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Abstract—Besides noise reduction an important objective of
binaural speech enhancement algorithms is the preservation of
the binaural cues of all sound sources. To this end, an extension
of the binaural multi-channel Wiener ﬁlter (MWF), namely the
MWF-ITF, has been proposed, which aims to preserve the Interaural Transfer Function (ITF) of the noise sources. However,
the MWF-ITF is well-suited only for directional noise sources
but not for, e.g., spatially isotropic noise, whose spatial characteristics cannot be properly described by the ITF but rather by
the Interaural Coherence (IC). Hence, another extension of the
binaural MWF, namely the MWF-IC, has been recently proposed,
which aims to preserve the IC of the noise component. Since for
the MWF-IC a substantial tradeoff between noise reduction and
IC preservation exists, in this paper we propose a perceptually
constrained version of the MWF-IC, where the amount of IC
preservation is controlled based on the IC discrimination ability
of the human auditory system. In addition, a theoretical analysis
of the binaural cue preservation capabilities of the binaural MWF
and the MWF-ITF for spatially isotropic noise ﬁelds is provided.
Several simulations in diffuse noise scenarios show that the perceptually constrained MWF-IC yields a controllable preservation of
the IC without signiﬁcantly degrading the output SNR compared
to the binaural MWF and the MWF-ITF. Furthermore, contrary
to the binaural MWF and MWF-ITF, the proposed algorithm
retains the spatial separation between the output speech and noise
components while the binaural cues of the speech component are
only slightly distorted, such that the binaural hearing advantage
for speech intelligibility can still be exploited.
Index Terms—Binaural cues, hearing aids, interaural coherence,
multi-channel wiener ﬁlter (MWF), noise reduction.

I. INTRODUCTION

N

OISE reduction algorithms in hearing aids are crucial to
improve speech understanding in background noise for
hearing-impaired persons. For binaural hearing aids, algorithms
that use the microphone signals from both the left and the right
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hearing aid are considered to be promising techniques for noise
reduction, because the spatial information captured by all microphones can be exploited [1], [2]. In addition to reducing noise
and limiting speech distortion, another important objective of
binaural noise reduction algorithms is the preservation of the
listener’s impression of the acoustical scene, in order to exploit
the binaural hearing advantage and to avoid confusions due to
a mismatch between the acoustical and the visual information.
This can be achieved by preserving the binaural cues, i.e. the Interaural Level Difference (ILD), the Interaural Time Difference
(ITD) and the Interaural Coherence (IC) of all sound sources in
the acoustical scene. The ILD and ITD cues are important for
sound source localization [3], where the ITD cue plays a dominant role at low frequencies and the ILD cue plays a dominant
role at high frequencies [4]. In addition, the IC (and its absolute value) is important for source localization in multi-source
and reverberant environments since it determines the reliability
of the ILD and ITD cues [5], [6]. Furthermore, the IC is an important cue for the perception of the width of sound ﬁelds [7]
and is widely used in the context of room acoustics and spatial
audio reproduction systems [8], [9]. Furthermore, the binaural
cues ITD, ILD and IC are commonly used to predict the binaural
hearing advantage, which occurs due to a spatial separation between the speech and the noise component [10], [11], in order
to predict speech intelligibility for binaural signals [12], [13].
For a speech source in a low reverberant environment, masked
by spherically isotropic noise, it has been shown in [14] that an
improvement of the Speech Reception Threshold (SRT) for binaural hearing compared to monaural hearing up to 3.4 dB can
be achieved. On the other hand, no binaural SRT increase is observed if the noise component is a interfering source located at
the same position as the speech source, i.e., they contain the
same spatial information [11]. Hence, for a speech source in
a spherically isotropic noise ﬁeld an SRT improvement up to
3.4 dB can be achieved by exploiting the binaural hearing advantage, due to the spatial separation between the speech and
the noise component.
To achieve binaural noise reduction with binaural cue preservation, two main concepts have been developed. In the ﬁrst concept, the microphone signals from both hearing aids are used
to calculate a real-valued time-varying spectral gain, where the
same gain is applied to the reference microphone signal in the
left, respectively right, hearing aid [15]–[21]. This processing
strategy allows for perfect preservation of the instantaneous binaural cues of both the speech and the noise component, but
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typically suffers from a limited noise reduction performance
and possible single-channel noise reduction artifacts [22]. The
second concept is to apply a complex-valued ﬁlter vector to all
available microphone signals on the left and the right hearing
aid, combining spatial and spectral ﬁltering [23], [24]. Using
this processing strategy, a large noise reduction performance
can be achieved, but the binaural cues of the noise component
are not guaranteed to be preserved. Since typically the binaural
cues of the speech component are preserved while the binaural
cues of the residual noise component are distorted, algorithms
have been proposed that aim to preserve the binaural cues of the
residual noise component by including a cue preservation term
in the binaural noise reduction cost function [23]–[28].
In [24] the binaural Multi-channel Wiener Filter (MWF) has
been presented yielding a minimum mean square error (MMSE)
estimate of the speech component in a reference microphone
