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Description

[0001] The present invention is in the field of digital
filtering of audio signals. In particular, the present inven-
tion is in the field of configuring a digital audio filter for a
pleasing sound experience.

[0002] Modern digital audio filters have become more
and more complex. One reason for the increasing com-
plexity is the aim to compensate for the room acoustics
in a listening position. Attempts to adapt an audio output
to a particular auditory space by compensating for audi-
tory space artifacts may lead to complex digital audio
filters. The complex signal processing may make it diffi-
cult to have good control over the filter characteristics.
In particular, it may be difficult to manipulate the filter
characteristics in a highly targeted manner. Further in
particular, manipulations in the time domain or in the fre-
quency domain may have undesirably broad effects in
the respectively other domain. This in turn may lead to
undesired degradations of the sound experience for a
listener.

[0003] Goodwin M M, "Realization of arbitrary filter in
the STFT domain", 2009 IEEE Workshop on Application
of Signal Processing to Audio and Acoustics discloses
how to realize arbitrary FIR and IIR filters in an STFT
framework whose block size, hop size, and transform
size are not constrained by the target filter response.
[0004] It would be beneficial to provide a method for
configuring a digital audio filter that allows for a highly
targeted control of the filter characteristics, even in the
context of complex filter designs / set-ups. It would also
be beneficial to provide a digital audio filter having such
configuration.

[0005] Exemplary embodiments of the invention in-
clude a method for configuring a digital audio filter in ac-
cordance with claim 1 and a vehicle sound system in
accordance with claim 11. Further embodiments of the
invention are given in the dependent claims.

[0006] Exemplary embodiments of the invention in-
clude a method for configuring a digital audio filter, com-
prising: providing a decaying impulse response in the
time domain, representing at least part of the transfer
characteristics of the digital audio filter; determining the
poles and zeros of the decaying impulse response in the
z-domain; selecting at least one subset of the poles and
zeros of the decaying impulse response; and, for each
of the at least one subset of the poles and zeros: deter-
mining a respective subset impulse response in the time
domain, windowing the respective subset impulse re-
sponse in the time domain, and configuring the digital
audio filter in accordance with the windowed respective
subset impulse response.

[0007] Exemplary embodiments of the invention allow
for manipulating the transfer characteristics of a digital
audio filter in a manner that is highly targeted both in the
time domain and the frequency domain. By addressing
a particular subset of the poles and zeros of the decaying
impulse response and by manipulating a subset impulse
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response, i.e. an impulse response associated with the
subset of the poles and zeros selected, the manipulation
may be highly targeted in the frequency domain. By win-
dowing the subset impulse response in the time domain,
a highly targeted manipulation in the time domain may
be achieved. As compared to previous approaches,
where a highly targeted manipulation in one of the time
and frequency domains was associated with an undesir-
ably broad effect in the other one of the time and frequen-
cy domains, the method in accordance with exemplary
embodiments of the invention may allow for a particularly
good trade-off in controlling the transfer characteristics
of the digital audio filter in the time domain and the fre-
quency domain.

[0008] The method comprises the step of providing a
decaying impulse response in the time domain, repre-
senting at least part of the transfer characteristics of the
digital audio filter. The expression providing a decaying
impulse response in the time domain may refer to deter-
mining a desired decaying impulse response in the time
domain on the basis of desired impulse response char-
acteristics. It may also refer to determining the decaying
impulse response from another representation of the
transfer characteristics of the digital audio filter, such as
from a transfer function in the frequency domain. The
expression may also refer to accessing a decaying im-
pulse response in the time domain that is readily access-
able, such as from a previously determined initial config-
uration / set-up of the digital audio filter. The expression
of representing at least part of the transfer characteristics
of the digital audio filter means that the decaying impulse
response represents part of the transfer characteristics
of an initial set-up of the digital audio filter, i.e. a set-up
of the digital audio filter before the ensuing method steps
are carried out. The decaying impulse response may rep-
resent part of the transfer characteristics of the digital
audio filter or all of the transfer characteristics of the dig-
ital audio filter.

[0009] As stated above, exemplary embodiments of
the invention relate to a method for configuring a digital
audio filter. The method for configuring a digital audio
filter may also be referred to as a method for adapting
an initial set-up of the digital audio filter and forming a
modified set-up of the digital audio filter. The decaying
impulse response may represent at least part of the initial
set-up of the digital audio filter, with the ensuing method
steps manipulating set decaying impulse response and,
thus, resulting in a modified set-up of the digital audio
filter. The modified set-up of the digital audio filter may
be afinal set-up of the digital audio filter or may be subject
to further modifications.

[0010] The method comprises selecting at least one
subset of the poles and zeros of the decaying impulse
response. The term subset may refer to any subset of
the total set of poles and zeros. In particular, the subset
may comprise one, two, three, four, five, six, seven, eight,
nine, ten or more poles/zeros. Further in particular, the
subset may comprise only poles or only zeros or a com-
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bination of poles and zeros. The one or more subsets
may be selected in accordance with various criteria, as
will be laid out in more detail below.

