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ABSTRACT

This paper presents an extension of the binaural multi-channel Wiener
filtering algorithm discussed in [1]. The goal of this paper is to pre-
serve both the interaural time difference (ITD) and interaural level
difference (ILD) of the speech and noise components. This is done
by extending the cost function to incorporate terms for the interaural
transfer functions (ITF) of the speech and noise components. Us-
ing weights, the emphasis on the preservation of the ITFs can be
controlled in addition to the emphasis on noise reduction. Adapting
these parameters allows one to preserve the ITFs of the speech and
noise component, and therefore ITD and ILD cues, while enhancing
the signal-to-noise ratio.

1. INTRODUCTION

Hearing impaired persons localize sounds better without their bilat-
eral hearing aids than with them [2]. In addition, noise reduction al-
gorithms currently used in hearing aids are not designed to preserve
localization cues. The inability to correctly localize sounds puts the
hearing aid user at a disadvantage. The sooner the user can localize
a speech signal, the sooner the user can begin to exploit visual cues.
Generally, visual cues lead to large improvements in intelligibility
for hearing impaired persons [3]. Furthermore, preserving the spa-
tial separation between the target speech and the interfering signals
leads to an improvement in speech understanding [4].

Interaural time delay (ITD) and interaural level difference (ILD)
help listeners localize sounds horizontally [S]. ITD is the time delay
in the arrival of the sound signal between the left and right ear, and
ILD is the intensity difference between the two ears. Owing to the
fact that ITD is caused by the sound waves diffracting around the
head, ITD cues are more reliable in low frequencies. On the other
hand, ILD is more prominent in high frequencies, since it stems from
the scattering of the sound waves by the head. The goal of this paper
is to design a noise reduction algorithm that does not introduce any
adverse processing artefacts, such as distorting ITD and ILD cues.

In [6], the cost function has been extended, and includes terms
related to ITD and ILD cues of the noise component. The ITD cost
function is expressed as the phase difference between the output
noise cross-correlation and the input noise cross-correlation. The
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ILD cost function is expressed as the difference between the out-
put noise power ratio and the input noise power ratio. It has been
shown that it is possible to preserve the binaural cues of both the
speech and noise components without significantly compromizsing
the noise reduction performance. However, iterative optimization
techniques have to be used to compute the filter.

Clearly, the interaural transfer function (ITF), which is the ra-
tio between the speech components (noise components) in the mi-
crophone signals at the left and right ear, captures all information
between the two ears including ITD and ILD cues. Accordingly,
this paper attacks the problem of binaural cue preservation by pre-
serving the ITF. If the algorithm preserves the ITFs of the speech
and noise components then the algorithm preserves the ITD and ILD
cues of the speech and noise component. An extension of the bin-
aural Wiener filter [1] is presented, where the cost function is com-
prised of four terms. The first two terms are present in the monau-
ral speech distortion weighted Wiener filter proposed by [7]. The
remaining two terms aim at preserving the ITFs of the speech and
noise component. Contrary to the Wiener filter extensions proposed
in [1], this algorithm co-designs the right and left filter.
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Hearing aid user
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Fig. 1. Typical setup
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2. SYSTEM MODEL

Figure 1 shows a binaural hearing aid user in a typical listening
scenario. The speaker speaks intermittently in the continuous back-
ground noise caused by the noise source. There are M microphones
on each hearing aid. We refer to the mth microphone of the left
hearing aid and the mth microphone of the right hearing aid as the
mith microphone pair. The received signals at the mth microphone
pair are expressed in frequency domain below.

Yi,(w)=
Y&, (w)

X1 (W) + Vi, (w) )]
= Xg,, (W) + Vg, (w) )

In(1) and (2), X1, (w) and Xr,, (w) represent the speech com-
ponent in the mth microphone pair. Likewise, V7, (w) and Vg,, (w)
represent the noise component of the mth microphone pair. Ad-
ditionally, Figure 1 depicts a binaural hearing aid setup. All re-
ceived microphone signals are used to design the filters, Wz, (w) and
W r(w), and to generate an output for the left and right ear, Zr,, (w)
and Z Ro (w) .

The following definitions will be used in the derivation of the
Wiener filter extension. First, we define the 2M-dimensional signal
vector.