signal at the left and the right hearing aid. It has been theoretically proven in [23] that in the case of a single speech source
the binaural MWF preserves the so-called Interaural Transfer
Function (ITF), comprising the ILD and ITD cues, of the speech
component, but typically distorts the ITF of the noise component, since both output components exhibit the ITF of the
speech component. Hence, after applying the binaural MWF no
spatial separation between the output speech and noise components exists, such that both components are perceived as coming
from the same direction and no binaural unmasking can be exploited by the auditory system. In [23] an extension of the MWF,
namely the MWF-ITF, has been proposed by adding a term related to the preservation of the ITF of the noise component to
the binaural MWF cost function. It has been shown that a better
preservation of the ITF of the noise component can be achieved,
depending on the output SNR and a trade-off parameter. Instead
of using a soft ITF constraint as in [23], it has been proposed in
[27] to impose a hard (instantaneous) ITF constraint, however
requiring an accurate estimate of the noise component. In addition in [26] an interference rejection constraint for the binaural
linearly constrained minimum variance (BLCMV) beamformer
has been proposed. It should however be noted that all mentioned binaural MWF extensions, aiming to preserve the binaural cues of the noise component, are only suited for directional noise sources since the spatial characteristics of directional sources can be well described by the ITF.
On the other hand, for spatially isotropic noise, whose spatial characteristics can not be properly described by the ITF but
rather by the Interaural Coherence (IC), these extensions are not
able to preserve the spatial characteristics. Hence another extension of the binaural MWF, namely the MWF-IC, has been proposed in [28], [29] aiming at preserving the IC of the residual
noise component for spatially isotropic noise ﬁelds. Since for
the MWF-IC a substantial trade-off between IC preservation
and output SNR exists, in this paper we propose to control the
amount of IC preservation based on the IC discrimination ability
of the human auditory system. Based on psychoacoustic experimental results in [30], [31], we ﬁrst deﬁne frequency-dependent
upper and lower boundaries for the magnitude squared coherence (MSC) of the output noise component in order to maintain the spatial impression of the spherically isotropic noise
ﬁeld. Different procedures are then proposed to determine the
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trade-off parameter in the MWF-IC considering these boundaries, such that an optimal trade-off between spatial awareness
preservation and noise reduction performance is obtained. Since
the main objective of this paper is the comparison of the noise
reduction and binaural cue preservation performance of MWFbased algorithms in diffuse noise ﬁelds, the algorithms are evaluated using so-called batch processing, where the noise correlation matrix is estimated from a noise-only period, and the
speech-plus-noise correlation matrix is estimated during speech
activity. For an online implementation the correlation matrices
would need to be estimated adaptively (e.g. based on a voice
activity detection mechanism), which will not be considered in
this paper. However, it should be noted that even in batch processing estimation errors occur (cf. Section VI-A) and that an
online version of the MWF-IC, exploiting short-term estimates
of the signal statistics, has already been successfully applied in
the context of dereverberation [32].
The paper is structured as follows. In Section II the conﬁguration and notation of the used binaural hearing aid setup
is described. In Section III two binaural noise reduction algorithms, namely the MWF and the MWF-ITF, are brieﬂy
reviewed and their theoretical performance in preserving the
ITF and the IC of the speech and the noise component is
investigated. In Section IV, the theory of spatially isotropic
noise ﬁelds is reviewed and the capabilities of the MWF and
the MWF-ITF in preserving the binaural cues of spatially
isotropic noise ﬁelds is investigated. In Section V, the MWF-IC
is presented and several procedures for determining the parameter, trading off noise reduction and IC preservation, based on
psychoacoustically determined MSC boundaries are proposed.
In Section VI the performance of the proposed MWF-IC and
the MWF and the MWF-ITF are evaluated in terms of intelligibility-weighted SNR improvement, MSC error and ILD
and ITD distributions. Experimental results in different diffuse
noise scenarios show that incorporating the psychoacoustically
determined MSC boundaries into the determination of the
trade-off parameter for the MWF-IC yields a controllable IC
preservation without signiﬁcantly degrading the output SNR
compared to the binaural MWF and the MWF-ITF, while
retaining the spatial separation between the output speech and
noise components.
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 are equipped with a microphone array consisting of
microphones. The -th microphone signal in the left hearing aid
can be written in
the frequency-domain as
(1)
where
represents the speech component and
represents the noise component. Similarly, the -th microphone
signal in the right hearing aid can be written as
. For conciseness, we will omit the frequency-domain variable , except when explicitly required.
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written as
and
. The output signals
and
at the left and the right hearing aid are obtained by
ﬁltering and summing all microphone signals from both hearing
aids, i.e.
(7)
and
are 2 -dimensional complex-valued vecwhere
tors. The output signal at the left hearing aid can be written as
(8)
represents the speech component and
represents
where
the noise component of the output signal. The output signal at
the right hearing aid can be written similarly, i.e.
. The
-dimensional complex-valued stacked vector
is deﬁned as

