342

IEEE TRANSACTIONS ON AUDIO, SPEECH, AND LANGUAGE PROCESSING, VOL. 18, NO. 2, FEBRUARY 2010

Theoretical Analysis of Binaural Multimicrophone
Noise Reduction Techniques
Bram Cornelis, Member, IEEE, Simon Doclo, Member, IEEE, Tim Van dan Bogaert, Member, IEEE,
Marc Moonen, Fellow, IEEE, and Jan Wouters

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

I. INTRODUCTION

M

ODERN hearing aids make use of noise reduction
algorithms to improve speech intelligibility in background noise. Hearing aids are usually fitted with multiple
microphones, which generally leads to an improvement in
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noise reduction performance because spatial sound information
can then be exploited in addition to spectral information. In a
binaural setup, the hearing impaired person has two hearing
aids that communicate over a wireless link [1]–[10]. In principle, microphone signals from both hearing aids could be
shared, leading to further noise reduction performance compared to a monaural configuration or bilateral configuration
in which two hearing aids work independently. Current noise
reduction algorithms in bilateral and binaural configurations
are not designed to preserve the binaural cues, in particular the
interaural time difference (ITD) and interaural level difference
(ILD), which are used to localize sounds [11]. Preservation
of binaural cues is crucial as incorrect sound localization can
endanger the hearing aid user. In addition to sound localization,
binaural cues also improve speech perception in noisy environments. The so-called spatial release from masking effect leads
to a speech intelligibility improvement of up to 10 dB [12].
Part of this improvement is caused by the spatial separation
of speech and noise sources which generally improves the
signal-to-noise ratio (SNR) at one of the ears. Another part is
however purely caused by the binaural processing, and denoted
as binaural unmasking. Other studies confirm this and report
speech reception threshold (SRT) improvements of 2–3 dB due
to the binaural processing [13]. In contrast to the monaural or
bilateral setups, a binaural noise reduction algorithm could
fully exploit this binaural unmasking effect to further improve
speech intelligibility.
In [14], a binaural noise reduction algorithm based on Multichannel Wiener Filtering (MWF) has been introduced, referred
to as Speech Distortion Weighted MWF (SDW-MWF). It has
been proven in [15] that this algorithm preserves the binaural
cues for the speech component, but changes noise binaural
cues to equal those of the speech component. The binaural
SDW-MWF approach is reviewed in Section III.
In [16], an extension of the binaural SDW-MWF algorithm
has been proposed, introducing a new tradeoff parameter. This
parameter allows a tradeoff between noise reduction performance and the preservation of noise binaural cues. Perceptual
tests in [17] have shown that this approach, referred to as MWF
with partial noise estimation (MWF- ), enables correct localization of both speech and noise components. Although noise
reduction performance decreases in this approach, this does
not necessarily lead to a loss in speech intelligibility due to the
compensatory effect of binaural unmasking [18]. In Section IV,
MWF- is reviewed and its binaural cue preservation is analyzed theoretically.
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(2)

, where and
The signal vector can be written as
are defined similarly as . The correlation matrix
, the
, and the noise correlation matrix
speech correlation matrix
are defined as2
(3)
Fig. 1. General binaural processing scheme.

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

where denotes the expected value operator. Assuming that
the speech and the noise components are uncorrelated,
.
We will use the th microphone on the left hearing aid and
the th microphone on the right hearing aid as the so-called
reference microphones for the speech enhancement algorithms.
Typically, the front microphones are used as reference microphones. For conciseness, the reference microphone signals
and
at the left and the right hearing aid are denoted
as
and
, which are then equal to
(4)
where
and
are
-dimensional vectors with only one
element equal to 1 and the other elements equal to 0, i.e.,
and
. The reference microphone
and
.
signals can be written as
and
at the left and the right hearing
The output signals
aid are obtained by filtering and summing all microphone signals from both hearing aids, i.e.,
(5)
and
are
-dimensional complex weight vecwhere
tors. The output signal at the left hearing aid can be written as
(6)

II. CONFIGURATION AND NOTATION
A. Microphone Signals and Output Signals
We consider the binaural hearing aid configuration depicted
in Fig. 1, where both hearing aids have a microphone array consisting of
microphones.1 The th microphone signal in the
can be specified in the frequency-doleft hearing aid
main as
(1)
where

represents the speech component and
represents the noise component. Similarly, the
th microphone signal in the right hearing aid is equal to
. For conciseness, we will
omit the frequency-domain variable from now on.
and
We define the -dimensional stacked vectors
and the
-dimensional signal vector as
1It

