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(54) Method for determining a time delay for time delay compensation

(57)  Theinvention provides amethod for determining
atime delay fortime delay compensation of amicrophone
signal from a microphone array in a beamformer arrange-
ment, comprising the steps of:

determining, for a given time, an instantaneous estimate
of a position of a wanted sound source and/or of a direc-
tion of arrival of a signal originating from the wanted
sound source,

determining whether the instantaneous estimate devi-
ates from a preset estimate of a position of the wanted
sound source and/or of a direction of arrival of a signal

101

originating from the wanted sound source according to
apredetermined criterion, wherein the predetermined cri-
terion comprises a check whether the instantaneous es-
timate deviates from the preset estimate by at least a
predetermined deviation threshold, and

if the predetermined criterion is fulfilled:

setting the instantaneous estimate for the given time as
the preset estimate, and determining the time delay for
time delay compensation of the microphone signal based
on the instantaneous estimate.
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Description

[0001] The present invention relates to a method for determining a time delay for time delay compensation of a
microphone signal from a microphone array in a beamformer arrangement.

[0002] The main purpose of a beamformer arrangement is to process acoustic signals in such a way, that signals
from a preferred direction are enhanced with respect to signals from other directions. In this way, the signal quality of
signals originating from a wanted sound source can be enhanced while noise, originating from different positions or
directions of arrival, is reduced or even completely cancelled.

[0003] Such systems, an example is known from EP 1 640 971, are used, for instance, for hands-free communication
in vehicles, such as voice control or hands-free telephony.

[0004] In order to align a beamformer arrangement with a certain preferred direction, the beamformer arrangement
usually comprises a microphone array. For each microphone in the microphone array a time delay has to be determined.
This time delay originates from a signal propagation delay due to the relative positioning of a wanted sound source with
respect to the microphones in the microphone array. By compensating for this time delay and subsequently beamforming
the time delay compensated signals, e.g. by weighting and summing of the signals, the beamformer arrangement is
aligned with a certain preferred direction.

[0005] In general, the position of a wanted sound source and hence the direction of arrival of the acoustic signal, are
a function of time. Hence, a re-calculation of time delays is necessary, as an estimate for the position of the wanted
sound source varies, e.g. as a speaker moves. Already small variations in the direction of arrival of the acoustic signal
will lead to a re-determination of the time delay. This frequent re-calculation is computationally inefficient.

[0006] It is therefore the problem underlying the present invention to overcome the above-mentioned drawback, and
to provide a method and a system for determining computationally more efficient a time delay for time delay compensation
of a microphone signal from a microphone array in a beamformer arrangement.

[0007] The problem is solved by a method according to claim 1 and a system according to claim 16.

[0008] The method for determining a time delay for time delay compensation of a microphone signal from a microphone
array in a beamformer arrangement, according to the present invention, comprises the steps of:

determining, for a given time, an instantaneous estimate of a position of a wanted sound source and/or a direction
of arrival of a signal originating from the wanted sound source,

determining whether the instantaneous estimate deviates from a preset estimate of a position of the wanted sound
source and/or a direction of arrival of a signal originating from the wanted sound source according to a predetermined
criterion, wherein the predetermined criterion comprises a check whether the instantaneous estimate deviates from
the preset estimate by at least a predetermined deviation threshold, and

if the predetermined criterion is fulfilled, setting the instantaneous estimate for the given time as the preset estimate,
and determining the time delay for time delay compensation of the microphone signal based on the instantaneous
estimate.

[0009] As the predetermined criterion comprises a check whether an instantaneous estimate deviates from the preset
estimate by at least a predetermined deviation threshold, the method allows to determine the time delay less frequently
compared to the prior art. In this way, determining the time delay for time delay compensation is computationally less
expensive.

[0010] Beamformer arrangements may comprise a microphone array comprising at least two microphones. In general,
a sound signal originating from a sound source will reach each microphone of the microphone array at a different time,
depending on the geometry of the microphone array and the position of the sound source and/or the direction of arrival
of the signal with respect to the microphone array. This results in relative time delays between the microphone signals
from different microphone channels of the microphone array. By compensating for the relative time delay of each mi-
crophone signal corresponding to a certain position of a sound source, in particular of a wanted sound source, or direction
of arrival of the signal, the beamformer arrangement can be aligned with this position and/or direction of arrival. In other
words, the major lobe of the directional characteristic of the beamformer arrangement, in particular of the beamformer
itself, can be aligned with the direction of arrival of a signal originating from the wanted sound source.

[0011] Additional weighting may be performed, for example, to account for a propagation loss of the acoustic signal.
A weighting coefficient can be determined based on the time delay of a microphone signal. As the method according to
the present invention allows to determine the time delay less frequently compared to the prior art, in this case, also the
weighting coefficient needs to be modified less frequently.

[0012] A beamformer arrangement which subsequently only performs time delay compensation, weighting and sum-
ming of the acoustic signals of each microphone is typically called a "conventional beamformer” or "Delay-and-Sum-
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Beamformer". Beamformer arrangements comprising adaptive filtering means are usually called "adaptive beamformer”.
[0013] The time delay can be determined based on an estimate of the position of the wanted sound source and/or
the direction of arrival of a sound signal originating from the wanted sound source. As the position and/or the direction
of arrival can vary with time, e.g. if the wanted sound source moves, the time delay may be a function of time. Time
delay compensation which is performed based on a time delay, which is determined from the position and/or the direction
of arrival and is therefore generally time dependent, is usually called "adaptive time delay compensation”.

[0014] Adaptive time delay compensation may be used in conjunction with a conventional or with an adaptive beam-
former.

[0015] The time delay may be determined repeatedly. In particular, the time delay may be determined at subsequent
times or subsequent points in time. The time interval between two subsequent times or subsequent points in time may
be constant, thereby obtaining equidistant time steps.

