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Description

Background of the invention

[0001] In limousines and vans, communication between passengers in the front and in the rear may be difficult -
especially if the car is driven at medium or high speed, resulting in a large background noise level. Furthermore, driver
and front passenger speak towards the windshield. Thus, they are hardly intelligible for those sitting behind them. To
improve the speech intelligibility, the passengers start speaking louder and lean or turn towards their communication
partners. For longer conversations, this is usually tiring and uncomfortable. A way to improve the speech intelligibility
within a passenger compartment is to use an in-car communication system, often shortly called ICC. These systems
record the speech of the speaking passengers by means of microphones and improve the communication by playing
the recorded signals via those loudspeakers located close to the listening passengers. Examples for such ICCs can be
found in E. Lleida, E. Masgrau, A. Ortega: Acoustic echo and noise reduction for car cabin communication, Proc.
EUROSPEECH ’01, 3, 1585-1588, Aalborg, Denmark, 2001 or in T. Haulick, G. Schmidt, Signal processing for in-car
communication systems, Signal Processing, page 1307 - 1326, Juni 2006. However, problems with intelligibility are
similar with handsfree telephony systems or with automatic speech recognition systems.
[0002] Indoor or incar communication systems, to refer only to one of above mentioned systems, operate in a closed
electro-acoustic loop, and the speech signal is disturbed by background noise, and by interfering signals, such as by
audio playback and ICC-system feedback. The microphone in the respective system picks up at least a portion of the
loudspeaker signal. If this portion is not sufficiently small, sustained oscillations appear - which can be heard as howling
or whistling. Cancellation of such ICC-system feedback turns out to be extremely difficult, since the adaptation of the
filter is disturbed by the strong correlation between the feedback signal and the local speech signal. Thus, the above
article of T. Haulick and G. Schmidt mentions that feedback suppression with the methods of echo cancellation is rather
difficult, and similarly E. Hansler, G. Schmidt: Topics in acoustic echo and noise control, Springer, page 549-598, 2006
comes to the same conclusion.
[0003] In addition to feedback signal, an indoor or car sound player can also be active while the ICC is working, and
is also coupling into the microphone. Typical audio systems support stereo or even multi channel (e.g. dolby digital)
audio playback. Due to the strong correlation between the single audio channels, the echo cancellation of multi channel
audio output signal is also very challenging.
[0004] In addition, as the microphone also picks up the background noise inside a driving car, the noise components
should be attenuated by noise suppression, as has already been mentioned in the above article of E. Lleida, E. Masgrau
and A. Ortega.
[0005] As has already been mentioned above, other speech signal processing systems are faced with very similar
problems. The microphone of a handsfree system also picks up the background noise and the played back audio signal.
These interferences should be suppressed, before transmitting the signal to the remote subscriber. The microphone of
an automatic speech recognition system also picks up the background noise and the played back audio signal. Noise
and these interferences should be suppressed by adequate signal processing to improve the speech recognition results.
[0006] An attempt to realize feedback suppression has been disclosed in EP1718103B1. This solution works with an
echo compensator filter which, as the present inventors found out, does not lead to satisfying results. Since background
noise, and interferences, such as music signal and system feedback, should to be suppressed in a disturbed microphone
signal, it is difficult due to these signal properties to calculate adaptive filters for cancelling interferences, such as a music
and feedback signal. However, suppression of interferences has an influence to the signal output level of the processed
speech and the residual interferences.

Summary of the invention

[0007] Therefore, it is an object of the present invention, starting from known features according to the introductory
clause of claim 1, to improve the intelligibility in the above mentioned systems and, above all, to suppress interferences
in a satisfying manner. This object is achieved by the features of the characterizing clause of claim 1. The method
according to the invention ensures that the suppression of interferences remains constant or varies only very slowly in
order to not annoy the passengers by fluctuating background noise and speech signal level.
[0008] An indoor communication system or a handsfree telephony system or an automatic speech recognition system,
comprising at least one loudspeaker, at least one microphone and a signal processing system, particularly in a vehicle,
wherein the microphone is recording a signal comprising communication information and interferences, the signal
processing system is processing the microphone signal and providing a loudspeaker signal and the loudspeaker is
emitting a sound signal corresponding to the loudspeaker signal, the at least one microphone picking up at least a portion
of the loudspeaker signal and thereby causing feedback. The method for interference suppression in the communication
system includes the step of the signal processing system estimating an interference signal by an energy decay model
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with frequency dependent coupling factors, frequency dependent decay factors and frequency dependent delay factors,
wherein an estimated interference signal includes at least one product of the respective coupling factor times a respective
part of a loudspeaker signal delayed by the respective delay factor plus at least one product of an estimated interference
signal at an earlier moment times the respective decay factor. The estimated interference signal is used for generating
an interference suppressed loudspeaker signal.
[0009] There are different interferences for example feedback of the communication system, feedback of the audio
system and background noise. For at least one interference signal an estimation is made.
[0010] The signal quality can be enhanced by applying stepwise independently or combined at least two suppressing
steps out of communication system feedback suppression, audio system feedback suppression and noise suppression,
wherein for all the suppression steps corresponding estimations of interference signals are used, and the suppression
modules can be arranged in any order, but are preferably arranged in the following order: communication system feed-
back, audio system feedback and noise suppression.
[0011] In a preferred embodiment the estimated interference signal is calculated according to the formula 

