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(54) Method for determining a set of filter coefficients for an acoustic echo compensation means
(57)  Theinvention provides a method for determining providing a plurality of sets of filter coefficients for the

a set of filter coefficients for an acoustic echo compen-
sation means in a beamformer arrangement, wherein the
beamformer arrangement comprises a microphone array
comprising at least two microphones, a beamformer
yielding a beamformed signal based on microphone sig-
nals from each of the at least two microphones and an
acoustic echo compensation means operating on the
beamformed signal for echo compensation of the beam-
formed signal, the method comprising:

acoustic echo compensation means, each set of filter
coefficients corresponding to one of a predetermined
number of steering directions of the beamformer ar-
rangement, wherein the predetermined number of steer-
ing directions is equal to or greater than the number of
microphones in the microphone array; and

for a current steering direction, determining a current set
of filter coefficients for the acoustic echo compensation
means based on the provided sets of filter coefficients.
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Description

[0001] The present invention relates to a method for determining a set of filter coefficients for an acoustic echo
compensation means. In particular, the invention relates to a method for determining a set of filter coefficients for an
acoustic echo compensation means in a beamformer arrangement.

[0002] In a beamformer arrangement, acoustic signals are processed in such a way, that signals from a preferred
direction are enhanced with respect to signals from other directions. This characteristic is in particular useful for speech
signal processing, for example, for hands-free telephone sets or speech recognition systems in vehicles.

[0003] For such systems, echo compensation is a basic issue. Disturbing echoes may result from signals which are,
for example, output by a loudspeaker of the same system and detected together with the wanted signal by microphones
of a microphone array in the beamformer arrangement. In the case of a hands-free telephone set, for instance, signals
from a far end are output by a loudspeaker at the near end where they are again detected by the microphones. In order
to avoid that these signals are transmitted back to the far end, echo compensation or echo cancellation has to be
performed.

[0004] Several methods and systems for echo compensation are known (see, e.g. Acoustic Echo and Noise Control,
E. Hansler and G. Schmidt, John Wiley & Sons, New York, 2004).

[0005] One known method uses a separate acoustic echo compensation means, for example an acoustic echo can-
celler, for each microphone signal. This method yields a very robust echo compensation but is computationally intensive.
In particular, the computational costs increase with the number of microphones in a microphone array.

[0006] Alternatively, according to another method, only one acoustic echo compensation means, for example an
acoustic echo canceller, is used which operates after a beamformer, i.e. which operates on a beamformed signal. This
method is computationally efficient as it requires only one acoustic echo compensation means independent of the number
of microphones in the microphone array.

[0007] However, when using only one acoustic echo compensation means operating on the beamformed signal,
residual echo components in the echo compensated signal can be observed when the beamformer changes from one
steering direction to another. For example, in a vehicle, the beamformer may provide a steering direction corresponding
to the position of a first speaker. If an utterance from a second speaker, at a different position, should be processed,
the beamformer needs to provide a second steering direction according to the position of the second speaker.

[0008] After the change-over from the first steering direction to the second steering direction, the signal quality of the
echo compensated beamformed signal can be impaired by the presence of a residual echo signal until the acoustic
echo compensation means have re-adapted for the second steering direction. This, however, may take some time.
[0009] It is therefore the problem underlying the present invention to overcome the above-mentioned drawback, and
to provide a method and an apparatus for improving echo compensation in a beamformer arrangement by reducing or
avoiding residual echo components in an echo compensated beamformed signal after a change-over from one steering
direction to another.

[0010] The problem is solved by a method according to claim 1 and an apparatus according to claim 16.

[0011] According to the present invention, a method for determining a set of filter coefficients for an acoustic echo
compensation means in a beamformer arrangement, wherein the beamformer arrangement comprises a microphone
array, comprising at least two microphones, a beamformer yielding a beamformed signal based on microphone signals
from each of the at least two microphones and an acoustic echo compensation means operating on the beamformed
signal for echo compensation of the beamformed signal, comprises:

providing a plurality of sets offilter coefficients for the acoustic echo compensation means, each set offilter coefficients
corresponding to one of a predetermined number of steering directions of the beamformer arrangement, wherein
the predetermined number of steering directions is equal to or greater than the number of microphones in the
microphone array, and

for a current steering direction, determining a current set of filter coefficients for the acoustic echo compensation
means based on the provided sets of filter coefficients.

[0012] As for a current or arbitrary steering direction, a set of filter coefficients for the acoustic echo compensation
means can be determined or calculated based on the provided sets of filter coefficients, the method allows to improve
the signal quality after a change-over to the current steering direction as compared to the prior art. A time intensive re-
adaptation of the acoustic echo compensation means for the current steering direction may become unnecessary.

[0013] A beamformer may combine microphone signals from each of the at least two microphones in such a way that
signals from a preferred direction or steering direction are enhanced while signals from other directions are suppressed.
[0014] The signal processing performed by the beamformer may be a summation of filtered input signals, wherein the
filtered input signals may comprise, for example, time delay compensated microphone signals. The coefficients of the
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filtering means, in particular the value of each coefficient, may be variable.

[0015] The microphone signals may be signals output by microphones of the microphone array.

[0016] The beamformer arrangement may comprise a localization means. The position of a wanted sound source
and/or the direction of arrival of signals originating from a wanted sound source may be estimated, in particular using
the localization means. The beamformer may provide a steering direction based on the estimated position and/or direction
of arrival. Determining the position and/or direction of arrival may be performed using the microphone array. In particular,
the localization may be performed based on microphone signals of two or more microphones of the microphone array.
[0017] The beamformer arrangement may comprise time delay compensation means. A directional characteristic or
steering direction of the beamformer arrangement may be formed by summation of time delay compensated microphone
signals. The time delay compensation means may be used to determine and/or compensate for time delays of the
microphone signals. In particular, the time delay compensation may be performed for each microphone signal of the
microphone array to compensate for relative time delays between the microphone signals.

[0018] The time delays may be due to signal propagation delays, in particular corresponding to a given or desired
direction of arrival or a relative positioning of a wanted sound source with respect to the at least two microphones of the
microphone array, for example with respect to the centroid or centre of gravity of the positions of the microphones.
[0019] Time delay compensation of the microphone signals may be performed using the beamformer. The time delay
compensated microphone signals may be summed using the beamformer. Thereby a steering direction of the beamformer
arrangement, in particular of the beamformer, may be provided. In other words, the beamformer may provide a steering
direction by summing time delay compensated microphone signals, wherein the time delays of the microphone signals
may be determined based on the position or direction of the wanted sound source.

[0020] The beamformer arrangement may be connected with a loudspeaker, in particular with a loudspeaker signal
path, in particular with the input signal path of the loudspeaker. The acoustic echo compensation means may be provided
with an input signal for the loudspeaker, i.e. a loudspeaker signal. An echo signal may correspond to the loudspeaker
signal. In particular, the echo signal may be output by the loudspeaker. The echo signal may correspond, for example,
to output of a hands-free system.

[0021] The acoustic echo compensation means may use the loudspeaker signal as reference signal to model an echo
signal component in the beamformed signal.