[0016] The microphone array may comprise two or more microphones. Each microphone can output a microphone
signal wherein one microphone signal can be delayed with respect to the microphone signal of another microphone due
to the given position of the wanted sound source and/or the direction of arrival of the signal originating from the wanted
sound source relative to the microphones. Time delay determination for time delay compensation of a microphone signal
may be performed for each microphone of the microphone array. Time delay compensation may be performed for each
microphone of the microphone array.

[0017] The instantaneous or current estimate may be an estimate of the instantaneous or current position of the
wanted sound source and/or of the instantaneous or current direction of arrival of a signal originating from the wanted
sound source. The preset estimate may be an estimate of the position of the wanted sound source and/or the direction
of arrival of a signal originating from the wanted sound source, for example, for a previous time.

[0018] The instantaneous estimate and/or the preset estimate may be specified by one, two or three parameters or
coordinates. The one, two or three parameters or coordinates may comprise an angle with respect to a predetermined
axis. The predetermined axis can be the direct axis of a linear microphone array, wherein the microphones of the linear
microphone array are arranged along the direct axis. The parameters or coordinates may comprise two angles, an angle
and a relative distance or two relative distances. The parameters or coordinates may comprise three angles, two angles
and a relative distance, one angle and two relative distances or three relative distances. In particular, the position and/or
the direction of arrival may be given with respect to the microphone array, for example, with respect to the geometric
center or the center of gravity of the positions of the microphones of the microphone array. For instance, the relative
distances may be determined with respect to the geometric center or the center of gravity of the microphone positions.
[0019] The position and/or the direction of arrival may be identified with the position and/or the direction of arrival with
the highest sound energy.

[0020] Determining aninstantaneous estimate may be performed using the microphone array. In particular, determining
aninstantaneous estimate may be performed using only the microphone array without additional information. Determining
an instantaneous estimate may comprise detecting sound signals by the microphone array output by a loudspeaker and
at least partly reflected by the wanted sound source.

[0021] The wanted sound source may be a speaker, and/or the microphone signal may comprise a speech signal.
[0022] The steps of setting the instantaneous estimate as the preset estimate and determining the time delay can be
performed in any order. In particular, if the setting step is performed first, determining the time delay may be based on
the instantaneous estimate or on the preset estimate.

[0023] Setting the instantaneous estimate as the preset estimate and determining the time delay may be performed
if and only if the predetermined criterion is fulfilled.

[0024] The method may further comprise compensating for the time delay of the microphone signal from the microphone
in the microphone array based on the determined time delay. If the predetermined criterion is not fulfilled, time delay
compensation of the microphone signal can be performed with a preset time delay.

[0025] If the predetermined criterion is not fulfilled, the steps of setting the instantaneous estimate as the preset
estimate and determining the time delay may be omitted.

[0026] If the predetermined criterion is not fulfilled, the preset estimate for the given time can be set equal to the preset
estimate for a previous time. In other words, if the predetermined criterion is not fulfilled, the preset estimate may be
maintained unchanged.

[0027] The method may further comprise beamforming to obtain a beamformed signal. Beamforming may comprise
weighting and/or summing of time delay compensated microphone signals. Beamforming may be performed by an
adaptive or a conventional beamformer.

[0028] If the predetermined criterion is not fulfilled, but the instantaneous estimate deviates from the preset estimate,
the method may further comprise processing the beamformed signal using a blocking matrix. In this way, the signal
quality of the beamformed signal can be enhanced. The blocking matrix may be an adaptive blocking matrix.

[0029] The predetermined deviation threshold may depend on the width or diameter of the major lobe of the microphone
array.
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[0030] Determining whether the instantaneous estimate deviates from the preset estimate may be based on one, two
or three parameters or coordinates irrespective of whether the instantaneous estimate and/or the preset estimate are
specified by one, two or three parameters or coordinates. In particular, determining whether the instantaneous estimate
deviates from the preset estimate may be based on one or two angles.

[0031] The predetermined deviation threshold may correspond to a minimum distance and/or a minimum angular
distance between the instantaneous estimate and the preset estimate. The deviation between the instantaneous estimate
and preset estimate may be the difference between two angles. In particular, the first angle may specify the instantaneous
estimate and the second angle may specify the preset estimate.

[0032] The method may further comprise determining a confidence measure and the predetermined criterion may
further comprise a check whether the confidence measure exceeds a predetermined threshold value. In this way, it can
be checked, whether the wanted sound source, for example a speaker, is active. If the sound source is passive and
only noise is present, the instantaneous estimate determined for the given time can correspond to the position and/or
the direction of arrival of a background noise. A deviation of the preset estimate from the instantaneous estimate can
then be due to noise and not due to the movement of the wanted sound source. By the check whether the confidence
measure exceeds a predetermined threshold value, an unnecessary determination of the time delay for time delay
compensation may be avoided.

[0033] Alternatively or aditionally, the activity of the wanted sound source may be determined from the status of a
push-to-talk key. In particular, if the push-to-talk key is being pressed, the wanted sound source may be assumed to be
active.

[0034] The confidence measure may be determined based on a signal-to-noise ratio of at least one microphone signal
of the microphone array. In particular, the confidence measure can be determined based on an average signal-to-noise
ratio of microphone signals from microphones in the microphone array at the given time. In particular, the confidence
measure may be increased if the signal-to-noise ratio exceeds a predetermined detection threshold. In this case, the
wanted sound source may be assumed to be active.

[0035] The predetermined detection threshold may be chosen such, that the signal has to lie above the noise level.

[0036] The confidence measure may be determined based on a deviation between the instantaneous estimate for
the given time and an instantaneous estimate for a previous time. In particular, the determination of the confidence
measure can comprise a check whether the instantaneous estimate for the given time and the instantaneous estimate
forthe previous time deviate from each other by more than a predetermined positional threshold value. Ifthe instantaneous
estimate for the given time and the instantaneous estimate for the previous time deviate from each other by more than
the predetermined positional threshold value, the confidence measure may be decreased or set to 0.

