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(57) The present invention relates to a signal
processing system, comprising a number of micro-
phones and loudspeakers, a hands-free set configured
to receive a telephone signal from a remote party and to
transmit a microphone signal supplied by at least one of
the microphones to the remote party; an in-vehicle com-
munication system configured to receive a microphone
signal supplied by at least one of the microphones; re-
ceive the telephone signal; amplify the microphone signal

to obtain at least one first output signal; output the at
least one first output signal and/or a second output signal
corresponding to the telephone signal to at least one of
the loudspeakers; and wherein the signal processing
systems is configured to detect speech activity in the tel-
ephone signal and to control the in-vehicle communica-
tion system to reduce amplification of the microphone
signal by a damping factor, if it is detected that speech
activity is present in the telephone signal.
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Description
Field of Invention

[0001] The present invention relates to the art of in-vehicle communication and, in particular, to a hands-free telephony
set operated in combination with an in-vehicle communication system both installed in an automobile.

Background of the invention

[0002] Verbal communication ininteriors is often affected by a noisy background and in case of electronically amplified
communication feedback effects tend to deteriorate the quality of the processed acoustic signals. A prominent example
for communication in interiors is the communication of passengers in passenger compartments of automobiles. In
particular, at high traveling speeds dialogs between back and front passengers are easily disturbed by background
noise. If additional audio signals, e.g., from a radio or a CD player, are output during the conversation, the intelligibility
of the utterances deteriorates further.

[0003] Toimprovetheintelligibility of the passengers’ utterances in-vehicle communication systems (intercom systems)
comprising speech processing means are more and more commonly installed in passenger compartments. Microphones
mounted near each seat of the passenger compartment can detect speech signals from the passengers. The microphone
signals are processed by a speech signal processing means and output by loudspeakers. Speech signals coming from
a back passenger are preferably output by front loudspeakers and vice versa.

[0004] Sincethe passengercompartments represent relatively small interiors, the output signals from the loudspeakers
are easily fed back to the microphones, if interior communication system comprising microphones and loudspeakers
are used.

[0005] Consequently, itis necessary to reduce acoustic feedback that otherwise can cause, e.g., unpleasant echoes.
In the worst case, acoustic feedback can even result in a complete breakdown of communication. Reliable feedback
reduction means cannot easily be designed, since the reverberating characteristics of passenger compartments are
rather complex.

[0006] In addition to in-vehicle communication systems (Intercom systems) hands-free sets are commonly installed
in passenger compartments. Such hands-free sets allow for convenient telephony communication with remote parties.
Again, reliable echo compensation/reduction and noise reduction are mandatory for a successful communication with
a sufficientintelligibility of the transmitted/received speech signals. Moreover, during a telephone call and communication
that is established via the hands-free set the communication between individual passengers of the vehicle is affected.
[0007] In general, when an in-vehicle communication system is activated during a telephone call carried out via the
hands-free set the performance of the hands-free set is affected by the operation of the in-vehicle communication system
and vice versa. In particular, echo paths within the passenger compartment are strongly and rapidly changing due to
the in-vehicle communication system and, thus, echo compensation/reduction fails or is at least insufficiently achieved
to guarantee intelligibility of processed speech signals.

[0008] Therefore, there is a need for a method of a combined operation of an in-vehicle communication system and
a hands-free set that does not result in a reduced quality of the processed speech signals and particularly avoids echoes
in the speech signals transmitted by the hands-free set to a remote communication partner.

Description of the Invention

[0009] The above-mentioned problem is solved by the signal processing system according to claim 1, comprising

a number of microphones and loudspeakers;

a hands-free set configured to receive a telephone signal from a remote party and to transmit a microphone signal
supplied by at least one of the microphones to the remote party;

an in-vehicle communication system configured to

receive a microphone signal supplied by at least one of the microphones;

receive the telephone signal;

amplify the microphone signal to obtain at least one first output signal;

output the at least one first output signal and/or a second output signal corresponding to the telephone signal to at least
one of the loudspeakers; and wherein

the signal processing systems is configured to detect speech activity in the telephone signal and to control the in-vehicle
communication system to reduce amplification of the microphone signal, in particular, by a damping factor, if it is detected
that speech activity is present in the telephone signal.

[0010] The hands-free set allows for hands-free telephony and may comprise a receiver/transmitter unit for the re-
ception of a telephone signal sent by a remote unit and for the transmission of microphone signals corresponding to
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utterances by the passengers in the passenger compartment. Moreover, the hands-free set comprises an echo com-
pensation filtering means for reducing echoes in the microphone signals transmitted to the remote party. The hands-
free set may also be configured with a speech recognition means allowing speech control of elements of the vehicle
inside and/or outside the passenger compartment and, in particular, of electronic devices as, e.g., a car radio or a
navigation system.

[0011] The in-vehicle communication system (Intercom vehicle system) provides electronically mediated communi-
cation between the passengers of the vehicle, in particular, between front and back passengers. The in-vehicle com-
munication system comprises a mixing means for providing loudspeaker outputs to one or more passengers correspond-
ing to microphone signals (inputs) received from another one of the passengers. Moreover, the in-vehicle communication
system can be used to output the telephone signal to one or more loudspeakers. It should be noted that the hands-free
set and in-vehicle communication system may be realized not as completely separate physical or logic units but may
share several electronic and logic components and operational means.

[0012] The number of microphones may be installed in form of microphone arrays provided in the vicinity of each seat
of the passenger compartment. When microphone arrays are installed the microphone signals processed by the in-
vehicle communication system are previously beamformed by some beamforming means as known in the art.

[0013] Different from the art, according to the inventive signal processing system amplification of microphone signals
for output by the in-vehicle communication system depends on speech activity detected in the telephone signal received
from a remote communication party located outside the passenger compartment. Since the microphone signals partic-
ularly contain contributions due to the loudspeaker outputs and, thus, the output telephone signal, echoes in the micro-
phone signals due to the output telephone signal can be reduced by damping the amplification of the microphone signals
when speech in the telephone signal is detected. Thus, the microphone signal transmitted to the remote party can be
kept (almost) free of annoying echoes by employing an echo compensation filtering means as known in the art even in
the case of electronically mediated communication of the passengers.

