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Abstract—This work presents a noise reduction method with
perceptually relevant preservation of the interaural time differ-
ence (ITD) of the residual noise in binaural hearing aids. The
interaural coherence (IC) concept, previously applied to the
Multichannel Wiener Filter (MWF) for preservation of the spa-
tial subjective sensation of diffuse noise fields, is proposed here to
both preserve and emphasize the ITD binaural cues of a direc-
tional acoustic noise source. It is demonstrated that the previous-
ly developed MWF-ITD technique may decrease the original IC
magnitude of the processed noise, consequently increasing the
variance of the interaural phase difference (IPD) of the output
signals. It is shown that the MWF-IC technique concomitantly
minimizes a nonlinear function of the difference between input
and output IPD, which is strictly related to ITD, and preserves
the natural coherence of the directional noise captured by the
reference microphones. Objective measures and psychoacoustic
experiments corroborate the theoretical findings, showing the
MWEF-IC technique provides relevant noise reduction, while
preserving the original ITD subjective perception and original
lateralization for a directional noise source. These results are
especially relevant for hearing aid designers, since they indicate
the MWF-IC as a noise reduction technique that provides residu-
al noise spatial preservation for both diffuse and directional noise
sources in frequencies below 1.5 kHz.

Index Terms—Hearing Aids, noise reduction, binaural, speech
processing, Wiener Filter.

I. INTRODUCTION

OISE reduction algorithms are important part of modern

hearing aids. One of the major complaints of hearing aid
users is poor speech intelligibility due to background noise.
Many studies have demonstrated that hearing-impaired people
need a SNR-50! from 10 to 30 dB higher than that required for
the non-impaired [1]. This happens due to the loss of spectral
resolution of the damaged auditory system [2]. Consequently,
it may result in social isolation, professional difficulties and
risk to personal safety. According to [3], more than 80 percent
of the hearing impaired have both ears affected by a reduction
in hearing ability, requiring the concomitant use of two hear-
ing aids.

Bilateral hearing aids (left and right gadgets working inde-
pendently) do not preserve the original acoustic localization
cues, distorting the listener's sense of auditory space, as well
as its ability to localize, separate, and track sound sources [4].

1 SNR-50 is the signal to noise ratio needed for the comprehension of 50% of
the speech in a conversation.

Although noise-reduction could be effective, localization of
residual sounds is generally best achieved by turning off the
processing routines [2] [4], diminishing the equipment accept-
ability. This represents a major disadvantage to the hearing-aid
user since the immediate localization of sources of interest is
paramount to allow visual identification (traffic, safety warn-
ings) and/or lip-reading.

Despite many advances in hearing assistive technology,
noise reduction strategies that preserve spatial localization of
sound sources are still a challenging task, mainly due to the
difficulty of integrating the different localization cues into the
noise reduction framework. In this context, common ap-
proaches for noise reduction are the linearly constrained min-
imum variance beamformer and the generalized side-lobe
canceller. However, these techniques rely on prior knowledge
about source localization and/or head related transfer func-
tions, presenting significant performance degradation when
the assumed conditions deviate from the real ones [5].

Binaural> Multichannel Wiener Filter (MWF) based tech-
niques have been extensively explored in the current scientific
literature [6] [7] [8] [9] [10]. This approach permits deep theo-
retical insights about its design and performance [11] [12]
[13]. Although it was theoretically demonstrated that the con-
ventional binaural MWF naturally preserves speech localiza-
tion cues, its major drawback resides in the fact that residual
noise at the output inherits the input speech localization cues
[11]. As a result, the hearing aid user cannot make use of the
psychoacoustic mechanisms related to spatial separation be-
tween noise and speech sources [14] to mask unwanted infor-
mation (best ear advantage) and therefore improve the speech
understanding or to localize/track noise sources [6] [15].

In order to overcome such issue, some MWF variations
have been developed. They can be divided in two classes: In
the first one, controlled amounts of unprocessed signal are
allowed at the output of the hearing aids. Although it was
demonstrated that it results a better noise source spatial locali-
zation as compared to the conventional MWF [15] [16], this
paradigm is not strictly related to preservation of the localiza-
tion cues. The second approach is characterized by adding
extra terms to the MWF cost function to penalize solutions
that do not preserve the desired binaural cues. It has been
demonstrated that interaural time differences (ITD) (difference
between transmission times in both ears) are the primary spa-
tial cues in mammals and birds [17], followed by interaural
level differences (ILD) (difference between magnitudes at

2 When both (left and right) hearing aids exchange data.
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Fig. 1. Binaural system setup.

each ear). Other cues are also accepted as playing secondary
role (providing supplementary information) in sound source
localization, such as monaural spectral features provided by
pinnae, and non-acoustical cues such as source familiarity and
vision [18]. For frequency components above 1500 Hz, ITD
may exhibit ambiguity due to short wavelengths compared to
the distance between the ears, and due to the breakdown of
phase locking in the auditory neurons [19] [20] [21]. ILD is
mainly determined by the attenuation provided by the head
and torso (head shadow effect) and is more pronounced when
the head is in between the source and one of the ears. Due to
the acoustic properties (reflection, diffraction, scattering, inter-
ference and resonance) of the head, torso and pinnae, ILD
presents a strongly increasing dependence with frequency [19]
[22]. When available, low-frequency ITD information is dom-
inant over ILD and spectral shape information, which are used
to resolve ambiguities [18].

