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ABSTRACT 2. CONFIGURATION AND NOTATION

Consider the binaural hearing aid configuration in Figure 1, where

In this paper a theoretical analysis of the binaural cue preserva- . . . .
hap y P the left and the right hearing aid have a microphone array con-

tion of the multi-channel Wiener filter (MWF) is performed. We ™= ! .
( )isp g sisting of My and M; microphones. In the frequency-domain,

will prove that in the case of a single speech source the MW h h mi h ianal in the left hearing aic
perfectly preserves the binaural cues of the speech componentt emth microphone signal in the left hearing aid, . (w) can

but changes the binaural cues of the noise component to the cue?e written as

of the speech component. In addition, we show that by extend- Yy m(w) = Xo,m(w) + Vom(w), m=0...Mo—1, (1)
ing the MWF cost function with terms related to the interaural
transfer function it is possible to preserve the binaural cues of
both the speech and the noise component, without considerabl
reducing the noise reduction performance.

whereXo,» (w) andVy,» (w) represent the speech and the noise
component. Similarly, thenth microphone signal in the right
yhearing aid i1, (w) = X1,m (W) + Vim(w).

Assuming some sort of communication (e.g. wireless link) be-
tween both hearing aids, all microphone inputs can be used to
1. INTRODUCTION generate an output for the left and the right ear. We define the

) ) ) ] ) ] ] M-dimensional signal vectdY (w), with M = M, + M, as
Noise reduction algorithms in hearing aids are crucial for hear-

T
ing impaired persons to improve speech intelligibility in back- Y (w)=[Yo,0(w) ... Yonrp-1(w) Yi0(w) ... Yian-1(w)] -
ground noise. Multi-microphone systems are able to exploit spa- Tpe signal vector can be written &(w) = X(w) + V(w)
tial in addition to spectral information and are hence preferred to whereX (w) andV (w) are defined similarly a¥ (w). The outl-

single-microphone systems [1]-[6]. In addition to reducing noise put signals for the left and the right ear are equal to
and limiting speech distortion, another important objective of a

H H
binaural noise reduction algorithm is to preserve the listener’s Zo(w) =Wg (WY (w), Zi(w) =W (w)Y(w), (2
impression of the auditory environment in order to exploit the yith W (w) andW (w) M-dimensional complex vectors. We

binaural hearing advantage [7]. This can be achieved by preserv-gefine the2\/-dimensional stacked weight vect (w) as
ing the binaural cues, e.g. the interaural time and level difference

(ITD, ILD), of the speech and the noise sources. ITD is the time- W(w) = [ Wo(w) } . 3)
delay of arrival of the sound signal between the left and right ear, Wi(w)

whereas ILD is the intensity difference between the two ears.  The output signal for the left ear can be written as

A binaural multi-channel Wiener filtering (MWF) technique has H H

been presented in [3], where it has been shown experimentaIIyZO(“’) = Zao(W)+Zuo(w) = Wo ()X (w)+Wo' (W) V(w) ,
that this technique preserves the binaural cues of the speech comwhere Z..o(w) and Z,0(w) represent the speech and the noise
ponent, but does not preserve the binaural cues of the noise comeomponent. Similarly, the output signal for the right €atw) =
ponent. This observation will be theoretically proved in Section Z,;(w) + Z,1(w). For conciseness, we will omit the frequency-
4 in the case of a single speech source. In order to also pre-domain variablev in the remainder of the paper.

serve the binaural cues of the noise component, the MWF cost

function has been extended either with terms related to the ITD v, ,(w) O——— Pm e 1 Yio(w)

and ILD of the noise component [4] or with terms related to the ‘ !

interaural transfer function (ITF) [5]. In Section 5 we will per- You(@) O | 1 17" Frooeoo 1 Yiaw)

form simulations for the SDW-MWF and the ITF extension for : : |

a simple scenario consisting of one speech source and one noisg, o I— | 3 ‘
source and we will investigate the noise reduction performance b !
and the binaural cue preservation. y vy ¢ ¥
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Figure 1: Binaural hearing aid configuration
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3. BINAURAL NOISE REDUCTION TECHNIQUES rrre, = SXonoXin}t g EVor Vi, b
€es 5 Xl,r X*T ’ €es 5 ‘/1,7“ V*T .

