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(57)  The present invention relates a method for sig-
nal processing comprising the steps of obtaining a first
plurality of microphone signals by a first microphone ar-
ray; obtaining a second plurality of microphone signals
by a second microphone array different from the first mi-
crophone array; beamforming the first plurality of micro-
phone signals by a first beamformer comprising beam-

Beamforming pre-processing for speaker localization

forming weights to obtain a first beamformed signal; and
beamforming the second plurality of microphone signals
by a second beamformer comprising the same beam-
forming weights as the first beamformer to obtain a sec-
ond beamformed signal; and wherein the beamforming
weights are adjusted such that the power density of echo
components and/or noise components present in the first
and second plurality of microphone signals is minimized.
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Description
Field of Invention

[0001] The present invention relates to the localization of speakers, in particular, speakers communicating with remote
parties by means of hands-free sets or speakers using a speech control or speech recognition means comprised in
some communication means. Particularly, the present invention relates to the localization of a speaker including pre-
processing of microphone signals by beamforming.

Background of the invention

[0002] The localization of one or more speakers (communication parties) is of importance in the context of many
different electronically mediated communication situations where multiple microphones, e.g., microphone arrays or
distributed microphones are utilized. For example, the intelligibility of speech signals that represent utterances of users
of handsfree sets and are transmitted to a remote party heavily depends on an accurate localization of the speaker. If
accurate localization of a near end speaker fails, the transmitted speech signal exhibits a low signal-to-noise ratio (SNR)
and may even be dominated by some undesired perturbation caused by some noise source located in the vicinity of the
speaker or in the same room in which the speaker uses the hands-free set.

[0003] Audio and video conferences represent other examples in which accurate localization of the speaker(s) is
mandatory for a successful communication between near and remote parties. The quality of sound captured by an audio
conferencing system, i.e. the ability to pick up voices and other relevant audio signals with great clarity while eliminating
irrelevant background noise (e.g. air conditioning system or localized perturbation sources) can be improved by a
directionality of the voice pick up means.

[0004] In the context of speech recognition and speech control the localization of a speaker is of importance in order
to provide the speech recognition means with speech signals exhibiting a high signal-to-noise ratio, since otherwise the
recognition results are not sufficiently reliable.

[0005] Acoustic localization of a speaker is usually based on the detection of transit time differences of sound waves
representing the speaker’s utterances by means of multiple (at least two) microphones. However, in the art methods for
the localization of a speaker are error-prone in acoustic rooms that exhibit a significant reverberation and, in particular,
in the context of communication systems providing audio output by some loudspeakers. In order to avoid erroneous
speaker localization due to acoustic loudspeaker outputs echo compensation filtering means are usually employed in
order to pre-process the microphone signals used for the speaker localization.

[0006] Echo compensation by filtering means allow for the reduction of echo components, in particular, due to loud-
speaker outputs, by estimating echo components of the impulse response and adapting filter coefficients in order to
suppress the echo components. However, echo suppression by multi-channel echo compensating filters and, particularly,
the control of the adaptation of the respective filter coefficients demands for relatively powerful computer resources and
results in heavy processor load. Moreover, inefficient echo compensating still results in erroneous speaker localization.
Therefore, there is a need for a method for a more reliable localization of a speaker without the demand for powerful
computer resources.

Description of the Invention

[0007] The above-mentioned problem is solved by the method for signal processing according to claim 1 that can be
used as pre-processing in a procedure for the localization of a speaker (speaking person) in a room in that at least one
loudspeaker and at least one microphone array are located. The claimed method for signal processing comprises the
steps of

obtaining a first plurality of microphone signals by a first microphone array;

obtaining a second plurality of microphone signals by a second microphone array different from the first microphone array;
beamforming the first plurality of microphone signals by a first beamformer comprising beamforming weights to obtain
a first beamformed signal; and

beamforming the second plurality of microphone signals by a second beamformer comprising the same beamforming
weights as the first beamformer to obtain a second beamformed signal;

and wherein

the beamforming weights are adjusted (adapted) such that the power density of echo components and/or noise com-
ponents present in the first and second plurality of microphone signals is minimized.