M

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

represents the speech component and
reprewhere
sents the noise component of the output signal. Similarly, the
output signal at the right hearing aid can be written as
. We define the
-dimensional complex stacked weight vector
as
(7)
B. Special Case: Single Speech Source
In the case of a single speech source, the speech signal vector
can be modeled as
(8)
-dimensional steering vector
contains the
where the
acoustic transfer functions from the speech source to the micro-

R

R

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

Hence, it is also possible to use alternative formulas for these
ITFs, namely,
(20)

ITF
..
.

..
.

The speech correlation matrix is then a rank-1 matrix, i.e.,
(10)

(21)

ITF

(9)

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

with
the power of the speech signal. The reference microphone signals at the left and the right hearing aid can
be written as

ILD
(22)

(11)
with
.

the

th element of

and

the

(23)

ILD

th element of
and

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

ITD

(24)

ITD
SNR

(25)

(12)
(13)

SNR

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

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

(26)

(14)
(27)

ITF
(15)

SNR

(28)

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

SNR
SNR

SNR

SNR
SNR

(16)

ITF

ITF

(17)

ITF

ITF

(18)

ITF

ITF

ITD

(30)
(31)

ITD

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

In the case of a single speech source, the ITF and ITF
independent of the actual input signal , namely,

(29)

ILD

are

(19)

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

ILD
ILD

ILD
ILD

(32)
(33)
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This implies that

The ITD errors are calculated as
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and

are parallel [21], i.e.,

ITF
ITD
ITD

ITD

ITD

ITD

ITD

By this definition, ITD and
always lie between 0 and 1.

(40)

(34)
(35)

with the interaural transfer function of the speech component
ITF now equal to
ITF

ITD are relative errors which

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

and
Using definition (14) and the fact that
are parallel (40), the output SNRs of the left and right hearing
aid are the same and equal to

A. General Case

SNR

The binaural Multichannel Wiener Filter (MWF) produces a
minimum-mean-square-error (MMSE) estimate of the speech
component in the reference microphone of each hearing aid,
hence simultaneously reducing noise and limiting speech distortion [20].
To provide a more explicit tradeoff between speech distortion and noise reduction, the speech distortion weighted multichannel wiener filter (SDW-MWF) has been proposed, which
minimizes a weighted sum of the residual noise energy and the
speech distortion energy [14]. The binaural SDW-MWF3 cost
estimating the speech component
function for the filter
in the reference microphone of the left hearing aid and for the
estimating the speech component
in the reference
filter
microphone of the right hearing aid is equal to

SNR

(42)

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

SNR
(43)

with
(44)
As the SDW-MWF filter weight vectors for the left and the right
hearing aid are parallel, the ITFs of the output speech and noise
components are the same and equal to ITF
ITF

(36)
where provides a tradeoff between noise reduction and speech
distortion. The optimal SDW-MWF filters for the left and right
hearing aid are equal to

(41)

ITF

ITF

(45)

implying that all sounds (including the noise components) are
perceived as coming from the speech direction.
IV. PARTIAL NOISE ESTIMATION (MWF- )
A. General Case

(37)

B. Single Speech Source
As shown in [15], in the case of a single speech source, the
optimal filters are equal to

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

(38)
(46)
with
(39)
3For conciseness, SDW-MWF is abbreviated to MWF in the formulas in this
paper, following the same convention as in [17].

with the scaling parameter
. When
, this cost
function reduces to the standard SDW-MWF cost function in
, the optimal filters are equal to
(36). When
and
, resulting in perfect preservation of
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the binaural cues for the speech and the noise component, but
no noise reduction. The optimal filters for each hearing aid are
equal to

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

(47)
The MWF- procedure thus corresponds to a mixing of the
output signal of the standard SDW-MWF [weighted with (
)] and the reference microphone signals (weighted with ).
B. Single Speech Source
Using (38), in the case of a single speech source, the optimal
filters are equal to

SNR

(53)

Similar expressions can be derived for the SNR improvement at
the right hearing aid, also leading to
SNR
SNR .
If is sufficiently large4, i.e.,
SNR , and
, then the SNR improvement for the left hearing aid in (52)
becomes approximately equal to
SNR

