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for speech signal acquisition in a vehicular cabin com-
prising at least one first directional microphone being ori-
ented in a first direction, at least one second directional

from the first direction, and a noise reduction device con-
figured to cancel a noise part in a signal from the at least
one first directional microphone using a signal from the
at least one second directional microphone.
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Description

[0001] Theinventionisdirected to a hands-free system
for speech signal acquisition in a vehicular cabin which
shows an improved signal quality.

[0002] Hands-free systems are used in vehicular cab-
ins, particularly of cars, for different purposes. For exam-
ple, a hands-free system can be used to enable hands-
free telephony. As another example, control of devices
such as a navigation system or an air conditioning system
might rely on a hands-free system. For this, the acquired
signals are processed using a speech recognition device
to determine control signals as input by a user.

[0003] In most common hands-free system, at least
one microphone is provided to pick up speech signals
from a user. These microphones are usually fixedly
mounted inside the vehicular cabin. The place for the
microphones is chosen based on different criteria. On
the one hand, the arrangement and orientation of the
microphones with respect to an expected speaker has
to be optimized. On the other hand, usually, there are
constructional and/or aesthetic or design constraints re-
stricting the number of possible positions.

[0004] A hands-free system offers a high comfort to a
user because no headset or handset is needed. Howev-
er, the quality of the signal, in particular, the signal-to-
noise ratio, acquired by a microphone is rather poor be-
cause the acoustic level of the speech signal decreases
with the distance from the speaker’s mouth to the micro-
phone. In view of this, there is a need to enhance the
signal quality of the acquired signals and to improve/in-
crease the signal-to-noise ratio.

[0005] One possibility to obtain noise suppression in
a signal is to use a microphone array containing several
microphones in combination with spatial filtering. In this
case, usually omni-directional microphones are used in
the microphone arrays. However, due to the arrangement
of the microphones in an array and the subsequent fil-
tering, a desired directivity of the array can be achieved
with the consequence of a noise suppression. In partic-
ular, the directivity of this system is controlled such that
its sensitivity is highest in the direction to an expected
speaker. Noise signals coming from other directions, for
example, from other speaking persons or from loud-
speakers, are suppressed. Possible realizations of such
microphone array systems are described in M. Brand-
stein, D. Ward: Microphone arrays: signal processing
techniques and applications, Springer Verlag, Berlin
(Germany), 2001.

[0006] In all these microphone array systems, the mi-
crophones of the array are used to both pick up the
speech signal and the noise signal. The separation of
the noise signal from the speech signal is achieved by
processing the entire signals acquired by the microphone
array system. However, as all signals to be processed
always contain both speech and noise parts, the process-
ing of the signals is quite complex, and the resulting signal
still contains noise parts.
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[0007] Thus, itis the problem underlying the invention
to provide a simplified hands-free system yielding a fur-
ther improved signal-to-noise ratio in an acquired signal.
This problem is solved by a hands-free system in accord-
ance with claim 1.

[0008] Accordingly, a hands-free system for speech
signal acquisition in a vehicular cabin is provided, com-
prising:

atleast one first directional microphone being orient-
ed in a first direction,

at least one second directional microphone being
oriented in a second direction different from the first
direction, and

anoise reduction device configured to cancel a noise
part in a signal from the at least one first directional
microphone using a signal received from the at least
one second directional microphone.

[0009] Such a hands-free system allows to acquire a
signal comprising a speech part and a noise part with the
atleast one first directional microphone, on the one hand,
and to acquire a noise signal with the at least one second
directional microphone, on the other hand, as the at least
one second directional microphone points in a different
direction than the at least one first microphone. There-
fore, a signal picked up by the at least one second mi-
crophone containing (almost) only noise can be used to
remove a noise part from the signal picked up by the at
least one first microphone.

[0010] In this context, it is pointed out that the term
"speech" is used to denote any type of wanted signal
whereas "noise" denotes an unwanted signal. In other
words, "noise" can also comprise signals comprising
speech elements, for example, emanating from a loud-
speaker or another speaker presentin the vehicular cab-
in; however, these signals are not wanted for a specific
purpose.

[0011] The use of directional microphones has the ad-
vantage that the first microphones can be arranged so
as to point to a position of an expected speaker so that
the second microphones, due to their different pointing
direction, only or predominately acquire a noise signal
not stemming from the speaker. Thus, this hands-free
system enables to enhance an acquired signal with a
wanted speech part already without additional sophisti-
cated filter methods.

[0012] The angle between the pointing directions of
the first and the second directional microphones can lie
between 20° and 180°, preferably between 90° and 180°,
most preferred between 130° and 180°.

