFig. 4, the noise power
P, is varied (dB values are relative to signal power P;), while P;
and P, are fixed to 1 and 0.01, respectively. The partial noise
parameter 7 is fixed to 0.2.

Higher noise powers P, lead to lower input and output SNRs
whereas the SNR improvement is again given by (54). The
ITD/ILD errors of the noise component are small when the
obtained output SNR is low, which is in fact an advantageous
perceptual effect: in frequency bins with a lot of residual noise,
this noise will be perceived in the correct direction.
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Fig. 4. Dependence of output SNR (a), SNR improvement (b), and noise bin-
aural cues [ILD (c) and ITD (d)] on noise power P,. When the output SNR is

low, the binaural noise cues are better preserved, which is an advantageous per-
ceptual effect.

At lower noise powers, the assumptions leading to (54) are no
longer valid (the input SNRs are high) so that the SNR improve-
ment is lower than predicted in (54). As seen in (60), ITF)"* will
be shifted towards ITF.™ if the SNR improvement is low, which
leads to higher ILD/ITD errors. However, these higher errors are
still acceptable because the output SNR is high. So, the residual
noise will then be masked by the speech signal.

C. Performance of MWF-ITF

In this section, the performance of the MWF-ITF algorithm
is tested. In [15], it was shown that the algorithm with non-
quadratic ITF extension (62) allows preservation of both speech
as noise binaural cues. However, as for the MWF-7 algorithm,
the obtained SNR improvement will decrease if more emphasis
is put on cue preservation.

Because the MWF-ITF algorithm with non-quadratic exten-
sion is not computationally feasible for an hearing aid applica-
tion, we will use the quadratic ITF extension in (66) from now
on. The results obtained in [29] will be reviewed here.

1) ITD and ILD Error for Quadratic ITF Extension: In
Fig. 5, the ILD errors of speech and noise components for the
SDW-MWF with quadratic ITF extension (66) are shown. The
ILD error for the noise component is shown on the left, the
ILD error for the speech component is shown on the right. The
ITD errors are omitted here, but lead to similar conclusions
[29]. For some choices of the ITF parameters - and 6, the ILD
errors on the noise component can be made arbitrarily small.
However, the ILD errors on the speech component will then
become large. On the other hand, when the ILD errors on the
speech component are made small, the ILD errors on the noise

ILD error noise [dB] ILD error speech [dB]

6
8 8 |°g1g(7)

10g 4(8) 10g14(8)

(a) (b)

Fig. 5. MWF-ITF with quadratic ITF extension; The ILD errors for (a) the
noise and (b) speech components are shown for different values of ~ and 6.

ILD error noise [dB] ILD error speech [dB]
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log,,(3) 0
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Fig. 6. MWF-ITF with quadratic ITF extension; The ILD errors for (a) the
noise and (b) speech components are shown as a function of the ITF parameter
6 and the output SNR.

component are large. An optimal choice of parameters, where
the ILD errors of both noise and speech are small appears to be
impossible. These results are in accordance with the theoretical
discussion in Section V, where it was shown that the output
ITFs of speech and noise component are equal, so that speech
and noise cues cannot be preserved simultaneously.

2) Output ITF Versus Output SNR: The theoretical discus-
sion and the previous simulations showed that it is impossible
to preserve speech and noise binaural cues simultaneously. As
such, this approach may seem inappropriate as a binaural noise
reduction algorithm, as it would be impossible to correctly lo-
calize both the speech and the noise source. However, in [19]
the MWEF-ITF algorithm (with quadratic ITF cost terms), was
validated perceptually. An improvement in the total localiza-
tion performance (speech+noise) was observed, which seems to
contradict the previous discussion. To explain the improvement,
the relationship between the output SNR and the output ITF will
be analyzed.