wherein Sff,Mic(m,k) is the estimated interference signal for example the feedback or audio level at the microphone Mic,
for a predetermined frequency sub-band m at time k; PLsMic(m) is the coupling factor of the sub-band m between the
loudspeaker Ls and the microphone Mic; Sff,Ls(m,k-D(m)) is the interference signal for example the feedback or audio
signal level at the loudspeaker Ls for a predetermined frequency sub-band at time k-D(m), D(m) is the delay factor of the
sub-band m, Sff,Mic(m,k-1) is the interference signal level for example the feedback signal level or the audio signal level
at the microphone Mic for a predetermined frequency sub-band at time k-1 and e-ϕ(m) is an exponential decay factor of
the sub-band m.
[0012] In preferred embodiments the estimated interference signal is a communication system feedback signal or an
audio-system feedback, wherein the audio signal is a part or all of the loudspeaker signal at loudspeaker Ls. If there is
more than one communication system or a system with multiple communication directions then the interference of a
further communication system or a further communication direction can be treated like an additional interference and
be suppressed in the above described manner.
[0013] A test signal can be used to determine interference model parameters. A test signal is sent to the respective
loudspeaker for determining system characteristics on the base of the test signal received by the respective microphone,
wherein the system characteristics detected by the application of the test signal are used to determine the frequency
dependent coupling factors, the frequency dependent decay factors and frequency dependent delay factors. In some
applications, it may be sufficient to do it once. Considering, particularly for a car, that persons may leave the room, may
open a window or the like, the model parameters may vary over time.
[0014] The interference model parameters can be deduced from at least one microphone signal or by automatically
detecting and interpreting decaying signal slopes, wherein after deducting the parameters to be applied are updated
and the parameter deduction occurs preferably when there is no local speech.
[0015] The interference model parameters can be deduced from the coefficients of an echo compensator preferably
by placing an echo compensator parallel to the signal processing path, wherein the coefficients of the echo compensator
are corresponding to the room impulse response and the parameters of the echo compensator should only be updated
when there is no local speech detected, e.g. only at the decaying slopes of the microphone signal or only at the feedback
of the audio signal.
[0016] In a preferred embodiment an interference suppressed loudspeaker signal is generated by Spectral Subtraction,
preferably by the application of a Wiener-filter using the estimated interference signal.
[0017] An overestimation γ(m,k) of the estimated interference signal of the sub-band m can be adjusted to an estimated
noise to speech signal ratio SNR(m,k) of the sub-band m deduced by a noise suppression module. A maximum attenuation
β(m,k) of the sub-band m is adjusted to a gain correction factor V(m,k) of the sub-band m.
[0018] A communication system equalizer HEq(m,k) can be adjusted according to the energy decay model frequency
dependent coupling factors PLsMic(m,k).
[0019] A communication system gain can be adjusted according to the estimated interference signal level, wherein
this gain is dependent on the background noise level and on the level of the communication system feedback and audio
system feedback, for a high communication system feedback or audio system feedback signal level the system gain
should be reduced.
[0020] Furthermore, the invention relates to a software product according to claim 11 and to a system according to
claim 12.



EP 2 490 218 B1

4

5

10

15

20

25

30

35

40

45

50

55

Brief description of the drawings

[0021] The invention will be better understood by the following detailed description with reference to the following
drawings in which:

Fig. 1 sketches the structure of a simple ICC system aimed to support front-to-rear conversations with one micro-
phone and one loudspeaker;

Fig. 2 is an overview of the system;

Fig. 3a shows the sub-band energy decay curve from the test impulse response which may be used for estimating
parameters for this sub-band energy decay model;

Fig. 3b shows a block diagram of a circuit for carrying out a preferred embodiment of the method according to the
invention;

Fig. 4a illustrates how an echo compensator can be used for decay model parameter estimation; and

Fig. 4b is another block diagram of the ICC-system together with noise dependent gain control (NDGC) and equalizer
(Eq).