[0022] In particular, the acoustic echo compensation means may be used to estimate the signal components of the
beamformed signal which correspond to an echo signal. In other words, the acoustic echo compensation means may
be used to model a serial connection of a loudspeaker-room-microphone system and a beamformer, in particular by
means of a transfer function. A transfer function may model the relation between the input and the output signals of a
system. In particular, a transfer function applied to an input signal may yield the output signal of the system. Transfer
functions of the loudspeaker-room-microphone system may represent the relation between a loudspeaker signal, output
by the loudspeaker and received by the microphones via the room, and the microphone signals, output by each of the
microphones.

[0023] A transfer function of the serial connection of the loudspeaker-room-microphone system and the beamformer,
or loudspeaker-room-microphone-beamformer system, may represent the relation between a loudspeaker signal, output
by the loudspeaker, received by the microphones via the room and processed by the beamformer, and the beamformed
signal.

[0024] The echo signal components may be subtracted from the beamformed signal to yield an echo compensated
beamformed signal.

[0025] The acoustic echo compensation means may comprise an echo compensation filter or an acoustic echo can-
celler. The acoustic echo compensation means may be an acoustic echo canceller.

[0026] The acoustic echo compensation means may comprise an, in particular adaptive, FIR filter.

[0027] The number of filter coefficients in each set of filter coefficients for the acoustic echo compensation means
may depend on the order of the FIR filter used, i.e. the number of filter coefficients used for the FIR filter. An Nth order
FIR filter may use (N+1) filter coefficients. Therefore, the number of filter coefficients in each or in an arbitrarily chosen
set of filter coefficients may take any finite value larger than or equal to one.

[0028] A set offilter coefficients may correspond to a steering direction. In particular, a provided set of filter coefficients
may correspond to one of the predetermined number of steering direction. A current set of filter coefficients may corre-
spond to a current steering direction.

[0029] The number of filter coefficients in each provided set of filter coefficients may equal the number of filter coef-
ficients in the current set of filter coefficients to be determined.

[0030] The number of provided sets of filter coefficients may be equal to or greater than the number of microphones
in the microphone array. In particular, the number of provided sets of filter coefficients may be equal to the predetermined
number of steering directions.

[0031] The current steering direction may be an arbitrary steering direction.

[0032] A steering direction or preferred direction of the beamformer arrangement, in particular of the beamformer,
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may correspond to the direction of a major lobe of a directional characteristic of the beamformer arrangement, in particular
of the beamformer. The major lobe of a directional characteristic may be aligned with a direction of arrival of a signal
originating from a wanted sound source. In particular, a directional characteristic of the beamformer may have only one
major lobe. The predetermined number of steering directions may correspond to a predetermined number of directional
characteristics.

[0033] A current steering direction may correspond to the direction in which a wanted sound source is located or to
the direction of arrival of a wanted sound signal, in particular one emitted from the wanted sound source.

[0034] The direction of arrival may change with time, for example, if the wanted sound source moves or if signals
originating from a second wanted sound source should be detected. The beamformer may provide different steering
directions, in particular in response to a change of the direction of arrival, thus resulting in a plurality of steering directions.
[0035] A steering direction 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 may
be a direct access of a linear microphone array, wherein the microphones of the linear microphone array are arranged
along the direct axis.

[0036] A predetermined steering direction may correspond to one of the predetermined number of steering directions.
The current steering direction or arbitrary steering direction may be, in particular, different from each of the predetermined
steering directions.

[0037] Asteeringdirection ofthe beamformer may correspond to adirection, in particular with respect to the beamformer
arrangement, wherein signals originating from that direction are enhanced with respect to signals from other directions.
This directional pattern may be formed by summation of time delay compensated microphone signals using the beam-
former.

[0038] A steering direction may correspond to a set of time delays comprising a time delay for each microphone signal
of the microphone array. Time delays may be calculated from a steering direction and/or vice versa. In particular, the
predetermined number of steering directions may correspond to a predetermined number of sets of time delays.
[0039] A steering direction may be provided, adjusted or changed to another steering direction by providing, adjusting
or changing time delay parameters of the time delay compensation means, in particular of the beamformer. A time delay
parameter may correspond to the time delay of a microphone signal.

[0040] The time delays or time delay parameters may be determined based on the position of a wanted sound source
and/or the direction of arrival of a signal originating from the wanted sound source. The time delay and/or time delay
parameter may be determined for each microphone signal of the microphone array.

[0041] The time delay may be a relative time delay, in particular, with respect to an arbitrarily chosen or predetermined
microphone signal.

[0042] In the frequency domain, the relative time delay may correspond to a relative phase shift.

[0043] The step of determining a current set of filter coefficients may be followed by initializing the acoustic echo
compensation means using the determined current set of filter coefficients. In particular, the filter coefficients for the
acoustic echo compensation means may be set to the determined values of the determined current set of filter coefficients.
[0044] Determiningacurrentset offilter coefficients may be based on a combination of provided sets offilter coefficients.
In particular, current filter coefficients for the current set of filter coefficients may be determined, calculated or computed
based on a combination of filter coefficients of the provided sets of filter coefficients, in particular corresponding to
different predetermined steering directions.

[0045] The step of determining a current set of filter coefficients may be preceded by determining, for each microphone
signal, a current time delay corresponding to the current steering direction, and determining a current set of filter coef-
ficients may be further based on the current time delays. In other words, for the current steering direction, determining
a current set of filter coefficients may be based on the provided sets of filter coefficients and on the current time delays.
[0046] Determining a current set of filter coefficients may further comprise, for each filter coefficient of the current set
of filter coefficients, computing a sum, wherein each summand comprises a modified transfer function corresponding to
a combination of (a) filter coefficients of the beamformer and (b) transfer functions, in particular transfer functions of a
loudspeaker-room-microphone system. In other words, the transfer functions may be transfer functions between a
loudspeaker signal, emitted by a loudspeaker, and each microphone signal of the microphone array.

[0047] The modified transfer functions may correspond to beamformer coefficients in combination with transfer func-
tions of the loudspeaker-room-microphone system. One modified transfer function may correspond to each microphone
signal and each filter order of the acoustic echo compensation means.

[0048] Each summand may correspond to a particular microphone signal.

[0049] Each summand of the sum may further comprise a time delay function, wherein the time delay function is a
function of the time delay of the microphone signal. In particular, the time delay functions may be exponential functions
of a time delay, in particular of a relative time delay. The exponential functions may further comprise a sound frequency.
In particular, the sound frequency may be the central frequency of an arbitrary or predetermined frequency band.
[0050] Each summand, may, in particular, be a product of a function depending on a steering direction, in particular
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on atime delay function, and a modified transfer function. In particular, the modified transfer functions may be independent
of the current steering direction.

[0051] Inthis way, the functional dependence of the filter coefficients for the echo compensation means on the current
steering direction, in particular on the current time delay, can be incorporated in a separate term.

[0052] Determiningacurrentset offilter coefficients may comprise determining modified transfer functions, in particular,
a modified transfer function for each summand.