[0008] The operation of beamformers per se is well-known in the art (see, E. Hansler and G. Schmidt, " Acoustic Echo
and Noise Control: A Practical Approach”, Wiley IEEE Press, New York, NY, USA, 2004). In the present invention, the
first and second beamformers can be chosen from the group consisting of an adaptive filter-and-sum beamformer, a
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Linearly Constrained Minimum Variance beamformer, e.g., a Minimum Variance Distortionless Response beamformer
and a differential beamformer.

[0009] The Linearly Constrained Minimum Variance beamformer can be advantageously used to account for a dis-
tortion-free transfer in a particular direction. Moreover, it can account for so-called "derivative constraints" including
constraints on derivations of the directional characteristic of the beamformer. The differential beamformer allows for the
formation of hard/ highly localized spatial nullings in particular directions, e.g., in the directions of one or more loud-
speakers.

[0010] The method can be generalized to more than two microphone arrays and more than two beamformers in a
straightforward way. In this case N > 2 microphone arrays to obtain N pluralities of microphone signals and N beamformer
are employed and the beamforming weights (filter coefficients) of the N beamformers are adjusted such that power
density of echo components and/or noise components present in the N pluralities of microphone signals is minimized.
The beamformers are not necessarily realized in form of separate physical units.

[0011] The first and second beamformers are adapted such that echo/noise present in the microphone signals is
minimized and the thus enhanced beamformed microphone signals can be used for any kind of speaker localization
known in the art. For instance, the beamformed signals can be input into a speaker localization means that estimates
the cross power density spectrum of the beamformed signals by spatial averaging after Fast Fourier transformation of
these signals. After Inverse Fourier transformation of the estimated cross power density spectrum the cross correlation
function is obtained. The location of the maximum of the cross correlation function is indicative for the inclination direction
of the sound detected by the microphone arrays.

[0012] Since the beamformers are adapted in order to reduce the echo/noise components a downstream processing
for speaker localization is more reliable in the art, since perturbations that might lead to misinterpretations of the direction
of a speaker with respect to the microphone arrays are significantly reduced. In particular, echo components, e.g.,
caused by loudspeaker outputs of loudspeakers installed in the same room as the microphone arrays are suppressed
without the need for echo compensation filtering means that are conventionally employed in order to enhance the
reliability of speaker localization and that are very expensive in terms of processing load.

[0013] According to an embodiment of the inventive method the beamforming weights (filter coefficients of the first
and second beamformers) are adjusted (adapted) such that the power density of the sum of the first and the second
beamformed signals (or N beamformed signals) is minimized. According to an alternative embodiment the beamforming
weights are adjusted such that the sum of the power density of the first beamformed signal and the power density of
the second beamformed signal (sum of the power density of N beamformed signals) is minimized. Both alternatives
provide an efficient and reliable way to minimize echo/noise components that are present in the microphone signals
detected by the first and second microphone arrays before beamforming.

[0014] Adaptation of the beamforming weights can be achieved by any method known in the art. For instance, a
Normalized Least Mean Square algorithm can be used for the adaptation of the beamfomers (beamforming weights).
The Non-Linear Least Mean Square algorithm may particularly be employed observing the condition that the L, norm
of the vector of the beamforming weights is greater than zero. This condition guarantees that the Non-Linear Least Mean
Square algorithm does not find (and be fixed to) the trivial solution of vanishing beamforming weights.

[0015] Moreover, the beamforming weights of the first and second beamformer may be adjusted by a Non Linear
Least Mean Square algorithm observing the condition that the power transfer function of the first and the second beam-
formers for a predetermined frequency range and a predetermined range of spatial angles does not fall below a prede-
termined limit. Thereby, it is avoided that output signals of the employed beamformers approximate zero which would
result in a sharp blinding out of particular directions / inclinations of sound which possibly would undesirably affect
subsequent processing of the output signals of the beamformers for speaker localization.

[0016] The first and the second microphone arrays can represent different sub-arrays of a third larger microphone
array and the first and second plurality of microphone signals can be selected from a third plurality of microphone signals
obtained by the third microphone array. In particular, the first plurality of microphone signals comprises at least one
microphone signal of the second plurality of microphone signals.

[0017] The sub-arrays can, e.g., be chosen such that the distance between centers of the sub-arrays is maximized.
Thereby, it is achieved that the output signals of the beamformer show a maximum phase difference. In particular, it
shall be avoided that the centers of the selected sub-arrays overlap each other.