Detailed description of the drawings

[0022] In a room 1, such as a car cabin, there are a driver 2a and a passenger 2b behind. In front of the driver 2a is
a microphone 3 so that the driver’s speech is better intelligible for the passenger 2b to whom a loudspeaker 4 is assigned.
This is a simplified example, because, of course, a (further) microphone might be near the passenger 2b to be better
understood by the driver 2a to whom a loudspeaker of the type of loudspeaker 4 may also be assigned.
[0023] Clearly, the microphone 3 will not only take the speech signal s(n) of the driver 2a, but also the noise b(n), and
noise suppression in the line from the microphone 3 to the loudspeaker 4 is known per se. However, in addition, there
are interferences received by the microphone, such as the audio signal fAudio,Mic(n) from a further loudspeaker 5, by
means of which the driver wants, for example, to become informed about street conditions or obtains a navigation aid
from an audio-source 6. Thus, the output m(n) of the microphone 3, which is composed of the voice signal s(n) of the
driver 2a, the noise b(n), the audio-signal fAudio,Mic(n) and the ICC-system feedback signal fICC,Mic(n) coming from
loudspeaker 4, the two latter signals forming interferences. If one feeds at least one of the interferences, such as
fAudio,Ls(n), into the ICC-system 7 for suppression, speech of the driver 2a is better intelligible, because the signal to the
loudspeaker 4 is enhanced (vide also Fig. 2). For this invention the signals in time domain with the time index n are
defined as lower case characters and signals in sub-band domain with the sub-band index m and the frame index k are
defined as upper case characters. In which for signals played back inside the acoustic room, e.g. vehicle interior, the
index Mic is used for the signal at the microphone and the index Ls is used for the signal at the loudspeaker. The index
Mic has a different value for each microphone, where it runs for example from 0 to the maximum number of microphones
minus 1. The index Ls has a different value for each loudspeaker, where it runs for example from 0 to the maximum
number of loudspeakers minus 1 For this invention the upper case character S with an index, i.e. Sbb(m,k) is used for
power signals, while other capital letters, e.g. B(m,k), are used for complex sub-band signals. The power signal can be
approximated as the square of the sub-band signal, e.g. Sbb(m,k) = |B(m,k|2.
[0024] Now in detail, the sub-band microphone signal M(m,k) of a given sub-band m at a given time k consists of the
local speech signal S(m,k), the background noise B(m,k), the feedback of the ICC-system output FICC,Mic(m,k) and the
feedback of the audio system FAudio,Mic(m,k), in which m is the sub-band index and k is the time frame index. The invention
provides a method of interference suppression using a mathematical model on the base of sound energy decay inside
a room. In addition to the energy decay there is also a delay effect.
[0025] The signal processing system is estimating an interference signal by an energy decay model with frequency
dependent coupling factors, frequency dependent decay factors and frequency dependent delay factors, wherein an
estimated interference signal includes at least one product of the respective coupling factor times a respective part of
a loudspeaker signal delayed by the respective delay factor plus at least one product of an estimated interference signal
at an earlier moment times the respective decay factor, and that the estimated interference signal is used for generating
an interference suppressed loudspeaker signal. Frequency dependent coupling factors, frequency dependent decay
factors and frequency dependent delay factors can be calculated preferably from a room impulse response.
[0026] The estimated interference signal is a system feedback signal, which can be calculated according to the formula 
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wherein Sff,Mic(m,k) is the estimated feedback level at the microphone Mic, for a predetermined frequency sub-band m
at time k; PLs,Mic(m) is the coupling factor of the sub-band m between the loudspeaker Ls and the microphone Mic;
Sff,Ls(m,k-D(m)) is the feedback signal level at the loudspeaker Ls for a predetermined frequency sub-band at time k-
D(m), D(m) is the delay factor of the sub-band m, Sff,Mic(m,k-1) is the feedback signal level at the microphone Mic for a
predetermined frequency sub-band at time k-1 and e-ϕ(m) is an exponential decay factor of the sub-band m.
[0027] The interference model parameters are deduced form at least one microphone signal or from automatically
detecting and interpreting decaying signal slopes, wherein after deducting the parameters to be applied are updated
and the parameter deduction occurs preferably when there is no speech, no audio signal or no ICC-system output.
[0028] The coefficients of an echo compensator can be used for the adaption of the interference model parameters
preferably by placing an echo compensator parallel to the signal processing path, wherein the coefficients of the echo
compensator are corresponding to the room impulse response and the parameters of the echo compensator should
only be updated when there is no local speech detected, e.g. only at the decaying slopes of the microphone signal or
only at the feedback of the audio signal.
[0029] By preparing at least two different interference models on the basis of different parameters for different occu-
pancy or different environment conditions and by detecting the actual occupancy of the vehicle or environment condition
it is possible to select the interference model in accordance with the actual occupancy or environment condition detected.
[0030] Noise components, as is known, can be suppressed by a Wiener-filter in sub-band domain. Signal processing
can be applied in sub-band or also in a melband domain to take the psychoacoustics into the account or to reduce the
algorithmic complexity. The difficulty is the estimation of the ICC-system feedback and the audio signal feedback at the
microphone. However, the ICC-system feedback and the audio signal feedback are known at the loudspeaker or can
be supplied as a reference channel from the output of the ICC and the audio system (Fig. 2). The ICC-system feedback
and the audio signal feedback at the microphone 3 can be calculated now as a convolution of the feedback signal at the
loudspeaker 4 and the room impulse response between the loudspeaker 4 and the microphone hLsMic(n): 

and 

[0031] Because it is very difficult to update or estimate the loudspeaker-microphone impulse response during operating
time the method according to the invention uses a model for the energy decay of the room impulse response. The energy
decay of the room impulse response is modelled as the outcome of a non-stationary random process. 

[0032] In which the energy decay is modeled as 

with the reverberation time T60, the sampling frequency fS. and the scaling factor for the signal energy σ2.
[0033] Similar to the time domain description, a constant decay of the energy in the sub-band domain is assumed as 
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[0034] In which PLsMic(m) is the coupling factor of the sub-band m between the loudspeaker and the microphone and
the energy decay ϕ(m) is modelled as 

with the sub-band reverberation time T60(m), the sampling frequency fS, the frame shift N, the frame index k and the
delay parameter D(m).
[0035] The parameters for this sub-band energy decay model GLsMic(m,k) can be estimated from the sub-band energy
decay curve from the impulse response as shown in Fig. 3a. Dependent on the use case, there are maybe different
loudspeakers used for playing back the audio and the ICC system output. Therefore different model parameters from
different impulse responses are used for ICC-system and audio system feedback suppression.
[0036] Very similar energy decay models can be used e.g. for dereverberation of a microphone signal. This has been
disclosed in US2009/0117948 and also by E. Habets in "Multichannel speech dereverberation based on a statistical
model of late reverberation," in ICASSP, 2005. In the case of the present invention, the model is used for estimation of
the ICC-system output and the audio signal at the microphone, i.e. for interference estimation. In the sub-band domain
the estimation of the feedback signal at the loudspeaker 4 can be estimated with the recursive notation: 

[0037] Where Sff,ICC,Mic(m,k) is the estimated feedback of the ICC-system output at the microphone and Sff,Audio,Mic(m,k)
is the estimated feedback of the audio signal at the microphone. It should be noted that the sign S with an index, i.e.
Sxx(m,k) is used in this specification for power, while other capital letters, such as M(m,k) or B(m,k), are used for complex
sub-band signals. The power signal can be approximated as the square of the sub-band signal, e.g. Sbb(m,k) = |B(m,k|2.
[0038] After the estimation of the interfering signals these components can be suppressed. Therefore Spectral Sub-
traction, e.g. Wiener-filter in the sub-band domain can be used. Here the attenuation of the filter coefficients is constrained
to a maximum attenuation (spectral floor) β(m).
[0039] 0 ≤ β(m) ≤ 1, conventionally 0.1 ≤ β(m) ≤ 0.3.
[0040] For reduction of the artefacts caused by the interference suppression, also called musical noise, an overesti-
mation factor γ(m) will be used. Conventionally the overestimation factor γ(m) is a fixed value, with e.g. 1 ≤ γ(m) ≤ 3.
Because these artefacts are masked by the residual noise primarily caused by the noise suppression the improved
solution contains a SNR(k,m) (signal to noise ration) dependent overestimation factor γ(k, m). Where the SNR(k,m) is
defined as 