[0014] According to an example, the hands-free set comprises an adaptive echo compensation filtering means and
is configured to adapt the filter coefficients of the echo compensation filtering means only when the at least one first
output signal output by the in-vehicle communication systemis damped, e.g., by adamping factorto a predetermined level.
[0015] Itis advantageous to adapt (adjust) the filter coefficients of the echo compensation filtering means dependent
on the actual damped ampilification of the first output signal (Intercom signal), since the damping by the damping factor
needs some finite time period which affects the convergence of adaption algorithms in the case of an abrupt onset of
speech activity by the remote communication partner, i.e. the transition from a speech pause to speech activity in the
telephone signal. This convergence problem is alleviated by waiting for a sufficient damping of the amplification and
only subsequent adaption of the filter coefficients.

[0016] According to an embodiment of the above-described signal processing system the in-vehicle communication
system is configured to receive multiple microphone signals in multiple channels and to amplify the multiple microphone
signals to obtain multiple first output signals and the signal processing system further comprises

a power estimating means configured to estimate the short-time power density of the multiple first output signals and
to supply the maximum of the short-time power densities of the multiple first output signals to the hands-free set; and
wherein, furthermore,

the hands-free set is configured to determine whether the at least one first output signal output by the in-vehicle com-
munication system is damped, e.g., by a damping factor, to the predetermined level based on the maximum of the short-
time power densities of the multiple first output signals.

[0017] In principle, the in-vehicle communication system may provide a number of channels corresponding to micro-
phone signals obtained by microphones in the vicinities of the individual seats of the passenger compartment. For five
seats, for example, five channels may be provided. Accordingly, for each channel or a selected number of channels
amplified microphone signals can be obtained. The strongest amplified signal, i.e., the signal exhibiting the maximum
short-time power density is used to determine whether amplification has already been damped to a predetermined level
in order to decide that adaption of the echo compensation filtering means of the hands-free set can be performed.
Thereby, a very reliable criterion for starting the filter adaption is obtained. Details of the realization of this embodiment
can be found in the detailed description below.

[0018] According to another embodiment of the herein disclosed signal processing system

the hands-free set comprises a first equalization filtering means configured to equalize microphone signals obtained by
at least one of the number of microphones and input in the hands-free set and to adapt the filter coefficients of the first
equalization filtering means in the sub-band or Fourier domain; and

the in-vehicle communication system comprises a second equalization filtering means configured to equalize microphone
signals input in the in-vehicle communication system and to adapt the filter coefficients of the second equalization filtering
means in the time domain based on the adapted filter coefficients of the first equalization filtering means.

[0019] The hands-free set performs signal processing in the sub-band or Fourier domain, i.e. the microphone signal
input in the hands-free setis divided into sub-band microphone signals by means of an analysis filter bank or, alternatively,
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subject to a Fast Fourier Transformation, in order to save computational load in the further processing. In particular,
adaptation of filter coefficients can be achieved significantly faster in the sub-band or Fourier domain than in the full-
band time domain.

[0020] However, the in-vehicle communication system has to operate in the full-band time domain, since time delays
introduced by the sub-band/Fourier processing are not acceptable in the context of the electronically mediated in-vehicle
communication.

[0021] Thus, according to this embodiment equalization of microphone signals in the in-vehicle communication system
can profit from the faster adaption of filter coefficients of an equalization means provided in the hands-free set in the
sub-band or Fourier domain. An example for determining the filter coefficients of the equalization means of the in-vehicle
communication system from the previously determined filter coefficients of the hands-free set is described in the detailed
description below.

[0022] On the other, hand processing in the time domain allows for immediate detection of changes in signal charac-
teristics, in particular, the transition from speech pause to speech activity. In this context, adaptation of filtering means,
in particular, the echo compensation filtering means, in the hands-free set can profit from detection of speech activity
by the in-vehicle communication system.

[0023] Therefore, it is provided the signal processing system according to one of the preceding examples, wherein
the in-vehicle communication system is configured to process the microphone signal in the time domain; and

the hands-free set further comprises an analysis filter bank to obtain microphone sub-band signals or a Fourier transform
means to obtain Fourier transformed microphone signals; and

wherein the in-vehicle communication system is configured to

detect speech activity in microphone signals obtained by at least one of the number of microphones and input in the in-
vehicle communication system by processing the microphone signals in the time domain; and

supply a signal to the hands-free set operating in the sub-band or Fourier domain that indicates speech activity or no
speech activity.

[0024] Thus, the hands-free set can be immediately informed about local speech activity due to utterances by one or
more passengers in the passenger compartment. As soon as the hands-free set receives a signal from the in-vehicle
communication system indicating speech activity adaptation of the echo compensation filtering means, background
estimators, etc. can be stopped in order to avoid maladjustment.

[0025] According to another example in the signal processing system according to one of the above embodiments,
the hands-free set is configured to detect speech activity in the telephone signal and to supply a damping factor to the
in-vehicle communication system, if it is detected that speech activity is present in the telephone signal. Thus, the hands-
free set provides control of the in-vehicle communication system. The latter can operate similar to any in-vehicle com-
munication system known in the art until it is informed by the hands-free set about speech activity by a remote party. In
response, amplification of the microphone signals is damped based on the supplied damping factor to some predeter-
mined level in order to allow the hands-free set reliable echo compensation by an echo compensation filtering means.
[0026] It should be noted that in the signal processing system according to one of the above examples the hands-
free set may comprise or may be connected with a speech recognition means and/or a speech control means.

[0027] The presentinvention, moreover, provides a vehicle, in particular, an automobile, wherein the signal processing
system according to one of the above-mentioned examples is installed, wherein the hands-free set and the in-vehicle
communication system are configured to be operated simultaneously and to exchange data with each other.