Fig. 1. General binaural processing scheme.

We deﬁne the -dimensional stacked vectors
and the
-dimensional signal vector as
..
.

..
.

and

(9)

(2)

, where and
The signal vector can be written as
are deﬁned similarly as in (2). The correlation matrix
, the
speech correlation matrix
and the noise correlation matrix
are deﬁned as

(3)
where denotes the expected value operator. Assuming that the
speech and the noise components are uncorrelated,
can be
written as
.
In the case of a single speech source, the speech signal vector
can be written as
(4)

B. Performance Measures
In this section, we deﬁne a number of instrumental performance measures that will be used throughout the paper. The
narrowband input SNR at the left and the right hearing aid is
deﬁned as the power ratio of the speech and noise components
of the reference microphone signals, i.e.
(10)
(11)
The narrowband output SNR at the left and the right hearing
aid is deﬁned as the power ratio of the output speech and noise
components, i.e.
(12)

where the
-dimensional steering vector
contains the
acoustic transfer functions from the speech source to the microphones, capturing the microphone characteristics, the head
shadow effect and reverberation, and
denotes the speech
signal. The speech correlation matrix then is a rank-1 matrix,
i.e.

The input interaural transfer function (ITF) of the speech component and the noise component is deﬁned as [23]

(5)

(14)

with
the power spectral density of the speech
signal.
Without loss of generality, we will use the ﬁrst microphone on
the left hearing aid and the ﬁrst microphone on the right hearing
aid as the so-called reference microphones for the considered
speech enhancement algorithms. For conciseness, the reference
microphone signals
and
of the left and the right hearing
aid are denoted as
and , i.e.,
(6)
where and are 2 -dimensional vectors with one element
equal to 1 and the other elements equal to 0, i.e.
and
. The reference microphone signals can be

(13)

(15)
In the case of a single speech source, the input ITF in (14) is
equal to the relative transfer function (RTF) of the speech source
between the reference microphones, i.e.
(16)
The input interaural level difference (ILD) of the speech component and the noise component is deﬁned as the power ratios
of the components in the left and the right hearing aid [23], i.e.
(17)
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(18)
In the case of a single speech source, the input ILD is equal to
the squared absolute value of the RTF, i.e.
(19)
The output ITF of the speech component and the noise component is deﬁned as
(20)
(21)
The output ILD of the speech component and the noise component is deﬁned as
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III. BINAURAL MWF-BASED NOISE REDUCTION TECHNIQUES
In this section we brieﬂy review the cost functions for the
binaural MWF [24] and the MWF-ITF [23] and investigate the
properties of both algorithms in preserving the ITF and IC of the
speech and the noise component for the special case of a single
speech source.
A. Binaural Multi-Channel Wiener Filter (MWF)
The binaural MWF produces a minimum-mean-square-error
(MMSE) estimate of the speech component in the reference microphone signals of both hearing aids, hence simultaneously
reducing noise and limiting speech distortion [23], [24]. The
binaural speech-distortion-weighted MWF cost function, estimating the speech components
and
in the left and the
right hearing aid, is deﬁned as

(22)
(32)

(23)
The interaural phase difference (IPD) and interaural time difference (ITD) cues can be calculated from the ITF as [23]

where the parameter enables a trade-off between noise reduction and speech distortion. The ﬁlter minimizing
is
equal to [23], [24]

(24)

(33)

(25)

with

with denoting the phase.
The input interaural coherence (IC) of the speech component
and the noise component is deﬁned as the normalized crosscorrelation between the reference microphone signals, i.e.

(34)
The ﬁlters for the left and the right hearing aid can then be
written as

(26)

(35)
(36)

(27)
The output IC of the speech component and the noise component is deﬁned as the normalized cross-correlation between the
output signals, i.e.

In the case of a single speech source, it has been shown in [23],
[24] that, using (5), these ﬁlters can be written as

(28)
(37)
(29)

with

The magnitude squared coherence (MSC) is deﬁned as the
square of the absolute value of the IC, i.e.

(38)

(30)

Substituting (37) in (12) and (13), it can be shown that the output
SNR at the left and the right hearing aid are the same and equal
to

In the case of a single speech source, the input IC in (26) is equal
to the normalized input ITF in (16), i.e.,
(31)
which implies that the MSC is equal to 1.

(39)
Since the ﬁlters in (37) are related as
(40)
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it can be shown by substituting (40) in (20) and (21), that the
output ITF of the speech and the noise component are the same
and equal to
, i.e.,
(41)
In addition, by substituting (40) in (28) and (29), we can now
show that the output IC of the speech and the noise component
are also the same and equal to

Note that the ﬁlters in (48) are equal to the binaural MWF ﬁlters
in (37) and an extra term due to the extension with the ITF cost
function for the noise component. It has been shown in [23] that
the narrowband output SNR for the MWF-ITF is the same as for
the MWF, i.e.,
(50)
Moreover, since it can be shown that the ﬁlters in (48) are related
as [23]

(42)
such that

(51)
with

(43)
From (41) and (42) we can conclude that the output ITF and IC
of the speech and the noise component are the same and are
equal to the input ITF and IC of the speech component, implying that both output components are perceived as directional
sources coming from the speech direction, which is not desired
for the preservation of the binaural cues of the noise component.
B. Binaural MWF with ITF Preservation (MWF-ITF)
In order to control the binaural cues of the noise component, it
has been proposed in [23], [25] to extend the binaural MWF cost
function with a term related to the ITF of the noise component.
The ITF cost function for preserving the binaural cues of the
noise component is deﬁned as

(44)
with
(45)
The total cost function, trading off noise reduction, speech distortion, and binaural cue preservation, is deﬁned as
(46)
where the parameter enables to put more emphasis on binaural
cue preservation for the noise component. The ﬁlter minimizing
is equal to
(47)
In the case of a single speech source, it has been shown in [23]
that the stacked ﬁlter in (47) can be written as

(48)
with
(49)