[0053] Determining a current set of filter coefficients, in particular determining the modified transfer function of each
summand, may be based on predetermined time delays corresponding to predetermined steering directions. In particular,
determining the modified transfer functions may be based on the provided sets of filter coefficients and the predetermined
time delays.

[0054] Determining the modified transfer functions may comprise solving a linear system of equations. The system
of equations may contain terms only depending on provided filter coefficients of the provided sets of filter coefficients
and the predetermined time delays.

[0055] Solutions to the system of equations may yield a modified transfer function for each summand, i.e. for each
microphone signal, in particular given an arbitrary filter order.

[0056] In particular, computing the sum may comprise determining the modified transfer functions based on combi-
nations of provided filter coefficients from the provided sets of filter coefficients, in particular corresponding to different
steering directions.

[0057] In particular, determining modified transfer functions may comprise setting up a system of equations, wherein
each provided filter coefficient of the provided sets of filter coefficients may be written as a sum, wherein, in particular,
each summand may be a product of a modified transfer function and a time delay function of a predetermined time
delay. The predetermined time delay may correspond to the predetermined steering direction corresponding to the
provided set of filter coefficients.

[0058] Determining modified transfer functions may comprise solving the system of equations, in particular for a given
filter order and a given microphone signal. Solving the system of equations may be performed for all wanted or desired
filter orders and all microphone signals.

[0059] In particular, from the provided sets of filter coefficients, filter coefficients corresponding to different predeter-
mined steering directions but corresponding to the same filter order may form a filter coefficients vector. The modified
transfer functions corresponding to a given filter order may form a transfer vector.

[0060] Solving the system of equations may comprise inverting a matrix. In particular, the matrix and the inverted
matrix may contain coefficients only depending on the predetermined time delays.

[0061] The system of equations may be written as a matrix multiplication. The filter coefficients vector may be a product
of a matrix and the transfer vector. The matrix may contain coefficients only depending on the predetermined time delays.
[0062] The transfer vector, in particular the modified transfer functions, may be calculated by inverting the matrix. This
can happen numerically in a computationally efficient way.

[0063] The providing step may comprise for each of the predetermined number of steering directions providing a
predetermined time delay for each microphone signal corresponding to a predetermined steering direction. In this way,
for each of the predetermined number of steering directions, a set of filter coefficients for the echo compensation means
and a time delay for each microphone signal may be provided.

[0064] The predetermined time delays may correspond to predetermined relative time delays.

[0065] The providing step may comprise for each of the predetermined number of steering directions, determining a
time delay for each microphone signal corresponding to the predetermined steering direction, and storing the time delay
for each microphone signal, thus, resulting in predetermined time delays.

[0066] The providing step may comprise for each of the predetermined number of steering directions, adapting the
acoustic echo compensation means for the predetermined steering direction, and storing a set of filter coefficients for
the acoustic echo compensation means corresponding to the predetermined steering direction, thus, resulting in provided
sets of filter coefficients.

[0067] The provided sets of filter coefficients, the predetermined steering directions and/or the predetermined time
delays may be determined using the beamformer arrangement. In particular, the provided sets of filter coefficients,
predetermined steering directions and/or the predetermined time delays may be determined in an initializing phase or
initialization period. In particular, during the initializing phase, the provided sets of filter coefficients and/or the predeter-
mined relative time delays may be determined for a predetermined number of steering directions, wherein the prede-
termined number of steering directions may be at least equal to the number of microphones in the microphone array.
[0068] The step of adapting the acoustic echo compensation means may be performed such that the quality of echo
compensation exceeds a predetermined threshold. In this way, it can be assured that the provided set of filter coefficients
yield an optimal echo compensation for the corresponding predetermined steering direction.

[0069] The initializing phase may be ended when the number of different steering directions for which sets of filter
coefficients have been determined equals the number of microphones in the microphone array. The initializing phase,
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in particular the steps of the initializing phase, may be performed repeatedly, in particular at different times.

[0070] Determining the current set of filter coefficients may be performed after the initializing phase or after the number
of different steering directions for which sets of filter coefficients are provided equals the number of microphones in the
microphone array.

[0071] The step of determining a current set of filter coefficients may be preceded by determining whether the current
steering direction deviates or differs from a preset steering direction, and if the current steering direction deviates or
differs from the preset steering direction, determining the current set of filter coefficients. In particular, determining the
current set of filter coefficients may be performed only if the current steering direction deviates or differs from the preset
steering direction. In this way, after a change from one steering direction to another, the filter coefficients for the acoustic
echo compensation means can be set such that residual echo after the change will be reduced or even completely
cancelled, in particular in a shorter time as compared to the prior art.

[0072] Determining a current set of filter coefficient for the acoustic echo compensation means may be performed in
the frequency domain or in the time domain.

[0073] Relative time delays in the time domain may correspond to relative phase shifts in the frequency domain. A
transfer function in frequency domain may correspond to an impulse response in time domain.

[0074] Determining a current set of filter coefficient of the acoustic echo compensation means may be performed in
the frequency domain further comprising sub-band coding. In this way, steps of the methods may be performed inde-
pendently for each frequency band. In particular, in each frequency band undersampling may be performed. In this way,
the computing time can be reduced.

[0075] The provided sets of filter coefficients for the acoustic echo compensation means may be updated using a
second beamformer and a second acoustic echo compensation means.

[0076] The transfer functions may be variable, as a loudspeaker-room-microphone system may be time variant, for
example, due to a moving person in the room. The provided sets of filter coefficients may correspond to transfer functions
of the loudspeaker-room-microphone-beamformer system. Hence, in order to account for changes in the loudspeaker-
room-microphone system, the provided sets of filter coefficients may be updated repeatedly.

[0077] A second beamformer may be used to provide a directional characteristic or steering direction which corre-
sponds to one of the predetermined steering directions corresponding to a provided set of filter coefficients. The second
acoustic echo compensation means may adapt for the predetermined steering direction, thereby obtaining a new set of
filter coefficients. The adaptation may be performed such that the quality of echo compensation exceeds a predetermined
threshold.

[0078] In particular, updating a provided set of filter coefficients may comprise the steps of setting the time delay
parameters of the second beamformer according to a predetermined steering direction corresponding to one of the
provided sets of filter coefficients, adapting the second acoustic echc compensation means for the predetermined
steering direction, yielding a new set of filter coefficients, and replacing the provided set of filter coefficients with the new
set of filter coefficients. In particular, replacing the provided set of filter coefficients with the new set of filter coefficients
may be performed only if the quality of echo compensation exceeds a predetermined threshold.

[0079] Thestepofupdating a provided set offilter coefficients may be performed for all provided sets offilter coefficients,
in particular subsequently and repeatedly.

[0080] The step of determining a current set of filter coefficients may be followed by storing the determined current
set of filter coefficients and/or the current steering direction. Thereby a provided set of filter coefficients and a predeter-
mined steering direction may be obtained. Inthis way, the predetermined number of steering directions may be increased.
If determining modified transfer functions comprises solving a linear system of equations, the system of equations may
be enlarged in this way. In particular, the current time delay for each microphone system corresponding to the current
steering direction may be stored thereby obtaining predetermined time delays.