[0041] Where T(m,k) is the feedback and noise suppressed signal and approximates the clean local speech signal
Sss(m,k) power and Sbb(m,k) is the estimated nose signal power.
[0042] This adaptation of the SNR(k,m) dependent overestimation factor γ(k,m) depends on a characteristic which
maps the SNR(k,m) to the overestimation factor γ(k,m). Some sample characteristics are depicted in Fig. 5. Common
parameters are γmin(m) = 1; γmax(m) =3; SNRmin(m) = 5 dB; SNRmax(m) = 15 dB. 

[0043] The overestimation factor γ(K,m) can also be defined and determined for every processing step as γF,ICC(k,m),
γF,Audio(k,m) and γB(k,m).
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[0044] It is beneficial to suppress the feedback and the audio signal before estimating the noise power and suppress
the background noise. Due to the assumption that the power of the single signal components is uncorrelated, the power
of the microphone signal can be defined as: 

[0045] Where all components are known or can be estimated as shown before, beside the power of the clean speech
signal Sss(m,k) which is unknown.
[0046] In the illustrated embodiment, it is started with the ICC-system feedback suppression, but other arrangements
are also possible. The coefficients of the feedback suppression filter can be calculated, e.g. 

This filter can be applied to the disturbed microphone signal. 

to obtain the ICC-system feedback suppressed signal R(m,k).
[0047] Now this ICC-system feedback suppressed signal R(m,k) can advantageously be used for suppressing the
audio system feedback. 

[0048] This filter can be applied to the processed microphone signal R(m,k) 

to obtain the ICC-system and audio system feedback suppressed signal L(m,k).
[0049] Now the ICC-system and audio system feedback suppressed signal L(m,k) can be used for noise signal sup-
pression. The power of the background noise Sbb(m,k) is a stationary process and can be estimated from noisy speech
signal, e.g. in speech pauses as: 

while speech pause, 

while speech activity.
[0050] With the estimated noise power the filter coefficients of the noise suppression filter can be calculated as: 

[0051] This filter can be applied to the noisy already ICC-system and audio system feedback suppressed signal L(m,k) 

to obtain the feedback and noise suppressed signal T(m,k).
[0052] The suppression of these interferences has an influence to the signal output level of the processed speech
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and the residual interferences. Therefore the signal output level needs to be adjusted due to the signal suppression to
keep the long term output and residual interference level constant. This amplification factor can be calculated for every
sub-band V(m,k) or as scalar fullband parameter v(k). One possible implementation for the update of the amplification
factor is to calculate the update terms for every filter. 

[0053] Where the mean value of the filter coefficients is used for the update of the with smoothing parameter α smoothed
amplification correction factor. Therefore 0 ≤ α ≤ 0.1 and Nsub is the number of the sub-bands. The parameter VAudio(k)
and VB(k) are calculated the same way.
[0054] Now the gain correction factors are combined to get the final gain correction factor 

[0055] The calculated amplification factor can be applied to the processed signal to correct the long term power level
difference caused by the signal processing 

[0056] Where Y(m,k) is the output of the signal enhancement.
[0057] Certainly the amplification of the output signal changes the level of the residual interferences of the processed
signal. To correct the power level of the residual interference signal the amplification factor can be used for adjusting
the spectral floor of the filter calculation: 

[0058] Where βstart(m) is the initial value for the spectral floor. The parameter βAudio(m,k) and βB(m,k) are updated the
same way.
[0059] The described method enables to enhance the interfered signal by a very robust and efficient way with a circuit
schematically shown in Fig. 3b. The configuration shown in Fig. 3b depends on the actual system setup. Feedback
suppression, audio suppression and noise suppression is applied stepwise, where for all these suppression steps cor-
responding estimations of interference signals are used. In Fig. 3b the suppression modules are arranged in the following
order: Feedback, Audio and Noise. Rearrangements of the used modules are possible and may in some cases be
necessary. It is possible to perform every processing step independently like shown before. There the modules can also
be rearranged and/or combined.
[0060] Combination and application of the filter coefficients of different modules can be described as follows 

[0061] Where H(m,k) is the combined interference suppression filter coefficients dependent on the single components
ICC-system feedback suppression filter coefficients HF,ICC(m,k), audio system feedback suppression filter coefficients
HF,Audio(m,k) and noise suppression filter coefficients HB(m,k).
[0062] In that case the enhanced signal can be calculated now as 

[0063] According to Fig. 3b, the microphone signal M(m,k) is transformed by a ICC-system feedback suppression step
11 to a feedback reduced signal R(m,k). In order to ensure that the suppression in this step 11 works precisely, there is
an ICC-system feedback estimation step 12 preposed. In the step 12 the ICC-system feedback signal at the loudspeaker
FICC,Ls(m,k) and determines the interference signal level Sff,ICC,Mic(m,k) by applying the room energy decay model pa-
rameters on the base of the sub-band coupling factor PLsMic(m) times the magnitude square of a sub-band delayed
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loudspeaker signal FICC,Ls(m,k-D(m)) plus a last interference signal level Sff,ICC,Mic(m,k-1) times a sub-band decay factor
e-ϕ(m). The output of module 12, the estimated interference signal level Sff,ICC,Mic(m,k), is delivered to module 11 and is
used there to suppress the interference signal accordingly.
[0064] The same applies to the feedback of the audio system and feeding the estimated signal level Sff,Audio,Mic(m,k)
of the stage 13 to an audio system feedback suppression stage 14.
[0065] The output of module 14 is now freed from feedback interference components and can, therefore, better be
used for noise estimation in module 15, to feed a noise suppression stage 16. Since the enhanced signal has lost power,
it is useful, to correct the signal level by a gain control module 17 which forms a power level corrected signal Y(m,k) and
is in connection with modules 11, 14 and 16. Therefore the gain control stage 17 analyzes the filter coefficients of the
modules 11, 14, 16 and returns the for adjusted spectral floor factors back to the modules 11, 14, 16.