[0037] Inthis way, abrupt changes of the position and/or the direction of arrival which are likely not due to a movement
of the wanted sound source, can be excluded to be taken into account for time delay determination.

[0038] The confidence measure may be determined based on a sum of deviations between instantaneous estimates
of subsequent times. In this way, a continuing movement of the wanted sound source can be detected. In particular,
the determination of the confidence measure may comprise a check whether the sum of deviations between instantaneous
estimates of subsequent times exceeds a predetermined movement threshold. If the sum of deviations exceeds the
predetermined movement threshold, the confidence measure may be decreased or set to 0. In this way a continuous
re-determination of the time delay can be avoided.

[0039] The confidence measure may be limited by an upper and/or a lower limit. By a limitation of the confidence
measure by an upper limit, a maximum time can be fixed for which the wanted sound source is assumed to be active
once the confidence measure starts to continuously decrease. In particular, the confidence measure may lie between
an upper and a lower limit.

[0040] The confidence measure may be mapped to a binary confidence indicator, in particular, which can take only
the values O or 1. The confidence indicator may be set to afirst value if the confidence measure exceeds a predetermined
confidence threshold and to a second value otherwise. The first value may be 1. The second value may be 0. The
predetermined criterion may comprise a check whether the confidence indicator is equal to the first or the second value.
[0041] The predetermined criterion may comprise a plurality of checks. The predetermined criterion may be fulfilled,
if a plurality or only if all checks of the predetermined criterion yield a positive answer or result.

[0042] The beamformer arrangement may comprise adaptive filtering means. In particular, the beamformer may be
an adaptive beamformer and/or operate in conjunction with adaptive filtering means, and if the predetermined criterion
is fulfilled, the method may further comprise initializing adaptation of the adaptive filtering means and/or of the adaptive
beamformer. Initializing adaptation may comprise setting the coefficients and/or parameters of the adaptive filtering
means and/or of the adaptive beamformer to predetermined values, for example, to preset initial values.

[0043] The coefficients and/or parameters of the adaptive filtering means and/or of the adaptive beamformer may be
adapted such as to converge to an optimal solution. If the predetermined criterion is fulfilled, the time delay for time
delay compensation usually changes, and the coefficients and/or parameters may have to be re-adapted to the modified
time delay to converge to a new optimal solution. Therefore, until the adaptive filtering means and/or the adaptive
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beamformer have re-adapted to the modified time delay, the signal quality will be impaired.

[0044] The above described method allows to reduce the frequency of re-adaptation of the adaptive systems, as the
time delay may be modified less frequently compared to the prior art. In this way, fluctuations in the signal quality due
to re-adaptation of the adaptive systems can be reduced. In particular, re-adaptation to small movements of the wanted
sound source, i.e. if the instantaneous estimate deviates from the preset estimate by less than the predetermined
deviation threshold, may be avoided.

[0045] If the predetermined criterion is fulfilled and the time delay for time delay compensation of the microphone
signal is determined, initializing adaptation of the adaptive filtering means and/or the adaptive beamformer can reduce
the time it takes until the adaptive systems have converged to a new optimal solution.

[0046] Initializing adaptation of the adaptive filtering means and/or of the adaptive beamformer may comprise scaling
a preset coefficient and/or a preset parameter of the adaptive filtering means and/or of the adaptive beamformer by a
scaling factor. In particular, the scaling factor may take values in a predetermined range, in particular, between 0 and
1. The scaling factor may be 0,5. Scaled coefficients and/or parameters can be better estimates for the new optimal
values than preset initial values of the coefficients and/or parameters.

[0047] Scaling the preset coefficient and/or the preset parameter may comprise a sound frequency dependent scaling
factor. The directional characteristic of the beamformer is generally a function of the sound frequency, the number of
microphones, their directional characteristic and the geometry of the microphone array. The directive efficiency may be
lower for lower frequencies. Consequently, changes for the adaptive systems due to change of the time delay can be
smaller. Hence, a scaling factor dependent on the sound frequency may be used.

[0048] The method may further comprise storing a coefficient and/or a parameter of the adaptive filtering means and/or
of the adaptive beamformer and the corresponding estimate for the position of the wanted sound source and/or the
direction of arrival of a signal originating from the wanted sound source in a memory.

[0049] Initializing adaptation may comprise determining whether the preset estimate for the given time deviates from
a stored estimate of the position of the wanted sound source and/or the direction of arrival of a signal originating from
the wanted sound source in a memory less than a predetermined value, and if the preset estimate for the given time
deviates from the stored estimate less than the predetermined value, setting a coefficient and/or parameter of the
adaptive filtering means and/or of the adaptive beamformer to the value of a stored coefficient and/or parameter in the
memory corresponding to the stored estimate.

[0050] Inthis way, if the acoustic boundary conditions did not change significantly, the stored values for the coefficients
are close to the optimal values, and therefore adaptation can be accomplished faster. The time corresponding to the
stored estimate and the stored coefficient and/or parameter may be stored in the memory as well. Initializing adaptation
may further comprise determining whether the given time and the stored time deviate by less than a predetermined time
difference. In particular, setting a coefficient and/or parameter of the adaptive filtering means and/or the adaptive beam-
former to the value of the stored coefficient and/or parameter may be performed only if the given time and the stored
time deviate by less than the predetermined time difference.

[0051] The method may further comprise performing echo cancellation or echo compensation. The echo cancellation
or echo compensation may be adaptive.

[0052] The method may further comprise performing residual echo cancellation. The beamformer arrangement may
comprise and/or operate in conjunction with residual echo cancellation means and if the predetermined criterion is
fulfilled, the method may further comprise enforcing residual echo cancellation. The estimate for a residual echo after
echo cancellation may result from a power of a reference signal and a coupling coefficient. By increasing the value of
the coupling coefficient, residual echo cancellation may be enforced, thereby reducing residual echo in the output signal
of the beamformer arrangement. In particular, the coupling coefficient may be set to its preset initial value.