(52)
the output ITF of the speech and the noise components are again
the same and equal to
(53)
In addition, by substituting (51) in (28) and (29) we can now
show that the output IC of the speech and the noise components
are also the same and equal to
(54)
such that
(55)
Similarly as for the binaural MWF, both output components for
the MWF-ITF are perceived as directional sources coming from
the same direction. This direction is determined by
in
(52) and depends, e.g., on the trade-off parameter and the
output SNR . If
, then
, and if
,
then
, such that there is always a trade-off
between preserving the ITF of the speech component and preserving the ITF of the noise component. Using the MWF-ITF,
the ITF and the IC of a directional noise source can hence be
preserved at the cost of distorting the ITF and the IC of the
speech component. However, as has been noted in [23], equation (52) implies that for high output SNRs the output ITF is
shifted towards the ITF of the speech component and for low
output SNRs the output ITF is shifted towards the ITF of the
noise component. Due to this advantageous perceptual effect,
an increase in localization performance for the MWF-ITF compared to the MWF has been observed in subjective listening experiments [25].
IV. PERFORMANCE OF THE MWF AND MWF-ITF
IN ISOTROPIC NOISE FIELDS
Since the objective of this paper is binaural noise reduction and cue preservation for spatially isotropic noise
ﬁelds, more speciﬁcally spherically isotropic noise ﬁelds, in
Section IV-A we brieﬂy review spherically isotropic noise
ﬁelds in free-ﬁeld and binaural conditions. In Section IV-B we
investigate the binaural cue preservation performance of the
MWF and the MWF-ITF in spherically isotropic noise ﬁelds
based on the theoretical analysis in Section III.
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A. Spherically Isotropic Noise Fields
Spatially isotropic noise ﬁelds have been shown to be reasonable approximations for noise ﬁelds in crowded rooms. A
spherically isotropic sound ﬁeld is deﬁned as a sound ﬁeld that
is composed of a superposition of uncorrelated plane waves that
are uniformly distributed on a sphere with equal power spectrum
densities [33]. The spatial coherence of a spherically isotropic
noise ﬁeld can be derived by integrating over all plane waves
under free-ﬁeld condition. The spatial coherence for 2 microphones at a distance is equal to
(56)
and denoting the speed of sound. For
with
a binaural setup, the free-ﬁeld condition is not valid, since the
head shadow effect needs to be taken into account. In [34] a
method was presented for calculating the interaural coherence
based on a geometrical model of the human head. Based on experimental data in [35] it was shown that the IC of a spherically isotropic noise ﬁeld can be approximated as a modiﬁed
-function, i.e.,
(57)
and
. This formula implies that the preswith
ence of the head results in a shifting of the zero crossings of
the
-function towards lower frequencies and causes an additional frequency-dependent damping. These effects also occur
in the physical model in [34]. Note that in the remainder of this
paper we will refer to spherically isotropic noise ﬁelds as diffuse noise ﬁelds.
B. Performance of the MWF and the MWF-ITF
As shown in Section III, both for the MWF and for the
MWF-ITF the output IC of the speech and the noise components are equal to each other, cf. (42) and (54). Moreover, the
output MSC of the speech and the noise components are both
equal to 1, cf. (43) and (55). Hence, also in the case of a diffuse
noise ﬁeld, both output speech and noise components will be
perceived as directional sources from the same direction (determined by
), such that the perceived width of a diffuse
noise ﬁeld will not be present in the output noise component of
the MWF and the MWF-ITF and no binaural hearing advantage
can be exploited.
For a diffuse noise ﬁeld the power spectral densities of the
input noise components of the reference microphone signals are
the same, i.e.,
, such that
(58)
Furthermore, assuming the common hearing aid scenario of
a speech source located in front of the listener and assuming
symmetry of the head, i.e.,
, the output ITF of the
MWF-ITF in (52) can then be computed as
(59)

Fig. 2. Binaural Cues of the MWF-ITF according to (59). The parameters
and are equal to 1,
and
m (a) ITF (b) ILD in dB.

where
can be calculated using the IC model in (57). Substituting (48) in (23) and exploiting (51), the output ILD of the
noise component can be calculated as
(60)
Fig. 2 depicts the output ITF and ILD calculated according to
(59) and (60) for several trade-off parameters . As expected
from the theoretical analysis, the output ITF in Fig. 2(a) is realvalued and converges towards the input ITF when the trade-off
parameter is increased. As depicted in Fig. 2(b), the output
ILD (in dB) is always negative and frequency-dependent and
hence signiﬁcantly different from the frequency-independent
input ILD which is equal to 0 dB. Due to the relation between
the output IC and the output ITF in (54), the output IC is equal
to 1 or
, depending on the sign of the output ITF, i.e.,
(61)
Consequently, the output MSC is always equal to 1. Since the
IPD can be calculated from the ITF, cf. (24), the IPD is equal to
0 or , depending on the sign of the output ITF, i.e.,
(62)
Note that the same analysis also holds for the output binaural
cues of the speech component due to the relation in (53). From
this analysis we can conclude that in diffuse noise ﬁelds the
fairly unnatural combinations of the output ILD and ITD for
the MWF-ITF will lead to perceptually unsatisfying results for
both the speech and the noise component, especially for large
trade-off parameters . Due to the perceptual disadvantages of
the MWF and the MWF-ITF in diffuse noise ﬁelds, in the following section we propose an extension of the binaural MWF
cost function, aiming to preserve the interaural coherence.
V. MWF

PERCEPTUALLY CONSTRAINED
IC PRESERVATION

WITH

Since for diffuse noise the MWF and the MWF-ITF are
not able to preserve the binaural cues (i.e. the interaural coherence) of the noise component, in [28] an extension of the
binaural MWF, namely the MWF-IC, has been proposed,
which aims at preserving the IC of the noise component. The
MWF-IC is reviewed in Section V-A. Since for the MWF-IC a
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trade-off between noise reduction and IC preservation exists,
in Section V-B different methods for determining the trade-off
parameter based on psychoacoustic experiments are proposed,
which are discussed in Section V-C.
A. MWF with IC Preservation (MWF-IC)
In [28] an extension of the binaural MWF has been proposed,
by adding an IC preservation term for the noise component to
the binaural MWF cost function in (32), deﬁned as
(63)
(64)
where
denotes the desired output IC of the noise component. The desired output IC can, e.g., be equal to the input IC of
the noise component in (27) or can be deﬁned based on models
of the IC in diffuse noise ﬁelds, as discussed in Section IV-A.
Since it may be difﬁcult in practice to estimate the input IC of the
noise component during speech-and-noise periods, in this paper
we will use the modiﬁed sinc-function in (57) as a reasonable
and pragmatic choice. Similarly as for the MWF-ITF, the total
cost function, trading off noise reduction, speech distortion and
IC preservation, is deﬁned as
(65)
where the parameter is used to put more emphasis on IC
preservation for the noise component. Since no closed-form expression is available for the MWF-IC ﬁlter
minimizing
the non-linear cost function in (65), an iterative numerical optimization method is required, for which we have used a largescale trust region method [36], [37]. In order to improve the
numerical robustness and the convergence speed, analytical expressions for the gradient and the Hessian of the cost function
have been provided. The analytical expression for the gradient can be found in Appendix A, whereas the
analytical expression for the Hessian is omitted due to space
constraints.