Update of the decay model parameter:

[0066] In general, from the three energy decay model parameter, the delay D(m) and the energy decay e-ϕ(m) are
related to the used hardware and the room characteristics e.g. the reverberation time T60. The changes of these param-
eters are slow and small. The coupling factor PLsMic(m) depends on the actual position of the passengers inside the car
and is changing faster. In the majority of cases it is sufficient only to adapt this parameter during signal processing.
[0067] As described before the room energy decay parameters can be estimated from the impulse response respec-
tively the sub-band impulse response. This impulse response can be measured, before calculating the signal processing
and the estimated model parameters D(m), PLsMic(m) and e-ϕ(m), see also Fig 3a. With these parameters, signal processing
can be applied.
[0068] Due to the changes of the impulse response, caused by changes of the car occupancy and environment
conditions, e.g. open window or door, it is suitable to repeat the impulse response measurements for different car
occupancies and environment conditions, e.g. to have different decay models for different occupancies and environment
conditions. The occupancy or environment conditions of the car can be detected, e.g. with seat sensors or window
sensor, and the signal processing can switch to the actual predefined decay model.
[0069] Another possibility to estimate the room energy decay model parameters, is the use of an echo compensator
18 (Fig. 4a) which is placed parallel to the signal processing path 7. The output of the echo compensator 18 is not used
for feedback compensation, but only for updating the echo compensator. Due to the correspondence of the coefficients
of the echo compensator to the room impulse response (as is known from EP-A-2151983), the estimated coefficients
can be used in a very similar way to estimate or to update the decay model parameter during the signal processing. The
parameters of the echo compensator should only be updated when there is no local speech detected, e.g. only at the
decaying slopes of the microphone signal or only at the feedback of the audio signal.
[0070] A further possibility to estimate the room energy decay model parameters, is to use of frequency/phase shift
methods or other decorrelation methods like nonlinearities at the system output or additional noise signal. The decay
model parameter can be easily updated from this decorrelated loudspeaker signal. This method can be used together
to the parallel echo compensator 18 to support and accelerate the adaptation of the echo compensator 18.
[0071] Still another possibility to estimate the room energy decay model parameters, is to automatically detect and
interpret the decaying signal slopes. In this case, the energy decay of the slope needs to be monitored. The fastest
decay appears when there is no additional excitation signal, e.g. no local speech, no audio signal or no ICC-system
output. After detecting these moments the room energy decay model parameters can be updated by the estimated sub-
band decay and the sub-band transfer at the beginning of the slope.
[0072] Another possibility is to update the decay model parameter from the calculated cross correlation between the
loudspeaker signal FICC,Ls(m,k) and the microphone signal M(m,k) to estimate the room energy decay model parameters.

Additional use cases for this decay model:

[0073] The described model for the energy decay can also be used for adjusting the coefficients of the equalizer which
can also be a part of the ICC system. Therefore the sub-band coupling parameter PLsMic(m,k) can be used to set up the
sub-band equalizer 19 (vide Fig 4b) to improve the stability ICC-system gain in term of maximum ICC-system gain, due
to the correlation between the room impulse response hLsMic(n) and the sub-band coupling parameter PLsMic(m,k). The
sub-band attenuation of the equalizer HEq(m,k) can be determined directly from the sub-band coupling parameter
PLsMic(m,k) 

[0074] The estimation of the interference components can also be used to set up the ICC system gain. Of course, this
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gain is dependent on the background noise level Sbb(m,k). But it is also dependent on the level of the feedback and
audio signal. Because for a high feedback the ICC system produces many artefacts the system gain should be reduced.
For very high audio signal level, the passengers prefer to listen to the audio system. The audio level at the microphone
Sff,Audio,Mic(m,k) can be estimated with the described method. This signal correlates to the sound level inside the car. In
relation to the ratio between the estimated audio signal and the processed signal the system gain can be reduced or
the system can be deactivated in order to not disturb the passengers, while listening music. For very high ICC-system
feedback level Sff,ICC,Mic(m,k) at the microphone the processed signal contains many artefacts caused by the signal
processing. For reduction of this artefacts the ICC-system gain should be reduced to reduce the level of the feedback
signal Sff,ICC,Mic(m,k) or switch off the ICC-system while the ICC-system is working under inconvenient or not acceptable
conditions.
[0075] The communication system gain can be adjusted according to the estimated interference signal level, wherein
this gain is dependent on the background noise level and on the level of the communication system feedback and audio
system signal, for a high communication system feedback or for a high audio signal level the system gain should be
reduced.