[0013] The noise reduction device can be configured
to subtract a signal based on the signal from the at least
one second directional microphone from the signal from
the at least one first directional microphone.

[0014] Inthis way, the calculation of the noise part from
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the signal acquired by the at least one first directional
microphone in an advantageous and simple way. In par-
ticular, the subtrahend, i.e. the signal based on the signal
from the at least one second microphone, can be based
on orcan be equal to the sum or the average of the signals
acquired by all second directional microphones.

[0015] The noise reduction device can be further con-
figured to cancel a noise part in a signal from the at least
one second directional microphone using a signal from
the at least one first directional microphone.

[0016] In this way, the hands-free system is enabled
to acquire enhanced speech signals or wanted signals
from two different directions. In particular, in a vehicular
cabin, the at least one first and second microphones can
be arranged so that the at least one first microphone
pointsinthe direction of driver and the atleast one second
microphone in the direction of a front seat passenger.
Then, if the driver is speaking, the first microphones are
responsible for picking up the speech signals whereas
the second microphones acquire the noise reference sig-
nals. If the front seat passenger is speaking, the roles of
the first and second microphones are swept.

[0017] In other words, the noise reduction device is
configured symmetrically to cancel a noise partin signals
acquired either by the first or the second microphones
based on noise reference signals acquired by the other
at least one microphone (i.e., the second or the first mi-
crophones, respectively).

[0018] In the above embodiment, the hands-free sys-
tem can further comprise a control means for controlling
the signal processing of the noise reduction device ac-
cording to a predetermined criterion in such a way that
a noise part in a signal from the at least one first micro-
phone and/or a noise part in a signal from the at least
one second microphone is cancelled.

[0019] Such a control means allows to use the noise
reduction system together with the first and second mi-
crophones in an advantageous way to acquire a speech
signal from one of the two pointing directions of the mi-
crophone and suppressing noise parts therein using the
microphones pointing in the other direction.

[0020] Several criteria are possible to be used by this
control means. For example, always if a speech signal
is detected in the signals from the first microphones, the
noise reduction device is controlled such that a noise part
in the signal from the at least one first microphone is
cancelled using the signal from the second microphones
as noise reference signal. In this way, a speaker to which
the at least one first microphone is pointing is prioritized.
[0021] Alternatively, the control means can be config-
ured such that a noise part in a signal from those micro-
phones is cancelled for which a speech signal is detected
first. In this case, each time one speaker stops talking,
both the first and the second microphones are ready to
acquire a speech signal.

[0022] In the previously described hands-free sys-
tems, the at least one first directional and/or the at least
one second directional microphone can be provided as
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a microphone array with at least two directional micro-
phones, and the noise reduction system can comprise a
beamformer for processing the signals from each micro-
phone array.

[0023] Using a microphone array and a corresponding
beamformer, particularly for picking up the wanted signal,
further increases the signal-to-noise ratio in the signal
containing the wanted signal. This leads to a more en-
hanced resulting signal after cancellation of the noise
part. If the at least one second microphone is also used
to pick up wanted signals, such an advantageous en-
hancement of the resulting signal is obtained when using
a microphone array and a corresponding beamformer in
the case of the second microphones as well.

[0024] Ifboth the first and the second microphones are
provided as a microphone array comprising at least two
directional microphones, a beamformer can be provided
for processing the signals from both microphone arrays.
Alternatively, for each microphone array, a beamformer
can be provided.

[0025] According to a further aspect of the above de-
scribed hands-free systems, the number of first micro-
phones can equal the number of second microphones.
Such a symmetrical case makes it possible to use both
the first and the second microphones for picking up a
wanted speech signal with similar signal quality.

[0026] The at least one first and at least one second
microphones can be provided pairwise such that one first
microphone and one second microphone are arranged
on a common support frame, respectively.

[0027] By such a pairwise arrangement, a dual micro-
phone is obtained comprising a first and a second direc-
tional microphone, each pointing in a different direction.
Dual microphones of this kind can be provided in a very
compact form, which has the advantage that not much
space is required when mounting the microphones or
microphone arrays, in particular, in a vehicular cabin.
Each first and second microphone can further be provid-
ed in a common housing.

[0028] In the previously described hands-free sys-
tems, each first microphone can have a first output, each
second microphone can have a second output and the
noise reduction device can comprise a first input for each
first microphone output, a second input for each second
microphone output, a cancellation means, a first signal
path connecting the at least one first input and the can-
cellation means, a second signal path connecting the at
least one second input and the cancellation means,
wherein the cancellation means can be configured to
cancel the noise part from the signal received via the first
signal path using the signal received via the second sig-
nal path, wherein each first microphone output is con-
nected to a first input of the noise reduction device and
each second microphone output is connected to a sec-
ond input of the noise reduction device.