[0028] Moreover, it is provided

an in-vehicle communication system, comprising

microphones and loudspeakers; and

configured to

receive a microphone signal supplied by at least one of the microphones;

receive a telephone signal transmitted by a remote party;

amplify the microphone signal to obtain at least one first output signal;

output the at least one first output signal and/or a second output signal corresponding to the telephone signal to at least
one of the loudspeakers;

detect speech activity in the telephone signal; and

control the amplification of the microphone signal in response to whether or not it is detected that speech activity is
present in the telephone signal.

[0029] In particular, the in-vehicle communication system is configured to amplify microphone signals when no speech
activity in the telephone signal is detected and to reduce amplification or perform no amplification at all when speech
activity in the telephone signal is detected.

[0030] This in-vehicle communication system might be part of the above-described examples of the signal processing
system.

[0031] The above-posed problem is also solved by a method for speech communication by means of a hands-free
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set and an in-vehicle communication system, in particular, both installed in a passenger compartment, according to
claim 8. This method comprises the steps of

receiving a telephone signal from a remote party by the hands-free set;

determining whether or not speech is present in the received telephone signal;

detecting an utterance of a passenger in the passenger compartment by at least one of a set of microphones installed
in the passenger compartment to obtain a microphone signal;

processing the microphone signal by the in-vehicle communication system to obtain at least one first processed signal;
processing the telephone signal by the in-vehicle communication system or the hand-free set to obtain a second proc-
essed signal;

outputting the at least one first and/or second processed signal to at least one loudspeaker installed in the passenger
compartment;

and wherein

the processing of the microphone signal by the in-vehicle communication system comprises amplifying the microphone
signal by a first gain factor when it is determined that no speech is present in the telephone signal and by a second gain
factor smaller than the first gain factor when it is determined that speech is present in the telephone signal.

[0032] The second gain factor may, in particular, be 1 corresponding to no amplification at all. The processing may
further comprise equalization of microphone signals as well as signals output by the in-vehicle communication system.
Moreover, the microphone signals may be filtered for reduction of background noise present in the microphone signals.
[0033] The method may further comprise the steps of

inputting the microphone signal in the hands-free set comprising an adaptive echo compensation filtering means;
echo compensating the microphone signal input in the hands-free set by the adaptive echo compensation filtering means;
and

transmitting the echo compensated microphone signal to the remote party.

[0034] The filter coefficients of the echo compensation filtering means may only be adapted when the at least one
first processed signal output by the in-vehicle communication system / loudspeakers is damped, in particular, damped
by a damping factor, to a predetermined level with respect of the first gain factor. As described in the context of the
provided signal processing system the short-time power density of multiple output signals of output channels of the in-
vehicle communication system can be used to determine whether or not the first processed signal output by the in-
vehicle communication system / loudspeakers is sufficiently damped (see also detailed description below).

[0035] Either the employed hands-free set or the in-vehicle communication system or both may determine whether
or not speech is present in the telephone signal and may provide a damping factor, In this case, the second gain factor
is obtained on the basis of the first gain factor and the damping factor. In particular, the second gain factor may be
obtained by multiplication of the first gain factor and the damping factor the latter being less than 1.

[0036] The hands-free set may comprise a first equalization filtering means configured to equalize microphone signals
obtained by at least two of the set of microphones and input in the hands-free set;

the in-vehicle communication system may comprise a second equalization filtering means configured to equalize mi-
crophone signals input in the in-vehicle communication system; and

the above examples of the inventive method may, furthermore, comprise the steps of

adapting the filter coefficients of the first equalization filtering means in the sub-band or Fourier domain; and

adapting the filter coefficients of the second equalization filtering means in the time domain based on the adapted filter
coefficients of the first equalization filtering means.

[0037] The method for speech communication by means of a hands-free set and an in-vehicle communication system
may further comprise

detecting speech activity in microphone signals obtained by at least one of the set of microphones and input in the in-
vehicle communication system by processing the microphone signals in the time domain by the in-vehicle communication
system; and

supplying a signal by the in-vehicle communication system to the hands-free set operating in the sub-band or Fourier
domain that indicates speech activity or no speech activity present in the microphone signal in response to the step of
speech detection.

[0038] The damping factor g (n) for reducing the first gain factor to the second one can, for example, be determined
according to
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max {g,;, , g(n-1)g.} if Ixtel h >x_o’

g ()
l min {1, g(n-1)g,,}; else,

where [x,,{n)! is the short-time smoothed magnitude of the telephone signal x,¢(n), Xy and g, denote a predetermined
threshold and the maximum damping factor, respectively, and the relation 0 << g, < 1 < gjpx << o= holds for the real
factors ggex @and g A suitable choice for the minimum damping is given by gy, = 0.005 .. 0,015, in particular, gy =
0.01, for example.

[0039] Short-time smoothing of the magnitude of the telephone signal x,,(n) can be done according to

'xfel (n - 1)1 + (l—ﬂtel )

where the damping constant 2, might be chosen from 0.993 to 0.999 (by Ixtel(n)| the smoothed magnitude of the
telephone signal xi¢ () is denoted).

[0040] Bythe above expressions, a very efficient and reliable damping of the ampilification that was previously obtained
according to the first amplification rate is achieved when speech activity is detected in the telephone signal.

[0041] The present invention, moreover, provides a computer program product comprising at least one computer
readable medium having computer-executable instructions for performing one or more steps of the method of one of
the above examples when run on a computer.

[0042] 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. It is understood that such embodiments do not represent the full scope of the invention.

[0043] Figure 1 illustrates a problem that occurs when a hands-free set and an in-vehicle communication system that
are installed in a vehicle are operated simultaneously.

[0044] Figure 2 illustrates an example of the simultaneous operation of a hands-free set installed in a vehicle and an
in-vehicle communication system according to the present invention.

[0045] Figure 3illustrates an example of the simultaneous operation of a hands-free set installed in a vehicle and an
in-vehicle communication system according to the present invention including damping of the output signals of the in-
vehicle communication system and adaptive echo-compensation of microphone signals depending on the damping rate
of that output signals.

[0046] Figure 4 illustrates an example of the simultaneous operation of a hands-free set installed in a vehicle and an
in-vehicle communication system similar to the example shown in Figure 3 including an echo compensation filtering
means and a means for the detection of local speech activity.