[0053] The method may comprise the step of buffering the microphone signal thereby obtaining a buffered microphone
signal. In this way, the microphone signal is available for post processing.

[0054] Subsequent to determining the time delay, the method may comprise performing time delay compensation of
the buffered microphone signal using the determined time delay. As the determination of the time delay for the microphone
signal and/or the re-adaptation of possible adaptive filtering means may take time, the beginning of an utterance of a
wanted sound source can suffer from an impaired signal quality after a change of the position and/or of the direction of
arrival. By post processing of the buffered microphone signal with a modified time delay and/or modified adaptive filtering
coefficients, this problem can be solved. In other words, time delay determination and time delay compensation may be
performed asynchronously. The post processing can be performed in a plurality of cycles, i.e. repeatedly or iteratively.
In the first cycle, the time delay may be compensated for, in a second cycle, the re-adapted coefficients of the adaptive
systems can be accounted for.

[0055] When the movement of the wanted sound source is subject to physical or practical restrictions, it may be
possible to put constraints on the position and/or the direction of arrival.

[0056] The predetermined criterion may comprise a check whether the instantaneous estimate lies within a predeter-
mined region or within a predetermined sector or solid angle with respect to the microphone array. In this way, allowable
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movements of the wanted sound source may be restricted and an alignment of the beamformer arrangement with a
sound source at a completely different position and/or at a completely different direction of arrival than expected for the
wanted sound source, can be avoided. This may be useful, for example, for speech recognition purposes.

[0057] The above-described methods may further comprise fixing after a predetermined time the time delay for time
delay compensation to a preset value. In particular, once the beamformer arrangement has adapted to a specific position
and/or a specific direction of arrival, the value of the time delay may be fixed to the value corresponding to the specific
position and/or to the specific direction of arrival. In this way, utterances from other sound sources than the wanted
sound source can be effectively suppressed, in particular, if the position and/or the direction of arrival are known to be,
at least approximately, constant. After an utterance of a wanted sound source has ended, determination and modification
of the time delay may be enabled again.

[0058] Furthermore, the present invention provides a computer program product, comprising one or more computer-
readable media having computer executable instructions for performing the steps of one of the above-described methods
when run on a computer.

[0059] The invention further provides a system for multi-channel noise reduction comprising: a beamformer arrange-
ment comprising a microphone array comprising at least two microphones, a time delay compensation means for time
delay compensation of a microphone signal, and a time delay determination means configured to perform any of the
above-described methods.

[0060] The beamformer arrangement, in particular the time delay determination means, may comprise a localization
means, for determining an instantaneous or a current estimate of a position of the wanted sound source and/or a direction
of arrival of a signal originating from the wanted sound source.

[0061] The time delay determination means may comprise post processing means for determining whether the in-
stantaneous estimate deviates from the preset estimate according to the predetermined criterion. In particular, the post
processing means may set the instantaneous estimate for the given time as the preset estimate if the predetermined
criterion is fulfilled. If the predetermined criterion is not fulfilled, the post processing means may set a preset estimate
from a previous time as the preset estimate for the given time.

[0062] If the predetermined criterion is fulfilled, the time delay determination means may determine the time delay
based on the instantaneous estimate. If the instantaneous estimate for the given time is set as preset estimate, the time
delay determination means can subsequently determine the time delay based on the preset estimate. If the predetermined
criterion is not fulfilled, the time delay determination means may set a preset time delay as the time delay for time delay
compensation.

[0063] The time delay determination means and the post processing means may be realised as one system or as
separate systems, which can be, in particular, connected to each other. Each of the time delay determination means
and the post processing means or both can be implemented as part of the time delay compensation means.

[0064] The beamformer may be an adaptive beamformer.

[0065] The system may further comprise an adaptive filtering means, in particular an adaptive echo cancellation means
and/or an adaptive noise cancellation means.

[0066] The system may further comprise a loudspeaker. In particular, the beamformer arrangement may comprise or
work in conjunction with a loudspeaker. Such a loudspeaker, may, for example output speech signals from a far end
and/or music signals.

[0067] The system may further comprise a buffer, a means comprising an adaptive blocking matrix and/or a residual
echo cancellation means.

[0068] If the predetermined criterion is not fulfilled, but the instantaneous estimate deviates from the preset estimate,
the means comprising the adaptive blocking matrix may be used to correct an impaired beamformer signal.

[0069] The invention further provides a hands-free system comprising a system as described above.

[0070] Additional features and advantages of the present invention will be described with reference to the drawings.
In the description, reference is made to the accompanying Figures that are meant to illustrate preferred embodiments
of the invention.

Fig. 1  shows an example of a beamformer arrangement comprising a beamformer, a speaker localization means, a
means configured to perform time delay compensation and an echo cancellation means;

Fig.2 shows another embodiment of a beamformer arrangement comprising an adaptive beamformer;
Fig. 3 shows an embodiment of a beamformer arrangement comprising a circular buffer;
Fig. 4  shows selected steps of a method for time delay determination including buffering of the microphone signals; and

Fig.5 shows selected steps of a method for asynchronously compensating for the time delay of buffered signals.
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[0071] InFig. 1 an example of a beamformer arrangement is shown. The beamformer arrangement comprises micro-
phones 101. The microphones may be arranged as linear microphone array along a direct axis orin another predetermined
geometry. The beamformer arrangement further comprises a speaker localization means 102 for determining an instan-
taneous estimate based on the microphone signals. Post processing means 103 determine whether the instantaneous
estimate deviates from the preset estimate according to the predetermined criterion and set the preset estimate accord-
ingly. The beamformer arrangement further comprises time delay compensation means 104 to determine the time delay
for each microphone 101 in the microphone array and to perform time delay compensation for each microphone 101.
A beamformer 105 weights and sums the microphone signals thereby aligning the microphone array with the direction
of arrival of the signals of the wanted sound source and creating a beamformed signal. The beamformer arrangement
further comprises an adaptive echo cancellation means 106 for echo compensation of the beamformed signal and an
additional loudspeaker 107.