[0029] Inthis way, a particularly advantageous config-
uration of the noise reduction device and its connection
via corresponding signal paths to the at least one first
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and second microphones is obtained.

[0030] In particular, the cancellation means can be
configured to subtract the signal based on the signal re-
ceived by the second signal path from the signal received
by the first signal path.

[0031] In the above hands-free systems, an adaptive
filter, in particular, based on an LMS, NLMS or RLS al-
gorithm, can be provided on the second signal path be-
tween the cancellation means and each second input.
[0032] Suchadaptivefiltersresultin a further enhance-
ment of the speech signal. The adaption of the adaptive
filter can be based on the output signal of the cancellation
means. Each adaptive filter can be configured to be op-
timized adaptively to estimate the residual noise in the
signal received by the cancellation means via the first
signal path; thus, the adaptive filters are adapted to max-
imally cancel out such a residual noise.

[0033] In the previously described hands-free sys-
tems, the at least one first directional microphone can be
provided as a microphone array with at least two direc-
tional microphones, and a beamformer can be provided
on the first signal path, wherein for each first input of the
noise reduction device, the first signal path comprises a
sub-path connecting the first input and the beamformer.
[0034] Such an arrangement with a microphone array
and a beamformer results in a further enhancement of
the signal acquired by the first microphones, particularly
with respect to its signal-to-noise ratio.

[0035] The beamformer can be a fixed beamformer.
As an example, the beamformer can be a delay-and-sum
beamformer in which the signals coming from the differ-
ent microphones are delayed in such a way that signals
entering the microphones from a preferred direction can
be added in phase. Then, a summation of the delayed
microphone signals is performed. According to another
alternative, afilter-and-sum beamformer ("superdirective
beamformer") can be used. Furthermore, instead of a
fixed beamformer, it is also possible to use an adaptive
beamformer.

[0036] The above hands-free systems can further
comprise a third signal path connecting each first input
and the cancellation means, wherein a blocking matrix
and a subsequent adaptive filter in the direction of signal
flow is provided on the third signal path, wherein for each
first input of the noise reduction device, the third signal
path comprises a sub-path connecting the first input and
the blocking matrix and a sub-path connecting the block-
ing matrix and the adaptive filter.

[0037] In this way, an adaptive structure is obtained
which is sometimes called "generalized side-lobe can-
celler" (GSC). In this way, the signal quality can be further
improved.

[0038] The blocking matrix serves to block out parts of
the signal so that a noise reference signal is obtained.
The blocking matrix may be realized in different ways.
For example, the blocking matrix may have a form so
that a pairwise subtraction of neighboring input channels
is performed. Another possibility is described in the article
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by L. Griffiths, Ch. Jim: "An alternative approach to line-
arly constrained adaptive beamforming”, IEEE Trans. On
Antennas and Propagation, Vol. 30, No. 1, pp. 27 - 34,
January 1982.

[0039] The previously described hands-free systems
may further comprise subtraction means on the second
signal path between each second input of the noise re-
duction device and the cancellation means and a fourth
signal path comprising sub-paths connecting the first sig-
nal path and each subtraction means, wherein an adap-
tive filter is provided on each sub-path connecting the
first signal path and each subtraction means.

[0040] Withsuch a configuration, areduction of wanted
signal parts in the signals received from the at least one
second directional microphones is obtained. As a result,
these wanted signal parts will not be removed from the
signal received from the at least one first directional mi-
crophone.

[0041] The adaption of the adaptive filters on the sub-
paths can be based on the output of the corresponding
cancellation means on the second signal path. With these
additional adaptive filters, it is possible to compensate
for wanted signal portions that leak into the noise refer-
ence signals.

[0042] The above-described hands-free systems can
further comprise an adaption controller with a speech
detector for controlling adaption of an adaptive filter in
accordance with the detection of speech. In particular,
the hands-free systems can comprise an adaption control
for adaption of all adaptive filters in accordance with the
detection of speech.

[0043] Inparticular, the adaption controller can be con-
figured to initiate adaption of an adaptive filter on the
second signal path if no speech is detected on the first
signal path. The adaption controller can be configured to
initiate adaption of an adaptive filter on a signal path con-
necting the first signal path and a subtraction means on
the second signal path, if wanted speech is detected in
the signal on the first signal path. Such an adaption con-
trol further prevents wanted signal cancellation.