[0018] As already stated the herein disclosed method for signal processing can be used as a pre-processing step
within speaker localization. Thus, it is provided a method for the localization of a speaker, wherein the method comprises
the steps of the method for signal processing according to one of the above-described examples and wherein the method
further comprises the determination of the speaker’s direction towards and/or distance from the first and/or second
microphone arrays on the basis of the first and/or second beamformed signals. Acoustic localization of a speaker can
be performed on the basis of the beamformed signals by any means known in the art. It can be performed is based on
the detection of transit time differences of sound waves representing the speaker’s utterances.

[0019] The above-examples of the method for signal processing can be used before actual operation of a communi-
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cation means that comprises a means for the localization of a speaker. The means for the localization of a speaker can
be calibrated by adaptation of the beamformig weights of the first and second beamformers. The calibration is carried
out with no wanted signal present (see detailed description below). In the subsequent operation of the communication
means the beamforming weights (optimized for echo/noise reduction) are maintained without alteration and, thus, speaker
localization is improved, since the first and second beamformers provide the means for the localization of a speaker
with enhanced signals. Thus, it is provided a method for calibrating a means for the localization of a speaker comprised
in a communication system that further comprises at least one loudspeaker and at least two microphone arrays, the
method comprising the steps of

outputting a noise signal by the at least one loudspeaker;

detecting an audio signal comprising the noise signal by the first microphone array to obtain a first plurality of microphone
signals and detecting the audio signal by the second microphone array to obtain a second plurality of microphone signals;
beamforming the first plurality of microphone signals by a first beamformer comprising beamforming weights to obtain
a first beamformed signal,

beamforming the second plurality of microphone signals by a second beamformer comprising the same beamforming
weights as the first beamformer to obtain a second beamformed signal;

wherein the beamforming weights are adjusted such that the power density of echo components and/or noise components
present in the first and/or second plurality of microphone signals is minimized; and

storing and fixing the adjusted weights to calibrate the means for localization of a speaker.

[0020] In order to guarantee the most reliable calibration possible it may be determined whether speech of a local
speaker (speaker that is present in the same room in that the first and second microphone arrays are installed) is present
in the audio signal; and the steps of

beamforming the first plurality of microphone signals by a first beamformer comprising beamforming weights to obtain
a first beamformed signal,

beamforming the second plurality of microphone signals by a second beamformer comprising the same beamforming
weights as the first beamformer to obtain a second beamformed signal;

wherein the beamforming weights are adjusted such that the power density of echo components and/or noise components
present in the first and/or second plurality of microphone signals is minimized; and

storing and fixing the adjusted weights to calibrate the means for localization of a speaker;

may only be performed, if it is determined that no speech of a local speaker is present in the audio signal. If according
to this example, it is determined that speech of a local speaker is present in the audio signal no adjustment (adaptation)
of the beamforming weights for calibration of the means for speaker localization is performed.

[0021] It should also be noted that the adjustment of the beamforming weights in all of the above-described embod-
iments of the herein disclosed method for signal processing shall only be performed, if speech is actually detected in
order to avoid maladjustment. Means for the detection of speech of a local speaker are well-known and may rely on
signal analysis with respect to speech features as pitch, spectral envelope, phoneme extraction, etc.

[0022] The above-described methods of minimizing the power density of echo components and/or noise components
present in the first and/or second plurality of microphone signals can also be used in the method for calibrating a means
for the localization of a speaker comprised in a communication system.

[0023] Furthermore, the present invention provides a signal processing means, comprising

a first microphone array configured to obtain a first plurality of microphone signals;

a second microphone array different from the first microphone array and configured to obtain a second plurality of
microphone signals;

a first beamformer comprising beamforming weights and configured to beamform the first plurality of microphone signals
to obtain a first beamformed signal;

a second beamformer comprising the same beamforming weights as the first beam-former and configured to beamform
the second plurality of microphone signals to obtain a second beamformed signal; and

a control means configured to adjust the beamforming weights such that the power density of echo components and/or
noise components present in the first and/or second plurality of microphone signals is minimized.