[0072] Inthis embodiment, the direction of arrival is specified by an one dimensional angle, ¢, which may be measured,
for example, with respect to a direct axis of a linear microphone array. The direction of arrival varies as a function of
time. In this example, the steps of the method are performed repeatedly with equidistant time steps. The time between
two subsequent times may typically lie in the range between 1 ms and 50 ms, in particular it may be chosen to be 5 ms.
The number of the time step is denoted by the temporal index k.

[0073] A microphone signal is output by each microphone 101 in the microphone array and time delay compensation
is performed for each microphone 101 in the microphone array.

[0074] A speaker localization means 102 uses the microphone signals to determine for a given time step or point in
time, k, an instantaneous estimate, ¢(k), of the direction of arrival of a signal originating fro/r\n the wanted sound source.
In a post Rrocessing means 103, it is determined whether this instantanecus estimate, @(k), deviates from a preset
estimate, @¢(k-1), according to the predetermined criterion. If the predetermined criterion is fulfilled, the instantaneous
estimate, ¢(k), is set as the preset estimate, i.e. §(k) = (?)(k). If the criterion is not fulfilled, the preset estimate for the
given time step is set equal to the preset estimate of the previous time step. In other words, the preset estimate, ¢(k-
1), is maintained, i.e. {(k) = ¢(k-1).

[0075] The position and/or the direction of arrival may be determined in various ways (see e.g. "The generalized
correlation method for estimation of time delay" by Knapp, C. H. and Carter, G. C., IEEE Transactions on Acoustics,
Speech and Signal Processing, vol. 24, no. 4, pp. 320 - 327, 1976; "Multiple Emitter Location and Signal Parameter
Estimation" by Schmidt, R. O., IEEE Transactions on Antennas and Propagation, vol. AP-34, no. 3, 1986; and/or "Adaptive
eigenvalue decomposition algorithm for realtime acoustic source localization system" by Huang, Y. et al., Proc. IEEE
Int. Conf. Acoustics, Speech and Signal Processing, vol. 2, pp. 937 - 940, 1998).

[0076] The predetermined criterion comprises a check whether the instantaneous estimate deviates from the preset
estimate by at least a predetermined deviation threshold. The predetermined deviation threshold may be chosen such
as to yield an increase of the computational efficiency while capturing all significant movements of the wanted sound
source. The larger the predetermined threshold is chosen, the more rarely will the predetermined criterion, in general,
be fulfilled. Consequently, the time delay can be determined less frequently. On the other side, if the predetermined
threshold is chosen too large, significant movements of the wanted sound source might not be captured and the micro-
phone array could consequently be misaligned with the wanted sound source resulting in an impaired signal quality. In
particular, the predetermined deviation threshold may take values between 5° and 20°, in particular 10°.

[0077] The preset estimate, P(k), output by the post processing means 103 is used by time delay compensation means
104, which comprises time delay determination means, to determine the time delay for each microphone 101 in the
microphone array. In particular, if the predetermined criterion is not fulfilled, the time delay may be set to a preset time
delay for each microphone signal. In other words, the time delay from the previous time step may be maintained if the
predetermined criterion is not fulfilled.

[0078] In particular, the time delay for each microphone signal may be a relative time delay, in particular relative to a
predetermined microphone signal. The predetermined microphone signal may be the signal from a predetermined
microphone of the microphone array.

[0079] The time delay may be different for each microphone signal.

[0080] Time delay compensation means 104 then performs a time delay compensation for each microphone 101 of
the microphone array. The time delay compensated microphone signals are thereafter in a synchronized state. A con-
ventional, i.e. non-adaptive, beamformer 105 may be used to weight and sum the microphone signals. In this way, the
microphone array can be aligned with the direction of arrival of the acoustic signal. In other words, the major lobe of the
microphone array is then directed at the wanted sound source. Adaptive echo cancellation means 106 may be used in
the beamformer arrangement. The echo cancellation means can use a reference signal from an additional loudspeaker
107.

[0081] The post processing means may determine whether the instantaneous estimate, (?)(k), deviates from the preset
estimate, p(k-1), according to the predetermined criterion, wherein the predetermined criterion may comprise a check,
whether a predetermined confidence indicator, p(k), equals a first value, for example equal to 1.
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[0082] In particular, the predetermined criterion may be fulfilled, if a plurality or only if all checks of the predetermined
criterion yield a positive answer or result. Hence, the determination of the preset estimate for the given time step, may read:

P(k)  if |e(k)| > @ and p(k) = 1

)=
2 pk-1) else.

Here, e(k) denotes the angular distance between the instantaneous estimate and the preset estimate, i.e. e(k) = (?)(k) -
©(k-1), and |e(k)| is the absolute value of e(k). The predetermined threshold is denoted by ©,, which can take, for
example, a value of 10°. The predetermined criterion of this embodiment comprises a check, whether the instantaneous
estimate deviates from the preset estimate by at least a predetermined deviation threshold, i.e. whether |e(k)| > ©4,and
a check whether a predetermined confidence indicator equals a certain value, i.e. whether p(k) = 1. The predetermined
criterion can be used to assure, that the time delay has to be modified as rarely as possible.

[0083] The confidence indicator, p(k), may be determined based on a confidence measure, c(k). The determination
of the confidence measure can be based on an average signal-to-noise ratio, SNR, of the microphones 101 in the
microphone array. In particular, c(k) may be modified by

c(k-1)+A, if SNR > Osnr

ck)= c(k-1)-A, else.