In Fig. 6, the output SNR and the noise ITF parameter § are
varied. «y is fixed to O in this simulation. To vary the output
SNR, the signal power P, will be varied which changes the
output SNR as seen in (39). As in the previous section, the noise
and speech ILD errors are shown. It can be seen that for cer-
tain values of the ITF parameter §, the ILD error of the noise
component is small at low output SNRs, while the speech ILD
error is small at high output SNRs. The ITD errors, which are
omitted here, behave similarly [29]. These results show that the
output ITF is shifted towards the input ITF of the noise compo-
nent when the output SNR is low, while the output ITF is shifted
towards the input ITF of the speech component in high SNR re-
gions.
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When the algorithm is applied on broadband signals, as in
[19], the obtained output SNRs will vary in the different fre-
quency bins, and similarly, the output ITFs will vary. This in
fact represents an advantageous perceptual effect: in frequency
bins with a low output SNR, the ITF is shifted towards the noise
ITF, so that the residual noise in the output signals can still be
heard in the noise direction, and vice versa for the speech com-
ponent.

Although MWEF-ITF thus allows for correct localization, a
benefit in speech intelligibility due to binaural unmasking was
not observed in the perceptual tests in [19]. This can be expected
as the binaural unmasking effect relies on differences in the bin-
aural cues of target and interferer in the same frequency bin,
which is not achieved by MWF-ITF. Only when the interfering
source is speech, perceiving target and interferer in different lo-
cations (for example by the advantageous perceptual effect of
MWEF-ITF) leads to speech intelligibility improvements [30],
but not for speech-shaped noise as interfering source, as was
the case in [19].

D. Comparison of SDW-MWFE, MWF-ITF, and MWF-n in a
Reverberant Room

The broadband performances of the SDW-MWEF, MWF-n
and MWEF-ITF algorithms are now compared in a reverberant
environment. HRTFs were measured in a reverberant room
(RT¢o = 500 ms) on a binaural microphone array mounted on
a dummy-head, so that the head-shadow effect is taken into ac-
count. To generate the microphone signals, the speech and noise
signals are convolved with the measured HRTFs corresponding
to their angles of arrival (f, = —15°, 6, = 45°), and then
added together. To further increase the degree of realism, the
correlation matrices are estimated in a batch procedure on the
speech and noise signals instead of being constructed with the
steering vectors. The speech signal consists of four sentences
of the Hearing In Noise Test (HINT) list [31], the noise signal
is multitalker babble noise [32]. The microphone signals have
a total duration of 26 s, and are sampled at 8000 Hz.

In practice, a voice activity detector (VAD) has to be imple-
mented to distinguish between segments were speech and noise
are both active (R, is updated), and segments were only noise is
active (R, is updated), but here a perfect VAD is assumed. The
correlation matrix estimates are plugged into (37), (47), and (70)
to obtain the optimal filter coefficients of SDW-MWF, MWF-7)
and MWF-ITF, respectively. The speech distortion tradeoff pa-
rameter j is set to 5, the MWF-ITF parameters are v = 100
and 6 = 300, and the MWF-5) parameter is n = 0.2. The sig-
nals are processed by 64-point fast Fourier transforms (FFTs),
and the performance measures defined in Section II-C are then
calculated for every frequency bin independently.

Fig. 7 shows the average output SNR per frequency bin of the
SDW-MWE, MWEF-ITF, and MWF-7. The SNRs of the left and
right output signals were averaged to obtain the average SNRs
shown in the figure. As a reference, the (unprocessed) input SNR
of this setup is also shown. It can be observed that every proce-
dure achieves an SNR improvement over the unprocessed case.
As expected, the MWF-7 algorithm obtains the lowest output
SNR. The SDW-MWF and MWF-ITF procedures obtain sim-
ilar output SNRs as predicted by the theory, except for a few
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Fig. 8. Performance comparison of MWF-ITF (y = 100 and 6 = 300),
MWF-5 (n = 0.2) and SDW-MWEF in a reverberant room. (a) The speech
ITD errors and (b) noise ITD errors per frequency are shown.

bins where some dips in the output SNR curves occur (around
500, 1250, 1750, and 3000 Hz).