[0047] Consider a situation in that telephony communication is carried out between one or more passengers in a
vehicle on the near side of communication and a remote party outside the vehicle by means of a hands-free set installed
in the vehicle. Speech signals are wirelessly transmitted from one communication party to the other. In order to improve
the communication between the passengers, in particular, between front and back passengers, simultaneously an in-
vehicle communication system is operated. Both the hands-free set and the in-vehicle communication system make
use of the same microphones and loudspeakers installed in the passenger compartment of the vehicle close to the
individual seats of the compartment.

[0048] With reference to Figure 1 the hands-free set comprises an echo compensation means 1 for estimating the
impulse response (h;(n)) of the loudspeakers-room (passenger compartment)-microphones system 2 in order to obtain
an enhanced microphone signal without significant echo contjibutions. Ideally, without operation of the in-vehicle com-
munication system the optimal estimated impulse response (hg,; ;(n)) would be the real impulse response (h;(n)) of the
loudspeakers-room-microphones system 2. Here, and in the following the argument n indicates the discrete time index
of some sampled signal.

[0049] However, operation of the in-vehicle communication system gives raise to time-dependent gains of the individual
loudspeaker signals x;(n) comprising telephone signals x;,(n) transmitted by the remote party and signals X, {n) (In-
tercom signals) corresponding to signals detected and input to the in-vehicle communication system by one or more
microphones X{nm=Xo(M+Xp; (). It is noted that the telephone signal x(n) is output by all individual loudspeakers,
whereas the Intercom signals corresponding to the microphone signals obtained by the microphones are output to

ny = A

el

'xtel

X (1)
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individually selected loudspeakers according to the control of the in-vehicle communication system.

[0050] Moreover, the in-vehicle communication system 3 introduces some time-delay of the loudspeaker signals x;
(n). Therefore, the optimal adaptation of the echo compensation means 1, in particular, depends on the gain gj,; (n)
provided for the i-th microphone signal by the in-vehicle communication system 3 in order to obtain amplified loudspeaker
signals x;; j(n) corresponding to the microphone signals input to the in-vehicle communication system 3. In the sub-
band (or Fourier) regime the estimate for the optimal impulse response reads

H,.(ejg,n)

ﬁopt,i<ejg’n) = 1- H'(ejg,n)g- t .(n)e"m

where Q denotes the (mid) frequency of the frequency sub-band or the Fast Fourier node and L denotes the length of
the impulse response of the loudspeakers-room-microphones system 2. In the following, it is assumed that processing
is performed in the sub-band regime. However, processing could alternatively be carried out in the Fourier regime after
Fast Fourier Transformation of the signals that are to be processed.

[0051] Since the gain gint,i(n) usually is highly time-dependent the solution of the above equation changes rather
quickly. Conventional adaptation schemes are not able to sufficiently adapt the echo compensation filtering means 1 in
order to suppress echoes in the acoustic (speech) signals transmitted to the remote party. Thus, the quality of speech
signals transmitted to the remote party suffers from such acoustic echoes caused by the loudspeaker outputs and,
thereby, the intelligibility of the received speech signals is heavily affected.

[0052] The present invention provides a solution for this problem by coupling the hands-free set and the in-vehicle
communication system as shown in Figure 2 and, in particular, by the introduction of adaptive damping of the output
signals of the in-vehicle communication system as illustrated in Figure 3. Thus, different from the art the hands-free
telephony set and the in-vehicle communication system are not operated completey independent from each other.
[0053] In the following, an example of a coupled hands-free set 10 and in-vehicle communication system 20 will be
described with reference to Figure 2. Microphones 30 and loudspeakers 40 are installed in a passenger compartment.
One or more microphones 30 and one or more loudspeakers 40 are provided for each passenger (seat), i.e. positioned
in the vicinity of a potential speaker/listener present in the passenger compartment.

[0054] A telephone signal x(n) is received by the hands-free set 10 and the in-vehicle communication system 20.
Whereas not indicated in Figure 2 it should be understood that the telephone signal x,,,(n) might be subject to automatic
gain control, band width extension up-sampling, etc., before it is input in the in-vehicle communication system 20.
Different from the art the hands-free set 10 and in-vehicle communication system 20 are configured to exchange data
as it is indicated by the arrows directed from one to the other and as it is described below.

[0055] The in-vehicle communication system 20 receives microphone signals y;(n) (i=0, 1, 2 ..) from the microphones
30 installed in the passenger compartment and can process them for output to one or more of the loudspeakers 40
installed in the passenger compartment. For instance, a microphone signal obtained by one of the microphones installed
in the front of the passenger compartment might be output to one or more of the loudspeakers installed in the back of
the passenger compartment in order to improve communication between front and back passengers. In addition, the
in-vehicle communication system 20 is configured to output the telephone signal x;(n) to one or more of the loudspeakers
40 installed in the passenger compartment to allow communication of a remote party with one or more of the passengers.
[0056] The microphone signals y;(n) are, furthermore, input in the hands-free set 10 to allow telephony communication
of the passengers with the remote party. It should be noted that the microphones 30 and loudspeakers 40 can be
considered being part of both the hands-free set 10 and the in-vehicle communication system 20.

[0057] As described with reference to Figure 1, in conventional simultaneous operation of both the hands-free set 10
and the in-vehicle communication system 20 the quality of speech signals transmitted to the remote party suffers from
acoustic echoes. In order to suppress these echoes according to the present invention the output signals x;(n) of the in-
vehicle communication system 20 are damped such that the gain g;.; (n) provided for the i-th microphone signal by the
in-vehicle communication system is reduced when speech activity is detected in the telephone channel (telephone signal
X;e/(N)). Reduction of the gain is performed such that

I:Iopt,i(ejﬂ’n) = Hi(ejﬂ’”)'

B (n)<< 1

which enables reliable echo compensation of the microphone signals transmitted after processing in the hands-free set
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to the remote party. For instance, speech activity in the telephone channel can be detected by the hands-free set 10
and a corresponding damping factor gy (n) may be supplied by the hands-free set 10 to the in-vehicle communication
system 20 to reduce the gain g;,; (n) (see also Figure 3).