Here, Ar denotes the increment of the confidence measure, which can, for example, be chosen to be Ag =2, while A
denotes the decrement of the confidence measure, which can, for example, be chosen to be A =1. The predetermined
detection threshold, ©gyr, May lie within a predetermined range, for example between 2 and 20, in particular it may be
chosen to be 4.

[0084] The confidence measure may be limited by an upper and/or a lower limit, i.e.

C oo if ¢'(k) > Crnax
c(k)=1 c.;, if ¢'(k) < Crin
&'(k) else.

[0085] Here C,,,, denotes the upper limit of the confidence measure, which can be chosen, for example, to be C,,,,=
100, and C,,;, is the lower limit, which may be chosen to be, for example, C,,,, = 0.

[0086] In case of an abrupt change of the position of a wanted sound source and/or of a direction of arrival of a signal
originating from the wanted sound source, the confidence measure may be decreased or set to zero. Such an abrupt
change can be determined, for example, based on the difference between the instantaneous estimates of two subsequent
times, i.e. d(k) = (?)(k) - (?)(k—’l ). The confidence measure may be decreased or set to zero, if d(k) exceeds a predetermined
positional threshold, ©4, which can, for example, lie in a range between 2° and 20°, in particular, it may be chosen to be 8°.
[0087] Likewise, the confidence measure may be decreased or set to zero, if the wanted sound source is moving
constantly, i.e. if the sum over differences between instantaneous estimates of subsequent time steps over a certain
time period exceeds a predetermined threshold value for continuous movement, 6 ,,,, which can, for example, be
chosen to be 30°.

[0088] Hence, the confidence measure may be modified as follows:

0 if |d(k)] > ©q0r |dsum| > Osum
c (k) else

c(k) ={

with
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dom = Zf:k-ko d()= Zf:k-ko o()-e(-1).

Here, ky denotes the number of time steps, which are being considered for determining whether the wanted sound
source is continuously moving, which can be chosen, for example, to be kg = 20.

[0089] The confidence measure may be mapped to a binary confidence indicator. The confidence indicator may be
set to a first value if the confidence measure exceeds a predetermined confidence threshold and to a second value
otherwise. In particular, from the confidence measure, a binary confidence indicator, p(k), may be estimated as follows:

1 if c(k) > ©
else

[0090] Here, ®p denotes a predetermined confidence threshold, which can be chosen, for example, to be ®p =6, if,
Ag =2, A =1, Cypay =100 and ¢y, =0.

[0091] The exemplary embodiment shown in Fig. 1 further comprises an adaptive echo cancellation means 106.
[0092] Abeamformer arrangement with a plurality of beamformer and echo cancellation means is known, for example,
from "An efficient combination of Multi-Channel Acoustic Echo Cacellation with a Beamforming Microphone Array" by
Buchner, H. et al., Proc. Int. Workshop on Hands-Free Speech Communication (HSC), 2001, pp. 55 - 58, or from
"Acoustic Echo Cancellation for Dynamically Steered Microphone Array Systems" by Hamalainen, M. and Myllylg, V.,
2007 |IEEE Workshop on Applications of Signal Processing to Audio and Acoustics, 2007, pp. 58 - 61.

[0093] The coefficients and parameters of the adaptive echo cancellation means 106 may be adapted such as to yield
an optimal echo cancellation for given time delays of the microphones 101 in the microphone array. If the predetermined
criterion is fulfilled, the preset estimate and consequently the time delays for the microphones 101 may change. As a
consequence, the echo cancellation means 106 may need to be re-adapted. The adaptive echo cancellation means
106 can detect that re-adaptation is necessary. This may, however, take a significant amount of time, i.e., for example,
longer than the time between two subsequent time steps, in particular, if the change in the time delay was small.
Alternatively, if the predetermined criterion is fulfilled, re-adaptation may be directly initialized. In this way, the process
of re-adaptation can be accelerated and the time period, in which the signal quality is impaired, will be shortened.
[0094] Initializing re-adaptation may comprise resetting the echo cancellation means 106. In this way, adaptation of
the echo cancellation is enforced immediately. This can be achieved by resetting the parameters and/or coefficients of
the echo cancellation means to their initial values.

[0095] Alternatively, re-adaptation may comprise scaling the parameters and/or coefficients of the echo cancellation
means with a scaling factor, y. Different scaling factors, y,, may be used for different parameters and/or coefficients. The
one or more scaling factors may take values in a specified range, in particular between 0 and 1. In one example, y may
be chosen to be equal to 0,5. Scaling can be useful, for example, if the difference between the preset estimate for the
given time and the preset estimate for the previous time is small, e.g. if §(k)-p(k-1)<0,, where @, is the predetermined
deviation threshold. The scaled coefficients and/or parameters may be better estimates for the new optimal values than
the initial values of the coefficients and/or parameters.

[0096] The directional characteristic of the beamformer is generally a function of the sound frequency, the number of
microphones, their directional characteristic and the geometry of the microphone array. Therefore, the one or more
scaling factors may be a function of the sound frequency, Q,,, i.e. v =(€,).

[0097] The beamformer arrangement may comprise a memory. A coefficient and/or parameter of the adaptive echo
cancellation means 106 can be stored repeatedly at equidistant time steps, or at a plurality of predetermined times,
together with the according preset estimate. The according time may be stored as well. If the predetermined criterion is
fulfilled, initializing adaptation may comprise comparing the instantaneous estimate or, subsequent to setting the instan-
taneous estimate as preset estimate, the preset estimate for the given time with the stored estimates. If the deviation
between a stored estimate, e.9. Py,eq: and the preset estimate for the given time is small, for example, B(K)-Pstoreq <
©,, where O, is again the predetermined deviation threshold, one or more coefficients and/or parameters of the echo
cancellation means may be set to the one or more values of the stored coefficients and/or parameters corresponding
to the stored estimate, $gy0q-

[0098] If additionally the time was stored, the step of setting the coefficients and/or parameters of the echo cancellation
means to the stored values may be, for example, performed if and only if additionally the difference between the given
time and the stored time, corresponding to the stored estimate, is smaller than a predetermined value, kg, i.€. (K -
Kstored) < Kqitp, Where Ky may be chosen in the case of discrete time steps, for example, to a value of kg, that corresponds
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to a time period of 2 minutes. If the difference between the given time and the stored time, corresponding to the stored
estimate, is smaller than the predetermined value it can be assumed that the acoustic conditions did not change signif-
icantly in the given time period and that hence the stored coefficients and/or parameters may be good estimates for the
new optimal values for the coefficients and/or parameters of the echo cancellation means.