Y (@) = [Yig (). Yoy (@) Yro(W) - Yoy, (@)]" 3
In a similar fashion we write X(w) and V(w), where Y (w) =
X(w) + V(w). Next, we define the filters for the left and right
hearing aid.

WL(UJ) = [WLO (w) e

Again, Wr is defined analogously. Using (4), we write W (w) =
|: WL (w)

WL2M—1 (w)}T 4

Wg(w)
omitted throughout the remainder of this paper.

} . For clarity the frequency domain variable, w, will be

3. INTERAURAL TRANSFER FUNCTION

This paper presents a technique for controlling binaural noise cues,
using the ITF. The ITFs of the input speech and noise components
are written below.

Xr,
XRr,

VLo

ITF = .
Xdes VRO

ITFVdes =

(&)

Similarly, the ITFs of the output speech and noise components are,

WEX
WHX

wiv
WHV'

ITFXout (W) = ITFVout (W) = (6)
Next, we can write the desired ITFs of the speech and noise com-
ponents, in function of the desired angles of the speech and noise

components, 6 x and 0y, and frequency, w

HRTFXL (w,&x)

ITFx, = — - Xe @7 X)
Xaes = HRTFx, (,0x)

(O]

HRTFx, (w,0x)and HRT Fx, (w, 0x) are the head-related trans-
fer functions (HRTF) for the speech component of the left and right
ear. Similarly, the ITF of desired output ITF of the noise component,
ITFy,,, can be defined. Any set of HRTFs can be chosen. There-
fore the direction of arrival of the speech and noise components can
be controlled. In order to preserve the binaural cues of the speech
and noise components, the original ITFs are selected as the desired

ITFs. We assume that the original ITFs (5) to be constant ' and can
be computed using the microphone signals.
E{ XL, X5, EAVL, VR
ITFx,, = {Lfo} ITFy, = {L’zo} ®)
E{XRr, X}, } E{Vro Vi, }

4. BINAURAL WIENER FILTERING

In this section we derive a binaural Wiener filter that suppresses the
noise component, while preserving the desired ITFs of the speech
and noise component. We begin by looking at a binaural expansion
of the speech distortion weighted cost function discussed in [7].

Xp, — 2
Xp, —

‘HWHv}

Residual Noise

ng}

Speech Distortion

()

The speech distortion and residual noise vectors can be broken into
components that are parallel and perpendicular to the desired ITFs.
This decomposition is depicted in Figure 2 for the residual noise
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ITFy,,
1
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Fig. 2. Decomposition of residual noise vector

vector. Remember that this decomposition is performed for each
frequency bin. In order to preserve the desired ITFs of the speech
and noise components, the speech distortion and residual noise vec-
tors need to be parallel to the desired ITF vectors. This can be done
by putting a positive weight on the perpendicular terms. Therefore
our cost function is now

J(W) =
2
¢ Xp, - WHX o [T Xeo - wiEx 1 |°
Xgr, — WEX | N Xro —WEX ||
2 2
W{’V 1 WEvV
+H(H VH e {ng L -

The residual noise terms in (10) can be rewritten as

(ISR [ o WL

UIn the case of a single noise source, this desired ITF is equal to the ratio
of the acoustic transfer functions between the noise source and the reference
microphone signals, i.e. Ho,r, / Ho,r,. In this case, it can also be easily
shown that preserving the ITF is equivalent to preserving the phase of the
cross-correlation, i.e. the ITD, and preserving the power ratio, i.e. the ILD.
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A similar step can be taken for the speech distortion vector. Note,

X = wf X WHX .
d both diculs
H|: XRo - WiEX an wWEX o oth perpendicular
XRO , are equivalent. Armed with this statement and defin-
0

ing new weights, o and 3, the cost function, consisting of a speech
distortion term, a noise reduction term and two ITF terms, is

2 H
X WiV
-y 0 + L
U al
Original SDW Cost Function

wiv
wix ?
[ng} WH{WEIV} } 12
Additional ITF Terms

Using the definition of the cross product, (12) can be written as

Xz, X \%
st e [ R W [ oo [ Wi ]
|WHV - ITFy, WEV/|
ITFVdes 2
1

—fo} .

~WEX

+

|[WIX — ITFx, WEX|®
AL .S
[
1

Next, we take the derivative of the above equation, set the derivative
to zero, and solve for W. The solution is expressed in matrix form
below.