[0058] If the remote party is not transmitting a speech signal, i.e. the remote speaker is actually not speaking (no
speech activity in the telephone channel), or only any of the passengers is (are) speaking, no damping shall occur (gig
(n) = 1). The in-vehicle communication system 20 can correspondingly be controlled to employ the full gain gj,; {(n) in
these cases. Thus, communication between the passengers is still facilitated by the in-vehicle communication system
20, when the remote party is silent and the problem of insufficient echo compensation present in the art is solved or at
least alleviated.

[0059] The determination of the damping factor gy (n) can include short-time smoothing of the magnitude of the
telephone signal ;. (n) according to

n] = 4

tel

xtel

el (n - 1)' + (1 - ﬂ'lel )lxtel (nx

where the damping constant A;,; might be chosen from 0.993 to 0.999. Note, that herein by | | the smoothed magnitude
of a quantity is denoted. If [x;(n) exceeds a predetermined threshold Xy, the damping factor g (n) is increased and
otherwise it is decreased. This might be achieved according to

max {gmin > gtel(n_l)gdek}’ if |xtel n >"7-—0’

guln) =
l min {I, g,(n-1g.}  else.

[0060] Inthis relation O << gger < 1 < gjni << oo holds for the real factors gge, and g, A suitable choice for the minimum
damping is given by g, = 0.01, for example.

[0061] Still problems occur at the onset of speech activity in the telephone channel due to the finite time it takes to
switch on the damping factor g (). In order to avoid the corresponding deterioration of the convergence of the adaptation
of the filter coefficients of the echo compensation filtering means employed for echo compensation of the microphone
signals that are to be processed and transmitted to the remote party, according to the example shown in Figure 3,
adaptation of the echo compensation filtering means is only performed when the output signals x;;(n) of the in-vehicle
communication system 20, i.e., the individual loudspeaker signals corresponding to the processed microphone signals,
are already sufficiently damped.

[0062] In Figure 3 again a hands-free set 10 receiving a telephone signal X, (n) from a remote party and an in-vehicle
communication system 20 in that microphone signals yg(n) to y5(n) are input, for example, are illustrated. The microphone
signals yg(n) to y5(n) may be beamformed microphone signals and correspond to seats No. "0" to seat No. "3" of the
passenger compartment of a vehicle, respectfully. In the shown example, the in-vehicle communication system 20
comprises adaptive means for equalization of microphone signals 21, means for feedback suppression and further
processing 22 and an adaptive mixing means 23 configured to control the mapping of input to output channels of the
in-vehicle communication system 20.

[0063] In the case, for example, that the driver on seat No. "0" is speaking only, the mixing means can activate the
loudspeakers at the back seats No. "2" and 3" only. In addition, background noise estimators 24 and noise dependent
gain means 25 for amplifying the signals output by the mixing means 23 by the gain factors g (n) (here i=0, 1, 2, 3)
are provided. Moreover, the in-vehicle communication system 20 comprises components 26 for equalization of the output
signals X o(n) 0 X 5(N) (Intercom signals) that are output to loudspeakers corresponding to seats No. "0" to "3",
respectfully, in the example shown in Figure 3.

[0064] The hands-free set 10 detects whether or not speech is present in the telephone signal x,(n). When speech
is detected a finite damping factor g, (n) is supplied to the in-vehicle communication system 20 for corresponding
reduction of the gain factors gj,; {(n).

[0065] The Intercom signals X, {(n) (signal contributions apart from the telephone signal to the signals output by the
in-vehicle communication system 20) are input to short-time power density estimators 27 providing magnitudes of the
short-time smoothed signals x;; j(n) according to
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|x.,n = A

nt,i nt

x (n-1] + (-4 |xm“ 1

nt,i

where the damping constant %;,; might be chosen similar to the damping constant 2, i.e. from 0.993 to 0.999. The
smoothed signals [x,; {m! are input by the short-time power density estimators 27 to a maximum estimating means 28

to obtain the maximum || Xy ‘n‘ = max{| X,y ( n q } . It should be understood that both the short-time power
i W

density estimators 27 and the maximum estimating means 28 may be realized as parts of the in-vehicle communication
system 20.

[0066] The maximum Iml is input in the hands-free set 10 that comprises an adaptive echo compensation filter.
Dependent on the magnitude of Ix,(n)! the filter coefficients of the adaptive echo compensation filter of the hands-free
set are adapted or not. Adaptation can, e.g., be controlled by

L, if x,(n)Kg

tel

> ]

aln) =
0, else.

[0067] Here, the predetermined constant Kgx might be chosen from 0.03 to 0.2 for reliable echo compensation.
Experiments by the inventors have proven that significantly enhanced intelligibility of speech signals transmitted to the
remote party via the hands-free set 10 can be achieved by the combined damping of the Intercom signals and the
adaptation of the echo compensation filter of the hands-free set 10 controlled by the power densities of these output
signals as described above.

[0068] In general, processing in the hands-free set is performed in the sub-band or Fourier domain in order to reduce
the computational load. Analysis and synthesis filter banks are used to transform the full-band signal that is to be
processed from the time domain to the sub-band or Fourier domain. These filter banks, however, introduce some time
delay of signal processing. Therefore, processing in the sub-band or Fourier domain is not suitable for the signal process-
ing in the in-vehicle communication system, since delays of only about 20 ms would yet result in the perception of echoes
of utterances of the passengers.

[0069] Whereas this means that processing in the time domain is necessary in the in-vehicle communication system
which implies a relatively high demand for computational resources, on the other hand the processing in the time domain
allows almost instantaneous detection of signal characteristics, e.g., the onset of speech activity.

[0070] Thus, when the hands-free set and the in-vehicle communication system are operated simultaneously and are
configured to exchange data with each other, it can be arranged to determine filter coefficients, e.g., for echo compen-
sation filtering means or equalization means, by the hands-free set in the sub-band domain and to update corresponding
filter coefficient in the in-vehicle communication system at predetermined time intervals by supply of the data on filter
coefficients determined by the hands-free set to the in-vehicle communication system.