In this section we briefly discuss the cost functions for the binau- { T 1} Wny 1}

ral MWF and the extension with the interaural transfer function. The ITF cost function for preserving the binaural cues of the

) ) ) . noise component then is defined as
3.1. Binaural multi-channel Wiener filter (MWF)

— ITFy,,

H 2
The binaural MWF produces an MMSE (minimum-mean-square- Jirr(W) = 5{ ‘ x?q:// } , 9)
error) estimate of the speech component in both hearing aids, 1
hence simultaneously reducing noise and limiting speech distor-yhich, in the case of a single localized source, is equal to
tion [3]. The MSE cost function for the filteW, estimating
the speech compone#i ., in thergth microphone of the left (WHV —ITF. WHV]?} WHR,, W
hearing aid and the filteW estimating the speech component | Jirr(W)= des =

Hv\/|2 - H
X1, inther;th microphone of the right hearing aid is equdl to e{IWi'VI?} w R“Xfo)
X0, — WHY 1| with
e
b ! R, —ITF) R,
In order to provide a trade-off between speech distortion and vt = “ITFY. R, |ITFL.*R, 11)

noise reduction, the speech distortion weighted multi-channel
Wiener filter (SDW-MWF) minimizes the weighted sum of the
residual noise energy and the speech distortion energy [6]. The
binaural SDW-MWEF cost function is equal to

(12)

va

On  Op
O Ry |-

The ITF cost function/f;» (W) for the speech component is

Xog—WEHX 2 wiv 2 o_Iefined s_imilgrly as/irr(W), by rep_lacing th_e noise correlg-
Jspw (W)=& X, —WHX +u WEHEV tion matrix with the speech correlation matrix and the desired
" ! ! noise ITF with the desired speech ITF. The total cost function

(5) trading off noise reduction, speech distortion and binaural cue
wherey provides a trade-off between noise reduction and speechpreservation is defined as
distortion. The filter minimizing/s pw (W) is equal to

Wepw =R r . © |t (W) =Jsow(W) + adire (W) + BJirr(W)| (13)
with where the parameters and 3 enable to put more emphasis on
R. + xR, O R.eo binaural cue preservation for the speech and the noise compo-
R= O R.+uR, |7 "7 | Rees nent. Since no closed-form expression is available for the filter

. . .. minimizing J::(W), we will use iterative optimization tech-

R. andR, arthhe speech and the hoise correlation matrix, i.e. piques. Many of these techniques (e.g. quasi-Newton method)
R, = &{XX"} andR, = £{VV"}, ande; ande, are are able to exploit the analytical expressions for the gradient and
vectors of which only one element is equallt@nd the other  {he Hessian, which can be derived using (5) and (10).
elements are equal ) i.e. eg(ro) = 1 andeq(r1) = 1.

. . . . 4. THEORETICAL ANALYSIS OF BINAURAL MWF
3.2. Extension with the interaural transfer function
In order to control the binaural cues of the speech and the noiselN this section we assume that a single speech source is present,
component, the cost function in (5) has been extended with termsPut we do not make any assumptions about the noise sources.
related to the interaural transfer function (ITF) in [5]. The ITFs We will prove that the binaural SDW-MWF preserves the binau-

aural speech cues. In Section 5 we will show using simulations

ITFE = M7 ITF?, = Vo,rg . ) that by extending the SDW-MWF with ITF terms it is possible
X1y Vi to preserve the binaural cues of both the speech and the noise
Similarly, the ITFs of the output speech and noise component component, without considerably reducing the noise reduction
are defined as performance.
WX wi'v
ITFL, (W) = ﬁ7 ITFG (W) = W?"V . (8 4.1. Performance measures