—1
W = (E{RRX +/LRRV +QRRXC +5RRVC}) E{I‘x},

where,

* _ H
e { XLUX} Ry = XX

Xk, X Ry = VvV
_ RX 02M _ RV 02M
Reyx = { 02 Rx ] Rry = { 02v Ry }
Re  — Rx ~ITF, Rx
Rxc = | _ITFx, Rx |ITFx, |'Rx
Re - Ry ~ITH, Ry
Rve = | _ITFy,, Ry |ITFy, 'Ry

Note, because the desired ITFs are considered to be constant, the
norm-squared terms are absorbed by the weights, o and 3. This
notation allows us to gain some crucial insight into the filter design.
Clearly, if there is no correlation between the signals at the right and
left ear, the filter design is decoupled. This is logical since there are
no cues to preserve.

5. SIMULATIONS

5.1. Experimental setup

The recordings used in the following simulations were made in a
reverberant room, 79 = 0.76sec. Two GN ReSound Canta be-
hind the ear (BTE) hearing aids were placed on a CORTEX MK2
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Fig. 3. Absolute ITD Error Noise component

artificial head. Each hearing aid had two omni-directional micro-
phones. The sound level measured at the center of the dummy head
was 70dB SPL. Speech and noise sources were recorded separately.
All recordings were performed at a sampling frequency of 16kHz.
HINT sentences and HINT noise were used for the speech and noise
signals.

In the simulations both microphone signals from each hearing
aid were used, M = 2, to estimate the speech component in the first
microphone pair. The statistics were calculated off-line, and access
to a perfect voice activity detection (VAD) algorithm was assumed.
An FFT length of 512 was used. The parameters controlling the ITF
of the speech and noise components, « and 3, were varied from 0
to 100, while the parameter governing noise reduction, i, was held
constant at 1.

5.2. Performance measures

The purpose of the simulations is to show the effect of the parameters
on ITD error, ILD error, and SNR improvement. The ITD metric
used was the absolute difference between the ITD of the input signals
and the output signals. ITD was calculated by cross correlation.

Absolute ITD Error = |ITD;n — IT Doyt
The second measure, expressed below, assessed the preservation of

the ILD cues.
N ) 2
1 Pri,(1)  Prou (Z))
ILD Error = — 101o ind 2 out A~
¥ 2 1008 ((PR D Pro ()

P stands for power and ILD error is averaged over the N frequency
bins. In order to quantify the noise reduction performance, the speech
intelligibility weighted signal-to-noise-ratio is used.

J
SNRint =Y  w;SNR,

j=1

The weight, w;, emphasizes the importance of the jth %-octavefrequency

band’s overall contribution to intelligibility, and SN R; is the signal-
to-noise-ratio of the jth %—octave frequency band.

5.3. Results and discussion
First, the absolute ITD error of the speech component is not shown,
since it is zero for all values of o and 3. The absolute ITD error of
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Fig. 5. Improvement in Speech Intelligibility Weighted SNR

the noise component is depicted in Figure 3. Clearly, 3 can be cho-
sen to preserve the ITD of the noise component. Figure 4 shows the
average mean square ILD error of the speech and noise component.
we note that with appropriate values of o and 3 the ILD cues of the
speech and noise components are preservable.

Finally, we turn our attention to Figure 5. Expectedly, as more
emphasis is placed on preserving the ITF of the speech and noise
components, the improvement in speech intelligibility weighted SNR
decreases. Nevertheless, respectable gains in SNR are achieved.

Unfortunately, we are left with the dilemma of choosing o and
(3. Naturally, this decision depends on the user and the situation. Ad-
ditionally, further research could focus on moving the noise source to
a desired position. This would guarantee a separation between speer
and noise source, and would lead to improvements in intelligibility.

6. CONCLUSION

This paper presented a binaural Wiener filter extended by incorpo-
rating two terms in the cost function that account for the ITFs of the
speech and noise components. Using weights, the emphasis on the
preservation of the ITF of the speech and noise component can be
controlled in addition to the emphasis on noise reduction. Adapting
theses parameters allows one to preserve the ITF of the speech and
noise component, and therefore ITD and ILD cues, while enhancing
the signal-to-noise ratio.
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