[0071] On the other hand, the in-vehicle communication system can provide the hands-free set with information of
the detection of an abrupt change of signal characteristics as the onset of speech activity in one of the microphone
signals obtained by a microphone installed in the passenger compartment.

[0072] Equalization of microphone signals, for instance, is advantageous in both the hands-free set and the in-vehicle
communication system, in particular, in the case of beamforming of microphone signals. According to an example,
equalization filters are adjusted during speech pauses such that similar background noise power densities are present
at all microphones. This can be achieved in the hands-free set, e.g., as follows.

[0073] For each micrgphone signal yj(n) after transformation to sub-band microphone signals Y{e£x,n) the noise
power density spectrum Sy, is estimated by means as, e.g., describedin "Echo and Noise Control - A Practical Approach”,
by E. Hansler and G. Schmidt, John Wiley & Sons, Hoboken, New Jersey, USA, 2004.

[0074] From these noise power density spectra an average estimated noise power density spectrum Savg pp IS deter-
mined by
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for the case of four microphones (or microphone arrays) corresponding to four seats of a passenger compartment (note
that 2, denotes the mid frequency of the p.-th sub-band).

[0075] An equalization filter can be adapted in the sub-band domain based on the average estimated noise power
density spectrum S, ,, according to

(max{f, min . A,y 1, (2 n-1)}}

min,
if §,, 4, (Q,.n)> HZ (" n-1)$,, (@,.n),

iQ

max{H min {H A H,,, ( “n— 1)}},else.

[0076] The correction factors have to satisfy the relation 0 << Ay < 1 < Ajy << oo, The parameters H,,,, and Hy,in
control maximum gain and maximum damping, respectively. Experiments have shown that 6 to 10 dB are suitable values
for Hyax @and -6 to - 10 dB are suitable values for H,;,. Thus, equalized sub-band microphone signals are obtained by
the hands-free set according to

Y, .(e’n“,n) = K(e’g“ n)Hq',(e’n",n).

eq,i

[0077] Furthermore, the filter coefficients Hyq I.(e@u, n) can be used to derive corresponding filter coefficients in the
time domain to be used for equalization of the microphone signals in the in-vehicle communication system. In order not
to introduce unacceptable time delay in the signal processing of the in-vehicle communication system an Infinite Impulse
Response (lIR) filter, e.g., of the length of N, equal to 5 to 10, may be used for equalization

N,

~

q

yeq,i(n) = heqtl yl n-= l) geq,i(n)’

=1

where both the IR filter coefficients hgq ; (1) and the gain factors ge,, i(n) are derived from He,, ; (6%, n) as it is described
in the following.

[0078] The derivation is performed in a sub-sampled manner, e.g., only once to four times each second in order to
save computational time. Itis noted that the microphone signals y;(n) might be filtered for echo compensation/suppression
before the equalization.

[0079] The vector of autocorrelation coefficients

) = [ (a0 r,(2) (0N,

(where the upper index indicates the transposition operation) as well as the matrix of autocorrelation coefficients

10
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—’;zq,i (n ’0) req,i (n’]‘) ot req,i (n’ Neq - 1) |
Req'i (n) = r;zq,i n, req,i (n’O r:eq,t (n’Neq - 2’)
_req,i (n’ Neq 1) r;fq,i (l’l, Neq - 2) req,i (n’O) i

are formed of the autocorrelation coefficients

2
with /€ {0, ..., Ngo} and Q = —M— M. Here, M denotes the number of sub-bands of the analysis filter bank employed
in the hands-free set in order to transform microphone signals into sub-band microphone signals.

[0080] The filter coefficients hgy ; (n) in the time domain used by the equalization filter of the in-vehicle communication
system can be obtained from the vector and matrix of autocorrelation coefficients by

rois ) By 00 () 17 = R (1) ().

[0081] The gain factors geq;(n) are obtained by

1

Neq
req,i(n!o)_ Z heq,i,l(n) req,i (I‘I, I)
I=1

geq,i(n) =

[0082] Similarly, filter coefficients of an echo compensation filtering means used in the hands-free set can be used to
calculate the corresponding filter coefficients in the time domain that can be used by an echo compensation filtering
means provided in the in-vehicle communication system.

[0083] According to another example (see Figure 4; this Figure shows the example shows an example similar to the
one shown in Figure 3 and including an echo compensation filtering means 29 and a means 30 for the detection of local
speech activity), the processing in the hands-free set profits from the detection of speech activity due to an utterance
of a passenger in the passenger compartment by the in-vehicle communication system. As soon as such a speech
activity is detected adaptation of an echo compensation filtering means 29 and operation of background noise estimators
of the hands-free set should be discontinued to avoid deteriorated signal quality due to some maladjustment. As already
mentioned above, the processing in the time domain performed by the in-vehicle communication systemis advantageous
for the detection of speech activity, since no signal delay is introduced by analysis and synthesis filter banks.

[0084] For the detection of speech activity in the microphone signals y;(n) these signals are subject to echo compen-
sation by the means 29 shown in Figure 4

1
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AN
where N is the length of the echo compensation filtering means 29 comprising the filter coefficients h,.; (n), and the
resulting error signals are subject to short-time magnitude smoothing according to

|WI = /lsdleiin—lil + (1-4,)| )|

[0085] Suitably, the smoothing constant A4 is chosen from the range from 0.9950 to 0.9995.
[0086] Furthermore, for each microphone channel the magnitude of the background noise is estimated. According to
one example, this can be achieved by

50| = min {lT)]. [BG-D] fa+e)

with the positive real parameter € << 1. By the multiplication by 1 + ¢ it is avoided that the estimate becomes fixed to
some minimum once itis reached. Based on a comparison of the magnitude of the short-time spectrum of the microphone
signals with the corresponding estimated magnitude of the background noise it can be determined whether or not speech
activity is present.