[0081] The above-described methods may further comprise determining the quality of echoc compensation correspond-
ing to a set of filter coefficients and the corresponding steering direction, according to a predetermined criterion.
[0082] In particular, the methods may comprise searching among the provided sets of filter coefficients, a particular
set of filter coefficients, wherein

the quality of echo compensation using the current set of filter coefficients exceeds the quality of echo compensation
using the particular set of filter coefficients and wherein a set of steering directions comprising the current steering
direction and all predetermined steering directions other than the predetermined steering direction corresponding to the
particular set of filter coefficients, contains a predetermined number of steering directions which is at least equal to the
number of microphones in the microphone array and

if such a particular set of filter coefficients is found, replacing the particular set of filter coefficients and the corresponding
predetermined steering direction with the determined current set of filter coefficients and the corresponding current
steering direction.

[0083] In this way, the provided sets of filter coefficients can be updated. In particular, the provided sets of filter
coefficients which yield a low quality of echo compensation may be subsequently replaced by sets of filter coefficients
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yielding a better quality of echo compensation.

[0084] The quality of echo compensation using the particular set of filter coefficients may be worse than the quality
of echo compensation using any other provided set of filter coefficients. In this way, the provided set of filter coefficients
which yields the lowest quality of echo compensation may be replaced.

[0085] In particular, the predetermined time delays corresponding to the set of filter coefficients which yields the lowest
quality of echo compensation may be replaced with the current time delays.

[0086] Searching the particular set of filter coefficients may comprise comparing parameters indicating the quality of
echo compensation. A parameter indicating the quality of echo compensation may be determined for the current set of
filter coefficients and for the provided sets of filter coefficients. For each provided set of filter coefficients, a parameter
indicating the quality of echo compensation may be stored. In particular, the providing step may further comprise for
each of the predetermined number of steering directions providing a parameter indicating the quality of echo compen-
sation using the set of filter coefficients corresponding to the predetermined steering direction.

[0087] The method may further comprise storing a time indicating when a provided set of filter coefficients correspond-
ing to a predetermined steering direction was determined. In particular, the providing step may further comprise for each
of the predetermined number of steering directions providing a time stamp or time parameter indicating when or for what
time the corresponding provided set of filter coefficients was determined.

[0088] The determined current set of filter coefficients may replace an older provided set of filter coefficients. In
particular, the determined current set of filter coefficients may replace the oldest provided set of filter coefficients.
[0089] In this way, the oldest provided set of filter coefficients may be subsequently replaced with a newer one.
[0090] The method may further comprise determining or estimating a position of a wanted sound source and/or a
direction of arrival of a signal originating from the wanted sound source.

[0091] In particular, the method may comprise providing a steering direction of the beamformer corresponding to the
determined position and/or direction of arrival. In particular, the major lobe of a directional characteristic may be aligned
with the determined position and/or direction of arrival.

[0092] The step of providing a steering direction may comprise time delay compensation for each microphone signal
of the microphone array with a time delay determined based on the determined or estimated position and/or direction
of arrival. The time delays may change with time. Time delay compensation using time dependent or time variable time
delays is usually called "adaptive time delay compensation”.

[0093] The determined current set of filter coefficients may be further modified using the acoustic echo compensation
means, in particular using adaptive filtering means of the acoustic echo compensation means. In this way, echo com-
pensation after a change from one steering direction to another can be further optimised. The step of modifying the
determined set of filter coefficients may be followed by storing the modified current set of filter coefficients and/or the
current steering direction. In particular, updating or replacing provided sets of filter coefficients may be done using
modified current sets of filter coefficients. Furthermore, the present invention provides a computer programme 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.

[0094] The invention further provides an apparatus for determining a set of filter coefficients for an acoustic echo
compensation means in a beamformer arrangement, wherein the beamformer arrangement comprises a microphone
array comprising at least two microphones, a beamformer yielding a beamformed signal based on microphone signals
from each of the at least two microphones and an acoustic echo compensation means operating on the beamformed
signal for echo compensation of the beamformed signal, the apparatus comprising filter coefficients determining means
configured to perform one of the above described methods.

[0095] The invention further provides a hands-free system comprising an apparatus as described above. In particular,
the hands-free system may be a hands-free telephone set or a hands-free speech control set, in particular for use in a
vehicle.

[0096] The invention further provides a system comprising a microphone array comprising at least two microphones,
a beamformer, an acoustic echo compensation means and an above-described apparatus.

[0097] The system may further comprise a memory and and/or a localization means for determining a position of a
wanted sound source and/or a direction of arrival of a signal originating from the wanted sound source.

[0098] The wanted sound source may be a speaker, and/or the microphone signal may comprise a speech signal.
[0099] The system may further comprise a predetermination means, configured to store for each of a predetermined
number of steering directions, a time delay for each microphone signal. The predetermination means may be configured
to store for each of a predetermined number of steering directions a set of filter coefficients for the acoustic echo
compensation means. In this way, the predetermination means may be used to provide sets of filter coefficients and
predetermined time delays for each of a predetermined number of steering directions.

[0100] The predetermination means may be used, in particular, during an initializing phase.

[0101] The system may further comprise a second beamformer and a second acoustic echc compensation means,
if provided sets of filter coefficients are updated using a second beamformer and a second acoustic echo compensation
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means.
[0102] The system may further comprise means for determining a time delay for time delay compensation of one or
more microphone signals.

[0103] The system may further comprise means for time delay compensation of one or more microphone signals
based on the determined time delays. The system may comprise a loudspeaker.

[0104] The above-described systems may be used in a vehicle.

[0105] 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 a system comprising a beamformer arrangement comprising a micro- phone array, a beamformer and
an acoustic echo canceller;

Fig.2 shows an embodiment comprising a broadside beamformer and filtering means;

Fig.3 shows a schematic view of a loudspeaker-room-microphone system, a beam- former and an acoustic echo
canceller;

Fig.4 showsanexample of abeamformer arrangement comprising a predetermina- tion means and a storage device;
Fig.5 shows selected steps of an initializing phase;

Fig. 6 shows selected steps of determining a set of filter coefficients for an acoustic echo canceller;

Fig. 7 shows selected steps of replacing a provided set of filter coefficients with a determined set of filter coefficients;

Fig. 8 shows an example of a beamformer arrangement comprising an acoustic echo canceller operating on a beam-
formed signal; and

Fig. 9 shows an embodiment of a beamformer arrangement comprising a plurality of acoustic echo cancellers, each
operating on a microphone signal.

[0106] In the subsequent examples, an acoustic echo canceller is used as an acoustic echo compensation means.
Alternatively, any kind of acoustic echo compensation filter may be used.

[0107] Fig. 9 depicts a prior art system comprising a beamformer and a plurality of acoustic echo cancellers.

[0108] In particular, a microphone array comprising a plurality of microphones 901 is shown. A microphone 901 may
detect signals from a loudspeaker 902 and/or from wanted sound sources, in particular, speakers 903. A steering direction
904 of the beamformer arrangement may be provided corresponding to the direction of arrival of a signal originating
from one of the speakers 903. Speaker localization means 905 allow to determine the position of the speaker 903 and/or
the direction of arrival of a wanted signal originating from the speaker 903. A beamformer 906 may be used to perform
time delay compensation of the microphone signals. The beamformer may further process the time delay compensated
microphone signals yielding a beamformed signal.