[0044] Inthe above hands-free systems, each first mi-
crophone output can be connected to a second input of
the noise reduction device and each second microphone
output can be connected to a first input of the noise re-
duction device, and the hands-free system can comprise
a control means for controlling the signal processing of
the noise reduction device according to a predetermined
criterion in such a way that a noise part in a signal from
the at least one first microphone and/or a noise part in a
signal from the at least one second microphone is can-
celled by the cancellation means.

[0045] Such a configuration leads to a symmetrical ar-
rangement. It has the advantage that canceling a noise
part in a signal received from the at least one second
directional microphone using a signal received from the
at least one first directional microphone is enabled.
[0046] In particular, the cancellation means can be fur-
ther configured to subtract a signal based on the signal
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received by the first signal path from a signal received
by the second signal path. Furthermore, a signal path
with an adaptive filter connecting the first input and the
cancellation means and/or a signal path with a beam-
former connecting the second input and the cancellation
means can be provided. These signal paths can be iden-
tical to the first and second signal paths mentioned
above. The adaptive filter and the beamformer can be
configured as those on the first and the second signal
path.

[0047] Itis possible to use the adaptive filters and the
beamformer described above for processing the signals
acquired by the other microphones. For this, the second
input can be connected with the beamformer on the first
signal path and the first input can be connected with the
adaptive filters on the second signal path. In this case,
the control means is configured to control the signal flow
in the noise reduction device accordingly. Thus, depend-
ing on which microphones (the first or the second micro-
phones) are used to pick up a desired signal, the beam-
former and the cancellation means in the noise reduction
device are used in the appropriate way.

[0048] According to another aspect, the noise reduc-
tion device of the above-described hands-free systems
can be a first noise reduction device to provide a first
enhanced output signal, and the hands-free system can
further comprise a second noise reduction device con-
figured to cancel a noise part in a signal from the at least
one second directional microphone using a signal from
the at least first second directional microphone to provide
a second enhanced output signal.

[0049] This allows to independently enhance signals
coming from the first and the second directional micro-
phones, respectively. In particular, two enhanced output
signals (corresponding to the first and the second direc-
tional microphones, respectively) can be provided.
[0050] In such a case, the hands-free system can fur-
ther comprise a signal mixer for combining the first and
the second enhanced output signal to provide a com-
bined enhanced output signal.

[0051] The signal mixer can be configured such that
the mixing weights are controlled in a time-varying way
depending on a speech activity detected for the at least
one first and/or the at least one second directional mi-
crophone. Alternatively, the signal mixer can be config-
ured such that one of the mixing weights is set to zero
according to a predetermined criterion. As an example,
if speech activity is detected for one of the first or the
second microphones, the mixing weight for the other of
the first or second microphones is set to zero. In this way,
the speaker who starts first is prioritized.

[0052] In the above hands-free systems, the second
noise reduction device can be configured to process a
signal from the at least one first directional microphone
and a signal from the at least one second directional mi-
crophone at least partly in the same way as the first noise
reduction device processes a signal from the at least one
second directional microphone and a signal from the at
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least one first directional microphone, respectively.
[0053] Thus, an at least partly symmetrical configura-
tion is obtained. In particular, the second noise reduction
device can atleast partly comprise the same components
as the first noise reduction device as described above.
For example, the second noise reduction device can
comprise afirstinput for each second microphone output,
a second input for each first microphone output, a can-
cellation means, afirst signal path connecting the at least
one first input and the cancellation means, a second sig-
nal path connecting the at least one second input and
the cancellation means, wherein the cancellation means
can be configured to cancel the noise part from the signal
received via the first signal path using the signal received
viathe second signal path, wherein each first microphone
output is connected to a second input of the noise reduc-
tion device and each second microphone output is con-
nected to a first input of the noise reduction device. As a
further example, the second noise reduction device can
comprise a beamformer and/or a cancellation means,
similar to the case of the first noise reduction device.

[0054] In addition, the above-described hands-free
systems can further comprise an acoustic echo canceller
(AEC).

[0055] Suchanacousticecho cancellercanusealoud-

speaker excitation signal as a basis to cancel a further
noise part in a signal received from the at least one first
directional microphone. In this way, an acoustic feedback
from loudspeakers into the microphones will also be com-
pensated for. Preferably, if more than one loudspeaker
is present, the acoustic echo canceller can comprise one
filter for each loudspeaker.

[0056] The invention further provides the use of a dual
microphone comprising a first directional microphone be-
ing oriented in a first direction and a second directional
microphone being oriented in a second direction different
from the first direction, the first and the second micro-
phone being arranged on a common support frame, for
forming a microphone array for a hands-free system for
speech signal acquisition in a vehicular cabin, in partic-
ular, as described above.