The first attempt to preserve ITD and ILD of residual noise
by means of inserting an auxiliary cost function into the MWF
formulation was presented in [7]. The efficacy of MWF-ILD
methods [7] [23] for preservation of the acoustic scenario was
supported by early amplitude stereo panning techniques that
have demonstrated that ILD carries enough information for
creating complex artificial auditory scenes even in headphones
[24]. Differently from the MWF-ILD, and despite the apparent
physical appropriateness of the proposed estimator and associ-
ated cost function, extensive experiments have demonstrated
that the MWF-ITD [25] does not provide perceptually relevant
results in preserving the localization of the residual noise. This
fact can be only partially explained by the observations pre-
sented in [26]. As a result, this is still an important open re-
search area.

In this work, we propose the use of the interaural coherence
(IC) measure for preserving and emphasizing the ITD locali-
zation cues in MWF processed signals. The IC was firstly
proposed in [27] for preserving the original spatial characteris-
tics of diffuse noise fields, and in [28] it was shown the IC is a
nonlinear function of the ITD. Here, it is shown that by mini-

mizing IC differences between input and processed signals the
original ITD localization cues are also preserved, resulting in
the correct psychoacoustic impression of the original acoustic
scene for directional sources. The novel contributions of this
work are: 1) It is provided strong experimental evidence and
theoretical support that the MWF-ITD technique, as originally
described in [7], is not capable of preserving the original lat-
eralization of the processed noise; 2) It is shown that minimiz-
ing the difference between input and output IC of a signal
produced by a directional acoustic source corresponds to min-
imize the difference between input and output ITD; 3) We
propose the MWF-IC technique, originally derived for diffuse
fields, as an efficient noise reduction method for providing
ITD preservation of directional sound sources; 4) It is provid-
ed objective results and psychoacoustic experiments that cor-
roborate the previous rationales, showing that the MWF-IC
noise reduction technique leads to perceptually relevant
preservation of the ITD localization cues.

The remainder of this paper is structured as follows: the
binaural problem formulation is presented in Section I, while
Section Il introduces the MWF noise reduction technique. A
brief review of binaural cost functions for preserving the bin-
aural cues is presented in Section IV. In Section V, the MWF-
IC technique is proposed as an efficient noise reduction tech-
nique with ITD preservation of directional sources. The exper-
imental setup is described in Section VI, and the results are
presented in Section VII. Finally, Section VIII and 1X present
the discussion and conclusions of this work.

Throughout this document, bold uppercase and lowercase
letters represent matrices and vectors, respectively, while
italics represent scalars.

Il. SIGNAL AND SYSTEM MODELS

The application context considered in this paper comprises
a binaural fitting of hearing aids, working in a full-duplex
mode without bit-rate limitations. The operating scenario
assumes the existence of one acoustic source of interest x(t)
(speech) and one interfering noise source v(t). Both sources



are assumed as having a fixed (or slowly varying) position in a
given time-window. Frequency domain decomposition is
applied to the incoming signals through an N-bin Short-Time
Fourier Transform (STFT). For a sampling frequency of fs
samples per second, for each time-frame A and frequency k,
for the M, left microphones and the Mg right microphones, the
received signals are defined as:

Y (4,k) = XL (4,Kk) +V, (4,k)

Yar (1K) = Xg, (A, K) + Ve (2,K)
in which x is the speech signal, v is the noise, 1 =1,...,M, and
r=1,...,Mg. The collection of these received signals can be
expressed in vector form as

y(4,k) = x(4,k) + v(41,k) , 2)

in which y(4,k) = [ yL1(A4K) ... yum (AK) Yr1(AK)... Yrmg(4.K)
]T, X(/l,k) = [XLyl(ﬂ,k) XL,ML(ﬂ,k) Xva(ﬂ,k)... XR,MR(/I,k) ]T and
V(AK) = [vLi(A.K) ... VL,ML(ﬂ,k) VR 1(4,K)... VL,MR(ﬂ,k) ]T are
vectors with dimension Mx1 and M = M +Mg.

Considering the deterministic vectors g. and gr, both with
dimensions Mx1, which contain 1 in the element correspond-
ing to the respective (left/right) reference microphone and
zeros in all other elements, the reference vectors of the hearing
aids (without processing) are given by

yL,ref (i’ k) = XL,ref (/1’ k) + vL,ref (/1’ k) = q‘ll_—y(/,i’ k)
yR,ref (ﬂ,, k) = XR,ref (ﬂ‘v k) + vR,ref (ﬂ,, k) = q;y(/l, k)
As shown in Fig. 1 the output signals of the hearing aids are
z, (4,k) =w(' (4, k)y(4,k) @)
2, (2,K) =W (4, K)y(4.K)

where wi(4,k) and wr(4,k) are the left and right coefficient
vectors of the noise reduction multichannel filter, both with
dimension Mx1.