El'he R improvement is defined as the difference between the

When the binaural cues are to be preserved, the desired outpuOutput and the input SNR, i.¢. for the left hearing aid

ITFs are equal to the input ITFs in (7). We assume the input ITFs

oo constaf such st ey can b clmaedin s lSCSUAIES (20 g ElSl)
e 10 &{|Zwol?} 0 E{[Vo,ro 2}
1Typically, the first microphone is used, iz = r1 = 0. 1

2n the case of a single localized source, the input ITF is etma 1@ SNR improvemenA SN R, for the right hearing aid is de-
the ratio of the acoustic transfer functions between thecgoand the fined similarly asASN Ry. The ITD is defined as the phase of

reference microphone signals. In this case, it can also berstiwat the cross-correlation, i.e. for the noise component
preserving the ITF is equivalent to preserving the phaséefcross- )
correlation, i.e. the ITD, and preserving the power ratim, the ILD. &t =E{ Voo Vi, 1, e =E{Zw0Z1} (15)
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such that théTD error can be computed as 5. SIMULATION RESULTS
AITD. = |4 = Ze| (16) In this section we perform simulations for the SDW-MWF and
Y s ’ the ITF extension for a simple scenario consisting of one speech

The ITD error for the speech component is defined similarly. Source and one noise source. We will investigate the effect of the

Note thatAIT D always lies between 0 and 1. The ILD is de- Parametersy andg in (13) on the noise reduction performance
fined as the power ratio, i.e. for the noise component and the preservation of the binaural speech and noise cues.

pin — E{|Vo,roI*} pout _ E{|Zw*} (17) 5.1. Data model

VP T {12l : : .
We will assume that the sources are located in the far-field of
such that theéLD error can be computed as the microphone arrays in a non-reverberant environment and that
AILD, = [10log,o P** — 10log,o P, . (18) all microphones are omni-directional. The speech and the noise
] ] o source are located at an angle andé,, from the head (§ =
The ILD error for the speech component is defined similarly. 0°: front, @ = 90°: right). Hence, the speech and the noise
components of the microphone signals can be written as

X(w) = g(w,02)S(w), V(w)=gw,0,)V(w), (23)

4.2. Single speech source

Assuming that a single speech source is present, the speech sig-
nal vectorX = A.S, with the vectorA containing the acoustic  jith the steering vectag(w, 6) equal to
transfer functions between the speech source andVthmi-

crophones on the left and the right hearing aid (including head  g(w,6) = [ goo(w,0) ... goap-1(w,0) (24)
shadow effect, microphone characteristics and room acoustics) 0 o 17
andsS the speech signal. Hence, the speech correlation matrix gro@.0) .. gran-1(w,0) ]°. (25)

R, = P,AA" | (19) Since the microphones are located on a head, the head shadow

effect needs to be taken into account, which can be achieved by
incorporating the head related transfer functions (HRTF) [8] in
the steering vector. We will assume that the same HRTF can be
used for all microphones at the left (right) hearing aid, i.e.

is a rank-1 matrix withP; = £{|S|*} the power of the speech
signal, such that the filté&V s o in (6) can be written using the
matrix inversion lemma as

R, A . .
Wispw,o mflo,mv (20) gom(w,0) = HRTFo(w,G)e_f”TO'm(6)7 (26)
R-TA g1m(w,0) = HRTF (w,0)e 7 m@ — (27)
Wispw,1 ﬁflfn . (21)
ATR,A+ £ where H RT Fy(w,0) and H RT F (w, 0) represent the HRTFs

Jor the left and the right ear, and, .. (¢) and ., (¢) represent
the delay between thexith microphone at the left/right hearing
aid and the reference point at the left/right hearing aid.

