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(54) Method and apparatus for blind source separation improving interference estimation in
binaural wiener filtering

(57) The invention claims a method and an appropriate acoustic signal processing system for noise reduction of a
binaural microphone signal (x1, x2) with one target point source (s) and M interfering point sources (n1, n2, ...,nM) as
input sources to a left and a right microphone (2) of a binaural microphone system, comprising the step of:
- filtering a left and a right microphone signal (x1, x2) by a Wiener filter (14) to obtain binaural output signals (ŝL,ŝR) of
the target point source (s), where said Wiener filter (14) is calculated as

where Hw is said Wiener filter (14), Φ(x1,n+x2,n)(x1,n+x2,n) is the auto power spectral density of the sum of all the M
interfering point sources components (x1,n, x2,n) contained in the left and right microphone signal (x1, x2) and Φ(x1+x2)
(x1+x2) is the auto power spectral density of
the sum of the left and right microphone signal (x1, x2).

Owing to the linear-phase property of the calculated Wiener filter (14), original binaural cues are perfectly preserved
not only for the target source (s) but also for the residual interfering sources (n1, n2, ... nM) .
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Description

[0001] The present invention relates to a method and an Acoustic Signal Processing System for noise reduction of a
binaural microphone signal with one target point source and several interfering point sources as input sources to a left
and a right microphone of a binaural microphone system. Specifically, the present invention relates to hearing aids
employing such methods and devices.

BACKGROUND

[0002] In the present document reference will be made to the following documents:

[BAK05] H. Buchner, R. Aichner, and W. Kellermann. A generalization of blind source separation algorithms for
convolutive mixtures based on second-order statistics. IEEE Transactions on Speech and Audio Signal Processing,
Jan. 2005.
[PA02] L.C. Parra and C.V. Alvino. Geometric source separation: Merging convolutive source separation with ge-
ometric beamforming. IEEE Transactions on Speech and Audio Processing, 10(6):352{362, Sep. 2002.

INTRODUCTION

[0003] In signal enhancement tasks, adaptive Wiener Filtering is often used to suppress the background noise and
interfering sources. For the required interference and noise estimates, several approaches are proposed usually ex-
ploiting VAD (Voice Activity Detection), and beam-forming, which uses a microphone array with a known geometry. The
drawback of VAD is that the voice-pause cannot be robustly detected, especially in the multi-speaker environment. The
beam-former does not rely on the VAD, nevertheless, it needs a priori information about the source positions. As an
alternative method, Blind Source Separation (BSS) was proposed to be used in speech enhancement which overcomes
the drawbacks mentioned and drastically reduces the number of microphones. However, the limitation of BSS is that
the number of point sources cannot be larger than the number of microphones, or else BSS is not capable to separate
the sources.

INVENTION

[0004] It is the object of the present invention to provide a method and an acoustic signal processing system for
improving interference estimation in binaural Wiener Filtering in order to effectively suppress background noise and
interfering sources.
[0005] According to the present invention the above objective is fulfilled by a method for noise reduction of a binaural
microphone signal. One target point source and M interfering point sources are input sources to a left and a right
microphone of a binaural microphone system. The method comprises the following step:

- filtering a left and a right microphone signal by a Wiener filter to obtain binaural output signals of the target point
source, where the Wiener filter is calculated as

where Hw is the Wiener filter transfer function, Φ(x1,n+x2,n)(x1,n+x2,n) is the auto power spectral density of the sum of
all the M interfering point sources components contained in the left and right microphone signal and Φ(x1+x2)(x1+x2) is
the auto power spectral density of the sum of the left and right microphone signal.
Owing to the linear-phase property of the calculated Wiener filter HW, original binaural cues based on signal phase
differences are perfectly preserved not only for the target source but also for the residual interfering sources.
[0006] According to a preferred embodiment the sum of all the M interfering point sources components contained in
the left and right microphone signal is approximated by an output of a Blind Source Separation system with the left and
right microphone signal as input signals.
[0007] Preferably, said Blind Source Separation comprises a Directional Blind Source Separation Algorithm and a
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Shadow Blind Source Separation algorithm.
[0008] Furthermore, the present invention foresees an acoustic signal processing system comprising a binaural mi-
crophone system with a left and a right microphone and a Wiener filter unit for noise reduction of a binaural microphone
signal with one target point source and M interfering point sources as input sources to the left and the right microphone.
The Wiener filter unit is calculated as