M)

®)

I1l. MULTICHANNEL WIENER FILTER

The binaural MWF has been largely studied in the noise re-
duction context for hearing aid applications. Its cost function
is given by [29]

2

Jy (K)=F )

XL,ref (/17 k) _W'Ij (k)y(lv k)
Xa et (2,K) =Wy (K)y(4,K)

where £ {} indicates the expected value and |-|> is the
squared Euclidean norm. Manipulating (5) leads to [30]

3y, (K) =a[®,, (K)a, +Ar®y, ()0 —A{ Dy ()W, (K)
~0r D, (K)Wg (k) =W (k)@ (K)a,
~Wg ()@, (K)ag +w( (K@, (K)w, (k)
+wi, ()@, (k)w, (k)
in which coherence matrices ®x(k) = E {x(4,k)x"(4,k)} and
Dyy(K) = E {y(1,KYH(A,K)} are assumed Hermitian positive
semi-definite. Equation (6) is a quadratic function of the coef-
ficient vectors wy (k) and wg(k). Due to its strict convexity, the

minimum of Jw(k) is found in closed-form by equating to zero
its partial derivatives w.r.t. the coefficients. It was shown that

. (6)

the use of the obtained coefficient vectors in the system shown
in Fig. 1 provides significant noise reduction and speech
source spatial preservation [31].

IV. BINAURAL COST FUNCTIONS

It was previously discussed that the binaural MWF distorts
the perception of the noise source localization [11]. In order to
provide a trade-off between noise reduction and spatial
preservation, auxiliary cost functions have been proposed in
the literature [6] [7] [8] [27]. These cost functions are com-
bined with Jw(k) and can be generalized by:

I(k) = 3y () + 2 e ()37 (K) (7

in which J(k) is the cost function to be minimized w.r.t. wg(k)
and w(k); Jw(k) is the multichannel Wiener filter cost func-
tion, responsible for noise reduction; JiY(k) are a set of auxilia-
ry cost functions which aim to preserve the noise binaural
cues; and i € {ITD, ILD, ITF} for a directional noise source
or i € {IC} for diffuse noise. Parameters «i(k) are frequency
dependent weighting factors that take into consideration the
importance of preservation of binaural cues as compared to the
noise reduction effort. Each auxiliary cost function is defined
as the difference between input and output estimates of a giv-
en binaural cue. Optimization techniques are applied to (7) for
finding the optimum (left/right) coefficient vectors that mini-
mize J(k) for each bin.

A. Interaural Time Difference

The ITD (in seconds) was defined in [32] as the phase of
the ratio between the left and right signal components in the
reference microphone. The input noise ITD at each bin and
time-frame is defined as

1
ITD! (1,k) = IPD! (4,k
In( ) 27[ fsk In( )
" 8
L[ V(4K ®)
- Y +27p(k)
27[ fsk VR,ref (ﬂ,, k)

where £ means phase of its argument. The integer p(k) is the
phase unwrapping factor, which is a priori unknown, since the
angle of the ratio of the spectra is computed modulo 2. This
makes the phase ambiguous above 1500 Hz due to the size and
shape of the human head. For frequencies below 1500 Hz, p(k)
can be considered zero [32]. Under such condition, the mean
input noise IPD (in radians), at a given time-window, can be
calculated by the following approximation

Vow (BK) Vit (A k)}
Vet (1K) Vi o (4,K)

= B{LV, g (A kWVa g (AK)] 9)
= LBV, o (A K)Vp o (4, K)}

= Zq[®,, (K)qg

where ®w(k) = & {v(1,k)v"(1,k)}. Using the same approach

for z.(4,k) and zr(4,k) results the mean output noise IPD:
IPD},, (K) = 2w] (K)®,, (K)w (K)

out

n

IPD! (k) = E{A

R, ref

(10)



which is defined as the phase difference between the output
signals in both speakers. Using (9) and (10), the ITD cost
function is defined as:

34 () =/ 1TD;

out

(k) —ITD; (k) P

1 v y
el LCMORUC ACTRCE
1 v
“atac )
resulting in the MWF-ITD cost function [7]:
J; (k) =3, (K)+ e (k) pp (K) (12)

in which the constant (2nfsk)=2 was included into ar(k).

V. PROPOSED METHOD

In this section, we firstly analyze the accuracy of the mean
IPD as an estimator of the spatial azimuth for a directional
acoustic source. Following, we propose the use of the IC for
preserving the original spatialization of directional noise
sources in MWF based noise reduction systems for hearing
aids.

A. Performance Analysis of the IPD Estimator

It is reasonable to assume by the central limit theorem [33]
that, in the STFT domain, the input noise components at both
microphones, vi(4,k) and vr(4,k), are zero-mean complex
random variables, normally distributed, with zero mean and
coherence matrix given by

o, (= . (k) p(k)Cva2(k)0vR (k) 13)
. p (K)o, (K)o, (k) o, (k)

in which oy 2(k) = & {(LK)}, o?(K) = & {[vr(4,K)[}, and
P(K) = B {vi(4,K)Vr(4,K) Moy, (k) oug(K)] is the complex coher-
ence coefficient of the left and right reference microphones.
The probability density function of the random variable
0= 2V (A,K)Ir(A,K) (which is equal to IPDYn(1,k) for
® < 1500 Hz) for each bin and time-frame is given by:

-|pl n
27Q1-1")| 1-n?
in which n = |p|cos(£p-0) (see Appendix).

Fig. 2 plots Eq. (14) for p=|p| exp(jn/4) and different val-
ues of |o|. It can be observed that the central tendency (w/4)
remains fixed, but the dispersion increases with the decrease
of the absolute value of the coherence coefficient |g|. In low
reverberation scenarios, directional noise captured by the
reference microphones naturally presents large coherence
coefficient (usually near one). Therefore, IPD"in(k) results
accurate estimates for Z {6}. By the other side, MWF-
processed signals may present small coherence coefficients (as
will be shown later). In this situation, IPDYou(k) estimates may
present large variance. In the limiting case, in which there is
no coherence between residual noise components in z.(4,k)
and zr(4,K) (Jo(K)] = 0), (14) turns to [34]

1
pg(e)zz :

P, (0) = arccos(-7) +1} . 14

(15)

In this situation, the phase has a uniform distribution. There-
fore the performance of the estimator depends on the magni-
tude of the coherence coefficient p.