Fig. 3. Output MSC of the noise component and output SNR for the left and the
right hearing aid for different values of the trade-off parameter for a frequency
for which the MSC
of 2 kHz. The vertical line indicates the minimal value
and
are satisﬁed.
is equal to 0.01
constraints
(a) Output MSC (b) Output SNR.

in Section V-C. For an exemplary scenario (cf. simulation
setup in Section VI-A), Fig. 3 depicts the output MSC of the
noise component and the output SNR for the left and the right
hearing aid for different values of the trade-off parameter for
a frequency of 2 kHz. As can be observed from this ﬁgure, for
larger values of the difference between the output MSC and
the desired MSC becomes smaller at the expense of a degraded
output SNR. The vertical line indicates the smallest trade-off
parameter
that satisﬁes the MSC constraint for a certain
value
which should be chosen to be larger than
.
As can be observed, all parameters
also satisfy the
MSC constraint but result in lower output SNRs, whereas all
parameters
result in larger output SNRs but do not
satisfy the MSC constraint.
Assuming monotonically decreasing output SNRs as depicted in Fig. 3, which is typically - but not always - the case,
the smallest value of the parameter
satisfying the MSC
constraint in (66), i.e.,
(67)
will result in the largest output SNR for both hearing aids.
However, since it can not be theoretically proven that the
output SNRs are monotonically decreasing, we also propose two
other procedures for determining the trade-off parameter, the
ﬁrst one optimizing the narrowband average output SNR, i.e.,
(68)

B. Optimization of the Trade-Off Parameter
The parameter in (65) enables to trade off noise reduction
and IC preservation of the noise component. Hence, it is crucial to determine a suitable (frequency-dependent) parameter
which provides an acceptable trade-off between noise reduction
and IC preservation. In order to control the amount of IC preservation, we ﬁrst determine the set of possible trade-off parameters , for which the MSC of the output noise component for
the resulting ﬁlter
lies between the frequency-dependent
boundaries
and
, i.e.,
(66)
with
and
deﬁned in (29). We
propose to impose a constraint on the MSC, since psychoacoustical experiments have shown that the perceived width of
a sound source mainly depends on the absolute value of the
IC [7]. The choice of the boundaries
and
based on
psychoacoustically motivated criteria will be discussed in detail

and the second one optimizing the narrowband better ear output
SNR, i.e.,
(69)
with
(70)
To determine these trade-off parameters, we have used an exhaustive search method. Since this is a computationally expensive method, we also propose an iterative search method
resulting in the trade-off parameter
. The iterative search
method is initialized with a large value
such that the MSC
constraint is deﬁnitely satisﬁed. This value is repeatedly decreased by a factor 10 until the MSC constraint in (66) is not satisﬁed. The trade-off parameter is then increased by this value
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Fig. 4. Iterative search method for the trade-off parameter
. The iterative
which is decreased by a
search method is initialized with
). The trade-off
factor 10 until the MSC constraint is not satisﬁed (
) until the MSC constraint is
parameter is then increased by this value (
again satisﬁed.

until the MSC constraint is again satisﬁed. The output MSC and
the trade-off parameters for this iterative search method are exemplarily depicted in Fig. 4.
C. Psychoacoustically Motivated MSC Boundaries

and

The psychoacoustically motivated constraint boundaries
and
in (66) can be deﬁned based on subjective
listening experiments evaluating the IC discrimination abilities
of the human auditory system in a diffuse noise ﬁeld. In [30]
frequency-dependent IC discrimination thresholds in a diffuse
noise ﬁeld have been measured for frequencies up to 1.5 kHz.
It has been shown that the sensitivity to changes in the IC from
a reference IC strongly depends on the reference IC value.
For a reference IC close to 1 small changes can be perceived,
whereas for a reference IC close to 0 the human auditory system
is less sensitive to changes in the IC. This is consistent with
the perceptual results of other IC discrimination studies [38],
[39]. Furthermore, in [31] the IC discrimination sensitivity in
a diffuse noise ﬁeld was examined by setting the reference IC
below 500 Hz equal to 1 and the reference IC above 500 Hz
equal to 0, approximating the IC of a diffuse noise ﬁeld. The
perceptual results indicate that for frequencies above 500 Hz
a deviation of the IC of
is not discriminable from the
reference IC of 0.
Combining the subjective results from [30] and [31], we deﬁne the following constraint boundaries
and
.
For frequencies below 500 Hz, the boundaries
and
are a function of the desired MSC, denoted as
and
, respectively, according to the results in [30]. The
functions
and
can be approximated from the discrete
data in [30] using polynomial ﬁtting, with

(71)
(72)
For frequencies above 500 Hz, we deﬁne an MSC-independent
lower and upper boundary inspired by the perceptual results in
[31]. The lower boundary
is set to 0. To investigate the
impact of the MSC-independent upper boundary on the output

Fig. 5. Psychoacoustically motivated lower and upper MSC boundaries. For
. For frequenfrequencies below 500 Hz, the boundaries depend on
. (a) MSC
cies above 500 Hz, the boundaries are independent of
and
. (b) MSC boundaries
and
.
boundaries
and
. (d) Boundary functions
(c) MSC boundaries
and
for
Hz.