[0109] Before beamforming, acoustic echo cancellers 941 are used to perform echo compensation of each microphone
signal individually. The beamformed and echo compensated signal may be provided to a hands-free system 910.
[0110] If echo compensation is performed before beamforming, for each microphone signal a separate acoustic echo
canceller 941 needs to be used. Such a system, as for example shown in Fig. 9, has the advantage that if the beamformer
906 changes from one steering direction 904 to another, the acoustic echo cancellers 941 do not need to be re-adapted.
In other words, the beamformer 906 uses echo compensated microphone signals. Therefore, a change from one steering
direction 904 of the beamformer 906 to another has no influence on echo compensation.

[0111] A drawback of such a system as shown in Fig. 9, is, however, that using an individual acoustic echo canceller
941 for each microphone signal is computationally intensive, wherein the computational costs increase with the number
of microphones 901 in the microphone array.

[0112] An alternative system is shown in Fig. 8. The system shown in Fig. 8 comprises a beamformer arrangement
comprising a beamformer 806, localization means 805, a microphone array comprising a number of microphones 801
and an acoustic echo canceller 807. Furthermore a hands-free system 810, speaker 803, a loudspeaker 802 and two
different steering directions 804 of the beamformer arrangement are shown.

[0113] Inthe embodiment shownin Fig. 8, only one acoustic echo canceller 807 is used that operates on a beamformed
signal. Hence, a beamformer 806 yields a beamformed signal based on the microphone signals and the acoustic echo
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canceller 807 is used to model the loudspeaker-room-microphone-beamformer system.

[0114] The advantage of such a system, as shown in Fig. 8, is that only one acoustic echo canceller 807 is used which
is computationally more efficient than performing echo compensation for each microphone signal independently. How-
ever, if the beamformer changes from one steering direction 804 to another, new steering direction, the acoustic echo
canceller 807 has to be re-adapted. In other words, each time the coefficients of the beamformer filter change, the filter
coefficients of the acoustic echo canceller 807 have to be re-adjusted. Until the coefficients of the acoustic echo canceller
807 have converged to a new optimal solution corresponding to the new steering direction, the signal quality of the
beamformed and echo compensated signal may be impaired.

[0115] In Fig. 1, a system comprising a beamformer arrangement is shown. The system comprises a microphone
array with microphones 101. The microphones may detect signals from a loudspeaker 102 and/or from wanted sound
sources, in particular, speakers 103. The beamformer may provide one of the steering directions 104 corresponding to
the direction of arrival of a signal originating from a wanted sound source and/or to a position of the wanted sound
source. A speaker localization means 105 is used to determine the position and/or the direction of arrival, in particular
the position or direction of a speaker 103. A beamformer 106 may determine a relative time delay for each microphone
signal based on the relative positioning of the speaker 103 with respect to the microphones 101. The beamformer 106
may further add the time delay compensated microphone signals yielding a beamformed signal and an acoustic echo
canceller 107 may operate on the beamformed signal for compensation or cancellation of echo components in the
beamformed signal.

[0116] The filter coefficients for the acoustic echo canceller 107 may be determined by filter coefficients determining
means 108 wherein a set of filter coefficients is determined based on provided sets of filter coefficients. The provided
sets of filter coefficients may be stored in a storage device 109. The beamformed and echo compensated signals may
be used by a hands-free system 110. The hands-free system 110 may be, for example, a hands-free telephone set or
a hands-free speech control system, in particular operated in an automobile.

[0117] InFig. 2, a system comprising a beamformer arrangement is shown which comprises filtering means 212 and
synthesis means 213 to perform sub-band coding. A broadside beamformer 211 is used to output a beamformed signal
based on the microphone signals. Alternatively an end-fire beamformer may be used.

[0118] Microphones 201 detect acoustic signals yielding microphone signals y,, (n). The reference signal of a loud-
speaker 202 may be denoted by x(n). The microphone signals and the loudspeaker signal may be sub-band coded by
filtering means 212 yielding frequency band components Ym(ei* ,n) and X(el* ,n). Due to the reduced bandwidth of
each frequency band, undersampling of the signals may be possible. The parameter n denotes the time. In particular,
n may denote a point in time, corresponding to the time when the acoustic signal was detected or emitted. €, denotes
a frequency of the frequency band, in particular the central frequency.

[0119] Providing a steering direction, i.e. aligning the direction of the major lobe of the directional characteristic of the
beamformer, may comprise applying complex factors, in particular with an absolute value equal to 1, to the microphone
signals. These factors, when multiplied with the microphone signals, may, in particular only, modify the phase of the
microphone signal in the respective frequency band. A subsequent combination of the time delay compensated micro-
phone signals may be performed by a broadside beamformer 211. The beamformed signal D in a frequency band may
read:

. M . . —i .
D(e!Qu , n) — z ZYm (eJQu - l-)elﬂu("m(" I)Gm,i (e./Qﬂ )
m=l1 i

[0120] Here, the second summation corresponds to a convolution. For FIR filters, the sum may run from i = 0 to the
filter order minus 1. Furthermore, the parameter M denotes the number of microphones 201 in the microphone array,
®m(n) denotes the relative time delay for microphone signal m which is a function of time n. Gm’i(dﬂu) denote the filter
coefficients of the beamformer. The filter coefficients G, ; may be assumed to be independent of time.

[0121] A schematic view of thg system depicted in Fig. 2 is shown in Fig. 3. The filter coefficients for the acoustic echo
canceller 307 are denoted by H; while the transfer functions of the loudspeaker-room-microphone system 314 are
denoted by H4 ; and H,;. The schematic view shown in Fig. 3 assumes two microphones in the microphone array and
that no noise and no wanted signals are present. In this case, the beamformed signal comprises only an echo signal
component D(ei®:,n). The beamformer 306 may perform time delay compensation by multiplying with the complex
factors exp(j€2,, 1) and exp(j€2, @,). Thefilter coefficients of the beamformer 306 are denoted by G jand G, ;, respectively.
The estimated echo signal component in the frequency band is denoted by D. Assuming a perfect adaptation of the
acoustic echo canceller 307, the error signal E will be zero, i.e.
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E(e’™ ,n) = 0= D(e’™,n)— D(e’™ ,n).

A
[0122] The estimated echo signal, D, may be determined by convolution of the loudspeaker signal or reference signal
with the impulse response of the acoustic echo canceller 307, i.e.

D™ ,n) =Y X(e™ ,n—-i)H ("™ ,n). -

[0123] To determine the echo signal component in the beamformed signal, i.e. after the beamformer, coefficients of
the convolution of the reference signal with the loudspeaker-room-microphone system and the beamformer can be
combined to modified transfer functions. In particular, for each microphone signal, k, and each filter order, i, a modified
transfer function Fy ; may be defined as:

F (™)=Y H,,"™)G, . (e"™).
{

[0124] Assuming an arbitrary steering direction, i.e. constant, time invariant relative time delays (¢,(n) = ¢p,), and no
noise and no wanted signal, an echo signal of the frequency band may be determined as follows:

Q Q NI Q ¢) Q
D(e”™* ,n) = ZX(e’ “n=)[e” " F (") +e" " Fy (e")].
i
[0125] Therefore, the optimal choice for the filter coefficients for the acoustic echo canceller may be written as:

R o a o o a
Hi,opl(ej ”’¢1a¢2)=e1 MF],I'(ej “Y+e’ A%Fz,i(ej ).