(a)|p|=0.99

——(b) [p[=0.95 ()

| |=—(c¢) |p|=0.90

—(d) |p|=0.50
(e)lp=0

Fig. 2. Marginal probability density function for the phase of vi/vg as a func-
tion of o = [E{v.ve H(ov, o).

B. Interaural Coherence

In consonance with results presented in Fig. 2, experiments
presented in [35], applied to hearing aids, indicated strong
relation between IC (specifically to |p]) and the capacity of
listeners to discriminate small ITD changes. In other words,
the authors conclude that IC should be considered coopera-
tively with the ITD to improve the localization of sounds in
free field. Lately, in [27], the MWEF-IC technique was pro-
posed to provide noise reduction, but preserving the dispersive
characteristic of diffuse sound fields. Its cost function was
defined as:

Je (k) =y (K) +ac () (k) , (16)
where

Jie (k) F1C5, (K) - IC(K) [ (17)
in which the mean input and output noise IC are respectively
defined as

a. @, (K)d,
Jare,, (k)a,a1e,, (k)a,

ICy (K) = (18)
and
wi (K)®,, (K)wg (k)

W@, (Kw, ()WH (KD, (K)w, (K)
Considering a single directional noise source in free field,
the noise signal can be modeled as
v(4,k) =h(k)v(4,k) (20)
where Vv(1,k) denotes the noise signal and h=[h.
hRT ]T = [ hL,l(ﬂ,k) hL,ML(ﬂ,,k) hRyl(ﬂ,k)... hL,MR(l,k) ]T is the
noise steering vector. It contains the acoustic transfer func-
tions between the noise source and each of the M micro-
phones. In this way, the noise coherence matrix turns to:
@, (k) = B{v(4,k)Vv"(1,K)}= o (K)h(k)h"(K) . (21)
Using (21) in (18), after some manipulations, results in [28]

ICY, (k) = (19)



9P, (k)ds
Jale,, (K)a.ar@,, (k)a,
_ _ai®, (k)a,
l9[®,, (K)qx |

— @ 4al®w (K)ag+27p(K)

IC;, (k) =

, (22)

_ @ilPDi (k)

The Taylor series for the complex exponential is given by

o 0 v X2k ] X2k+1
=2, {ﬁ+l(2k+l)!} | @3)
Using its first order approximation in (22) it comes to:
IC) (k) =1+ jIPD; (k) . (24)
Using (20) in (19) and its result and (24) in (17) leads to
Jic (k) =] 1PD;, (k) = 1IPD; (K) [= 3155 (K) - (25)

Eg. (25) shows that minimization of the I1C cost function for
directional signals correspond to minimization of the IPD cost
function. Given such revelation, we propose to apply the
MWE-IC to the directional noise source case with the aim of
controlling the ITD binaural cues of the processed noise.

VI. EXPERIMENTAL SETUP

The performance of the MWF-IC (Jc) was assessed and
compared to the MWF-ITD (J7), MWF (Jw) and unprocessed
signals under objective measures and psychoacoustic experi-
ments for the case of one directional noise source. Simulations
were performed with head-related impulse responses (HRIRS)
obtained from a multichannel binaural database [36]. In this
database, a manikin with a shape of a human head and torso,
wearing two behind-the-ear hearing aids with 3 microphones
each (M. = Mg = 3) was positioned inside an anechoic cham-
ber. The acoustic sources have zero elevation, corresponding
to the transverse plane of the dummy head. All acoustic sce-
narios presented here are comprised by one speech source and
one noise source placed at distances of 80 cm and 3 m (far-
field), respectively, from the manikin. The speech source was
situated at zero azimuth s =0° while the noise source is
simulated at four different azimuths 6y = { —60°, —30°, 30°,
60° } in the front of the manikin. The negative azimuths corre-
spond to the left-hand side of the sagital plane of the manikin,
while the positive azimuths correspond to the opposite side.

The speech signal is a male voice selected from [37], con-
taining a sentence of 2.7 seconds. The speech was convolved
with the 0° azimuth HRIR and manually labeled to emulate
and ideal voice activity detector (VAD), avoiding misclassifi-
cation. The performance impact due to estimation errors of a
real VAD is not approached in this study.

The noise signal was obtained by low-pass filtering white
noise, to limit its energy up to 1.5 kHz (ITD range according
to the Duplex Theory) [38] [39]. This noise signal was con-
volved with four different HRIRS, creating four distinct acous-

tic scenarios: SoN-go, SoN-30, SoN3o and SoNgo®. The signal to
noise ratio (SNR) of the contaminated signal was defined as
0 dB in the ear closest to the noise source (called “worst ear”),
for all scenarios and experiments. The SNR and PESQ of the
noisy (raw) speech for the four studied acoustic scenarios are
presented in Table I.

The sampling frequency was set to fs = 16 kHz and the input
signals were transformed to the frequency domain by an
N = 256 bin Short-Time Fourier Transform, with an analysis
window of 128 samples, zero padding, and 50% of overlap.
The transformed signals in the STFT domain were recon-
structed by the weighted overlap-and-add method [40].