[0057] Furthermore, a vehicular cabinis provided com-
prising a hands-free system as described above.
[0058] Further features and advantages of the inven-
tion will be described in the following with reference to
the figures.

Fig. 1 shows a block diagram of an example of a
hands-free system for speech signal acquisi-
tion with noise reduction;

Fig. 2. illustrates the configuration of a dual micro-
phone;

Fig. 3 illustrates an array of two dual microphones;

Fig. 4 shows a block diagram of a hands-free system

with enhanced noise reduction;
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Fig. 5 shows a block diagram of a hands-free system
with additional adaptive filters;

Fig. 6 shows a hands-free system with an acoustic
echo canceller.

[0059] Fig. 1 schematically illustrates the configuration

of a hands-free system for speech signal acquisition and
noise suppression. The example shown in this figure
comprises two microphone arrays. The first microphone
array comprises two first directional microphones 1 being
oriented in a first direction as indicated by arrow 2. The
second microphone array comprises two second direc-
tional microphones 3, being oriented in a second direc-
tion different from the first direction.

[0060] Inthe embodiment shown, the first microphone
array is pointing in the direction of an expected speaker.
The output of these first microphones is used to generate
a primary signal xp(Kk).

[0061] The hands-free system further comprises a
noise reduction device 4. A cancellation means 5 forms
part of this noise reduction device 4. This cancellation
means 5 serves to cancel a noise part from the primary
signal xp. The noise reduction device 4 comprises a first
input 6 for each first microphone 1.

[0062] A first signal path 7 connects the first inputs 6
and the cancellation means 5. On this first signal path 7,
a beamformer 8 is provided that is a fixed beamformer
(FBF) in the present example. As an example, the beam-
former can be a delay-and-sum beamformer or a filter-
and-sum ("superdirective") beamformer. However, an
adaptive beamformer can be used as well. The first signal
path 7 comprises sub-paths 7’ connecting the first inputs
6 of the noise reduction device 4 and the beamformer 8.
[0063] Whereas the first microphones 1 are used for
picking up a wanted speech signal, denoted by xg 4(k)
and xg »(k), the second microphones 3 are used for pick-
ing up noise signals only (or at least predominantly), de-
noted by xy 4(k) and xy (k). The noise reduction device
4 has inputs 9 for receiving the signals from the second
microphones 3.

[0064] A second signal path 10 connects the second
inputs 9 and the cancellation means 5. On the second
signal path 10, adaptive filters 11 having transfer func-
tions hy 1(k) and hy 5(k) are provided between both sec-
ond inputs 9 and the cancellation means 5.

[0065] Theadaptivefilters 11 are used tofilterthe noise
reference signals, wherein these filters are adapted to
maximally cancel out residual noise parts of the primary
signal xp. There are a variety of adaption methods to
update the adaptive filters 11. As an example, LMS,
NLMS or RLS algorithms can be used.

[0066] A main advantage of the hands-free system as
shown in Fig. 1 is that a first microphone array with di-
rectional microphones 1 is used to pick up a wanted
speech signal deteriorated by noise components where-
as the second microphone array with directional micro-
phones 3 is used for picking up noise only. After process-
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ing the speech signals xg 1(k) and xg ,(k) from the first
microphones by the beamformer 8, the primary signal xp
(k) is fed to the cancellation means 5 where the adaptively
filtered noise reference signals xy 4(k) and xy o(k) are
subtracted from the primary signal.

[0067] In the example shown in Fig. 1, both micro-
phone arrays comprise two directional microphones.
However, according to an alternative thereto, only one
directional microphone for each direction can be provid-
ed, in which case, no beamformer would be required. As
another alternative, each microphone array can com-
prise more than two directional microphones.

[0068] Furthermore, the number of microphones in the
first and the second microphone array need not be the
same. Particularly, if the first directional microphones are
intended for wanted speech signal acquisition whereas
the second directional microphones for noise signal ac-
quisition only, a microphone array with two or more mi-
crophones can be provided as the first microphones and
less microphones, particularly only one directional micro-
phone, as the at least one second directional micro-
phone.

[0069] Inthe example illustrated in Fig. 1, the different
directional microphones are provided as independent mi-
crophones. Consequently, if such a hands-free system
is to be mounted in a vehicular cabin, for example, in the
overhead console, each microphone has to be independ-
ently mounted. An alternative thereto is shown in Fig. 2.
[0070] In this figure, a dual microphone is schemati-
cally depicted. Such a dual microphone comprises a first
directional microphone 1 and a second directional micro-
phone 3, both microphones pointing in a different direc-
tion. Their pointing direction is indicated by arrows 2. The
angle o between the pointing directions preferably lies
between 90° and 180°, in particular, between 130° and
180°.