[0126] Here i denotes the filter order. In other words, each filter coefficient of a set of filter coefficients corresponding
to a steering direction may be written as sum, wherein each summand is a product between a time delay function, i.e.
exp(j€2,¢ny), and a modified transfer function, i.e. Fr,,;, wherein m denotes the respective microphone signal.

[0127] The relative time delays may be determined based on the position of the wanted sound source and/or the
direction of arrival of a signal originating from the wanted sound source. Hence, the complex factors exp(j<2,¢) and
exp(i€2,¢,) are known or may be calculated, while the modified transfer functions, in particular F4 ; and F5 ;, are initially
unknown. Once the modified transfer functions are determined, a set of filter coefficients for an acoustic echo canceller
may be determined for a current or arbitrary steering direction using the above-described equation for the filter coefficients
of the acoustic echo canceller.

[0128] The modified transfer functions may be calculated based on the provided sets of filter coefficients. The deter-
mination of the current set of filter coefficients may be performed by filter coefficients determining means 108 shown in
Fig. 1.

[0129] The provided sets of filter coefficients may correspond to a predetermined number of steering directions,
wherein the predetermined number of steering directions is at least equal to the number of microphones in the microphone
array. The provided sets of filter coefficients may be determined during an initializing phase.

[0130] In Fig. 4, a beamformer arrangement is shown wherein predetermination means 415 may be used during an
initializing phase to determine sets of filter coefficients corresponding to different steering directions and to store the
sets of filter coefficients and steering directions in storage device 409. In this way, the provided sets of filter coefficients
may be obtained. The time delays for the microphone signals corresponding to the different steering directions may also
be determined and/or stored by predetermination means 415, thereby obtaining predetermined time delays. Furthermore,
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a beamformer 406, speaker localization means 405, a loudspeaker 402, microphones 401, speaker 403, an acoustic
echo canceller 407, different steering directions 404 of the beamformer 406 and a hands-free system 410 are shown.
[0131] Selected steps of the initializing phase are shown in Fig. 5. After initializing the beamformer arrangement at
step 520, the number of microphones, n, in the microphone array is determined and a counter-parameter, c, is set to
zero, i.e. ¢=0. At step 522 it is determined whether the beamformer changed from one steering direction to a new steering
direction, i.e. whether the provided steering direction deviates from a preset steering direction or whether the provided
steering direction is the first steering direction to be set. If the provided steering direction is a new steering direction, a
beamformer may be used to determine the time delays of the microphone signals, in particular the relative time delays
with respect to an arbitrary reference microphone signal, corresponding to the provided steering direction and to output
a beamformed signal.

[0132] Atstep 524, the filter coefficients for the acoustic echo canceller are adapted, in particular, the adaptation step
is performed such that the quality of echo compensation according to a predetermined criterion exceeds a predetermined
threshold (for determining the quality of echo compensation see, for example, "Acoustic Echo and Noise Control" by E.
Hansler and G. Schmidt, Chapter 13, John Wiley & Sons, 2004). At step 525, it is checked whether the provided steering
direction and a correspondingly adapted set of filter coefficients are already stored in a memory. If an adapted set of
filter coefficients corresponding to the provided steering direction is not yet stored in the memory, the set of filter coef-
ficients and relative time delays are stored in the memory at step 526. At step 527, the counter-parameter is increased
by 1. Finally, at step 528, it is checked whether the counter-parameter equals or exceeds the number of microphones
in the microphone array. If so, the initializing phase is terminated at step 529 and sets of filter coefficients can be provided,
otherwise, the initializing phase returns to step 522.

[0133] Fig. 6 shows selected steps of a method for determining a set of filter coefficients for an acoustic echo canceller.
After initializing the beamformer arrangement at step 630, it is checked whether the current steering direction is a new
steering direction in step 631, i.e. whether the current steering direction deviates from a preset steering direction. In the
first pass of the method after initializing the beamformer arrangement, an arbitrary steering direction may be set, which
is then a new steering direction. If during operation of the system the beamformer does not change to a different steering
direction and hence, step 631 yields a negative answer, the beamforming and echo compensation may be performed
with preset filter coefficients of the beamformer and the acoustic echo canceller, respectively.

[0134] If the beamformer has changed to a new steering direction, it is determined at step 632 whether a counter-
parameter, indicating a predetermined number of steering directions for which sets of filter coefficients for the acoustic
echo canceller are provided, exceeds or equals the number of microphones in the microphone array. If the counter-
parameter does not equal or exceed the number of microphones, the method returns to the initializing phase, for example
to step 523 of Fig. 5. If the counter-parameter equals or exceeds the number of microphones, a relative time delay for
each microphone signal is determined at step 634 corresponding to the current steering direction. At step 635, a system
of equations based on the provided sets of filter coefficients and predetermined time delays is set up. At step 636, the
system of equations is solved. Determining a solution to the system of equations may comprise inverting a matrix.
[0135] From the solutions of the system of equations, which correspond to modified transfer functions, a set of filter
coefficients for the acoustic echo canceller is determined and set at step 637.

[0136] Afterthe current set of filter coefficients has been determined, the current set of filter coefficients may be stored
in the memory, thereby forming a preset or provided set of filter coefficients, in order to increase the number of provided
sets of filter coefficients.

[0137] The determined current set of filter coefficients may also replace a provided set of filter coefficients if the quality
of echo compensation using the determined current set of filter coefficients exceeds the quality of echo compensation
using a particular set of filter coefficients within the provided sets of filter coefficients corresponding to a particular
predetermined steering direction.

[0138] The determined current set of filter coefficients may also replace the oldest provided set of filter coefficients.
The oldest provided set of filter coefficients may be the provided set of filter coefficients for which a time stamp, indicating
the time when the set of filter coefficients has been determined, lies furthest in the past, in particular compared to the
times of all other provided sets of filter coefficients.

[0139] In Fig. 7, selected steps of a replacement of a provided set of filter coefficients are shown. Step 730 to 737
correspond to steps 630 to 637 in Fig. 6. At step 738 of Fig. 7, it is determined whether the quality of echo compensation
using the determined current set of filter coefficients exceeds the quality of echo compensation using any of the provided
sets of filter coefficients. A particular set of filter coefficients within the provided sets of filter coefficients may be searched,
wherein the quality of echo compensation using the determined current set of filter coefficients exceeds the quality of
echo compensation using the particular set of filter coefficients and wherein a set of steering directions comprising the
current steering direction and all predetermined steering directions other than the predetermined steering direction
corresponding to the particular set of filter coefficients, contains a predetermined number of steering directions which
is at least equal to the number of microphones in the microphone array. If such a particular set of filter coefficients is
found, the particular set of filter coefficients may be replaced by the determined coefficients at step 739.
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[0140] In particular, the quality of echo compensation using the particular set of coefficients may be worse than the
quality of echo compensation using any other provided set of filter coefficients and the respective predetermined steering
direction and/or predetermined time delays.