SNR and the IC preservation, we consider three boundary values
for the MSC, i.e.,
,
,
,
corresponding to an IC threshold of
,
and
. The
lower and upper MSC boundaries
and
which will be
used in the following simulations are hence deﬁned as
(73)
(74)
and are depicted in Fig. 5. To illustrate the MSC dependency of
the lower and upper boundaries for frequencies below 500 Hz,
and
for frequencies
the functions
below 500 Hz are depicted in Fig. 5(d). Based on the subjective
listening experiments in [30] and [31], it is hence assumed
that if the output MSC lies within the MSC boundaries in
Fig. 5, the spatial impression of the output noise component is
perceptually not discriminable from the spatial impression of
a diffuse noise ﬁeld.
VI. SIMULATIONS
In this section, we present several simulation results for a
real-world cafeteria scenario, comparing the performance of
the proposed binaural noise reduction and cue preservation
algorithms in terms of instrumental measures. In the ﬁrst
experiment, we compare the different procedures for selecting
the trade-off parameter
in the MWF-IC as introduced in
Section V-B. These results are then used in the second experiment, where we compare the performance of the MWF, the
MWF-ITF and the proposed MWF-IC using psychoacoustically
motivated MSC boundaries.
A. Input Signals and Signal Statistics
The hearing aid microphone signals have been generated
using measured impulse responses for a binaural hearing aid
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setup mounted on a dummy head in a cafeteria with a reverberation time of about 1250 ms [40]. Each hearing aid was
equipped with 2 microphones with a distance of 0.7 cm. The
distance between the microphones of the left and the right
hearing aid was approximately 0.164 m. The speech source
was located in front of the dummy head at a distance of 1 m.
Two different noise types have been used for the experiments:
• Babble noise: To allow for a controlled experiment, a spatially stationary noise ﬁeld was generated using the method
described in [41], where the time-varying power spectral
density (PSD) of the noise component was calculated from
a babble noise signal and the time-invariant spatial coherence matrix of the binaural setup was calculated according
to (57) with
and the distance between the microphones was equal to the values stated above.
• Ambient noise: To generate a more realistic scenario,
recorded ambient noise from the cafeteria including babble
noise, clacking plates and interfering speakers has been
used as the noise component [40].
The speech-and-noise signals had a length of 10 s and were
preceded by a noise-only signal of 3 s. The speech and noise
components were mixed such that the average intelligibilityweighted input SNR [42] in the reference microphones at the
left and the right hearing aid was equal to
, 0, and 5 dB, respectively, at a sampling frequency of 16 kHz. The microphone
signals were transformed to the frequency-domain using the
short-time Fourier transform (STFT) with segments of length
overlapping by
samples, e.g., for the reference microphone signal of the left hearing aid

(75)
the
with the frequency index, the block index,
normalized angular frequency, and
an analysis window of
length . The segment length was set to
, was set to
256 and for the analysis window we have used a Hann window.
For calculating the ﬁlter vectors
for the MWF, MWF-ITF
and MWF-IC, the correlation matrices of the signal components
are estimated as

Since the noise correlation matrix is estimated during the noiseonly period, it will deviate from the noise correlation matrix
during the speech-and-noise period. In addition, by estimating
the speech correlation matrix as in (78), additional estimation
errors are introduced. Since due to this estimation errors it can
not be guaranteed that the speech correlation matrix estimate
is positive semi-deﬁnite, which may lead to signal distortions, we have used the rank-1 approximation
(79)
the largest eigenvalue of
and
the corwith
responding eigenvector. In the case of estimation errors, using
a rank-1 approximation has been shown to improve the output
SNR [29], [43]. For the MWF-ITF the input ITF of the noise
component
is calculated according to (15) using the estimated noise correlation matrix
. For the MWF-IC the desired IC for the noise component
is calculated according
to (57) with
and
m.
The narrowband output SNR at the left and the right hearing
aid is calculated according to (12) and (13) and the intelligibility-weighted broadband output SNR (iSNR) [42] is calculated as
(80)
where
is a weighting function that takes the importance
of different frequency bands for speech intelligibility into account. Since the better ear SNR mainly determines speech intelligibility, especially in the case when a large SNR difference
between the left and the right ear occurs [44], we also calculate
the broadband better ear iSNR as
(81)
To evaluate the binaural cue preservation for the noise component, we have used the broadband MSC error
, which
has been calculated by averaging the MSC error across frequencies, i.e.,

speech-and-noise
(76)
noise-only,

(77)

has been
where the speech-plus-noise correlation matrix
computed during the 10 s speech-and-noise part and the noise
correlation matrix
has been computed during the 3 s
noise-only part.
denotes the number of segments during the
10 s speech-and-noise part and
denotes the number of segments during the 3 s noise-only part. Since the speech component is not available in real-world scenarios, the speech correlation matrix has been estimated as
(78)

(82)
where the output MSC has been calculated according to (30)
and the output IC has been calculated according to (29).
For the directional speech component the MSC error is however not an appropriate objective measure, since the MSC contains information about the amount of correlation of a signal in
the microphones but does not contain information about the perceived direction of a directional source. Hence, to evaluate the
binaural cue preservation of the speech component we calculate the distribution of the so-called reliable ILD and ITD cues
using a model of binaural auditory processing [6]. For the distributions of the reliable ITD cues only frequencies up to 1.5 kHz
have been used as described in [6].
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TABLE I
AVERAGE NORMALIZED ESTIMATION ERROR FOR THE SPEECH AND THE NOISE
CORRELATION MATRICES FOR DIFFERENT INPUT ISNRS AND NOISE TYPES

In order to quantify the estimation errors of the correlation
matrices, we have considered the normalized estimation error
of the speech and the noise correlation matrices, i.e.,

(83)

(84)
where
and
denote the speech and the noise correlation matrices calculated during the speech-and-noise period,
and
and
denote the estimated speech and noise
correlation matrices calculated according to (79) and (77). For
the input iSNRs of
, 0 and 5 dB and the two considered noise
types (babble noise and ambient noise), Table I shows the normalized estimation errors averaged over frequency. While the
normalized estimation error of the noise correlation matrix is
independent of the iSNR, the normalized estimation error of the
speech correlation matrix decreases with increasing iSNR. Furthermore, the normalized estimation error of the speech correlation matrix is larger for the ambient noise type than for the
babble noise type due to the spatial non-stationarity. It should be
furthermore noted that due to the batch processing, the trade-off
parameter is also determined based on the long-term estimates of the speech and noise correlation matrices. In an online implementation with time-varying estimates of the speech
and the noise correlation matrices, in principle the same procedure as described in Section V-B could be used, leading to a
time-varying trade-off parameter . However, due to the batch
processing this has not been considered in this paper.
B. Experimental Results
1) Experiment 1: In the ﬁrst experiment, we compare the
different methods proposed in Section V-B for selecting the
in the MWF-IC that yields a desired
trade-off parameter
output MSC for the noise component. The ambient noise was
added to the speech component such that the average intelligibility-weighted input SNR in the reference microphones at
the left and the right hearing aid was equal to 0 dB. For the exhaustive search methods we have used 500 values for , which
are logarithmically spaced between
and 1. The iterative
search method has been initialized with
. To have a
realistic procedure for determining the trade-off parameter ,
in this experiment the output iSNR and MSC error have been
computed based on the same correlation matrices that have
been used to compute the ﬁlter vectors, i.e.,
and
.