(54)

SNR , the SNR improvement in the
Similarly, if
right hearing aid will be approximately equal to
.
From (48) it can be seen that the MWF- filters are generally
not parallel, such that the ITF of the output speech and noise
components are typically different. Using (17), the ITF of the
output speech component is equal to
ITF

(48)

(55)

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

SNR
SNR
SNR

ITF

SNR

ITF

(56)

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

SNR
SNR

(49)
ITF

where
SNR

SNR

The output SNRs for the left and right hearing aid are now only
the same if the input SNRs are the same, or if
, in which
case the output SNR of the SDW-MWF approach is obtained
SNR
).
(i.e., SNR
Using (49) and definition (16) and by defining SNR and
SNR as the SNR improvements of the binaural SDW-MWF,
cfr. (43)
SNR

SNR

where

(58)
By using definitions (19), (26), and (50), it can be shown that
(57) is equal to
ITF

(51)

the SNR improvement at the left hearing aid is equal to

SNR
SNR

ITF

SNR

ITF
(59)

(52)

Equation (59) shows that ITF is a weighted sum of ITF and
ITF . If
, the factor is equal to 0 so that ITF
ITF ,
, ITF
ITF .
whereas for

, the SNR improvement is equal to SNR , whereas
no SNR improvement is obtained, i.e., SNR
.

4This is the case when the spatial separation between the speech source and
is
the noise sources is sufficiently large, in which case the product
large. A high speech power P also leads to a large , but then the assumption
 SNR may not be valid as the input SNR is also high.

SNR

SNR
SNR

If
if

(57)

(50)
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By rearranging the terms in (59) and using (49), the output
ITF can also be related to the SNR improvement
ITF

ITF

SNR

ITF

ITF

(60)

(66)
The ITF cost function for the speech component is defined similarly as the ITF cost function for the noise component, i.e.,
(67)

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

ITF

ITF

ITF

ITF

(61)

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

(68)
The SDW-MWF with interaural transfer function extension
(MWF-ITF) thus minimizes the overall cost function which
trades off noise reduction, speech distortion and binaural cue
preservation, i.e.,

V. INTERAURAL TRANSFER FUNCTION EXTENSION (MWF-ITF)
A. General Case
To control the binaural cues of the speech and the noise component, it is also possible to extend the binaural SDW-MWF
cost function with terms related to the ITF of the speech and the
noise components, as has been proposed in [15], [19], and [25].
When the aim is to preserve the binaural cues of the speech and
the noise components, the desired output ITFs are equal to the
input ITFs in (20) and (26).
In [15], the ITF cost function for the noise component is defined as
ITF

(62)

(69)
where the parameters and allow to put more emphasis on
binaural cue preservation for the speech and the noise compois defined in (36) and for the
nent. The cost function
ITF cost functions we can either use the cost functions defined
in (62) and (67) or the simplified cost functions defined in (66)
and (68).
When using the ITF cost functions
and
, no closed-form expression is available for the
, such that we have to use
filter minimizing
iterative, e.g., quasi-Newton, optimization techniques [26],
[27].
When using the simplified quadratic ITF cost funcand
, the filter minimizing
tions
is equal to
(70)

with
ITF

ITF
ITF

(63)
ITF

ITF

with
(71)

(64)
(65)

where
is a
all-zero matrix and
is the
unity matrix. For mathematical convenience, we also introduce a simplified quadratic ITF cost function which is obtained by removing the denominator in (62), corresponding to
the output noise power in the right hearing aid, i.e.,

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

ITF

ITF

ITF

(73)
(74)

ITF
ITF

ITF

ITF
ITF

(72)
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A. Data Model

(75)

ITF

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

Hence, the filter
is equal to a scaled version
of
in (38) and likewise
is equal to
. The scaling factors reflect the
a scaled version of
extensions with the ITF cost functions. As a consequence, the
output SNR will be the same for the left and the right hearing
aid, and will be equal to the output SNR of the SDW-MWF (
(42)), i.e.,
SNR