[0011] The method comprises determining a respec-
tive subset impulse response in the time domain for a
given subset of the poles and zeros. The term subset
impulse response refers to an impulse response of a
transfer function that is determined by the given subset
of the poles and zeros. In other words, the given subset
of the poles and zeros determine transfer characteristics
in the frequency domain, with the subset impulse re-
sponse representing said transfer characteristics in the
time domain.

[0012] The method comprises windowing the subset
impulse response in the time domain. The windowing is
amanipulation of the subsetimpulse response in the time
domain. The windowing may be performed with a variety
of different windows, as will be laid out below. The win-
dowing may include a weighing of individual values in
the subsetimpulse response, depending on their position
along the time axis, and/or a clipping of the subset im-
pulse response in the time domain. The windowing of the
respective subset impulse response in the time domain
yields a windowed respective subset impulse response.
While the term respective subset impulse response re-
fers to a component of the transfer characteristics of the
initial set-up of the digital audio filter, the term windowed
respective subset impulse response refers to a compo-
nent of the modified set-up of the digital audio filter.
[0013] The method includes configuring the digital au-
diofilter in accordance with the windowed subsetimpulse
response. Said configuring of the digital audio filter may
also be viewed as using the windowed subset impulse
response in the digital audio filter, instead of the un-win-
dowed subset impulse response, i.e. instead of the sub-
set impulse response that is the result of the step of de-
termining a subset impulse response in the time domain.
Stated differently, the step of configuring the digital audio
filter in accordance with the windowed respective subset
impulse response may be viewed as replacing that part
of the decaying impulse response that is associated with
the subset of the poles and zeros in question with the
windowed respective subset impulse response. In this
way, the decayingimpulse response may be manipulated
in a highly targeted manner, depending on the particular
selection of the subset of the poles and zeros.

[0014] The step of selecting at least one subset of the
poles and zeros of the decaying impulse response com-
prises: grouping poles and zeros of the decaying impulse
response in accordance with at least one predefined fre-
quency interval. The selecting of the at least one subset
of the poles and zeros may comprise checking if and how
many poles and zeros are within one or more predefined
frequency intervals and combining those poles and zeros
within the one or more predefined frequency intervals, if
present, into said at least one subset of the poles and
zeros. The step of selecting at least one subset of the
poles and zeros may provide an effective means for tar-

10

15

20

25

30

35

40

45

50

55

geting certain frequency intervals for manipulation, while
maintaining a manageable level of complexity by group-
ing the poles and zeros in accordance with the one or
more predefined frequency intervals. The predefined fre-
quency intervals may span the whole audible range from
about 20 Hz to about 20 kHz or may span one or more
portions thereof.

[0015] According to a further embodiment, said group-
ing of poles and zeros in accordance with at least one
predefined frequency interval comprises grouping poles
and zeros in accordance with between 5 and 30 prede-
fined frequency intervals. In particular, it may comprise
grouping poles and zeros in accordance with between
10 and 20 predefined frequency intervals. Further in par-
ticular, it may comprise grouping poles and zeros in ac-
cordance with 15 predefined frequency intervals. It has
been found that said numbers of frequency intervals pro-
vide for a good trade-off between a highly targeted ma-
nipulation in the frequency domain, while maintaining a
manageable level of complexity. In a particular example,
15 predefined frequency intervals may be provided for a
frequency range from 20 Hz to 375 Hz. In this way, a
highly targeted manipulation of the transfer characteris-
tics of the digital audio filter at very low frequencies in
the audible spectrum may be achieved.

[0016] According to a further embodiment, the step of
selecting at least one subset of the poles and zeros of
the decaying impulse response comprises: grouping
poles and zeros of the decaying impulse response in ac-
cordance with at least one predefined quality factor in-
terval, also referred to as Q factor interval. In a particular
embodiment, said grouping of poles and zeros may be
carried out in accordance with a plurality of quality factor
intervals. In this way, similarly damped portions of the
decaying impulse response may be handled in a joint
manner, providing a targeted manipulation of the decay-
ing impulse response, while maintaining a manageable
level of complexity. The grouping in accordance with one
or more predefined quality factor intervals may be carried
out in addition / as an alternative to above discussed
grouping in accordance with one or more predefined fre-
quency intervals.

[0017] According to a further embodiment, the method
comprises: selecting a plurality of subsets of the poles
and zeros of the decaying impulse response; and, for
each of the plurality of subsets of the poles and zeros:
determining the respective subset impulse response in
the time domain, windowing the respective subset im-
pulse response in the time domain, and configuring the
digital audio filter in accordance with the windowed re-
spective subset impulse response.