[0099] Residual echo cancellation may include determining an attenuation value from the signal power and from an
estimate for the residual echo after echo cancellation, and applying this attenuation value to the echo compensated
signal (see e.g. "Acoustic Echo and Noise Control - A Practical Approach" by Hansler, E. and Schmidt, G., John Wiley
& Sons, New York, 2004).

[0100] InFig. 2, a beamformer arrangement is shown, which comprises a microphone array comprising microphones
201, speaker localization means 202, post processing means 203, time delay compensation means 204 and an adaptive
beamformer 208. The system is, in principle, similar to the embodiment shown in Fig.1, but without echo cancellation
means 106 and, instead of a conventional beamformer 105, with an adaptive beamformer 208 (see e.g., "Self-calibrating
microphone arrays for speech signal acquisition: A systematic approach”, by Buck, M. et al., Signal Processing, vol. 86,
pp. 1230 - 1238, 2006; or "A robust adaptive beamformer for microphone arrays with a blocking matrix using constrained
adaptive filters", by Hoshuyama, O. et al., IEEE Transactions on Signal Processing, vol 47, no. 10, pp. 2677 - 2684,
Oct. 1999). Another example of an adaptive beamformer is a Generalized-Sidelobe-Canceller (see e.g., "An alternative
approachto linearly constrained adaptive beamforming", by Griffiths, L. J. and Jim, C. W., IEEE Transactions on Antennas
and Propagation, vol. 30., p.27, 1982).

[0101] Ifthe predetermined criterion is fulfilled, adaptation of the parameters and/or coefficients of the adaptive beam-
former may be initialized. This can be performed in an analogous way as discussed in the context of the adaptive echo
cancellation means 106 shown in Fig. 1.

[0102] In Fig. 3, microphone signals from microphones 301 of a microphone array are stored in a circular buffer 310.
Speaker localization means 302 yield an instantaneous estimate of the position of a speaker and/or the direction of
arrival of a signal originating from the speaker. In the post processing means 303, it is determined whether the instan-
taneous estimate deviates from a preset estimate according to a predetermined criterion and time delay determination
and compensation is performed by time delay compensation means 304 based on the preset estimate. Pointer control
means 309 control a read pointer, q, and a write pointer, p, of the circular buffer 310. An adaptive beamformer 308
processes the time compensated signals.

[0103] The modification of the time delay for a microphone signal due to a new direction of arrival of signals originating
from the wanted sound source and/or a new position of the wanted sound source can happen with some delay as, for
example, the determination whether the instantaneous estimate deviates from the preset estimate according to a pre-
determined deviation criterion occupies computation time. It may also take time until the confidence exceeds the threshold
©,. Therefore, acoustic signals which are received during the time period between a movement of the wanted sound
source and the availability of the time delay based on the new position and/or direction of arrival, may have an impaired
signal quality as time delay compensation is performed using a preset time delay. By using a buffer, acoustic signals
may be temporarily stored and post processed. Time delay compensation of a microphone signal may be, for example,
performed a second time, once the modified time delay has been determined.

[0104] For this purpose, an embodiment as shown in Fig. 3 may be used. Before time delay compensation by time
delay compensation means 304, acoustic signals from the microphones 301 are being buffered in a circular buffer 310.
Speaker localization by the speaker localization means 302 and post processing by the post processing means 303 can
happen inreal-time, i.e. each signal frame corresponds to a time step, k. Writing the signals to the buffer 310 can happen
synchronously at a position indicated by a write pointer, p. Signal processing after the ring buffer (e.g. time delay
compensation and/or beamforming) can happen asynchronously. If the predetermined criterion is fulfilled and a time
delay based on a preset estimate, §(k), as described above, is determined, signals with N cycles delay, i.e. signals
which were buffered up to N cycles earlier, are being retrieved and time delay compensated for a second time. In aring
buffer, for example, the read pointer of the buffer can be rewound by N cycles. The value of N may depend on the
number of time steps required to determine the time delay based on the instantaneous estimate.

[0105] Both, the synchronous and the asynchronous signal processing, may take less time than the time represented
by a signal frame. Hence, the asynchronous processing steps can make up for lost time ("lost" due to rewinding by N
cycles) and then run without time lag until the predetermined criterion is fulfilled again.

[0106] The synchronous and the asynchronous signal processing may be performed in two separate processes.
[0107] Fig. 4 shows selected steps of the synchronous process, i.e. the signal processing before time delay compen-
sation. A flag parameter controls the asynchronous process, i.e. the time delay compensation and adaptive beamforming,
selected steps of which are shown in Fig. 5.

[0108] As long as the synchronous process is waiting for input data, the asynchronous process may be run several
times. The length of the circular buffer is denoted by L. The write and read pointer of the buffer are denoted by p and
q, respectively. The synchronous process shown in Fig. 4 runs in real-time using a temporal index k, while the asyn-
chronous process shown in Fig. 5 uses a temporal index n.
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[0109] InFig. 4 at step 422 it is checked whether new signal frames are available. If so, the write pointer p and the
time step k are updated in step 424 (mod denotes the modulo operation) and the signals are written to the buffer in step
425. In step 426 it is determined whether the instantaneous estimate deviates from the preset estimate according to the
predetermined criterion and a preset estimate is output. In step 427 it is checked whether the preset estimate for the
given time step deviates from the preset estimate for the previous time step. If so, the read pointer q is modified in step
428 and adaptation of adaptive means in the beamformer arrangement is initialized in step 429. The flag parameter is
set to the value 1 at the end of a synchronous process cycle in step 430.