[0141] Inthefollowing, an example for determining a set of filter coefficients for an acoustic echo compensation means,
in particular of an acoustic echo canceller, in a beamformer arrangement is detailed, wherein the beamformer arrange-
ment comprises a microphone array comprising two microphones.

[0142] In a memory or storage device, sets of filter coefficients for an echo canceller for a predetermined number of
steering direction may be stored together with corresponding parameters for time delay compensation. In the case of
two microphones in the microphone array, the predetermined number of steering directions has to be at least equal to
2. In this example, the set of parameters

o Q
H,'(ej g ano):¢la¢2
and

~ o
Hi(eJ Lo ) 9y P,

is provided and comprises two sets of filter coefficients, /i\l,-(e/Qu,nO) and Il-\l,-(eiQu,m), respectively. Here I/-\I denotes the
provided set of filter coefficient, no and n,, denote the time for which the respective set of filter coefficients has been
determined and ¢4, ¢,, ¢4 and ¢, denote the relative time delays of the microphone signals 1 and 2, respectively,
corresponding to two different predetermined steering directions, i.e.

9, # ¢,

0, %0,

[0143] Asthe number of predetermined steering directions equals the number of microphones in the microphone array
of this example, the initializing phase may be deemed to be finished.

[0144] The number of filter coefficients in a set of provided filter coefficients for each steering direction of the prede-
termined number of steering directions, may depend on the desired filter order used, for example, for an FIR filter.
[0145] In particular, the number of provided filter coefficients in a set of provided filter coefficients corresponding to a
given steering direction may equal the desired filter order used or the number of filter coefficients that should be determined
for the current set of filter coefficients. In other words, the number of provided filter coefficients per steering direction
may be equal to or larger than 1.

[0146] When, forexample, due tothe movement of a speaker, the beamformer changes from a preset steering direction
to a current steering direction, current time delays ¥4 and 3, may be determined for the respective microphone signals
corresponding to the current steering direction. The optimal filter coefficients for the acoustic echo canceller may be
written as

A Q 2,9 o Q9 jQ
Hi,opl(ej ﬂ:‘91>‘92) =’ E,i(e “)+e ze,i(e ).
[0147] If the optimal filter coefficients could be determined based on the provided sets of filter coefficients and the
predetermined time delays, an impaired signal quality for a certain could be avoided. Hence, it will be desirable to find
the optimal filter coefficients as a function of known quantities, in particular of the provided sets of filter coefficients, i.e.
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H, ("™ ,8,9,) = f(H (™ ,n), H ("™ ,n),0,,0,, 8, 5,9, %) -

A
[0148] For this purpose, based on the above-described equation for H; ., equations for the optimal filter coefficients
for the predetermined steering directions, corresponding to the predetermined time delays of the microphone signals,
i.e. (¢1,9,) and (9 ’(]32), may be formed. These equations may read:

A Q Q Q Q0 Q

H, " 0,p)=e"""F (e )+ F, (e"),
and

~ Q, ~ ~ Q5 Q Q5 Q

Hi,op!(ej F’(Dn%):ej MFl,i(ej ”)‘*‘ej WZFZ,i(e “).

[0149] This system of equations may be solved. In this case, weighted differences may be calculated as follows:

QP 17 iQ iQ ] iQ, ~ ~ 19] iQ, (¢,+@) JQ (o)
ej H%Hi,opl(ej F=¢l’¢2)_e1 A‘P]Hi,opl(ej F’¢l’¢2)=F2,i(eJ F)[ej B —e ’ ]’

Q.5 1 JjQ QL0 1 R, ~ o~ Q I (3+6,) I, (B+o)
ej ”%Hi,opx(e ”>¢]a¢2)_e ”zHi,opt(e ﬂ7¢|’¢2)_F‘1,i(e ”)[e g e ]
and solved for the modified transfer functions, F4; and F,; , respectively, to obtain:

2,8 1 Q 2,0, 7 Qo
€ ”zHi,opt(e ”9¢l3¢2)—e ’ Hi,opt(e ”’¢l’¢2)
ejQ,,(%*az) _ejQy((Tsz)

Fl,i (ejn,,) =

H

and

Q& 1 19] Q.0 1 R, ~ ~
Q eJ ”%Hi,opl(ej ﬂ’¢]3¢2)_e g lI{i,opl(e y’¢l’¢2)
FZ,i(e ”) = :

ejﬂ,,(wzw?u) _ ejﬂ,,(az"'(”l)

[0150] In this way, the optimal impulse responses or optimal transfer functions of the loudspeaker-room-microphone-
beamformer system may be estimated by the corresponding optimal filter coefficients for the acoustic echo canceller,
which may be determined as follows:

I:Ii,opl(ejﬂy"gl"'92) = f(ﬁi(em”ano)al:]i(em”anl)#’nal’(oz:azﬂgn‘gz)
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Q0 Q Qe ~ o~
ejﬂ .9,e ! Hlopl(e ”’¢I?¢2) e’ H:opl( ”’¢l3¢2)

Q Q
e’ 2 (@1+32) — o’ £ (B1+02)

!Q% e R o~ ~
jQ”SZ 5 Hlopl( ”,@1,402)—3 g Hi,opl(e ’¢l’¢2)

(e +d) ejﬂ,,(éiz +¢)

+e
e

[0151] Using the provided sets of filter coefficients as estimate for the optimal sets of filter coefficients corresponding
to the predetermined time delays, this yields following estimate for the initialization of the filter coefficients of the acoustic
echo canceller at time n,, which may correspond to the time when the beamformer changes to the current steering
direction:

JQuPy 1 Q J,0 1 iQ
o, € " H,(e"™,n))—e " H(e ™ ,n)
ejﬂ,,(%+¢7z) _ejQ,,(aﬁwz)

ﬁi(ejn”,n2)=e

iQ 19) JjQ Q
jo,8 € A H (" ,n,)— e’ H (e’ n)
iQ iQ +
ej L (02 +3) ej (P +p1)

+e

[0152] By using this calculated set of filter coefficients after the beamformer changes to the current steering direction,
a residual echo in the beamformed signal may be reduced or completely cancelled, without the need of a complete re-
adaptation of the acoustic echo canceller.

[0153] The generalization of this example to M microphones is straightforward. A filter coefficients vector, H( ), of the
acoustic echo canceller may be defined, wherein each element of H (i) corresponds to a filter coefficient of the same
arbitrary filter order, i, but corresponding to different predetermined steering directions. The above-described system of
equations may then be written, for example, as matrix multiplication between a matrix, A, comprising coefficients which
comprise time delay functions, and a transfer vector, f, of modified transfer functions, i.e.

H(i) = Af.

[0154] Each element of the transfer vector corresponds to a modified transfer function for a different microphone
signal, but for the same arbitrary filter order, i, i.e. Fk’i. To find the modified transfer functions, the matrix A has to be
inverted, i.e.

f=A" H().