ATR;IA AIRTA In practice sensor noise will always be present. We will assume

Hence, the speech and the noise components of the output sign
at the left and the right hearing aid are equal to

Zzo = AHR,TA + £ 0rg) Za1 = AHR;TA + £ X that sensor noise can be modeled as spatially uncorrelated noise,
Hes 1 s He 1 s such that using (23) the noise correlation matrix is equal to
7 AR,V 7 AR,V
U ARRTA L £ T T ARR A £ R,(w) = Py(w) [g(w,@v)gH(w,Hv) +5IM] . (28)

The input cross-correlation and the power ratio for the speech

component are equal to with P, (w) = £{|V(w)|?} the noise power, andthe power of

the (internal) sensor noise relative to the (external) noise power.

. . Ag.ro |?

= Ps Ag g Al Pt = [Ao.ro . 22 . . . .

G Grofitry fw | A1 |? (22) 5.2. Noise reduction and binaural cue preservation

Since the output cross-correlation and the power ratio for the We have performed experiments using a speech souredt

speech component are equal to and a noise source db°. We have used a 2-microphone ar-
(AHR,le)Q P, Ao 2 ray both on the left and the right hearing aid. The microphone

= , distance on the left hearing aidd€m, whereas the microphone
|A1r, 2 distance on the right hearing aidliss cm. The design frequency

w = 2w 2000rad/s and the sampling frequengy = 16 kHz.

The signal-to-noise rati®’; / P, = 0dB and the relative sensor

Moise power is—20dB, corresponding té = 0.01. The para-

metery in the SDW-MWF cost function in (5) is equal 1o
| Ao, |2 Figure 2 depicts the ITD error (16) and the ILD error (18) of the

- m ) speech and the noise component, and the average SNR improve-

ment(ASNRy + ASN R;)/2 for different values of the para-

the ITD and ILD of the output noise component are equal to the meterse and3 in (13). Whena = 0 andg = 0 (SDW-MWF),

ITD and ILD of the output speech component (and hence also

the input speech component), which is obviously not desired.

out * out
Cy = AO,' A JT1 Pz
(AHR;1A+PLS>2 ro1,ry
the SDW-MWF perfectly preserves the ITD and the ILD of the
speech component. However, since the output cross-correlatio
and the power ratio for the noise component are equal to
ou A'HR‘ilA' * oU
Cy t: 1 v P, QAOJ‘OAI,'rly P’U k
(ATR;'A + up—z)

SWe will only consider the azimuthal plane, i.e. the elevatios: 0.
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Figure 2:1LD and ITD error for the speech and the noise component and SNR improvement for different values of « and S;
polar pattern for Wy (f = 2000Hz, a = 10, 8 = 1)

the ITD/ILD error for the speech component is equal to zero, but aural hearing aids through multi-channel Wiener filtering
the ITD/ILD error for the noise component is quite large, since based noise reduction,” PProc. ICASSP, Philadelphia PA,
the binaural noise cues are equal to the binaural speech cues. USA, Mar. 2005, pp. 29-32.

By inCreasingg, the |TD/|LD error fOr the I‘lOise Component de' [4] S. Doclo7 R. Dong’ T.J. K|asen’ J. Wouters’ S. Haykir‘l7 and
creases substantially, whereas the SNR improvement decreases ~ M. Moonen, “Extension of the multi-channel Wiener filter

and the ITD/ILD error for the speech component marginally in- with localisation cues for noise reduction in binaural hear-
creases. The parametercan be used for reducing the ITD/ILD ing aids,” inProc. IWAENC, Eindhoven, The Netherlands,
error for the speech component caused by increasi@adthough Sep. 2005, pp. 221-224.

this does not appear to be necessary in this scenario). Figure 2 [5]
also depicts the polar pattern for the filf, (« = 10, 8 = 1).
Obviously, a sharp null is present in the directin

T.J. Klasen, S. Doclo, T. Van den Bogaert, M. Moonen,
and J. Wouters, “Binaural multi-channel Wiener filtering
for hearing aids: preserving interaural time and level dif-
ferences,” inProc. ICASSP, Toulouse, France, May 2006.
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