[0087] According to a more elaborated approach, the magnitude of estimated echo components is determined ac-
cording to

|ai(”)| = Asq

Gin-1] + (-2

ai(”)l

with the same smoothing constant as used for the short-time magnitude smoothing of the error signal.
[0088] Detection of speech activity caused by a passenger in the passenger compartment can be determined by
means 30 shown in Figure 4 for each microphone channel according to

[0089] Suitable choices for the constants are Ky =8 .. 15 dB and K, =-15 .. -20 dB, respectively.
[0090] Detection of speech activity is completed by obtaining the maximum of the channels

Lt ([0 > & [70)) A ([ <

0, else.

ti(n)

o) = s (o)}

12
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which is supplied to the hands-free set. Thereby, the hands-free set is informed about speech activity almost instanta-
neously and maladjustment of echo compensation filtering means, etc., caused by time-delayed detection of speech
activity by the hands-free set itself can be prevented.

[0091] All previously discussed embodiments are notintended as limitations but serve as examples illustrating features
and advantages of the invention. It is to be understood that some or all of the above described features can also be
combined in different ways.

Claims

1. Signal processing system, comprising
a number of microphones and loudspeakers;
a hands-free set configured to receive a telephone signal from a remote party and to transmit a microphone signal
supplied by at least one of the microphones to the remote party;
an in-vehicle communication system configured to
receive a microphone signal supplied by at least one of the microphones;
receive the telephone signal;
amplify the microphone signal to obtain at least one first output signal;
output the at least one first output signal and/or a second output signal corresponding to the telephone signal to at
least one of the loudspeakers; and wherein
the signal processing systems is configured to detect speech activity in the telephone signal and to control the in-
vehicle communication system to reduce amplification of the microphone signal, if it is detected that speech activity
is present in the telephone signal.

2. The signal processing system according to claim 1,
wherein the hands-free set comprises an adaptive echo compensation filtering means and is configured to adapt
the filter coefficients of the echo compensation filtering means only when the at least one first output signal output
by the in-vehicle communication system is reduced to a predetermined level.

3. The signal processing system according to claim 2, wherein the in-vehicle communication system is configured to
receive multiple microphone signals in multiple channels and to amplify the multiple microphone signals to obtain
multiple first output signals and further comprising
a power estimating means configured to estimate the short-time power density of the multiple first output signals
and to supply the maximum of the short-time power densities of the multiple first output signals to the hands-free
set; and wherein
the hands-free set is configured to determine whether the at least one first output signal output by the in-vehicle
communication system is reduced to the predetermined level based on the maximum of the short-time power
densities of the multiple first output signals.

4. The signal processing system according to one of the preceding claims, wherein

the hands-free set comprises a first equalization filtering means configured to equalize microphone signals obtained
by at least one of the number of microphones and input in the hands-free set and to adapt the filter coefficients of
the first equalization filtering means in the sub-band or Fourier domain; and

the in-vehicle communication system comprises a second equalization filtering means configured to equalize mi-
crophone signals input in the in-vehicle communication system and to adapt the filter coefficients of the second
equalization filtering means in the time domain based on the adapted filter coefficients of the first equalization filtering
means.

5. The signal processing system according to one of the preceding claims, wherein
the in-vehicle communication system is configured to process the microphone signal in the time domain; and
the hands-free set further comprises an analysis filter bank to obtain microphone sub-band signals or a Fourier
transform means to obtain Fourier transformed microphone signals; and
wherein the in-vehicle communication system is configured to
detect speech activity in microphone signals obtained by at least one of the number of microphones and input in
the in-vehicle communication system by processing the microphone signals in the time domain; and
supply a signal to the hands-free set operating in the sub-band or Fourier domain that indicates speech activity or
no speech activity.
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The signal processing system according to one of the preceding claims, wherein

the hands-free set is configured to detect speech activity in the telephone signal and to supply a damping factor for
reducing the amplification to the in-vehicle communication system, if it is detected that speech activity is present in
the telephone signal.

In-vehicle communication system, comprising

microphones and loudspeakers; and

configured to

receive a microphone signal supplied by at least one of the microphones;

receive a telephone signal transmitted by a remote party;

amplify the microphone signal to obtain at least one first output signal; output the at least one first output signal
and/or a second output signal corresponding to the telephone signal to at least one of the loudspeakers;

detect speech activity in the telephone signal; and

control the amplification of the microphone signal in response to whether or not it is detected that speech activity
is present in the telephone signal.

Method for speech communication by means of a hands-free set and an in-vehicle communication system, in
particular, both installed in a passenger compartment, comprising the steps of

receiving a telephone signal from a remote party by the hands-free set;

determining whether or not speech is present in the received telephone signal;

detecting an utterance of a passenger in the passenger compartment by at least one of a set of microphones installed
in the passenger compartment to obtain a microphone signal;

processing the microphone signal by the in-vehicle communication system to obtain at least one first processed
signal;

processing the telephone signal by the in-vehicle communication system or the hand-free set to obtain a second
processed signal;

outputting the at least one first and/or second processed signal to at least one loudspeaker installed in the passenger
compartment;

and wherein

the processing of the microphone signal by the in-vehicle communication system comprises amplifying the micro-
phone signal by a first gain factor when it is determined that no speech is present in the telephone signal and by a
second gainfactor smallerthanthefirst gain factorwhenitis determinedthat speechis presentin the telephone signal.

The method according to claim 8, further comprising

inputting the microphone signal in the hands-free set comprising an adaptive echo compensation filtering means;
echo compensating the microphone signal input in the hands-free set by the adaptive echo compensation filtering
means; and

transmitting the echo compensated microphone signal to the remote party.

The method according to claim 9, wherein the filter coefficients of the echo compensation filtering means are only
adapted when the at least one first processed signal is damped to a predetermined level with respect of the first
gain factor.

The method according to claim 8, 9 or 10, wherein the hands-free set and/or the in-vehicle communication system
determines whether or not speech is present in the telephone signal and provides a damping factor and wherein
the second gain factor is obtained on the basis of the first gain factor and the damping factor.