Fig. 8 shows the relative speech and noise ITD errors (34)
for the three procedures, as a function of frequency. According
to (45) and (56), both SDW-MWF as MWF-7 do not distort
the speech binaural cues. The speech ITD errors in Fig. 8(a)
are indeed small for these procedures. In addition, MWF-n
is expected to obtain the smallest noise ITD error, whereas
SDW-MWEF is expected to obtain a large noise ITD error,
which is illustrated in Fig. 8(b). In the theoretical analysis, it
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was furthermore shown that the output ITF of the MWF-ITF
procedure depends on the obtained output SNR. This advan-
tageous perceptual effect is also illustrated by Fig. 8: at the
frequency bins where dips in the obtained output SNR in Fig. 7
occur, a large speech ITD error is seen, whereas the noise
ITD error is small. Thus, the output ITF is effectively shifted
towards the noise ITF at frequencies with a low output SNR,
which improves localization of the noise source.

VII. CONCLUSION

In this paper, a class of binaural noise reduction algorithms
based on multichannel Wiener filtering (SDW-MWF) has been
discussed. To fully exploit the advantage of binaural hearing,
the preservation of binaural cues is an important objective, in
addition to noise reduction. Perceptual tests in previous work
have shown that two extensions of the SDW-MWF, namely
MWF-ITF and MWF-7, can lead to localization and speech
intelligibility improvements. In this paper, the binaural cue
preservation performance of these procedures has been ana-
lyzed theoretically and validated with objective performance
measures.

The binaural SDW-MWF algorithm was shown to be inade-
quate as a binaural noise reduction strategy, if binaural cues are
to be preserved; both the speech and residual noise will be per-
ceived in the direction of the speech signal, so that the hearing
aid user cannot rely on binaural unmasking to improve speech
understanding.

The binaural MWF-7; algorithm is an extension that mixes
a fraction of the original noise signal into the output signals.
As a drawback, the SNR improvement decreases. However, this
approach makes it possible to preserve both speech and noise
binaural cues. These findings support the perceptual tests in
[17], where an improvement in localization performance was
observed. Furthermore, correct localization can lead to a benefit
in speech intelligibility if the compensatory effect of binaural
unmasking is larger than the SNR loss [18].

The MWEF-ITF algorithm extends the binaural SDW-MWF
cost function with terms related to the ITFs of the speech
and noise component. These terms are simplified to quadratic
terms to make the algorithm computationally feasible. It has
been shown that the obtained output SNR remains equal to
the output SNR of the binaural SDW-MWF algorithm. While
it is impossible to preserve the speech and noise cues at the
same time, there is an advantageous perceptual effect: if the
output SNR is high, the obtained ITF will be shifted towards
the ITF of the speech component, whereas for a low output
SNR, the ITF will be shifted towards the ITF of the noise
component. This effect makes a correct localization possible,
and explains the localization performance improvement in prior
perceptual tests [19]. As the binaural unmasking effect requires
different speech and noise ITFs in a single frequency bin, a
speech intelligibility improvement due to binaural unmasking
is not possible however. Another drawback of MWF-ITF is
the fact that it is not straightforward to find an optimal v and ¢
parameter setting for different scenarios.

TABLE 1
COMPARISON OF SDW-MWF, MWF-7;, MWF-ITF
SDW-MWF MWEF-7 MWF-ITF
e High noise reduc- | e Preservation of e High noise reduc-
» tion performance both speech and tion performance
Eo noise cues
§ e No parameter e Easy parameter e Advantageous per-
Z | tuning tuning ceptual effect
< e Preservation of
speech cues
» | ® Speech and noise e Lower noise re- | e Speech and noise
go components percei- duction perfor- components with
g ved in same direc- mance the same ITF’s
Z | tion
& | e Noise cues cannot o Difficult para-
A | be preserved meter tuning

The advantages and disadvantages of the different algorithms
are summarized in Table I.

APPENDIX

In this section, the MWF-ITF optimal filters are derived for
the special case of a single speech source. First, the derivation
will be made for the special case vy = 0. This result will then be
reused in the derivation of the general case v # 0.