[0024] The control means of the signal processing means may be is configured to adjust the beamforming weights
by minimizing the power density of the sum of the first and the second beamformed signals or by minimizing the sum
of the power density of the first beamformed signal and the power density of the second beamformed signal.

[0025] The first and second beamformers of the signal processing means can be chosen from the group consisting
of an adaptive filter-and-sum beamformer, a Linearly Constrained Minimum Variance beamformer, a Minimum Variance
Distortionless Response beamformer and a differential beamformer.

[0026] Furthermore, it is provided a communication system that is adapted for the localization of a speaker and
comprises

the signal processing means according to one of the above examples;

at least one loudspeaker configured to output sound that is detected by the first and second microphone arrays of the
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signal processing means of one of the above examples; and

a processing means configured to determine the speaker’s direction towards and/or distance from the first and/or second
microphone arrays on the basis of the first and/or second beamformed signals.

[0027] The above-mentioned examples of a signal processing means provided in the present invention can advanta-
geously be used in a variety of communication devices. In particular, it is provided a handsfree set, comprising the signal
processing means according to one of the above examples or the above-mentioned communication system.

[0028] In addition, it is provided an audio or video conference system, comprising the signal processing means ac-
cording to one of the above examples or the above-mentioned communication system.

[0029] Improved speaker localization facilitated by the herein disclosed pre-processing for minimizing the power
density of perturbations, in particular, echoes caused by loudspeaker outputs, is advantageous in the context of machine-
based speech recognition. Thus, it is provided a speech control means or speech recognition means comprising the
signal processing means to one of the above examples or the the above-mentioned communication system.

[0030] Additional features and advantages of the present invention will be described with reference to the drawing.
In the description, reference is made to the accompanying figure that is meant to illustrate preferred embodiments of
the invention. It is understood that such embodiments do not represent the full scope of the invention.

[0031] Figure 1illustrates an example of the signal processing of microphone signals according to the presentinvention.
[0032] In the present invention signal processing of microphone signals is performed in order to obtain enhanced
signals that can subsequently be used for speaker localization. In the shown example, a number of microphones 1 is
installed, e.g., in a closed room as a living room or a vehicle compartment. The microphones 1 are arranged in an
aggregate microphone array and detect acoustic signals in the room and obtain microphone signals '}(k)::(y1(k),...,ym
(K),....y (k) T where the upper index T denotes the transposition operation. From these M microphone signals two sub-
groups corresponding to a first and a second microphone array comprised in the aggregate microphone array are
selected by selection means 2 and 2’ that employ selection matrices P4 and P, of dimension L x M

Z,(k)=P, -y (k)

z,(k)=P, 5 (k)

with the matrix elements

M
Pim €01 D pun=1.
m=1

[0033] As can be seen in Figure 1 some of the M microphones belong to both the first and the second selected group
of microphones (microphone array), i.e. each of the microphone signals 'y'(k) is transmitted to an output of at least either
selection means 2 or 2’ and some of the microphone signals are transmitted to both the output of selection means 2
and the one of selection means 2'.

[0034] When the microphones 1 are arranged in an equidistant manner the relation

pl,/,m =P21,m+d, d=0

holds. If, for example, an aggregate microphone array with M = 6 microphones is used and four output microphone
signals are to be obtained at the outputs of the selections means 2 and 2’, this can be achieved by
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100000 001000
010000 000100
P= and P, = .
001000 000010
000100 000001

[0035] Itis noted that processing can, in particular, be performed in the sub-band frequency regime. In this case, the
selection matrices can be chosen differently for some or each of the sub-bands.

[0036] As shown in Figure 1 the output signals 'z’1(k) of the first selection means 2 and the

output signals 'z’g(k) of the second selection means 2’ are input in a first beamformer 3 and a second beamformer 3,
respectively. Both beamformers 3 and 3’ comprise the same beamforming weights (filter coefficients)

(k) = |57 (k) ... (k),... 5 %, (k)]

with

@p (k) = [wl,n (k):“-:a)l,n (k)v--:wL,n (k)]T '

wherein Ny; denotes the filter length of the beamformers 3 and 3. By the beamfoming processing output signals a4 (k)
and ay(k) are obtained

a](k): a'j”(k). El(k) and az(k)= &)’H(k)- Ez(k)'

[0037] Oncemore, itis notedthataccordingtothe present invention'z] (kyand 'z’z(k) are subjecttothe same beamforming
process employing the same beamforming weights.