[0110] In Fig. 5 selected steps of the asynchronous process are shown. At step 542 it is checked, whether the read
pointer, q, differs from the write pointer, p. If so, it is checked at step 543 whether the flag parameter has the value 1
and if the flag parameter equals one, the read pointer is modified at step 544 and the signals are read from the buffer
in step 545. Time delay compensation of the signal is performed in step 546 using a time delay based on the preset
estimate, §(k). Further signal processing, for example beamforming and/or echo cancellation, is performed in step 547.
[0111] The embodiments described in context of the Figs. 3, 4 and 5 are, in particular, useful for speech recognition
purposes, as an interim signal delay is tolerable for such applications.

[0112] Aninitial signal delay can be regained by the asynchronous process until the end of an utterance. In this way,
the user will not experience any delay. A speech recognition means only uses the correctly time delay compensated signal.
[0113] Time delay compensation of a buffered microphone signal may be performed repeatedly. The control of the
read pointer may be modified such that specific steps of the processes shown in Figs. 4 and/or 5 can be performed
several times. A first pass, for example, may be used for speaker localization and correction of the time delay compen-
sation as described above. A second pass may be used to re-adapt adaptive filtering means, while in a third pass an
output signal is produced using the correct time delay and the correspondingly adapted filter coefficients.

[0114] Although the previously discussed embodiments of the present invention have been described separately, it
is to be understood that some or all of the above described features can also be combined in different ways. The
discussed embodiments are not intended as limitations but serve as examples illustrating features and advantages of
the invention.

Claims

1. Method for determining a time delay for time delay compensation of a microphone signal from a microphone array
in a beamformer arrangement, comprising the steps of:

determining, for a given time, an instantaneous estimate of a position of a wanted sound source and/or a
direction of arrival of a signal originating from the wanted sound source;

determining whether the instantaneous estimate deviates from a preset estimate of a position of the wanted
sound source and/or a direction of arrival of a signal originating from the wanted sound source according to a
predetermined criterion, wherein the predetermined criterion comprises a check whether the instantaneous
estimate deviates from the preset estimate by at least a predetermined deviation threshold; and

if the predetermined criterion is fulfilled:

setting the instantaneous estimate for the given time as the preset estimate; and
determining the time delay for time delay compensation of the microphone signal based on the instantaneous
estimate.

2. The method according to claim 1, wherein the predetermined deviation threshold corresponds to a minimum distance
and/or a minimum angular distance between the instantaneous estimate and the preset estimate.

3. The method according to one of the previous claims, wherein the method further comprises determining a confidence
measure and wherein the predetermined criterion further comprises a check whether the confidence measure
exceeds a predetermined threshold value.

4. The method according to claim 3, wherein the confidence measure is determined based on a signal-to-noise ratio
of at least one microphone signal of the microphone array and/or a deviation between the instantaneous estimate
for the given time and an instantaneous estimate for a previous time and/or a sum of deviations between instanta-
neous estimates of subsequent times.

5. The method according to one of the previous claims, wherein the predetermined criterion is fulfilled, if a plurality or
only if all checks of the predetermined criterion yield a positive answer or result.
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The method according to one of the previous claims, wherein the beamformer is an adaptive beamformer and/or
operates in conjunction with adaptive filtering means, and

if the predetermined criterion is fulfilled, the method further comprises initializing adaptation of the adaptive filtering
means and/or of the adaptive beamformer.

The method according to claim 6, wherein initializing adaptation of the adaptive filtering means and/or of the adaptive
beamformer comprises scaling a preset coefficient and/or a preset parameter of the adaptive filtering means and/or
of the adaptive beamformer by a scaling factor.

The method according to claim 6 or 7, further comprising storing a coefficient and/or a parameter of the adaptive
filtering means and/or of the adaptive beamformer and the corresponding estimate for the position of the wanted
sound source and/or the direction of arrival of a signal originating from the wanted sound source in a memory.

The method according to one of the claims 6-8, wherein after setting the instantaneous estimate for the given time
as the preset estimate, initializing adaptation comprises determining whether the preset estimate for the given time
deviates from a stored estimate of the position of the wanted sound source and/or the direction of arrival of a signal
originating from the wanted sound source in a memory less than a predetermined value, and if the preset estimate
for the given time deviates from the stored estimate less than the predetermined value, setting a coefficient and/or
parameter of the adaptive filtering means and/or of the adaptive beamformer to the value of a stored coefficient
and/or parameter in the memory corresponding to the stored estimate.

The method according to one of the previous claims, wherein the beamformer arrangement comprises and/or
operates in conjunction with residual echo cancellation means, and
if the predetermined criterion is fulfilled, the method further comprises enforcing residual echo cancellation.

The method according to one of the previous claims, comprising the step of buffering the microphone signal, thereby
obtaining a buffered microphone signal.

The method according to claim 11, wherein subsequent to determining the time delay, the method comprises
performing time delay compensation of the buffered microphone signal using the determined time delay.

The method according to one of the previous claims, wherein the predetermined criterion comprises a check whether
the instantaneous estimate lies within a predetermined region or within a predetermined sector or solid angle with

respect to the microphone array.

The method according to one of the previous claims, further comprising fixing after a predetermined time the time
delay for time delay compensation to a preset value.

Computer program product, comprising one or more computer readable media having computer-executable instruc-
tions for performing the steps of the method according to one of the preceding claims when run on a computer.

System for multi-channel noise reduction comprising:
a beamformer arrangement comprising:
a microphone array comprising at least two microphones;

a time delay compensation means for time delay compensation of a microphone signal; and
a time delay determination means configured to perform the method according to one of the claims 1 - 14.
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