SNR

(79)
equal to (80), as shown at the
with the steering vector
bottom of the page. The (omnidirectional) microphones are located on a head, so the head shadow effect will be taken into account. To achieve this, head-related transfer functions (HRTFs)
measured on a KEMAR dummy-head [28] are incorporated in
the steering vectors. It is assumed that the same HRTF can be
used for all the microphones at the left hearing aid, so that for
, representing the th microphone
example an entry
of the left hearing aid, at an angle , can be calculated as

(76)

and the SNR improvements are given by
SNR

SNR
(77)

which is the same as (43).
As the filters
and
are still
parallel, the ITFs of the output speech and noise components are
the same and result in (78), as shown at the bottom of the page.
and
, ITF
ITF
It can be shown that for
ITF and that for
and
, ITF
ITF
ITF .
Hence, extending the SDW-MWF with the ITF cost functions
gives rise to the same SNR improvement and output SNR as the
binaural SDW-MWF, but changes the ITF of the output components. It is also possible to link the output SNR with the ITF of
and ,
the output components. Consider two frequencies,
where the output SNR for
is larger than the output SNR for
, i.e.,
( and are given by (39) at frequencies
and , respectively). Hence, when using the same value for ,
(where
and
are given by (73) at frequencies
and , respectively), such that for the output ITF is closer to
the ITF of the speech component than for . This is an advantageous perceptual effect that will be illustrated in simulations
in Section VI.

(81)
represents the delay between the th microwhere
phone and the reference point at the left hearing aid. The steering
vector entries for the right hearing aid are obtained in a similar
data and
). The speech and noise
way (using
correlation matrices are constructed as
(82)
(83)
The parameters ,
, and
represent the powers of the
speech source, (located) noise source and (internal) sensor
noise. Some sensor noise, modeled as spatially uncorrelated
noise, is added in (83) to add a degree of realism and also to
make the noise correlation matrix invertible.
The experiments are performed using a speech source at 5
and a noise source at 40 . A two-microphone array is used on
both the left and the right hearing aid. The microphone distance
on the left hearing aid is 2 cm, whereas the right hearing aid has
a microphone distance of 1.5 cm. The algorithms are tested at a
rad s, the HRTF data is sampled
frequency of
at 44 100 Hz. The parameter in the SDW-MWF cost function
(36) is set equal to 1.

VI. EXPERIMENTAL RESULTS
In this section, the performance of the MWF- and MWF-ITF
algorithms will be tested in a scenario with one speech source
and one noise source. First, the experimental setup will be discussed.

ITF

ITF

ITF
ITF

ITF
ITF

ITF
ITF

ITF
ITF

(78)

(80)
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Fig. 2. Dependence of output SNR (a), SNR improvement (b), and noise binaural cues [ILD (c) and ITD (d)] on partial noise parameter  . Larger values of
 lead to lower ILD/ITD errors, but also decrease the noise reduction performance.

B. Performance of MWFThe performance of the MWF- algorithm is now tested with
the data model of the previous section. As the ITF of the speech
component is always preserved for any choice of , as was
shown in (56), only the noise ITD and ILD errors will be shown.
The performance measures (32) and (34) are used for the ILD
and ITD errors. The ILD error can thus be expressed in dB,
while the ITD error is a relative error which lies between 0 and
1.
1) Dependence On Parameter : The speech and noise
, the
powers in (82) and (83) will be fixed to
. In Fig. 2, the output
sensor noise power is fixed to
SNRs, SNR improvements (for left and right hearing aid)
and the noise cue errors are shown for different values of the
parameter .
corresponds to the binaural SDW-MWF soluThe case
tion. It can be seen that the ITD/ILD errors of the noise component are large. It was indeed shown in Section III-B and in [15]
that the binaural SDW-MWF algorithm distorts the noise cues.
For larger values of , the ILD/ITD errors of the noise component decrease. However, as more noise is mixed into the output
signals, the obtained SNR improvement will also decrease, so
that there is a tradeoff between SNR improvement and binaural
cue preservation. In these simulations the factor (39) is sufficiently large so that the assumptions in Section IV-B are valid
and the SNR improvement (for both hearing aids) is approxi, as in (54).
mately equal to SNR
A large loss in SNR improvement can be seen for a choice of
compared to the SDW-MWF case
. It does not