[0038] The audio signals detected by the microphones 1 and, thus, the microphone signals ¥{k), in general, comprise
wanted contributions and perturbation contributions. The wanted contributions may, in particular, correspond to the
utterance of a speaker in the room in that the microphones 1 are installed. The perturbation contributions may, in
particular, comprise echo components caused by a loudspeaker output of one or more loudspeakers (not shown) that
are installed in the same room as the microphones 1.

[0039] The beamforming weights are adjusted such that the perturbation contributions are minimized. This means
that the signal processing according to the present invention has to be performed for audio signals that do not comprise
a wanted contribution. Either the adaptation of the beamformers 3 and 3’ has to be performed before the actual usage
of a communication means comprising a means for speaker localization (offline) or, if the adaptation is performed during
the operation of a communication means comprising a speaker localization means, i.e. on-line, the beamforming weights
have to be adjusted (adapted) during speech pauses. In this case, some speech detection means and some control
means have to be employed wherein the control means allows for adaptation of the beamforming weights of the beam-
formers 3 and 3’ adjusted during speech pauses only.

[0040] At least two alternative methods for realizing the minimization of the perturbation components in the output
signals a4(k) and a,(k) of the first and second beamformer 3, 3’ are provided herein. According to the first alternative,
the power density of the sum of the outputs a4(k) and a(k) is minimized
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E{(a, (k)+ay (k). (@ (k)+a, (k))*}>min.

[0041] Wherein the asterisk denotes the complex conjugate. According to the second alternative, the sum of the power
densities is minimized

Efa, (k) a,(k)* +a,(k)- a,(k) *}->min

[0042] Adaptation of the beamforming weights can be performed by means of the Non-Linear Least Mean Square
algorithm that is well-known in the art (see, E. Hansler and G. Schmidt, " Acoustic Echo and Noise Control: A Practical
Approach", Wiley |IEEE Press, New York, NY, USA, 2004) and provides a robust and relatively fast means for adaptation.
However, it has to be prevented that the algorithm finds the trivial solution @{k)= 0. This can be achieved, for instance,
by applying the condition that the L, norm of the vector @{k)= 0 has to be positive [a(k)[[2 > 0. This can be realized by
normalizing the beamforming weights to the vector norm after each adaptation step:

S+ 1)=a(k)s o B0+ B(E) @ (k) a, k)

|2.06)+Z, ()]

5(k+1)

|6+

alk+1)=

[0043] Furthermore, it should be guaranteed that the output signals a(k) and a(k) are not minimized to zero (or
almost zero) thereby causing the beamformer to suppress any signal energy of the corresponding particular direction
which implies that subsequent speaker localization would not receive any information from that direction. This would
possibly affect the reliability of the speaker localization. Therefore, the adaptation of the beamforming weights of the
beamformers 3 and 3" might be performed under the condition

|5.(.0) =&,

wherein H is the power transfer function of the first and second beamformer 3 and 3’ depending on the frequency f and
the spatial angle 6 within a predetermined range and wherein € denotes a predetermined lower limit.

[0044] As already mentioned the adaptation of the beamformers 3 and 3’ might be performed before an actual usage
of acommunication means in order to calibrate a means for speaker localization comprised in the communication means.
For example, a means for speaker localization of a speech recognition means may be calibrated by means of a specially
designed user dialog during which the position/direction of loudspeakers relative to a microphone array can be deter-
mined. Additionally, by the user dialog the above-mentioned predetermined range of spatial angle can be fixed. According
to another example, (white) noise may be output by one or more loudspeakers and the beamforming weights may be
adapted as described above based on the noise output by the loudspeaker(s).

[0045] All previously discussed embodiments are notintended as limitations but serve as examples illustrating features
and advantages of the invention. It is to be understood that some or all of the above described features can also be
combined in different ways.
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Claims

1.

10.

11.

Method for signal processing comprising the steps of

obtaining a first plurality of microphone signals by a first microphone array;

obtaining a second plurality of microphone signals by a second microphone array different from the first microphone
array;

beamforming the first plurality of microphone signals by a first beamformer comprising beamforming weights to
obtain a first beamformed signal; and

beamforming the second plurality of microphone signals by a second beamformer comprising the same beamforming
weights as the first beamformer to obtain a second beamformed signal; and

adjusting the beamforming weights such that the power density of echo components and/or noise components
present in the first and second plurality of microphone signals is minimized.