[0071] In this dual microphone, the two directional mi-
crophones are mounted on a common substrate (not
shown). Furthermore, the illustrated example also com-
prises a common housing 12. In this way, a very compact
arrangement of two directional microphones is obtained.
[0072] As shown in Fig. 3, a two of these dual micro-
phones can be arranged so as to form two microphone
arrays. The first microphones 1 of both dual microphones
formtogether the first microphone array whereas the sec-
ond directional microphones 3 of both dual microphones
form the second microphone array. Although Fig. 3 de-
picts only two dual microphones, it is to be understood
that other numbers of dual microphones can be used as
well to obtain microphone arrays, each comprising more
than two directional microphones.

[0073] The distance d between two neighboring dual
microphones is to be chosen depending on different pa-
rameters such as type of beamformer used, distance be-
tween the microphone array and the expected position
of a speaker’s (such as a driver’s) mouth, space restric-
tions for mounting the microphone arrays, etc. According
to a typical example, the dual microphones can be ar-
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ranged with a spacing of d = 7cm.

[0074] Theangle abetween the pointing directions can
be chosen depending on the intended use of the micro-
phone arrays. For example, if both microphone arrays
are used to pick up speech in a car, the directional mi-
crophones are to be oriented in the direction of the speak-
er and the front seat passenger.

[0075] Fig. 4 illustrates an example of a hands-free
system with which the problem of leakage of the wanted
speech signal into the noise reference microphones 3
(due to sound reflections or non-ideal directional charac-
teristics of the microphones) is reduced. In this figure,
same reference numerals denote same elements as in
Fig. 1

[0076] In this example, a third signal path 13 is provid-
ed which connects the first inputs 6 and the cancellation
means 5. On this third signal path 13, a blocking matrix
(BM) 14 and, in the direction of signal flow, a subsequent
adaptive filter 15 with the transfer function hggc(K) is pro-
vided. The blocking matrix 14 is configured to block want-
ed speech parts in the speech microphone signals Xg 4
(k) and Xg (k). The resulting signal xg(k) is used as a
noise reference signal.

[0077] Thus, together with the two microphone signals
xn.1(K) and xy »(k), three noise reference signals are
present in total. Such a structure comprising a blocking
matrix and a subsequent adaptive filter is called "gener-
alized sidelobe canceller" (GSC). In cancellation means
5, the three noise reference signals are subtracted from
the primary signal xp.

[0078] Inthe case of leakage of the speech signal into
the noise reference signals, not only the noise portions
of the reference signals are correlated with the primary
signal, but also some speech portions of the noise refer-
ence signals. In this case, there is the risk that the adap-
tive filtering as illustrated in Fig. 1 also results in canceling
parts of the desired speech signal.

[0079] In order to overcome this problem, a noise re-
duction device as shown in Fig. 5 can be provided. In this
example, additional subtraction means 16 are provided
on the second signal path 10 between each second input
and the cancellation means 5. Furthermore, a fourth sig-
nal path 17 connecting the first signal path 7 and the
subtraction means 16 are provided. On each fourth signal
path 17, adaptive filters 18 with the transfer function hg 4
(k) and hy ,(k) are provided. These additional adaptive
filters 18 are used to clean the noise reference signals
from speech portions. The resulting signals x 4(k) and
Xr 2(k) are used as input for the adaptive filters 11.
[0080] Preferably, the filters 18 for reducing speech
portions should be updated when the desired speaker is
active. On the other hand, the noise filters 11 should not
be updated when the desired speaker is active in order
to prevent further signal cancellation. In view of this, an
adaption controller (not shown) can be provided compris-
ing a speech detector for providing speech of a desired
speaker to freeze or update the adaptive filters, respec-
tively. Then, the speech filters 18 adapted only during
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speech activity of the desired speaker ("speech adap-
tive") whereas the noise filters 11 are adapted during
noise periods ("noise adaptive").

[0081] A further example of a hands-free systemis de-
picted in Fig. 6. In addition to the embodiment shown in
Fig. 1, the example of Fig. 6 further comprises an acoustic
echo canceller (AEC) 19. This acoustic echo canceller
19 is a further adaptive filter which uses a loudspeaker
signal x| (k) as additional noise reference signal. In this
way, a further noise part can be subtracted from the pri-
mary signal xp in cancellation means 5.