Fig. 6. Output iSNR and MSC error for the noise component for the MWF and
the MWF-IC using different trade-off parameters
for the MSC boundaries
and
. The average input iSNR
in the reference microphones at the left and the right hearing aid was equal to
0 dB. (a) output iSNR (better ear) (b) output iSNR (left HA) (c) output iSNR
(right HA) (d) MSC error.

Fig. 6(a)–6(c) depicts the intelligibility-weighted output SNR
at the better ear (Fig. 6(a)), at the left ear (Fig. 6(b)) and at
the right ear (Fig. 6(c)) for different values of the upper MSC
boundary
and for different selection procedures for the
trade-off parameter , namely
,
,
and
(cf.
Section V-B). The better ear output iSNR for the MWF is equal
to 7.8 dB. If
or
are used, the better ear output iSNR
slightly decreases to 6.9 dB (
), to 6.4 dB (
) and to
5.8 dB (
). The results for
and
are the same,
which seems to imply that in this case the output SNR is monotonically decreasing. If
is used, the better ear output iSNR of
the MWF-IC decreases by only 0.2 dB compared to the better
ear output iSNR for
and
, showing the applicability of
the iterative search method for determining a suitable trade-off
parameter . Furthermore, when using
, the better ear
output iSNR decreases by 1 dB compared to the better ear output
iSNR for
. If the output iSNR at the left or the right hearing
aid is not strictly monotonically decreasing with increasing ,
on the one hand the output iSNR for the better ear hearing aid
can become slightly larger for
than for
, but on the
other hand the output iSNR for the other hearing aid may be
much lower for
than for
, possibly resulting in a decrease of the overall iSNR performance for
.
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Fig. 7. Logarithmic values of
for the MWF-IC with the MSC boundary
for input iSNRs of
dB, 0 dB and 5 dB for the babble noise scenario.

The MSC error for different values of the upper MSC
boundary
(cf. (74)) and for different selection procedures
for the trade-off parameter is depicted in Fig. 6(d). As expected, the MSC error is signiﬁcantly reduced for the MWF-IC
compared to the MWF. Furthermore, decreasing the MSC
boundary
for the MWF-IC leads to a better preservation
of the output MSC of the noise component but also results in a
decrease of the output iSNR, as already indicated for a speciﬁc
frequency in Fig. 3. In addition, for
and
, the MSC
error is always lower than for
, which can be explained by
the fact that
and
.
In conclusion, since using
considerably decreases the
computational complexity while not signiﬁcantly affecting the
output iSNR and the MSC error compared to
and
,
in the following experiments only the iterative search method
( ) will be considered.
2) Experiment 2: In the second experiment, the performance
of the MWF, the MWF-ITF and the MWF-IC using
is investigated for the babble noise and the ambient noise scenario at an
average input iSNR of
dB, 0 dB and 5 dB. As for the ﬁrst
experiment, the iterative search method for the trade-off parameter has been initialized with
. The output iSNR and
the MSC error have been calculated using the speech and noise
correlation matrices calculated during the 10 s speech-and-noise
period.
For the babble noise scenario, the logarithmic values of
for the MWF-IC using the MSC boundary
and input
iSNRs of
dB, 0 dB and 5 dB are depicted in Fig. 7. It can
be generally said that for all frequencies,
decreases with
increasing input iSNR. Hence, the trade-off parameter
depends on the input iSNR. The trade-off parameter
for the
ambient noise scenario is omitted here since it is very similar to
the trade-off parameter
for the babble noise scenario.
Fig. 8(a)–8(d) depict the iSNR gain for the left and the right
hearing aid, the better ear output iSNR and the MSC error for
different input iSNRs and different algorithms, i.e. the binaural
MWF, MWF-ITF and MWF-IC for different MSC boundaries.
As expected from the theoretical analysis in Section III, the
iSNR gain at the left and the right hearing aid are the same
for the MWF and the MWF-ITF. Moreover, the iSNR gain for
the MWF-IC is lower than the iSNR gain for the MWF and the
MWF-ITF for all MSC boundaries. While the iSNR gain of all
algorithms depends on the input iSNR, the decrease in iSNR