where Φ(x1,n+x2,n)(x1,n+x2,n) is the auto power spectral density of the sum of all the M interfering point sources compo-
nents contained in the left and right microphone signal and Φ(x1+x2)(x1+x2) is the auto power spectral density of the
sum of the left and right microphone signal, and the left microphone signal of the left microphone and the right microphone
signal of the right microphone are filtered by said Wiener filter to obtain binaural output signals of the target point source.
[0009] According to a preferred embodiment the acoustic signal processing system comprises a Blind Source Sepa-
ration unit,
where the sum of all the M interfering point source components contained in the left and right microphone signal is
approximated by an output of said Blind Source Separation unit with the left and right microphone signal as input signals.
[0010] Furthermore, said Blind Source Separation unit comprises a Directional Blind Source Separation unit and a
Shadow Blind Source Separation unit.
[0011] Finally, the left and right microphone of the acoustic signal processing system are located in different hearing
aids.

DRAWINGS

[0012] More specialties and benefits of the present invention are explained in more detail by means of schematic
drawings showing in:

Figure 1: a hearing aid according to the state of the art and

Figure 2: a block diagram of the considered acoustic scenario and the signal processing system.

EXEMPLARY EMBODIMENTS

[0013] Since the present application is preferably applicable to hearing aids, such devices shall be briefly introduced
in the next two paragraphs together with figure 1.
[0014] Hearing aids are wearable hearing devices used for supplying hearing impaired persons. In order to comply
with the numerous individual needs, different types of hearing aids, like behind-the-ear hearing aids and in-the-ear
hearing aids, e.g. concha hearing aids or hearing aids completely in the canal, are provided. The hearing aids listed
above as examples are worn at or behind the external ear or within the auditory canal. Furthermore, the market also
provides bone conduction hearing aids, implantable or vibrotactile hearing aids. In these cases the affected hearing is
stimulated either mechanically or electrically.
[0015] In principle, hearing aids have one or more input transducers, an amplifier and an output transducer as essential
component. An input transducer usually is an acoustic receiver, e.g. a microphone, and/or an electromagnetic receiver,
e.g. an induction coil. The output transducer normally is an electro-acoustic transducer like a miniature speaker or an
electro-mechanical transducer like a bone conduction transducer. The amplifier usually is integrated into a signal process-
ing unit. Such principle structure is shown in figure 1 for the example of a behind-the-ear hearing aid. One or more
microphones 2 for receiving sound from the surroundings are installed in a hearing aid housing 1 for wearing behind
the ear. A signal processing unit 3 being also installed in the hearing aid housing 1 processes and amplifies the signals
from the microphone. The output signal of the signal processing unit 3 is transmitted to a receiver 4 for outputting an
acoustical signal. Optionally, the sound will be transmitted to the ear drum of the hearing aid user via a sound tube fixed
with an otoplastic in the auditory canal. The hearing aid and specifically the signal processing unit 3 are supplied with
electrical power by a battery 5 also installed in the hearing aid housing 1.
[0016] In a preferred embodiment of the invention two hearing aids, one for the left ear and one for the right ear, have
to be used ("binaural supply"). The two hearing aids can communicate which each other in order to exchange microphone
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data.
[0017] If the left and right hearing aid include more than one microphone any preprocessing that combines the micro-
phone signals to a single signal in each hearing aid can use the invention.
[0018] Figure 2shows the proposedscheme which is composed of threemajor components A, B, C.The first component
A is the linear BSS model in the underdetermined scenario when more point sources s, n1, n2, ..., nM than microphones
2 are present. Directional BSS 11 is exploited to estimate the interfering point sources n1, n2, ..., nM as the second
component B. Its major advantage is that it can deal with the underdetermined scenario. In the third component C, the
estimated interference y1 is used to calculate a time-varying Wiener filter 14 and then the binaural enhanced target
signal ŝ can be obtained by filtering the binaural microphone signals x1, x2 with the calculated Wiener filter 14. Owing
to the linear-phase property of the calculated Wiener filter 14, original signal-phase-based binaural cues are perfectly
preserved not only for the target source s but also for the residual interfering sources n1, n2, ... nM. Especially the
application to hearing aids can benefit from this property. In the following, a detailed description of the individual com-
ponents and experimental results will be presented.
[0019] As illustrated in Figure 2, one target point source s and M interfering point sources nm, m = 1,...,M are filtered
by a linear multiple-input-multiple-output (MIMO) system 10 before they are picked up by two microphones 2. Thus, the
microphone signals x1, x2 can be described in the discrete-time domain by:

where "*" represents convolution, hlj , l = 1,...,M+1, j = 1, 2 denotes the FIR filter model from the 1-th source to the j-th
microphone. x1, x2 denote the left and right microphone signal for use as a binaural microphone signal. Note that here
the original sources s, n1, n2, ..., nM are assumed to be point sources so that the signal paths can be modeled by FIR
filters. In the following, for simplicity, the time argument k for all signals in the time domain is omitted and time-domain
signals are represented by lower-case letters.
[0020] BSS B is desired to find a corresponding demixing system W to extract the individual sources from the mixed
signals. The output signals of the demixing system yi(k), i = 1, 2 are described by:

where wji denotes the demixing filter from the j-th microphone to the i-th output channel.
[0021] There are different criteria for convolutive source separation proposed. They are all based on the assumption
that the sources are statistically independent and can all be used for the said invention, although with different effec-
tiveness. In the proposed scheme, the "TRINICON" criterion for second-order statistics [BAK05] is used as the BSS
optimization criterion, where the cost function JBSS(W) aims at reducing the off-diagonal elements of the correlation
matrix of the two BSS outputs:

[0022] For l=j=2, in each output channel one source can be suppressed by a spatial null. Nevertheless, for the un-
derdetermined scenario no unique solution can be achieved. However, here we exploit a new application of BSS, i.e,
its function as a blocking matrix to generate an interference estimate. This can be done by using the Directional BSS 11,
where a spatial null can be forced to a certain direction for assuring that the source coming from this direction is suppressed
well after Directional BSS 11.
[0023] The basic theory for Directional BSS 11 is described in [PA02], where the given demixing matrix is:
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wT
i = [w1i w2i] (i = 1, 2) includes the demixing filter for the i-th BSS-output channel and is regarded as a beam-former,

whose response can be constrained to a particular orientation θ, which denotes the target source location and is assumed
to be known in [PA02]. In the proposed scheme, we design a "blind" Directional BSS B, where θ is not a priori known,
but can be detected from a Shadow BSS 12 algorithm as described in the next section. To explain the algorithm, the
angle θ is supposed to be given. The algorithm for a two-microphone setup is derived as follows:
For a two-element linear array with omni-directional sensors and a far-field source, the array response depends only
on the angle θ = θ (q) between the source and the axis of the linear array:

where d(q) represents the phases and magnitude responses of the sensors for a source located at q. p is the vector of
the sensor position of the linear array and c is the sound propagation speed.
[0024] The total response for the BSS-output channel i is given by:

[0025] Constraining the response to an angle θ is expressed by:

[0026] The geometric constraint C is introduced into the cost function:

where  is the Frobenius norm of the matrix A.

[0027] The cost function can be simplified by the following conditions:

1. Only one BSS output channel should be controlled by the geometric constraint. Without loss of generality the
output channel 1 is set to be the controlled channel. Hence, wT

2d(θ)is set to be zero such that only wT
1, not wT

2 is
influenced by JC(W).