[0082] It is to be pointed out that the primary signal
and/or noise reference signals used in the examples can
be weighted depending on the filtering along the respec-
tive signal path.

[0083] In the case of a multi-channel playback over
several loudspeakers, an extra filter 19 is preferred for
each playback channel in the echo canceller. For exam-
ple, two filters are advantageous for stereo playback.
[0084] Inthe examples described above, the structure
of the noise reduction device has always been depicted
such that the first microphones are used to provide a
primary signal, whereas the second microphones are re-
sponsible for yielding the noise reference signals. How-
ever, as the microphones can be provided in a symmet-
rical way, the noise reduction device can also be config-
ured accordingly. In other words, the signal processing
can be applied for signals either coming from the first or
the second microphone array. In the case of a hands-
free system mounted in a vehicular cabin, this allows to
use the system for enhancing speech signals from both
the driver and a front seat passenger, for example’.
[0085] When configuring the noise reduction device in
this way, one can use the same beamformer and adaptive
filters for both microphone arrays. In this case, a control
means is to be provided controlling the signal flow from
each microphone array to the appropriate elements of
the noise reduction device for the specific case. For ex-
ample, if the driver is speaking, a structure as shown in
the figures would be present whereas if the front passen-
ger is speaking, the roles of the microphone arrays and
the corresponding connections within the noise reduction
device to the filters are to be swept. In other words, in
the latter case, the microphones pointing to the driver are
used to pick up the noise reference signal, whereas the
microphones pointing to the front seat passenger are
used to pick up speech.

[0086] The control of the signal flow of the microphone
signals to the respective filters of the noise reduction de-
vice may depend on a predetermined criterion. For ex-
ample, the control may depend on the speech activity of
both speakers; the microphone array picking up speech
first will be switched to the beamformer, then, this con-
figuration can be maintained until the first speech pause
occurs. Alternatively, this signal flow configuration can
be maintained permanently (for a predetermined time or
until a manual reset is performed).

[0087] Furthermore, the hands-free systems shown in
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the figures and described above can comprise a second
noise reduction being configured similarly as the first
noise reduction device with the difference that the signals
from the second directional microphones are fed to the
first inputs and the signals from the first directional mi-
crophones are fed to the second inputs of the second
noise reduction device. Particularly if the components
and signal paths in the second noise reduction device
are identical to those of the first noise reduction device,
the first and second microphone signals are processed
in the second noise reduction device in a converse way
compared to the case of the first noise reduction device.
[0088] Preferably, such a hands-free system compris-
es also a signal mixer to combine the output signals of
the first and the second noise reduction device to obtain
a combined enhanced output signal. The mixing weights,
i.e. the weights with which the signals are multiplied be-
fore being summed, can be controlled in a time-varying
way depending on the speech activity detected for the
firstand second microphones. As an alternative example,
the weights can be controlled such that a speaker who
starts speaking first is put through permanently whereas
the other speaker is blocked by setting the corresponding
mixing weight to zero.

[0089] Further modifications and variations of the
present invention will be apparent to those skilled in the
artin view of this description. Accordingly, the description
is to be construed as illustrative only and is for the pur-
pose of teaching those skilled in the art on the general
manner of carrying out the present invention. It is to be
understood that the forms of the invention form and de-
scribed herein are to be taken as the presently preferred
embodiments.

Claims

1. Hands-free system for speech signal acquisition in
a vehicular cabin comprising:

atleast one firstdirectional microphone (1) being
oriented in a first direction (2),

at least one second directional microphone (3)
being oriented in a second direction different
from the first direction, and

anoise reduction device (4) configured to cancel
anoise part in a signal from the at least one first
directional microphone using a signal from the
at least one second directional microphone.

2. Hands-free system according to claim 1, wherein the
noise reduction device is configured to subtract the
signal based on the signal from the at least one sec-
ond directional microphone from the signal from the
at least one first directional microphone.

3. Hands-free system accordingtoclaim 1 or2, wherein
the noise reduction device is further configured to
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cancel a noise part in a signal from the at least one
second directional microphone using a signal from
the at least one first directional microphone.

Hands-free system according to claim 3, further com-
prising a control means for controlling the signal
processing of the noise reduction device according
to a predetermined criterion in such a way that a
noise part in a signal from the at least one first mi-
crophone and/or a noise part in a signal from the at
least one second microphone is cancelled.

Hands-free system according to one of the preceding
claims, wherein

the at least one first directional microphone and/or
the at least one second directional microphone is
provided as a microphone array with at least two
directional microphones, and

the noise reduction system comprises a beamformer
(8) for processing the signals from each microphone
array.