The noisy speech, speech and noise signals were processed
by the coefficients obtained by applying the Broyden-Fletcher-
Goldfarb-Shanno quasi-Newton optimization method [41] [42]
to Jc and Jr cost functions, as well as by the theoretical solu-
tion to Jw. The weighting factor defined for a given technique
is kept fixed for all bins (k) = .

The experiments with volunteers were approved by the Eth-
ics Committee in Human Research, under certificate
49741615.2.0000.0121 CEP-UFSC. All volunteers involved
have read and signed the written informed consent form.

TABLE |
OBJECTIVE MEASURES FOR THE NOISY INPUT SIGNAL.
SoN-so SoN-so  SoNso  SoNeo
PESQ. 11 11 12 12
PESQr 12 1.2 11 11
SNRy [dB] 0 0 46 45
SNRg [dB] 4.6 45 0 0

A. Objective Measures

Five objective measures were calculated for evaluating the
performance of both MWF-IC and MWF-ITD methods: The
signal to noise ratio (SNR), which measures the noise reduc-
tion; the intelligibility weighted gain in signal to noise ratio
(AISNR) [43], which estimates the intelligibility of the speech
signal; wideband perceptual evaluation of speech quality
(PESQ) [44], which measures the overall quality of the en-
hanced speech signal [45]; the interaural time difference error
(AITD) [8], calculated up to 1.5 kHz, which measures the
preservation of ITD; and the Mean Square Coherence Error
(AMSC) [27], which measures the coherence variation be-
tween input and output signals. Sub-indexes were added to
refer to speech (S), noise (N), and left (L) and right (R) ears.

Objective results obtained for scenarios SogN-3p and SoN-go
were very similar to the same scenarios in the opposite side.
For this reason, only results for SoNsp and SoNgo are shown.

B. Psychoacoustic Experiments

Experiments with volunteers were performed to evaluate the
psychoacoustic aspects of the noise signal processed by both
MWEF-ITD and MWF-IC. They were conducted using a head-

8 SeNg, means the speech source (S) is placed at 6 degrees of azimuth and

the noise source (N) is at &y degrees of azimuth with respect to the head
midline (right azimuths are considered positive and left negative).



phone (Sennheiser HD 202) connected into a laptop.
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Fig. 3. SNR at the left (a) and right (b) ears for MWF-ITD (blue) and MWF-
IC (red). SoNgo (thick continuous line) and SoN3o (thin dash-dotted line) sce-
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Fig. 4. AISNR at the left (a) and right (b) ears for MWF-ITD (blue) and
MWE-IC (red). SoNeo (thick continuous line) and SoN3 (thin dash-dotted line)
scenarios: (i) Jr for SoNgo; (ii) Jc for SoNeo; (iii) I for SoN3o; (iv) Jc for SoNao.

The selected group of volunteers was comprised by 11
males and 4 females, with ages between 19 and 39 years-old
(mean of 29 and standard deviation of 4.9 years-old). No pre-
vious complains regarding to hearing losses were declared.
The experimental procedure was divided into 3 phases: (a)
learning, (b) training, and (c) testing. In the first phase, the
volunteers listened to the noise (only) signal filtered by HRIRS
related to seven different azimuths { —90°, —60°, —30°, 0°,
30°, 60°, 90°}. Each audio was synchronized with visual
information (presented on the screen of the laptop) related to
the true azimuth of the processed noise signal. In the training
phase, the volunteers were asked to identify the azimuth of the
same 7 audios, presented in random order, without previous
knowledge about the true azimuths. In this phase, volunteers
which performed hemisphere inversions (lateralization errors
related to the left-right sides) were drop out the experiment. In
the test phase, the remaining volunteers were requested to
classify a set of 16 audios, presented in random order. A virtu-

al protractor with 13 combo boxes, ranged from —90° to 90° in
steps of 15°, was presented in the screen of the laptop. The
selected audios comprised four noise signals presented in the
training phase (—60°, —30°, 30°, 60°), as well as filtered ver-
sions of the noise presented in the noisy speech, for the SoN-3o,
SoN30, SoN-60 and SoNeo Sscenarios, according to the optimum
coefficients obtained from Jw, Jr and Jc.
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Fig. 5. PESQ at the left (a) and right (b) ears for MWF-ITD (blue) and MWF-
IC (red), and SoNgo (thick continuous line) and SoN3o (thin dash-dotted line)
scenarios: (l) JT for SoNso; (||) Jc for S()NGO; (|||) JT for SONgo; (|V) Jc for 50N30.
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Fig. 6. Noise AITD (a) and noise AMSC (b) for MWF-ITD (blue) and MWF-
IC (red), and SoNgo (thick continuous line) and SoN3o (thin dash-dotted line)
scenarios: (i) Jr for SoNeo; (i) Jc for SoNeo; (iii) Jr for SoN3o; (iv) Jc for SoNa.

TABLE Il
WEIGHTING FACTORS FOR A MAXIMUM NOISE REDUCTION LOSS OF 15% AS
COMPARED TO THE MWF TECHNIQUE

ar(Jr)  ac(Jc)
SoN_zo/ SoN3g 3x10° 0.8
SON—GO/ SoNeo 4x10? 0.4

For performance comparison purposes, a maximum noise
reduction loss of 15%, as compared to the MWF solution, was
deliberately set for both MWF-IC and MWF-ITD techniques
in the “worst ear”. This room establishes an arbitrary trade-off
between noise reduction and spatial preservation. The



weighting factors for attaining such specification, for both Jc
and Jr, are presented in Table II.