gain of the MWF-IC compared to the MWF is rather independent of the input iSNR but very much depends on the MSC
boundary
. For example, for an input iSNR of
dB, the
decrease in iSNR gain for the MWF-IC compared to the MWF
ranges from 0.8 dB (
) up to 1.8 dB (
) in the left
hearing aid and from 1 dB (
) up to 2.2 dB (
) in the
right hearing aid.
As depicted in Fig. 8(d), both the MWF and the MWF-ITF
yield a large MSC error. The MSC error can be signiﬁcantly
decreased if the MWF-IC is used, where the amount of MSC
error depends on the MSC boundary
but not on the input
iSNR. However, a lower MSC error is always associated with a
decrease of the iSNR gain in the left and the right hearing aid as
can be observed from Fig. 8(a)–8(b).
For the different considered algorithms, the distributions of
the reliable ILD and ITD cues of the speech component, calculated according to [6], are depicted in Fig. 9. For the MWF and
the MWF-IC (all MSC boundaries), it can be observed that the
ILD and ITD distributions are very similar to the input distributions, with slightly larger deviations for lower input iSNRs.
For an input iSNR of
dB (Fig. 9(a)), a slight shift for the
ILD distribution of the MWF and the MWF-IC can be observed,
which decreases for larger input iSNRs (Fig. 9(b)–9(c)). Although from the theoretical analysis in Section III-A a perfect
preservation of the binaural cues of the speech component is expected for the MWF, this is not exactly the case due to estimation
errors in the speech correlation matrix and the short STFT segment length. Furthermore, it can be observed from Fig. 9 that
the impact of the IC preservation term in the MWF-IC on the
binaural cues of the speech component is very small and almost
independent of the desired amount of IC preservation. On the
other hand, for the MWF-ITF a large deviation from the input
distributions occurs, which appears to be much larger for the
ILD cues than for the ITD cues. This can be explained based on
the ﬁndings in Section IV-B, i.e., the output ILD cues are shifted
towards negative values (cf. Fig. 2(b)), whereas the output ITD
cues are shifted towards 0 for frequency bands that exhibit a
positive value of the output ITF and towards for frequency
bands that exhibit a negative value of the output ITF, cf. (62).
Fig. 9 also shows that for an increasing iSNR the distributions
of the binaural cues of the output speech component for the
MWF-ITF are shifted towards the distributions of the binaural
cues of the input speech component due to the SNR dependency
of the output ITF of the MWF-ITF (cf. (59)). Please note that
especially for the small differences between the ILD and ITD
distributions for the MWF and the MWF-IC, it is not possible
to make a clear statement regarding the perceived location of the
speech source. Also the large errors for the MWF-ITF can not be
directly mapped to a source location error. However, since the
differences between the binaural cues of the input speech component and the output speech component of the MWF and the
MWF-IC are very small, no impact on the perceived location
of the speech source is expected, what has also been veriﬁed in
informal listening tests. As expected from the ILD and ITD distributions for the MWF-ITF a perceptually unsatisfying result
is obtained.
For the ambient noise scenario, Fig. 10(a)–10(d) depict the
iSNR gain for the left and the right hearing aid, the better ear
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Fig. 8. iSNR gain, better ear output iSNR and MSC error of the noise component for different input iSNRs and different algorithms for the diffuse babble noise
scenario.

Fig. 9. Distributions of the reliable ILD and ITD cues of the speech component for different input iSNRs and different algorithms for the diffuse babble noise
scenario.

Fig. 10. iSNR gain, better ear output iSNR and MSC error of the noise component for different input iSNRs and different algorithms for the ambient noise
scenario.

output iSNR and the MSC error for the noise component for
different input iSNRs and for the different considered algorithms. In general, compared to the babble noise scenario, a
larger iSNR gain is achieved due to the occasional presence of
directional components such as interfering speakers in the ambient noise scenario. For an input iSNR of
dB the decrease
in iSNR compared to the MWF ranges from 0.8 dB (
)
up to 1.7 dB (
) in the left hearing aid and from 0.6 dB
(
) up to 1.2 dB (
) in the right hearing aid. Again,
the MSC error for the noise component can be signiﬁcantly
reduced using the MWF-IC, while the MWF-ITF exhibits the
same large MSC error as the MWF. Although it was shown
in Table I that the estimation errors of the correlation matrices
highly depend on the input iSNR and the noise type, the MSC
errors in Fig. 8(d) and 10(d) appear to be rather independent of

the input iSNR and the noise type, showing that the proposed
algorithm is applicable for different ranges of estimation errors
for the correlation matrices.
The distributions of the reliable ILD and ITD cues for the
speech component are depicted in Fig. 11. Similarly as for
the babble noise scenario (cf. Fig. 9), the distributions of the
binaural cues of the output speech component for the MWF and
the MWF-IC are very close to the distributions of the binaural
cues of the input speech component, independent of the amount
of desired IC preservation. Again, the MWF-ITF shows a
large deviation from the distribution of the binaural cues of
the input speech component. The perceptual evaluation of the
experimental results, i.e., the impact of the trade-off between
IC preservation and output iSNR on speech intelligibility and
spatial awareness, using subjective listening experiments, re-
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Fig. 11. Distributions of the reliable ILD and ITD cues of the speech component for different input iSNRs and different algorithms for the ambient noise scenario.

mains a topic for future research. Audio samples can be found
at http://www.uni-oldenburg.de/ﬁleadmin/user_upload/mediphysik/ag/sigproc/audio/binaural/ic.html.
VII. CONCLUSION

with

and
(89)
in (88) is then equal to

The gradient of

In this paper we have proposed an extension of the binaural
MWF, namely the MWF-IC, aiming to preserve the interaural
coherence in diffuse noise ﬁelds. The amount of IC preservation
is controlled by a trade-off parameter, which has been controlled
based on psychoacoustically determined MSC boundaries. Several methods for determining this trade-off parameter have been
proposed and experimentally validated, showing that the iterative search method leads to a very similar result in terms of
noise reduction and IC preservation as a computationally expensive exhaustive search method. In addition, a theoretical analysis of the performance of the MWF and the MWF-ITF in diffuse noise ﬁelds has been presented and validated using simulations in different diffuse noise scenarios. Furthermore, we
have shown that the MWF-IC yields a better preservation of the
output IC of the noise component compared to the MWF and
the MWF-ITF without signiﬁcantly distorting the binaural cues
of the speech component but at the expense of a degraded noise
reduction performance.
APPENDIX A
In this appendix, we derive the gradient for the cost function
in (65). We ﬁrst decompose the
-dimensional complex-valued vector
into its real and imaginary parts, which are denoted by
and
. We deﬁne the
-dimensional real-valued weight vector
as

(90)
The cost function

in (63) can be written as

(91)
with

and
(92)
(93)

Hence, using (85) and (91) the cost function
written as

can be

(85)
(94)

The cost function in (65) can now be written as
(86)
Using (32), the cost function

can be written as
(87)
(88)

where the ﬁrst part is denoted as
is denoted as
and

and the second part
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To simplify the notation, we deﬁne
(95)
and
(96)
The gradient of

is then equal to

(97)
The gradient of
can be computed similarly as in (97)
and
. The gradient of the overall
by setting
cost function can then be calculated by combining (90) and (97),
i.e.,
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