Hands-free systems according to one of the preced-
ing claims, wherein the number of first microphones
equals the number of second microphones.

Hands-free system according to one of the preceding
claims, wherein the at least one first and at least one
second microphones are provided pair wise such
that one first microphone and one second micro-
phone are arranged on a common support frame,
respectively.

Hands-free system according to one of the preceding
claims, wherein

each first microphone has a first output,

each second microphone has a second output, and
the noise reduction device comprises

a first input (6) for each first and/or second micro-
phone output,

a second input (9) for each second and/or first mi-
crophone output,

a cancellation means (5),

a first signal path (7) connecting the at least one first
input (6) and the cancellation means (5),

a second signal path (10) connecting the atleast one
second input (9) and the cancellation means (5),
wherein the cancellation means (5) is configured to
cancel the noise part from the signal received via the
first signal path (7) using the signal received via the
second signal path (10),

wherein each first microphone output is connected
to a first input (6) of the noise reduction device (4)
and each second microphone output is connected
to a second input (9) of the noise reduction device.

Hands-free system according to claim 8, wherein the
cancellation means is configured to subtract the sig-
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nal based on the signal received via the second sig-
nal path from the signal received via the first signal
path.

Hands-free system according to claim 8 or 9, wherein
anadaptive filter (11), in particular, based onan LMS,
NLMS or RLS algorithm, is provided on the second
signal path between the cancellation means and
each second input.

Hands-free system according to one of the claims 8
- 10, wherein

the at least one first directional microphone is pro-
vided as a microphone array with at least two direc-
tional microphones, and

a beamformer (8) is provided on the first signal path
(7), wherein for each first input of the noise reduction
device, the first signal path (7) comprises a sub-path
(7’) connecting the first input (6) and the beamformer

(8).

Hands-free system according to claim 11, wherein
the beamformer is a fixed beamformer.

Hands-free system according to claim 11 or 12, fur-
ther comprising a third signal path (13) connecting
each firstinput and the cancellation means, wherein
a blocking matrix (14) and a subsequent adaptive
filter (15) in the direction of signal flow is provided
on the third signal path (13), wherein for each first
input, the third signal path comprises a sub-path con-
necting the first input and the blocking matrix and a
sub-path connecting the blocking matrix and the
adaptive filter.

Hands-free system according to one of the claims 8
- 13, further comprising subtraction means (16) on
the second signal path between each second input
of the noise reduction device and the cancellation
means and a fourth signal path (17) comprising sub-
paths connecting the first signal path and each sub-
traction means,

wherein an adaptive filter (18) is provided on each
sub-path connecting the first signal path and each
subtraction means.

Hands-free system according to one of the claims
8-14, further comprising an adaption controller with
a speech detector for controlling adaption of an
adaptive filter in accordance with the detection of
speech.

Hands-free system according to one of the claims 8
- 15, wherein each first microphone output is con-
nected to a second input (6) of the noise reduction
device (4) and each second microphone output is
connected to a first input (9) of the noise reduction
device, and further comprising a control means for
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controlling the signal processing of the noise reduc-
tion device according to a predetermined criterion in
such a way that a noise part in a signal from the at
least one first microphone and/or a noise part in a
signal from the at least one second microphone is
cancelled by the cancellation means.

Hands-free system according to one of the preceding
claims,

wherein the noise reduction device is a first noise
reduction device to provide a first enhanced output
signal, and

further comprising a second noise reduction device
configured to cancel a noise part in a signal from the
at least one second directional microphone using a
signal from the at least first second directional mi-
crophone to provide a second enhanced output sig-
nal.

Hands-free system according to claim 17, further
comprising a signal mixer for combining the first and
the second enhanced output signal to provide a com-
bined enhanced output signal.

Hands-free system according to claim 17 or 18,
wherein the second noise reduction device is con-
figured to process a signal from the at least one first
directional microphone and a signal from the at least
one second directional microphone at least partly in
the same way as the first noise reduction device
processes a signal from the at least one second di-
rectional microphone and a signal from the at least
one first directional microphone, respectively.

Hands-free system according to one of the preceding
claims, further comprising an acoustic echo cancel-
ler (19).

Use of a dual microphone comprising a first direc-
tional microphone (1) being oriented in a first direc-
tion and a second directional microphone (3) being
oriented in a second direction different from the first
direction, the first and the second microphone being
arranged on a common support frame, for forming a
microphone array for a hands-free system for speech
signal acquisition in a vehicular cabin, in particular,
according to one of the preceding claims.
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