Claims

1. Method for interference suppression for a communication system, comprising at least one loudspeaker (4, 5), at
least one microphone (3) and a signal processing system (7), wherein the microphone is recording a signal comprising
communication information and interferences, the signal processing system is processing the microphone signal
and providing a loudspeaker signal and the loudspeaker is emitting a sound signal corresponding to the loudspeaker
signal, the at least one microphone picking up at least a portion of the loudspeaker signal and thereby causing
feedback, characterized in that the signal processing system is estimating an interference signal by an energy
decay model with frequency dependent coupling factors, frequency dependent decay factors and frequency de-
pendent delay factors, wherein an estimated interference signal includes at least one product of the respective
coupling factor times a respective part of a loudspeaker signal delayed by the respective delay factor plus at least
one product of an estimated interference signal at an earlier moment times the respective decay factor, and that
the estimated interference signal is used for generating an interference suppressed loudspeaker signal.

2. Method according to claim 1, characterized in that the estimated interference signal is calculated according to the
formula 

wherein Sff,Mic(m,k) is the estimated interference signal level at the microphone Mic, for a predetermined frequency
sub-band m at time k; PLsMic(m) is the coupling factor of the sub-band m between the loudspeaker Ls and the
microphone Mic; Sff,Ls(m,k-D(m)) is the interference signal level at the loudspeaker Ls for a predetermined frequency
sub-band at time k-D(m); D(m) is the delay factor of the sub-band m; Sff,Mic(m,k-1) is the interference signal level at
the microphone Mic for a predetermined frequency sub-band at time k-1; and e-ϕ(m) is an exponential decay factor
of the sub-band m.

3. Method according to claim 1 or 2, characterized in that the estimated interference signal is a communication system
feedback signal or an audio-system feedback signal, wherein the feedback signal includes a part or all of the
loudspeaker signal at loudspeaker Ls.

4. Method according to claim 1, wherein a test signal is sent to the respective loudspeaker for determining system
characteristics on the basis of the test signal received by the respective microphone, wherein the system charac-
teristics detected by the application of the test signal are used to determine the frequency dependent coupling
factors, the frequency dependent decay factors and frequency dependent delay factors.

5. Method according to any of the preceding claims, characterized in that generating an interference suppressed
loudspeaker signal is performed by Spectral Subtraction, preferably by the application of a Wiener-filter using the
estimated interference signal.

6. Method according to any of the preceding claims, characterized in that an overestimation γ(m,k) of the estimated
interference signal of the sub-band m is adjusted to an estimated noise to speech signal ratio SNR(m,k) of the sub-
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band m deduced by a noise suppression module (16) and that a maximum attenuation β(m,k) of the sub-band m is
adjusted to a gain correction factor V(m,k) of the sub-band m.

7. Method according to any of the preceding claims, further characterized by applying stepwise independently or
combined at least two suppressing steps out of communication system feedback suppression (11), audio system
feedback suppression (14) and noise suppression (16), wherein for all the suppression steps corresponding esti-
mations of interference signals are used, and the suppression modules (11, 14, 16) can be arranged in any order,
but are preferably arranged in the following order: communication system feedback, audio system feedback and
noise.

8. Method according to any of the preceding claims, characterized in that the interference model parameters are
deduced from at least one microphone signal or by automatically detecting and interpreting decaying signal slopes,
wherein after deducting the parameters to be applied are updated and the parameter deduction occurs preferably
when there is no local speech.

9. Method according to any of the preceding claims, characterized by the further steps of preparing at least two
different interference models on the basis of different parameters for different occupancy or different environment
conditions; detecting the actual occupancy of the vehicle or environment condition; and selecting the interference
models in accordance with the actual occupancy or environment condition detected.

10. Method according to any of the preceding claims, characterized in that the coefficients of an echo compensator
are used for the adaption of the interference model parameters preferably by placing an echo compensator (18)
parallel to the signal processing path, wherein the coefficients of the echo compensator are corresponding to the
room impulse response and the parameters of the echo compensator should only be updated when there is no local
speech detected.

11. Software product comprising instructions which, when the software is executed by a computer, cause the computer
to carry out the method according to any of the preceding claims.

12. Communication system comprising at least one loudspeaker (4, 5) and at least one microphone (3), as well as a
signal processing system (7), which carries out a method according to any of claims 1 to 10.

Patentansprüche

1. Verfahren zur Entstörung für ein Kommunikationssystem, umfassend mindestens einen Lautsprecher (4, 5), min-
destens ein Mikrofon (3) und ein Signalverarbeitungssystem (7), wobei das Mikrofon ein Signal aufzeichnet, das
Kommunikationsinformationen und Störungen umfasst, das Signalverarbeitungssystem das Mikrofonsignal verar-
beitet und ein Lautsprechersignal bereitstellt, und der Lautsprecher ein dem Lautsprechersignal entsprechendes
Tonsignal emittiert, wobei das mindestens eine Mikrofon mindestens einen Teil des Lautsprechersignals aufnimmt
und dadurch eine Rückkopplung verursacht, dadurch gekennzeichnet, dass das Signalverarbeitungssystem ein
Störsignal durch ein Energieabfallmodell mit frequenzabhängigen Koppelfaktoren, frequenzabhängigen Aus-
schwingfaktoren und frequenzabhängigen Verzögerungsfaktoren schätzt, wobei ein geschätztes Störsignal min-
destens ein Produkt aus dem jeweiligen Koppelfaktor mal einem jeweiligen Teil eines um den jeweiligen Verzöge-
rungsfaktor verzögerten Lautsprechersignals plus mindestens einem Produkt aus einem geschätzten Störsignal zu
einem früheren Zeitpunkt mal dem jeweiligen Abschwingfaktor beinhaltet, und dass das geschätzte Störsignal zum
Erzeugen eines entstörten Lautsprechersignals verwendet wird.