[0155] These steps may be performed for each desired filter order, i.
[0156] In the previously discussed example, the number of microphones in the microphone array was equal to 2, i.e.
M=2. In this case, the filter coefficients vector, the transfer vector and the matrix A read:

H(e™™,0,,0,)

Hy=| """ o707
Hi(ejnﬂ,(on(Pz)

M
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and

JQ e JRue

jQpal e jQp&Z

[0157] Inverting matrix A may be performed analytically or numerically. Knowing the transfer vector of modified transfer
functions, a set of filter coefficients for the acoustic echo canceller may be calculated analogously as described in the
above-mentioned examples.

[0158] If the predetermined number of steering directions equals the number of microphones in the microphone array,
and a current or arbitrary steering direction is set or provided, the current set of filter coefficients for the acoustic echo
canceller may be determined as described above. After a short period of time it may be checked whether the quality of
echo compensation exceeds a predetermined threshold. In this case, the determined current set of filter coefficients,
the current steering direction and/or the current relative time delays corresponding to the current steering direction may
be stored in a memory together with the provided sets of filter coefficients and predetermined time delays. The set of
current steering direction, in particular, current time delays, and current set of filter coefficients may replace a provided
set of filter coefficients and the corresponding predetermined steering direction. It may, for instance, replace the oldest
or worst provided set of filter coefficients. In the latter case, an additional parameter may be stored together with each
provided set of filter coefficients, which describes the quality of echo compensation at or for the time when the provided
set of filter coefficients was determined.

[0159] The current steering direction and the determined current set of filter coefficients may also be stored additionally
tothe provided set of filter coefficients toincrease the number of equations in the systems of equations as described above.
[0160] A second beamformer and a second acoustic echo canceller may be used to update the oldest provided set
of filter coefficients for the acoustic echo canceller. For this purpose, the time delay parameters of the second beamformer
may be set to be the predetermined relative time delays corresponding to the oldest provided set of filter coefficients
and the second acoustic echo canceller may be used to adapt for that predetermined steering direction. If the quality of
echo compensation exceeds a predetermined threshold, the so-determined set of filter coefficients may be used to
replace the oldest provided set of filter coefficients.

[0161] Although the previously discussed embodiment 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. A method for determining a set of filter coefficients for an acoustic echo compensation means in a beamformer
arrangement, wherein the beamformer arrangement comprises a microphone array comprising at least two micro-
phones, a beamformer yielding a beamformed signal based on microphone signals from each of the at least two
microphones and an acoustic echo compensation means operating on the beamformed signal for echo compensation
of the beamformed signal, the method comprising:

providing a plurality of sets of filter coefficients for the acoustic echo compensation means, each set of filter
coefficients corresponding to one of a predetermined number of steering directions of the beamformer arrange-
ment, wherein the predetermined number of steering directions is equal to or greater than the number of
microphones in the microphone array; and

for a current steering direction, determining a current set of filter coefficients for the acoustic echo compensation
means based on the provided sets of filter coefficients.

2. The method according to claim 1, wherein the step of determining a current set of filter coefficients is based on a
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combination of provided sets of filter coefficients.

The method according to claim 1 or 2, wherein the step of determining a current set of filter coefficients is preceded
by determining, for each microphone signal, a current time delay corresponding to the current steering direction,
and wherein determining a current set of filter coefficients is further based on the current time delays.

The method according to one of the previous claims, wherein determining a current set of filter coefficients comprises:

for each filter coefficient of the current set of filter coefficients, computing a sum, wherein each summand
comprises a modified transfer function corresponding to a combination of (a) filter coefficients of the beamformer
and (b) transfer functions, in particular transfer functions of the loudspeaker-room-microphone system.

The method according to claim 4, wherein determining the sum comprises determining the modified transfer functions
based on the provided sets of filter coefficients, in particular, wherein determining the modified transfer functions is
further based on predetermined time delays corresponding to predetermined steering directions of the predetermined
number of steering directions.

The method according to one of the claims 4 - 5, wherein the modified transfer functions are independent of the
current steering direction and/or wherein each summand of the sum further comprises a time delay function, wherein
the time delay function is a function of the current time delay of the microphone signal corresponding to the summand.

The method according to one of the previous claims, wherein the providing step comprises for each of the prede-
termined number of steering directions determining a time delay for each microphone signal corresponding to the
predetermined steering direction, and storing the time delay for each microphone signal.

The method according to one of the previous claims, wherein the providing step comprises for each of the prede-
termined number of steering directions adapting the acoustic echo compensation means for the predetermined
steering direction, and storing a set of filter coefficients of the acoustic echo compensation means corresponding
to the predetermined steering direction, in particular, wherein the step of adapting the acoustic echo compensation
means is performed such that the quality of echo compensation exceeds a predetermined threshold.

The method according to one of the previous claims, wherein:

the step of determining a current set of filter coefficients is preceded by determining whether the current steering
direction deviates or differs from a preset steering direction; and

if the current steering direction deviates or differs from the preset steering direction determining the current set
of filter coefficients.

The method according to one of the previous claims, comprising updating a provided set of filter coefficients using
a second beamformer and a second acoustic echo compensation means.

The method according to claim 10, wherein updating a provided set of filter coefficients comprises the steps of;

setting the time delay parameters of the second beamformer according to a predetermined steering direction
corresponding to one of the provided sets of filter coefficients;

adapting the second acoustic echo compensation means for the predetermined steering direction, yielding a
new set of filter coefficients; and

replacing the provided set of filter coefficients with the new set of filter coefficients.

The method according to one of the previous claims, wherein the step of determining a current set of filter coefficients
is followed by storing the current set of filter coefficients and the current steering direction.

The method according to one of the previous claims, further comprising determining the quality of echo compensation
corresponding to a set of filter coefficients and the corresponding steering direction, according to a predetermined
criterion.

The method according to claim 13, further comprising:
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searching among the provided set of filter coefficients a particular set of filter coefficients,

wherein the quality of echo compensation using the current set of filter coefficients exceeds the quality of echo
compensation using the particular set of filter coefficients, and

wherein a set of steering directions comprising the current steering direction and all predetermined steering
directions other than the predetermined steering direction corresponding to the particular set of filter coefficients,
contains a predetermined number of steering directions which is at least equal to the number of microphones
in the microphone array; and

if such a particular set of filter coefficients is found:

replacing the particular set of filter coefficients and the corresponding predetermined steering direction with
the determined current set of filter coefficients and the corresponding current steering direction.

15. 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.

16. An apparatus for determining a set of filter coefficients for an acoustic echo compensation means in a beamformer
arrangement, wherein the beamformer arrangement comprises a microphone array comprising at least two micro-
phones, a beamformer yielding a beamformed signal based on microphone signals from each of the at least two
microphones and an acoustic echo compensation means operating on the beamformed signal for echo compensation
of the beamformed signal, comprising:

filter coefficients determining means configured to perform the method according to one of the claims 1 - 14.
17. A system comprising:

a microphone array comprising at least two microphones;

a beamformer;

an acoustic echo compensation means; and
an apparatus according to claim 16.
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