2. In [PA02], the geometric constraint is suggested to be C = I, where I is the identity matrix, which indicates
emphasizing the target source located at the direction of θ and attenuating other sources. In the proposed scheme,
the target source should be suppressed like in a null-steering beam-forming, i.e. a spatial null is forced to the direction
of the target source. Hence, here the geometric constraint C is equal to the zero-matrix.
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[0028] Thus, the cost function JC(W) is simplified to be:

[0029] Moreover, the BSS cost function JBSS(W) will be expanded by the cost function JC(W) with the weight ηC :

[0030] Here, the weight ηC is selected to be a constant, typically in the range of [0.4, ..., 0.6] and indicates how
important JC(W) is. By forming the gradient of the cost function J(W) with respect to the demixing filter w*j,i we can obtain
the gradient update for W:

[0031] Using only the demixing filters ω11 and ω21 are adapted. To prevent the adaptation of ω11, the

adaptation is limited to the demixing filter ω21:

[0032] In the previous section, the angular position θ of the target source is assumed to be known a prior. But in
practice, this information is unknown. In order to ascertain that the target source is active and to obtain the geometric
information of the target source, a method of ’peak’ detection is used to detect the source activity and position which
will be described in the following:

Usually, the BSS adaptation enhances one peak (spatial null) in each BSS channel such that one source is sup-
pressed by exactly one spatial null, where the position of the peak can be used for the source localization. Based
on this observation, if a source in a defined angular range is active, a peak must appear in the corresponding range
of the demixing filter impulse responses. Hence, supposing that only one possibly active source in the target angular
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range exists, we can detect the source activity by searching the peak in the range and compare this peak with a
defined threshold to indicate whether the target source is active or not. Meanwhile, the position of the peak can be
converted to the angular information of the target source. However, once the BSS B is controlled by the geometric
constraint, the peak will always be forced into the position corresponding to the angle θ, even if the target source
moves from θ to another position. In order to detect the source location fast and reliably, a shadow BSS 12 without
geometric constraint running in parallel to the main Directional BSS 11 is introduced, which is designed to react fast
to varying source movement by virtue of its short filter length and periodical re-initialization. As shown in figure 2
the Shadow BSS 12 detects the movement of the target source and gives its current position to the Directional BSS
11. In this way, the Directional BSS 11 can apply the geometric constraint according to the given θ and follows the
target source movement.

[0033] In the underdetermined scenario for a two-microphone setup, one target point source s and M interfering point
sources nm, m = 1,...,M are passed through the mixing matrix. The microphone signals are given by equation (1) and
the BSS output signals are given by equation (2). By applying Directional BSS 11, the target source s is well suppressed
in one output, e.g. y1. Thus, the output y1 of the Directional BSS 11 can be approximated by:

where xj,n(j = 1, 2) denotes the sum of all the interfering components contained in the j-th microphone. If we take a closer
look at y1 ≈ ω11 * x1,n + ω21 * x2,n, actually, it can be regarded as a sum of the filtered version the interfering components
contained in the microphone signals. Thus, we consider such a Wiener filter, where the input signal is the sum of two
microphone signals x1 + x2, the desired signal is the sum of the target source components contained in two microphone
signals x1,s + x2,s.
[0034] Assuming that all sources are statistically independent, in the frequency domain, the Wiener filter can be
calculated as follows:

where the frequency argument Ω is omitted, φxy denotes the cross power spectral density (PSD) between x and y, and
x1,n + x2,n denotes the sum of all the interfering components contained in two microphone signals. As mentioned above,
y1 is regarded as a sum of the filtered versions of the interfering components contained in the microphone signals. Thus,
y1 is supposed to be a good approximation for x1,n + x2,n. In our proposed scheme, we use y1 as the interference estimate
to calculate the Wiener filter and approximate x1,n + x2,n by y1 :

[0035] Furthermore, to obtain the binaural outputs of the target source ŝ=[ŝL,ŝR] both of the left and right microphone
signal x1, x2 will be filtered by the same Wiener filter 14 as shown in figure 2. Owing to the linear-phase property of HW,
in ŝ the binaural cues are perfectly preserved not only for the target component but also for the residual of the interfering
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components.
[0036] The applicability of the proposed scheme was verified by experiments and a prototype of a binaural hearing
aid (computer-based real-time demonstrator). The experiments have been conducted using speech data convolved with
the impulse responses of two real rooms with T60 = 50, 400 ms respectively and a sampling frequency of fs = 16 kHz.
A two-element microphone array with an inter-element spacing of 20cm was used for the recording. Different speech
signals of 10 s duration were played from 2-4 loudspeakers with 1.5m distance to the microphones simultaneously. The
signals were divided into blocks of length 8192 with successive blocks overlapped by a factor of 2. Length of the main
BSS filter was 1024. The experiments are conducted for 2, 3, 4 active sources individually.
[0037] To evaluate the performance, the signal-to-interference ratio (SIR) and the logarithm of speech-distortion factors

(SDF)  averaged over both channels was calculated for the total 10 s signal.