349

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

seem possible for the binaural unmasking effect [13] to compensate for this loss. The SNR improvement obtained in a more realistic setup is however smaller than the theoretical limits shown
here, so that it is expected that the real-life absolute SNR loss
will be smaller than the loss shown here, and so that the compensatory effect of the binaural unmasking can be sufficient.
Perceptual tests using this parameter setting [18] have indeed
shown an improvement in speech intelligibility for some of the
speech-noise configurations.
2) Dependence on Signal Power : In Fig. 3 the signal
is varied (dB values are relative to noise power ),
power
while
and
are fixed to 1 and 0.01, respectively. The partial noise parameter is fixed to 0.2.
The results show that for the ILD/ITD errors and for the SNR
improvement, there is no significant dependence on the signal
power . The obtained SNR improvement can be predicted by
(54), which gives an SNR improvement of
dB. The ITD/ILD errors are relatively small for all values
seems to be sufficient for this scenario.
of , so that
Perceptual tests in [17] indeed show that for
, both
speech and noise sources are localized correctly.
3) Dependence on Noise Power : In Fig. 4, the noise power
is varied (dB values are relative to signal power ), while
and
are fixed to 1 and 0.01, respectively. The partial noise
parameter is fixed to 0.2.
lead to lower input and output SNRs
Higher noise powers
whereas the SNR improvement is again given by (54). The
ITD/ILD errors of the noise component are small when the
obtained output SNR is low, which is in fact an advantageous
perceptual effect: in frequency bins with a lot of residual noise,
this noise will be perceived in the correct direction.
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Fig. 5. MWF-ITF with quadratic ITF extension; The ILD errors for (a) the
noise and (b) speech components are shown for different values of and  .

Fig. 4. Dependence of output SNR (a), SNR improvement (b), and noise binaural cues [ILD (c) and ITD (d)] on noise power P . When the output SNR is
low, the binaural noise cues are better preserved, which is an advantageous perceptual effect.

At lower noise powers, the assumptions leading to (54) are no
longer valid (the input SNRs are high) so that the SNR improvement is lower than predicted in (54). As seen in (60), ITF will
be shifted towards ITF if the SNR improvement is low, which
leads to higher ILD/ITD errors. However, these higher errors are
still acceptable because the output SNR is high. So, the residual
noise will then be masked by the speech signal.
C. Performance of MWF-ITF
In this section, the performance of the MWF-ITF algorithm
is tested. In [15], it was shown that the algorithm with nonquadratic ITF extension (62) allows preservation of both speech
as noise binaural cues. However, as for the MWF- algorithm,
the obtained SNR improvement will decrease if more emphasis
is put on cue preservation.
Because the MWF-ITF algorithm with non-quadratic extension is not computationally feasible for an hearing aid application, we will use the quadratic ITF extension in (66) from now
on. The results obtained in [29] will be reviewed here.
1) ITD and ILD Error for Quadratic ITF Extension: In
Fig. 5, the ILD errors of speech and noise components for the
SDW-MWF with quadratic ITF extension (66) are shown. The
ILD error for the noise component is shown on the left, the
ILD error for the speech component is shown on the right. The
ITD errors are omitted here, but lead to similar conclusions
[29]. For some choices of the ITF parameters and , the ILD
errors on the noise component can be made arbitrarily small.
However, the ILD errors on the speech component will then
become large. On the other hand, when the ILD errors on the
speech component are made small, the ILD errors on the noise

Fig. 6. MWF-ITF with quadratic ITF extension; The ILD errors for (a) the
noise and (b) speech components are shown as a function of the ITF parameter
 and the output SNR.