2. Verfahren nach Anspruch 1, dadurch gekennzeichnet, dass das geschätzte Störsignal gemäß der folgenden
Formel berechnet ist 

wobei SffMic(m,k) der geschätzte Störsignalpegel an dem Mikrofon Mic für ein vorbestimmtes Frequenzteilband m
am Zeitpunkt k ist; PLsMic(m) der Koppelfaktor des Teilbands m zwischen dem Lautsprecher Ls und dem Mikrofon
Mic ist; Sff,Ls(m,k-D(m)) der Störsignalpegel an dem Lautsprecher Ls für ein vorbestimmtes Frequenzteilband am
Zeitpunkt k-D(m) ist; D(m) der Verzögerungsfaktor des Teilbands m ist; Sff,mic(m,k-1) für ein vorbestimmtes Frequenz-
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teilband am Zeitpunkt k-1 ist; und e-φ(m) ein exponentieller Ausschwingfaktor des Teilbands m ist.

3. Verfahren nach Anspruch 1 oder 2, dadurch gekennzeichnet, dass das geschätzte Störsignal ein Kommunikati-
onssystem-Rückkopplungssignal oder ein Audiosystem-Rückkopplungssignal ist, wobei das Rückkopplungssignal
einen Teil oder das gesamte Lautsprechersignal an dem Lautsprecher Ls beinhaltet.

4. Verfahren nach Anspruch 1, wobei ein Testsignal an den jeweiligen Lautsprecher gesendet wird, um auf Grundlage
des von dem jeweiligen Mikrofon empfangenen Testsignals Systemeigenschaften zu bestimmen, wobei die Syste-
meigenschaften, die durch die Anwenden des Testsignals erfasst werden, zum Bestimmen der frequenzabhängigen
Koppelfaktoren, der frequenzabhängigen Abschwingfaktoren und frequenzabhängigen Verzögerungsfaktoren ver-
wendet werden.

5. Verfahren nach einem der vorherigen Ansprüche, dadurch gekennzeichnet, dass ein Erzeugen eines entstörten
Lautsprechersignals durch Spektralsubtraktion, vorzugsweise durch Anwenden eines Wiener-Filters unter Verwen-
dung des geschätzten Störsignals, ausgeführt wird.

6. Verfahren nach einem der vorherigen Ansprüche, dadurch gekennzeichnet, dass eine Überschätzung y(m,k) des
geschätzten Störsignals des Teilbands m auf ein geschätztes Rausch-Sprach-Signal-Verhältnis SNR(m,k) des Teil-
bands m, abgeleitet durch ein Rauschunterdrückungsmodul (16), eingestellt wird, und dass eine maximale Dämpfung
ß(m,k) des Teilbands m auf einen Verstärkungskorrekturfaktor V(m,k) des Teilbands m eingestellt wird.

7. Verfahren nach einem der vorherigen Ansprüche, ferner gekennzeichnet durch ein schrittweises Anwenden von
mindestens zwei Unterdrückungsschritten aus der Kommunikationssystem-Rückkopplungsunterdrückung (11), der
Audiosystem-Rückkopplungsunterdrückung (14) und der Rauschunterdrückung (16), wobei für alle Unterdrückungs-
schritte entsprechende Schätzungen von Störsignalen verwendet werden und die Unterdrückungsmodule (11, 14,
16) in beliebiger Reihenfolge angeordnet sein können, aber vorzugsweise in der folgenden Reihenfolge angeordnet
sind: Kommunikationssystem-Rückkopplung, Audiosystem-Rückkopplung und Rauschen.

8. Verfahren nach einem der vorherigen Ansprüche, dadurch gekennzeichnet, dass die Störmodellparametervon
mindestens einem Mikrofonsignal oder durch automatisches Erfassen und Auslegen von abschwingenden Signal-
flanken abgeleitet sind, wobei nach Ableiten die anzuwendenden Parameter aktualisiert werden und die Parame-
terableitung vorzugsweise dann erfolgt, wenn es keine lokale Sprache gibt.

9. Verfahren nach einem der vorherigen Ansprüche, gekennzeichnet durch die weiteren Schritte eines Vorbereitens
von mindestens zwei verschiedenen Störmodellen auf Grundlage verschiedener Parameter für eine unterschiedliche
Belegung oder unterschiedliche Umgebungsbedingungen, eines Erfassens der tatsächlichen Belegung des Fahr-
zeugs oder der Umgebungsbedingung und eines Auswählens der Störmodelle in Übereinstimmung mit der erfassten
tatsächlichen Belegung oder der erfassten Umgebungsbedingung.

10. Verfahren nach einem der vorherigen Ansprüche, dadurch gekennzeichnet, dass die Koeffizienten eines Echo-
kompensators zur Anpassung der Störmodellparameter vorzugsweise durch Platzieren eines Echokompensators
(18) parallel zu dem Signalverarbeitungspfad verwendet werden, wobei die Koeffizienten des Echokompensators
der Raumimpulsantwort entsprechen und die Parameter des Echokompensators nur aktualisiert werden sollten,
wenn es keine lokale Sprache gibt.

11. Software Produkt, umfassend Anweisungen, die, wenn die Software durch einen Computer ausgeführt wird, den
Computer veranlassen, das Verfahren gemäß einem der vorherigen Ansprüche durchzuführen.

12. Kommunikationssystem, umfassend mindestens einen Lautsprecher (4, 5) und mindestens ein Mikrofon (3) sowie
ein Signalverarbeitungssystem (7), das ein Verfahren nach einem der Ansprüche 1 bis 10 durchführt.