The method according to one of the claims 8 to 11, wherein

the hands-free set comprises a first equalization filtering means configured to equalize microphone signals obtained
by at least two of the set of microphones and input in the hands-free set;

the in-vehicle communication system comprises a second equalization filtering means configured to equalize mi-
crophone signals input in the in-vehicle communication system;

the method comprising the steps of

adapting the filter coefficients of the first equalization filtering means in the sub-band or Fourier domain; and
adapting the filter coefficients of the second equalization filtering means in the time domain based on the adapted
filter coefficients of the first equalization filtering means.

The method according to one of the claims 8 to 12, further comprising
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detecting speech activity in microphone signals obtained by at least one of the set of microphones and input in the
in-vehicle communication system by processing the microphone signals in the time domain by the in-vehicle com-
munication system; and

supplying a signal by the in-vehicle communication system to the hands-free set operating in the sub-band or Fourier
domain that indicates speech activity or no speech activity present in the microphone signal in response to the step
of speech detection.

The method according to one of the claims 9 to 13, wherein the second gain factor is obtained based on the first
gain factor and a damping factor and wherein the damping factor gy(n) is determined by

n)>x,,

max {gmin ’ g(n_l)gdek}’ if
min {1, g(n-1)g,, } else,

X

el

8rel (")

where Ix,e,'(n)'l is the short-time smoothed magnitude of the telephone signal x,¢(n), X and gp,i, denote a predeter-
mined threshold and the maximum damping factor, respectively, and the relation 0 << ggex < 1 < gjpx << < holds
for the real factors gyey and g

Computer program product comprising at least one computer readable medium having computer-executable in-
structions for performing one or more steps of the method of one of the claims 8 - 14 when run on a computer.

15



EP 2 151 983 A1

B

N

K

16



¢ 9l

(u)*A

YYVYY

PN

EP 2 151 983 A1

(u)°k

yvyyYyy

17

(0)°

[

0¢



EP 2 151 983 A1

o L o™y

rre--- - - - ¥ ¥ -/ —/
I I
| | 77 i
@ |
[+ [
| o S |
| ° _
| — — I
_ G I ve [
_ _
| |
| |
o I
I(u)t*x “
_ TN 3§ TN —

-t T.&HTI X} ——; f—— -}

[ rom © rNNL Le | (u)ek
| 0 - S 9 I
_ 8 £¢ S S |
_ P : y pTo : !
: i Q7 e —— () fe———1 77 —— 7 |+

T X T ¢ L e Le CE
™ 4 4

— ()6
i 4 .
b " — Ol N 1
> A:v X

18



EP 2 151 983 A1

[ 3

/AN]E

G e ™
Q [e]
8 8
% 7
...... . ?vm»
Z - -
8 1z
Ssieey (W)
TAA A| “ A%
)
0t [
) &2
W "™y
y
AV
0L < Acv_sx

19



EP 2 151 983 A1

)

des

Européisches
Patentamt

European
Patent Office

Office européen

brevets

no

EPO FORM 1503 03.82 (P04C01)

EUROPEAN SEARCH REPORT

Application Number

EP 08 01 4157

DOCUMENTS CONSIDERED TO BE RELEVANT
Category Citation of gffégfar:tv;g:;ggfgtion, where appropriate, Ee;?a\/i?nnt gkéﬁ%lf\l_ﬁénoup%l; THE
A WO 00/30266 A (LEAR AUTOMOTIVE DEARBORN 1-15 INV.
INC [US]) 25 May 2000 (2000-05-25) HO4M9/00
* page 2, line 15 - page 3, line 3 * HO4M1/60
* page 3, line 19 - page 6, line 25 *
A US 2005/064835 Al (GUSLER CARL PHILLIP 1-15
[US] ET AL) 24 March 2005 (2005-03-24)
* paragraphs [0013], [0015], [0016],
[0020], [0021] *
A WO 2008/061205 A (JOHNSON CONTROLS TECH CO|1-15
[US]; GEERLINGS STEVEN L [US]; PAX RALPH A
[U) 22 May 2008 (2008-05-22)
* paragraphs [0049] - [0051], [0e@e6l] *
A EP 1 748 636 A (HARMAN BECKER AUTOMOTIVE |[1-15
SYS [DE]) 31 January 2007 (2007-01-31)
* paragraphs [0048] - [0055] *
TECHNICAL FIELDS
SEARCHED {IPC)
HO4M
The present search report has been drawn up for all claims
Place of search Date of completion of the search Examiner
The Hague 15 December 2008 Sorrentino, Andrea

CATEGORY OF CITED DOCUMENTS

X : particularly relevant if taken alone

Y : particularly relevant if combined with another
document of the same category

A : technological background

O : non-written disclosure

P : intermediate document

T : theory or principle underlying the invention

E : earlier patent document, but published on, or
after the filing date

D : document cited in the application

L : document cited for other reasons

& : member of the same patent family, corresponding
document

20




EPO FORM P0459

EP 2 151 983 A1

ANNEX TO THE EUROPEAN SEARCH REPORT
ON EUROPEAN PATENT APPLICATION NO.

EP 08 01 4157

This annex lists the patent family members relating to the patent documents cited in the above-mentioned European search report.
The members are as contained in the European Patent Office EDP file on
The European Patent Office is in no way liable for these particulars which are merely given for the purpose of information.

15-12-2008
cted m search report e membor(s) i
WO 0030266 A 25-05-2000 US 6363156 Bl 26-03-2002
US 2005064835 ALl  24-03-2005 NONE
WO 2008061205 A  22-05-2008 NONE
EP 1748636 A 31-01-2007 US 2007135061 AL 14-06-2007

For more details about this annex : see Official Journal of the European Patent Office, No. 12/82

21



EP 2 151 983 A1
REFERENCES CITED IN THE DESCRIPTION
This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European
patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be
excluded and the EPO disclaims all liability in this regard.
Non-patent literature cited in the description
e E. Hansler ; G. Schmidt. Echo and Noise Control -

A Practical Approach. John Wiley & Sons, 2004
[0073]

22



	Bibliographische Daten
	Beschreibung
	Ansprüche
	Zeichnungen
	Entgegenhaltung