The method according to claim 1, wherein the beamforming weights are adjusted such that the power density of
the sum of the first and the second beamformed signals is minimized.

The method according to claim 1, wherein the beamforming weights are adjusted such that the sum of the power
density of the first beamformed signal and the power density of the second beamformed signal is minimized.

The method according to one of the preceding claims, wherein the beamforming weights are adjusted by a Non-
Linear Least Mean Square algorithm observing the condition that the L, norm of the vector of the beamforming
weights is greater than zero.

The method according to one of the preceding claims, wherein the beamforming weights are adjusted by a Non
Linear Least Mean Square algorithm observing the condition that the power transfer function of the first and the
second beamformers for a predetermined frequency range and a predetermined range of spatial angles does not
fall below a predetermined limit.

The method according to one of the preceding claims, wherein the first and the second microphone arrays are sub-
arrays of a third microphone array and the first and second plurality of microphone signals are selected from a third
plurality of microphone signals obtained by the third microphone array and wherein, in particular, the first plurality
of microphone signals comprises at least one microphone signal of the second plurality of microphone signals.

Method for the localization of a speaker, comprising the steps of the method according to one of the preceding
claims and further comprising determining the speaker’s direction towards and/or distance from the first and/or
second microphone arrays on the basis of the first and/or second beamformed signals.

Signal processing means, comprising

a first microphone array configured to obtain a first plurality of microphone signals;

a second microphone array different from the first microphone array and configured to obtain a second plurality of
microphone signals;

a first beamformer comprising beamforming weights and configured to beamform the first plurality of microphone
signals to obtain a first beamformed signal;

a second beamformer comprising the same beamforming weights as the first beamformer and configured to beam-
form the second plurality of microphone signals to obtain a second beamformed signal; and

a control means configured to adjust the beamforming weights such that the power density of echo components
and/or noise components present in the first and/or second plurality of microphone signals is minimized.

The signal processing means according to claim 8, wherein the control means is configured to adjust the beamforming
weights by minimizing the power density of the sum of the first and the second beamformed signals or by minimizing
the sum of the power density of the first beamformed signal and the power density of the second beamformed signals.

The signal processing means according to claim 8 or 9, wherein the first and second beamformers are chosen from
the group consisting of an adaptive filter-and-sum beamformer, a Linearly Constrained Minimum Variance beam-
former, in particular, a Minimum Variance Distortionless Response beamformer, and a differential beamformer.

Communication system adapted for the localization of a speaker; comprising
the signal processing means according to one of the claims 8 to 10;
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at least one loudspeaker configured to output sound that is detected by the first and second microphone arrays of
the signal processing means of one of the claims 8 to 10; and

a processing means configured to determine the speaker’s direction towards and/or distance from the first and/or
second microphone arrays on the basis of the first and/or second beamformed signals.

Handsfree set, comprising the signal processing means according to one of the claims 8 to 10 or the communication
system according to claim 11.

Audio or video conference system, comprising the signal processing means according to one of the claims 8 to 10
or the communication system according to claim 11.

A speech control means or speech recognition means comprising the signal processing means according to one
of the claims 8 to 10 or the communication system according to claim 11.

Method for calibrating a means for the localization of a speaker comprised in a communication system that further
comprises at least one loudspeaker and at least two microphone arrays, the method comprising the steps of
outputting a noise signal by the at least one loudspeaker;

detecting an audio signal comprising the noise signal by the first microphone array to obtain a first plurality of
microphone signals and detecting the audio signal by the second microphone array to obtain a second plurality of
microphone signals;

beamforming the first plurality of microphone signals by a first beamformer comprising beamforming weights to
obtain a first beamformed signal;

beamforming the second plurality of microphone signals by a second beamformer comprising the same beamforming
weights as the first beamformer to obtain a second beamformed signal;

wherein the beamforming weights are adjusted such that the power density of echo components and/or noise
components present in the first and/or second plurality of microphone signals is minimized; and

storing and fixing the adjusted weights to calibrate the means for localization of a speaker.
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