Revendications

1. Procédé pour une suppression d’interférences pour un système de communication, comprenant au moins un haut-
parleur (4, 5), au moins un microphone (3) et un système de traitement de signal (7), dans lequel le microphone
enregistre un signal comprenant des informations de communication et des interférences, le système de traitement
de signal traite le signal de microphone et fournit un signal de haut-parleur et le haut-parleur émet un signal sonore
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correspondant au signal de haut-parleur, l’au moins un microphone capturant au moins une partie du signal de haut-
parleur et produisant ainsi une rétroaction, caractérisé par le fait que le système de traitement de signal estime
un signal d’interférence par un modèle de décroissance d’énergie avec des facteurs de couplage dépendant de la
fréquence, des facteurs de décroissance dépendant de la fréquence et des facteurs de retard dépendant de la
fréquence, dans lequel un signal d’interférence estimé comprend au moins un produit du facteur de couplage
respectif multiplié par une partie respective d’un signal de haut-parleur retardé par le facteur de retard respectif plus
au moins un produit d’un signal d’interférence estimé à un moment antérieur multiplié par le facteur de décroissance
respectif, et par le fait que le signal d’interférence estimé est utilisé pour générer un signal de haut-parleur à
interférences supprimées.

2. Procédé selon la revendication 1, caractérisé par le fait que le signal d’interférence estimé est calculé selon la
formule :

dans laquelle Sff,Mic(m,k) est le niveau de signal d’interférence estimé au niveau du microphone Mic, pour une sous-
bande de fréquence prédéterminée m à un instant k ; PLsMic(m) est le facteur de couplage de la sous-bande m entre
le haut-parleur Ls et le microphone Mic ; Sff,Ls(m,k-D(p)) est le niveau de signal d’interférence au niveau du haut-
parleur Ls pour une sous-bande de fréquence prédéterminée à un instant k-D(p) ; D(m) est le facteur de retard pour
la sous-bande m ; Sff,Mic(m,k-1) est le niveau de signal d’interférence au niveau du microphone Mic pour une sous-
bande de fréquences prédéterminée à un instant k-1 ; et e-ϕ(m) est un facteur de décroissance exponentielle de la
sous-bande m.

3. Procédé selon la revendication 1 ou 2, caractérisé par le fait que le signal d’interférence estimé est un signal de
rétroaction de système de communication ou un signal de rétroaction de système audio, dans lequel le signal de
rétroaction comprend une partie de ou tout le signal de haut-parleur au niveau du haut-parleur Ls.

4. Procédé selon la revendication 1, dans lequel un signal d’essai est envoyé au haut-parleur respectif pour déterminer
des caractéristiques de système sur la base du signal d’essai reçu par le microphone respectif, dans lequel les
caractéristiques de système détectées par l’application du signal d’essai sont utilisées pour déterminer les facteurs
de couplage dépendant de la fréquence, les facteurs de décroissance dépendant de la fréquence et les facteurs
de retard dépendant de la fréquence.

5. Procédé selon l’une quelconque des revendications précédentes, caractérisé par le fait que la génération d’un
signal de haut-parleur à interférences supprimées est réalisée par soustraction spectrale, de préférence par l’ap-
plication d’un filtre Wiener en utilisant le signal d’interférence estimé.

6. Procédé selon l’une quelconque des revendications précédentes, caractérisé par le fait qu’une surestimation
γ(m,k) du signal d’interférence estimé de la sous-bande m est ajustée à un rapport bruit sur signal vocal estimé
SNR(m,k) de la sous-bande m déduit par un module de suppression de bruit (16) et par le fait qu’une atténuation
maximale β(m,k) de la sous-bande m est ajustée à un facteur de correction de gain V(m,k) de la sous-bande m.

7. Procédé selon l’une quelconque des revendications précédentes, caractérisé en outre par application pas-à-pas
de façon indépendante ou combinée d’au moins deux étapes de suppression parmi une suppression de rétroaction
de système de communication (11), une suppression de rétroaction de système audio (14) et une suppression de
bruit (16), dans lequel pour toutes les étapes de suppression, des estimations correspondantes de signaux d’inter-
férence sont utilisées, et les modules de suppression (11, 14, 16) peuvent être agencés selon un ordre quelconque,
mais sont de préférence agencés dans l’ordre suivant : rétroaction de système de communication, rétroaction de
système audio et bruit.

8. Procédé selon l’une quelconque des revendications précédentes, caractérisé par le fait que les paramètres de
modèle d’interférence sont déduits à partir d’au moins un signal de microphone ou par détection et interprétation
de façon automatique de pentes de signal de décroissance, dans lequel après déduction, les paramètres à appliquer
sont actualisés et la déduction de paramètres se produit de préférence lorsqu’il n’y a pas de parole locale.

9. Procédé selon l’une quelconque des revendications précédentes, caractérisé par les autres étapes consistant à
préparer au moins deux modèles d’interférence différents sur la base de différents paramètres pour des conditions
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d’occupations différentes ou d’environnements différents ; détecter l’occupation réelle de véhicule ou la condition
d’environnement ; et sélectionner les modèles d’interférence selon la condition d’occupation ou d’environnement
réelle détectée.

10. Procédé selon l’une quelconque des revendications précédentes, caractérisé par le fait que les coefficients d’un
compensateur d’écho sont utilisés pour l’adaptation des paramètres de modèle d’interférence, de préférence en
plaçant un compensateur d’écho (18) parallèlement au trajet de traitement de signal, dans lequel les coefficients
du compensateur d’écho sont correspondants à une réponse impulsionnelle de pièce et les paramètres du com-
pensateur d’écho devraient être actualisés uniquement lorsqu’il n’y a pas de parole locale détectée.

11. Produit logiciel comprenant des instructions qui, lorsque le logiciel est exécuté par un ordinateur, amènent l’ordinateur
à réaliser le procédé selon l’une quelconque des revendications précédentes.

12. Système de communication comprenant au moins un haut-parleur (4, 5) et au moins un microphone (3), ainsi qu’un
système de traitement de signal (7), qui réalise un procédé selon l’une quelconque des revendications 1 à 10.
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