component are large. An optimal choice of parameters, where
the ILD errors of both noise and speech are small appears to be
impossible. These results are in accordance with the theoretical
discussion in Section V, where it was shown that the output
ITFs of speech and noise component are equal, so that speech
and noise cues cannot be preserved simultaneously.
2) Output ITF Versus Output SNR: The theoretical discussion and the previous simulations showed that it is impossible
to preserve speech and noise binaural cues simultaneously. As
such, this approach may seem inappropriate as a binaural noise
reduction algorithm, as it would be impossible to correctly localize both the speech and the noise source. However, in [19]
the MWF-ITF algorithm (with quadratic ITF cost terms), was
validated perceptually. An improvement in the total localization performance (speech+noise) was observed, which seems to
contradict the previous discussion. To explain the improvement,
the relationship between the output SNR and the output ITF will
be analyzed.
In Fig. 6, the output SNR and the noise ITF parameter are
varied. is fixed to 0 in this simulation. To vary the output
will be varied which changes the
SNR, the signal power
output SNR as seen in (39). As in the previous section, the noise
and speech ILD errors are shown. It can be seen that for certain values of the ITF parameter , the ILD error of the noise
component is small at low output SNRs, while the speech ILD
error is small at high output SNRs. The ITD errors, which are
omitted here, behave similarly [29]. These results show that the
output ITF is shifted towards the input ITF of the noise component when the output SNR is low, while the output ITF is shifted
towards the input ITF of the speech component in high SNR regions.
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When the algorithm is applied on broadband signals, as in
[19], the obtained output SNRs will vary in the different frequency bins, and similarly, the output ITFs will vary. This in
fact represents an advantageous perceptual effect: in frequency
bins with a low output SNR, the ITF is shifted towards the noise
ITF, so that the residual noise in the output signals can still be
heard in the noise direction, and vice versa for the speech component.
Although MWF-ITF thus allows for correct localization, a
benefit in speech intelligibility due to binaural unmasking was
not observed in the perceptual tests in [19]. This can be expected
as the binaural unmasking effect relies on differences in the binaural cues of target and interferer in the same frequency bin,
which is not achieved by MWF-ITF. Only when the interfering
source is speech, perceiving target and interferer in different locations (for example by the advantageous perceptual effect of
MWF-ITF) leads to speech intelligibility improvements [30],
but not for speech-shaped noise as interfering source, as was
the case in [19].
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D. Comparison of SDW-MWF, MWF-ITF, and MWF- in a
Reverberant Room
The broadband performances of the SDW-MWF, MWFand MWF-ITF algorithms are now compared in a reverberant
environment. HRTFs were measured in a reverberant room
ms on a binaural microphone array mounted on
a dummy-head, so that the head-shadow effect is taken into account. To generate the microphone signals, the speech and noise
signals are convolved with the measured HRTFs corresponding
,
), and then
to their angles of arrival (
added together. To further increase the degree of realism, the
correlation matrices are estimated in a batch procedure on the
speech and noise signals instead of being constructed with the
steering vectors. The speech signal consists of four sentences
of the Hearing In Noise Test (HINT) list [31], the noise signal
is multitalker babble noise [32]. The microphone signals have
a total duration of 26 s, and are sampled at 8000 Hz.
In practice, a voice activity detector (VAD) has to be implemented to distinguish between segments were speech and noise
is updated), and segments were only noise is
are both active (
is updated), but here a perfect VAD is assumed. The
active (
correlation matrix estimates are plugged into (37), (47), and (70)
to obtain the optimal filter coefficients of SDW-MWF, MWFand MWF-ITF, respectively. The speech distortion tradeoff parameter is set to 5, the MWF-ITF parameters are
and
, and the MWF- parameter is
. The signals are processed by 64-point fast Fourier transforms (FFTs),
and the performance measures defined in Section II-C are then
calculated for every frequency bin independently.
Fig. 7 shows the average output SNR per frequency bin of the
SDW-MWF, MWF-ITF, and MWF- . The SNRs of the left and
right output signals were averaged to obtain the average SNRs
shown in the figure. As a reference, the (unprocessed) input SNR
of this setup is also shown. It can be observed that every procedure achieves an SNR improvement over the unprocessed case.
As expected, the MWF- algorithm obtains the lowest output
SNR. The SDW-MWF and MWF-ITF procedures obtain similar output SNRs as predicted by the theory, except for a few

Fig. 8. Performance comparison of MWF-ITF (
and 
),
MWF- 
: and SDW-MWF in a reverberant room. (a) The speech
ITD errors and (b) noise ITD errors per frequency are shown.

( = 0 2)

bins where some dips in the output SNR curves occur (around
500, 1250, 1750, and 3000 Hz).
Fig. 8 shows the relative speech and noise ITD errors (34)
for the three procedures, as a function of frequency. According
to (45) and (56), both SDW-MWF as MWF- do not distort
the speech binaural cues. The speech ITD errors in Fig. 8(a)
are indeed small for these procedures. In addition, MWFis expected to obtain the smallest noise ITD error, whereas
SDW-MWF is expected to obtain a large noise ITD error,
which is illustrated in Fig. 8(b). In the theoretical analysis, it
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was furthermore shown that the output ITF of the MWF-ITF
procedure depends on the obtained output SNR. This advantageous perceptual effect is also illustrated by Fig. 8: at the
frequency bins where dips in the obtained output SNR in Fig. 7
occur, a large speech ITD error is seen, whereas the noise
ITD error is small. Thus, the output ITF is effectively shifted
towards the noise ITF at frequencies with a low output SNR,
which improves localization of the noise source.