TABLE Il
OBJECTIVE MEASURES FOR SoNgo: ar = 3x10% (J7), ac = 0.8 (J¢)

Jw Jr Je
SNR.[dB] 263 213 22
SNRg[dB] 247 216 209

AISNR,[dB] 134 106 103

AISNRg[dB] 166 150 143

PESQL 34 2.8 2.7
SoNso
PESQr 2.9 2.8 24
AlITDsg 2x102  5x1072% 2x107?
AITDy 0.4 3x102  4x107
AMSCs 7x10°  5x107%  2x107?
AMSCy 0.4 0.82 0.1
TABLE IV
OBJECTIVE MEASURES FOR SoNgo: arr = 400 (J1), ac = 0.4 (Jc)
Jw Jr Jc
SNR_ [dB] 28.5 22.7 24.2
SNRg [dB] 26.3 235 229
AISNR [dB] 147 121 12.0
AISNRg[dB] 178 15.7 15.6
PESQL 3.6 29 3
SoNeo
PESQr 3.1 3 2.7
AlITDsg 2x102  5x107% 3x107?
AITDy 0.43  7x102 1x1072
AMSCs 1x102 1x102% 2x107?

AMSCy 0.43 0.82 0.2

VII. RESULTS

In this section, objective measures and psychoacoustic re-
sults are presented to assess the ITD preservation performance
for both MWF-IC and MWF-ITD methods assuming the case
of one directional speech source and one directional noise
source.

A. Objective Measures

Fig. 3 presents left and right SNR, as a function of the
weighting factor (), for both MWF-IC and MWF-ITD for the
SoN3o and SoNeo scenarios. Clearly, for both techniques, the
SNR decreases with the increase of the weighting factor. The
MWE-IC curves starts decreasing for a smaller « as compared
to the MWF-ITD, which could lead us to prematurely disqual-
ify the former. The plateau in the extreme left side of Fig. 3
corresponds to the SNR provided by the MWF (a—0) tech-
nique. The same behavior is observed for both the AISNR and
PESQ, respectively presented in Figs. 4 and 5.

Fig. 6a presents AITD, which indicates that, as compared to
the conventional MWF, both MWF-IC and MWF-ITD are
capable of decreasing the input-output variation of the interau-

ral time difference for increased weighting factors.

Fig. 6b shows that increasing the weighting factor of the
MWEF-ITD does not consistently reduce the mean square co-
herence error. By the other side, MWF-IC significantly reduc-
es it, restoring the original interaural coherence of the residual
noise.
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Fig. 7. Spectrograms of signals in the right ear for the SN, scenario: (a) clean
speech; (b) contaminated speech; (c) MWF processed; (d) MWF-ITD pro-
cessed; (e) MWF-IC processed.

B. Psychoacoustic Experiments

Tables 111 and IV present the objective measures calculated
for MWF, MWF-ITD and MWEF-IC in the assessed scenarios
(SoNso and SgNeo). In Fig. 7, the spectrograms of the analyzed
signals, for the “best ear” and SoNgo Scenario, are presented.

Fig. 8 shows results for the training phase of the 15 volun-
teers in the form of box-and-whisker diagrams. None of the
volunteers performed lateralization inversions during the train-
ing phase. The box is represented by the blue rectangle that
delimits the upper and lower quartiles denominated g: and qs
(25% and 75% of values) respectively, while the red line in-
side the box means the median. In addition, the box represents
the interquartile range (IQR), a measure of statistical disper-
sion between gz and q: (IQR = gz—q1). The whiskers show the
lowest and highest sample values represented by the black
dashed line. The outliers are reproduced with red crosses cor-
responding the samples greater than gs+w(qs—gi1) and lower



than gsz—w(gs—0g1). The variable @ is defined as the default
value of 1.5 [46] and represents the upper and lower extremes,
which are not considered outliers.
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Fig. 8. Classification results obtained in the training phase for all 15 volun-
teers and low-pass noise.
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Fig. 9. Modified boxplot for the psychoacoustic experiment. Azimuth percep-
tion for the noise source. (a) SoN3zo (top), and (b) SoNgo (bottom): Processed
noise due to the MWF-ITD (red), MWF-IC (blue), MWF (green), and unpro-
cessed noise (yellow).

Figs. 9 and 10 show the results for the 15 volunteers in the
testing phase for the SoN-30, SoNs0, SoN-s0 and SoNgo scenari-
0s. Modified box-and-whisker diagrams are presented for
easiness of interpretation. This innovative design embodies the
spatial perception into the box-and-whisker framework. Here,
the volunteer location is represented by a sketch of a human
head (top view) wearing a headphone. The speech source is
represented by another sketch of human head in front of the

volunteer (6s = 0°) at ds meters. The noise source is indicated
by a specific symbol with the corresponding true azimuth
information. The box-and-whisker diagrams are represented
by boxes filled with different colors according to the legends.

,____
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Fig. 10. Modified boxplot for the psychoacoustic experiment. Azimuth per-
ception for the noise source. (a) SoN-3 (top), and (b) SoN_so (bottom): Pro-
cessed noise due to the MWF-ITD (red), MWF-IC (blue), MWF (green), and
unprocessed noise (yellow).