[0038] Table 1 shows the performance of the proposed scheme. It can be seen that the proposed scheme can achieve
about 6 dB SIR improvement (∆SIR) for 2 and 3 active sources and 3 dB SIR improvement for 4 active sources. Moreover,
in the sound examples the musical tones and the artifacts can hardly be perceived owing to the combination of the
improved interference estimation and corresponding Wiener filtering.

Claims

1. A method for noise reduction of a binaural microphone signal (x1, x2) with one target point source (s) and M interfering
point sources (n1, n2,...,nM) as input sources to a left and a right microphone (2) of a binaural microphone system,
comprising the step of:

- filtering a left and a right microphone signal (x1, x2) by a Wiener filter (14) to obtain binaural output signals
(ŝL,ŝR) of the target point source (s), where said Wiener filter (14) is calculated as

where HW is said Wiener filter (14), Φ(x1,n+x2,n)(x1,n+x2,n) is the auto power spectral density of the sum of all the
M interfering point sources components (x1,n, x2,n) contained in the left and right microphone signal (x1, x2) and Φ
(x1+x2)(x1+x2) is the auto power spectral density of the sum of the left and right microphone signal (x1, x2).

2. A method as claimed in claim 1 where the sum of all the M interfering point sources components (x1,n, x2,n) contained
in the left and right microphone signal (x1, x2) is approximated by the output (y1) of a Blind Source Separation (B)
with the left and right microphone signal (x1, x2) as input signals.

3. A method as claimed in claim 1 or claim 2, whereas said Blind Source Separation (B) comprises a Directional Blind
Source Separation (11) algorithm and a Shadow Blind Source Separation (12) algorithm.

Table 1: Comparison of SDF and ∆SIR for 2, 3, 4 active sources in two different rooms (measured in dB)

number of the sources 2 3 4

anechoic room SIR_In 5.89 -0.67 -2.36
T60=50ms SDF -14.55 -7.12 -6.64

∆SIR 6.29 6.33 3.05

reverberant room SIR_In 5.09 -0.85 -2.48
T60=400ms SDF -13.60 -5.94 -6.23

∆SIR 6.13 5.29 3.58
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4. Acoustic Signal Processing System comprising a binaural microphone system with a left and a right microphone
(2) and a Wiener filter unit (14) for noise reduction of a binaural microphone signal (x1, x2) with one target point
source (s) and M interfering point sources (n1, n2, ..., nM) as input sources to the left and the right microphone (2),
whereas:

- the algorithm of said Wiener filter unit (14) is calculated as

where Φ(x1,n+x2,n)(x1,n+x2,n) is the auto power spectral density of the sum of all the M interfering point sources
components (x1,n, x2,n) contained in the left and right microphone signal (x1, x2) and Φ(x1+x2)(x1+x2) is the auto
power spectral density of the sum of the left and right microphone signal (x1, x2), and

- the left microphone signal (x1) of the left microphone (2) and the right microphone signal (x2) of the right
microphone (2) are filtered by said Wiener filter unit (14) to obtain binaural output signals (ŝL,ŝR) of the target
point source (s).

5. An acoustic signal processing system as claimed in claim 4 with a Blind Source Separation unit (B), whereas the
sum of all the M interfering point sources components (x1,n, x2,n) contained in the left and right microphone signal
(x1, x2) is approximated by an output (y1) of the Blind Source Separation unit (B) with the left and right microphone
signal (x1, x2) as input signals.

6. An acoustic signal processing system as claimed in claim 5, whereas said Blind Source Separation unit (B) comprises
a Directional Blind Source Separation unit (11) and a Shadow Blind Source Separation unit (12).

7. An acoustic signal processing system as claimed in one of the claims 4 to 6, whereas the left and right microphone
are located in different hearing aids.
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