TABLE I
COMPARISON OF SDW-MWF, MWF- , MWF-ITF

VII. CONCLUSION
In this paper, a class of binaural noise reduction algorithms
based on multichannel Wiener filtering (SDW-MWF) has been
discussed. To fully exploit the advantage of binaural hearing,
the preservation of binaural cues is an important objective, in
addition to noise reduction. Perceptual tests in previous work
have shown that two extensions of the SDW-MWF, namely
MWF-ITF and MWF- , can lead to localization and speech
intelligibility improvements. In this paper, the binaural cue
preservation performance of these procedures has been analyzed theoretically and validated with objective performance
measures.
The binaural SDW-MWF algorithm was shown to be inadequate as a binaural noise reduction strategy, if binaural cues are
to be preserved; both the speech and residual noise will be perceived in the direction of the speech signal, so that the hearing
aid user cannot rely on binaural unmasking to improve speech
understanding.
The binaural MWF- algorithm is an extension that mixes
a fraction of the original noise signal into the output signals.
As a drawback, the SNR improvement decreases. However, this
approach makes it possible to preserve both speech and noise
binaural cues. These findings support the perceptual tests in
[17], where an improvement in localization performance was
observed. Furthermore, correct localization can lead to a benefit
in speech intelligibility if the compensatory effect of binaural
unmasking is larger than the SNR loss [18].
The MWF-ITF algorithm extends the binaural SDW-MWF
cost function with terms related to the ITFs of the speech
and noise component. These terms are simplified to quadratic
terms to make the algorithm computationally feasible. It has
been shown that the obtained output SNR remains equal to
the output SNR of the binaural SDW-MWF algorithm. While
it is impossible to preserve the speech and noise cues at the
same time, there is an advantageous perceptual effect: if the
output SNR is high, the obtained ITF will be shifted towards
the ITF of the speech component, whereas for a low output
SNR, the ITF will be shifted towards the ITF of the noise
component. This effect makes a correct localization possible,
and explains the localization performance improvement in prior
perceptual tests [19]. As the binaural unmasking effect requires
different speech and noise ITFs in a single frequency bin, a
speech intelligibility improvement due to binaural unmasking
is not possible however. Another drawback of MWF-ITF is
the fact that it is not straightforward to find an optimal and
parameter setting for different scenarios.

The advantages and disadvantages of the different algorithms
are summarized in Table I.
APPENDIX
In this section, the MWF-ITF optimal filters are derived for
the special case of a single speech source. First, the derivation
. This result will then be
will be made for the special case
.
reused in the derivation of the general case
A) ITF Cost Function for Only Noise Component
:
The filter in (70) reduces to
(84)
For easier notation, we define
be written as

ITF , such that (64) can

(85)
Using the matrix inversion lemma

(86)
it can be shown that

is equal to expression

(87)
By defining

(88)
the matrix

can be written as
(89)
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and the following useful expression can be formulated:
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the optimal MWF-ITF filter reduces to expression
(90)

Using (89), it can be shown that
(91)
(99)

(92)

B) ITF Cost Function for Speech and Noise Component
: For easier notation, we define
ITF , such
is equal to
that

such that (87) reduces to

(93)
(100)
The filter in (84) is then equal to
(94)

Hence, using the matrix inversion lemma, the filter in (70) is
equal to expression (101), as shown at the bottom of the page.
Similarly to (99), by setting
and
, it can be
shown that

(95)

with

(102)

(103)

Using the matrix inversion lemma, it can be shown that
(96)

Using (102), it can be shown that

with an arbitrary constant, such that
(104)

(97)
Using (99) and

Using (38), (90), and (97), the filter in (95) is equal to

, it can be shown that

(105)
By plugging (99), (102), (104), and (105) into (101), and by
defining
such that, using (90), and by defining
(98)

(106)

(101)
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the filter
sion (72).

reduces to the previously shown expres-
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