TABLE V
PSYCHOACOUSTIC EXPERIMENT: AZIMUTH SAMPLE MEAN (Xi), SAMPLE
STANDARD DEVIATION (S;) AND SAMPLE MEDIAN (%j) FOR i={R, W, T ,C },
RESPECTIVELY MEANING: UNPROCESSED (RAW) AND PROCESSED BY MWF,
MWEF-ITD, AND MWF-IC TECHNIQUES.

SoN_30 SoNso  SoN_-so ~ SoNeo
Xr  —14° 65° —75° 62°

E Sr 21° 21° 12.7°  14.9°
Xk —90° 75° —75° 60°

xw o —11° 1° -18° -8°

S sy 19.2° 9° 19° 27.7°
Xw 0° 0° -15° 0°

X7 -59° =27° —44° -53°

& st 28.6° 44° 30° 41.2°

Xt —60° —15° —45° —75°

Xc  —48° 33° —67° 41°

S s¢  221° 27.1° 195° 22.3°
Xc  —45° 30° —60° 30°

Table V shows the sample mean, sample standard deviation
and sample median for boxplots presented in Figs. 9 and 10.
Table VI shows the absolute differences between mean and
median for the MWF-ITD and MWF-IC as compared to the



original noise, for all scenarios.

TABLE VI
PSYCHOACOUSTIC EXPERIMENT: ABSOLUTE DIFFERENCES BETWEEN MEAN (Xi)
AND MEDIAN (Xj) AZIMUTHS FOR THE MWF-ITD (T) AND MWF-IC (C) AS
COMPARED TO THE PERCEIVED AZIMUTH OF THE RAW (R) NOISE.

SoN-30  SoNso  SoN_so SoNeo  Average
| Xr — X7| 15° 92° 31° 115° 63.3°
| Xr— 7| 30° 90° 30° 135° 71.3°
| Xr — Xc| 26° 32° 8° 21° 21.8°
| Xr— Xcl 45° 45° 15° 30° 33.8°

The most impressive results were obtained for the MWF-
ITD technique in both SoN3o and SoNgo scenarios. According
to Fig. 9, nearly all volunteers performed lateralization inver-
sions and, consequently, the sample means/medians pointed
out to the opposite hemisphere of the true localization of the
noise source. Aiming to clarify these results a new experiment
was performed with the five best evaluators classified in the
training phase. Firstly, they listened to 15 different realizations
of the noise processed by the MWF-ITD and MWF-IC tech-
niques for the SoNeo and SoN-so Scenarios. Following, they
classified each signal according to the perceived hemisphere
(L-left and R-right). Again, volunteers did not performed any
lateralization inversions for the MWEF-IC processed signals.
By the other side, all volunteers presented hemisphere inver-
sions for the MWF-ITD processed signals. Fig. 11 shows the
results obtained for the MWF-ITD technique, in which the red
dashed line indicates the average number of lateralization
errors (6.4) for the 15 trials.
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Fig. 11. Lateralization inversions obtained in the psychoacoustic experiments
for the MWF-ITD technique: five volunteers and 15 trials.

VIIl. DISCUSSION

The objective measures SNR, AISNR, PESQ, and AITD
presented in Figs. 3, 4, 5 and 6a clearly show a trade-off be-
tween noise reduction and spatial preservation as a function of
the weighting factor. It means that acoustic comfort, intelligi-
bility and quality are degraded, while the original noise ITD
cues are preserved, with the increase of «, for both MWF-ITD
and MWF-IC methods. However, the AMSC, shown in Fig.
6b, indicates that MWF and MWF-ITD techniques may sub-
stantially change the interaural coherence of processed signals,
independently of the choice of «. Contrary, the MWF-IC con-

sistently decreases both AITD and AMSC for increasing .

Tables Il and IV present objective measures for both
MWEF-ITD and MWF-IC, considering weighting factors de-
signed for a maximum noise reduction loss of 15% in the
“worst ear” as compared to the MWF. The SNRgr was de-
creased by 13% (MWF-ITD) and 15% (MWEF-IC) for the
SoN3o scenario (ar = 3x103%, ac =0.8), and 11% (MWF-ITD)
and 13% (MWF-IC) for SoNeo (ar =400, ac = 0.4). The dif-
ference between the resulting SNRg for both methods did not
exceed the just noticeable difference of 3 dB [47]. In the same
way, both MWF-ITD and MWF-IC present approximately the
same quality in the “worst ear” for both scenarios, since dif-
ferences smaller than 0.2 PESQ are not clearly noticeable by
volunteers [48]. The speech binaural cues were kept undistort-
ed (AITDs and AMSCs < 0.1), while AITDy was considerably
reduced from 0.4 to less than 0.1. The most significant differ-
ence between MWEF-ITD and MWF-IC is related to the
AMSCn. The AMSCy of the MWF processed noise, which
originally was calculated as 0.4 was increased to 0.8 by the
MWE-ITD, while the MWF-IC decreased it to 0.1 for the
SoN3p scenario and to 0.2 for the SoNgo. This indicates that the
MWEF-ITD acts only over the ITD cues, while the MWF-IC
method controls both ITD and IC binaural cues.

The spectrogram in Fig. 7 provides a big picture of the “best
ear”. It shows that expressive noise reduction is achieved by
MWF, MWF-ITD and MWEF-IC, without significant visual
differences.