A) ITF Cost Function for Only Noise Component (y = 0):
The filter in (70) reduces to

Wawr-11r,2 = (R + 6Ry) ', (84)
For easier notation, we define o, = —ITFL“, such that (64) can
be written as
Iy, N
Rut = |: 2:[]\[ :| Rv [12]\/[ ,, Ig]\,[] . (85)
Qy Lo

Using the matrix inversion lemma

(A +BDC)™!
— A"~ AT'B[CAT'B+D'] 'CA™! (86)

it can be shown that (R + 6R.+) ™! is equal to expression

(R+6R)7?

— R—l _ R—l |:
oy Iops

o, R\ !
Io s *Ton, R—l 2M v
X <[ 2M O, 21\[] [av Tous + 5

L }

x [Ioar o Iop JR7N 87
By defining

P.R;'AAH

P=1Iy, - 2" i (88)
the matrix R~! can be written as
1[PR-Y 0

-1 _ 1 v 2M

R - I |: (\DYY3 PRU1:| (89)
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and the following useful expression can be formulated:

PR;'A = %R;lA. (90)
wrp
Using (89), it can be shown that
_1 L | . l PR,;1
R |:0zv 12]\,[_ - u OZUPR;1 o1
| 1 v 2
[Toar Iy JR7Y Loar | MPRgl (92)
ay Iopg | I
such that (87) reduces to
) P ]
-1_p-1_9
(R+6Ru)” =R e [%P_

1 2\
X (IzM + wP) [PR,! «'PR,']. (93)
w

The filter in (84) is then equal to

the optimal MWEF-ITF filter reduces to expression

WMWF-1TF,2
_ ~1 AAY
LD [ Mg bRt
p+p [[AR = au(A] + b AR)IRTA |

99)

B) ITF Cost Function for Speech and Noise Component
(v # 0): For easier notation, we define o, = —ITF,", such
that R is equal to

Loy, .
th = |:az2f\211\/[:| Rm [12]\[ Qa, Iz]\/j]
— A H * H
- P, {%A] [AH or AH]. (100)

Hence, using the matrix inversion lemma, the filter in (70) is

Wuwr—1tr,2 = (R + 5th)_1Ps [ijz ] (94) equal to expression (101), as shown at the bottom of the page.
R Similarly to (99), by setting A7 = 1 and A} = «, it can be
—R'P AA7 _ i P shown that
= SlAAR w? | o, P A P (1 - co)RA
2y \ ! PSR+5RE—1[ }: . [ ST
X <I2J\J + MP) ( t) Oy A 7 =+ p (az — avfat)Rv 11&
Iz (102)
x PR,IAP, (A} 4+ afA%).  (95) with
Using the matrix inversion lemma, it can be shown that ar =1+ aj . (103)
1 P,R;7IAAH i i
(12]\[ + CP)il = — 121\1 + ¢ v (96) USlIlg (102), it can be shown that
c+1 (c+1Du+p A
P,[AY o AY](R+ R, —1[ }
with ¢ an arbitrary constant, such that [ Y I 2 az A
P 2 2
g ptp o = —— (14 Joz|” = {lax]).  (104)
Iy +cP)'R'A= ——" R, 'A. 97 +
(2]” & ) (C‘i‘l)ﬂ"‘p ( ) w P
) ) ) Using (99) and o, = — A, /AR, it can be shown that
Using (38), (90), and (97), the filter in (95) is equal to
a*
w P [4ROA (AT a3 AT (Rt R,e) e, = 280 (47 4+ ap )
MWF—ITF,2 = Lt | ARRIA (105)
6 Po(A7 + afA%) P R-IA
Cup+p+ 5(1+ |ap)?) [P |7 By plugging (99), (102), (104), and (105) into (101), and by
defining
such that, using (90), and by defining
6 P
= 98) v= (106)
AR (R ‘ it 4 At 0 EJoP)
YP,(R + 6Ryy)~! [aAA} (AT of AH](R + Ry rs
[(R+ 6Ryt) + 7Rus] 1o = (R4 6Ry) 1y — v (101)

L+yP [AT o AH](R+ 6R,) ! [

A
oy A
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the filter Wyrwr—17F,2 reduces to the previously shown expres-
sion (72).
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