Fig. 8 attested that all 15 volunteers present adequate lat-
eralization judgment capacity. The calculated sample median
accurately agreed with the true azimuths, and no hemisphere
inversion were performed.

The main results of the psychoacoustic experiments are
shown in Figs. 9 and 10. As expected, the MWF results (green
boxes) were biased to the speech source azimuth (0°) [11]. It
is also possible to verify that the median azimuth of the unpro-
cessed noise (yellow box) is biased to a bigger azimuth magni-
tude as compared to its true value. This may be explained by
the natural agreement between ILD and ITD binaural cues,
which may amplify the lateralization subjective perception.
This phenomenon does not occur with the processed noise,
since the analyzed techniques do not act over the ILD.

Two main observations can be emphasized: Firstly, the
MWEF-IC provided more accurate (median) and precise (IQR)
estimates of the true azimuths as compared to MWF-ITD (see
Table V), for all acoustic scenarios. Secondly, while the
MWEF-IC always provides correct hemisphere localization, the
MWEF-ITD results a significant number of hemisphere inver-
sions as shown in Fig. 11.

The importance of IC for effective ITD cue preservation
was previously analyzed in [35]. This work assessed the lat-
eralization capacity of volunteers in reverberant environments
for different values of |IC"in|. Acoustic noise in the effective
band of the ITD (< 1.5 kHz) was investigated. It was observed
approximately 50% of hemisphere inversions for scenarios
with [ICYs| < 0.2, whereas no inversions were reported for
[ICYn| > 0.8. These results show the straight relation between
the magnitude of the interaural coherence and the human abil-



ity to lateralize sounds in free-field using the ITD information.
An equivalent phenomenon can be observed in the MWF-IC
results presented here. Fig. 12 shows an example of the mag-
nitude of the interaural coherence as a function of the frequen-
cy for the noise signal applied in our experiments. The large
coherence magnitude of unprocessed noise [ICin(k)| (yellow
line - O) is characteristic of a free-field scenario (anechoic
environment). The MWF-IC processed noise (blue line - *)
preserves the original magnitude of the interaural coherence,
basically resulting in [IC%u(k)| > 0.8. However, both MWF
and MWF-ITD techniques provide reduced magnitude coher-
ences. In fact, MWF-ITD may result very small values,
achieving |IC%u(k)| < 0.2 for high frequencies. Such range of
IC magnitudes is characteristic of diffuse acoustic fields, like
those find in highly reverberant environments. The dashed
dark lines inform the limit values for the magnitude of the
interaural coherence described in [35].

In [49], psychoacoustic lateralization experiments indicated
that small IC magnitudes increase the importance of ILD even
in frequencies below 1.5 kHz. Frequencies containing disso-
nant ILD and ITD information may contribute to lateralization
errors. The large number of hemisphere inversions verified
with the MWF-1TD, may be attributed to the combination of
small magnitude interaural coherence and discordant ILD and
ITD binaural cues.

The obtained results indicate the MWEF-IC is a promising
technique for noise reduction with spatial preservation for
both diffuse [50] and directional noise sources.

Finally, the simultaneous use of IC and ILD cost functions
in (7) may lead to a noise reduction technique with perceptual-
ly relevant preservation of the spatial scenario along the entire
hearing frequency range. This subject will be investigated in a
future work.
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Fig. 12. Magnitude of the interaural coherence. (a) unprocessed noise (yellow

square); (b) MWF processed noise (green circle); (¢) MWF-ITD processed

noise (red triangle); (d) MWF-IC processed noise (blue asterisk).

IX. CONCLUSION

This paper proposes the use of the interaural coherence as a
method for obtaining perceptually relevant preservation of
interaural time differences in binaural hearing aids. It is shown
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that the MWF-ITD technique distorts the natural coherence
presented by directional noise acquired by the microphones in
free-field environments. The MWF-IC method provides a
trade-off between noise reduction and preservation of the
original noise spatialization for frequencies below 1.5 kHz.
This happens due to the concomitant preservation of both ITD
and IC binaural cues. Objective measures and psychoacoustic
experiments corroborate the theoretical analysis, indicating
that IC preservation is fundamental for ITD subjective percep-
tion and correct lateralization of directional sound sources in
free-field. These results are of especially interest to hearing
aid designers in search for a binaural noise reduction tech-
nique that preserves the original acoustic scenario for both
diffuse and directional noise sources in frequencies below
1.5 kHz.

APPENDIX

Considering the ratio of two correlated circularly-symmetric
complex normal random variables
y=y +jy,=xly, (26)
with zero mean and complex correlation coefficient p = p,+
ipi=E{xy}(oxa), ol = E{XF}, o = E{lyf}. their joint
probability density function (PDF) in rectangular coordinates
is defined as [34]

-2
_ 2 2 1.
_1-lpl (|w| +i_2prt//r+p.w.J @

2_2 2 2
oo, \ oy o, o,0,

P, . (Vo)

Using polar coordinates
v, =lylcosd , y, =|y|sing, (28)
in which 6 denotes the phase of . The joint PDF in polar
coordinates is given by
PV .O)=lv D, , (w.v). (29)
The marginal PDF of the phase is obtained by integrating
(29) with respect to |

P (O) =[P, d v, (30)
0
resulting in
p,(0) = el 1 arccos(-n)+1|,  (31)
27Q1-1") | 1-p?
in which

n=|p|cos(£p-0). (32)
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