[0018] According to a further embodiment, for at least
two of the plurality of subsets of the poles and zeros, the
windowing of the respective subset impulse responses
in the time domain is carried out with different window
lengths and/or different window shapes. In this way, the
different subset impulse responses, associated with dif-
ferent subsets of the poles and zeros, may be addressed
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and manipulated in an individualized manner. A highly
targeted decay time control may be exerted, in particular
in a frequency-selective manner. In terms of the window
shapes, it is possible to use Gaussian windows and/or
exponential windows and/or Hanning windows and/or
rectangular windows and/or other window shapes, in par-
ticular specifically designed window shapes. In terms of
window lengths, the windows may have different lengths
in absolute terms. i.e. different lengths on a time scale,
or may have different lengths in relation to the period
lengths of the targeted frequency range. For example,
for a given predefined frequency interval, it is possible to
determine the center frequency and to set the window
length to a certain number of period times at that center
frequency. For example, the window lengths may be be-
tween 2 period times and 20 period times of the center
frequency. Via the different window shapes and/or the
different window lengths, the decay characteristics
and/or the decay time of the subset impulse response in
question may be manipulated / controlled in a targeted
manner. The window lengths and/or the window shapes
may be different for all of the plurality of subsets of the
poles and zeros or for some of the plurality of subsets of
the poles and zeros. In other words, it is possible that
some of the plurality of subsets of the poles and zeros
are windowed with the same window lengths and/or win-
dow shapes, while other subset impulse responses are
windowed differently.

[0019] According to a further embodiment, the method
further comprises: convolving the windowed respective
subset impulse responses for configuring the digital au-
dio filter. Convolving the windowed respective subset im-
pulse responses is an effective means for providing the
digital audio filter in such a way that the modifications,
introduced by the windowing of the respective subsetim-
pulse responses, are all reflected in the modified set-up
of the digital audio filter.

[0020] According to a further embodiment, the decay-
ing impulse response represents a post-ringing transfer
characteristic of the digital audio filter. In this way, the
post-ringing of the digital audio filter may be controlled
in a highly targeted manner.

[0021] According to a further embodiment, the decay-
ing impulse response represents a pre-ringing transfer
characteristic of the digital audio filter, flipped in time. In
this way, the pre-ringing of the digital audio filter may be
controlled in a highly targeted manner.

[0022] According to a further embodiment, the method
comprises: providing a plurality of decaying impulse re-
sponses, with each of the plurality of decaying impulse
responses representing a respective part of the transfer
characteristics of the digital audio filter, wherein method
steps in accordance with any of the embodiments, as
described above, are carried out on each of the plurality
of decaying impulse responses. In this way, different
parts of the transfer characteristics of the digital audio
filter may be addressed / manipulated / controlled in a
particularly targeted manner.
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[0023] According to a further embodiment, the plurality
of decaying impulse responses comprises a first decay-
ing impulse response, representing a post-ringing trans-
fer characteristic of the digital audio filter, and a second
decaying impulse response, representing a pre-ringing
transfer characteristic of the digital audio filter, flipped in
time.

[0024] According to a further embodiment, the method
further comprises: providing a finite impulse response
(FIR) filter implementation in the time domain or a block-
based filter implementation in the frequency domain for
the digital audio filter. The providing of the FIR filter im-
plementation may in particular comprise setting the
length and the parameters of the FIR filter. In this way,
aready to use configuration for the digital audio filter may
be provided. It is pointed out that other types of imple-
mentations of the digital audio filter are possible as well.
In particular, any kind of filter architecture that is suitable
for providing an implementation of the modified set-up of
the digital audio filter or an implementation of an approx-
imation of the modified set-up of the digital audio filter
may be employed.

[0025] According to a further embodiment, the digital
audio filter comprises a compensation component for au-
ditory space artefacts. In a particular embodiment, the
digital audio filter comprises a compensation component,
representing acompensation for auditory space artefacts
of a vehicle interior. A vehicle interior has a complex ge-
ometry for a sound system, inter alia due to the fixed
positions for the speakers, the fixed listening position(s),
the small size of the auditory space, the sound-reflecting
windows, etc. In orderto counteract these artefacts, com-
plex compensation components may be employed in dig-
ital audio filters. The tight control of the transfer charac-
teristics of a digital audio filter, as described herein, is
particularly beneficial when dealing with the compensa-
tion of auditory space artefacts.

[0026] Also disclosed herein is a digital audio filter,
configured in accordance with the method for configuring
a digital audio filter, as described in any of the embodi-
ments above. The additional features, modifications and
effects, as discussed above with respect to a method for
configuring a digital audio filter, apply to the digital audio
filter in an analogous manner. In particular, the digital
audio filter may provide for a particularly pleasing listen-
ing experience, as desired / undesired elements of the
transfer characteristics may be effectively controlled in
the design phase. The digital audio filter may apply the
configured transfer characteristics to an audio signal, be-
fore the audio signal is .output to the auditory space.
[0027] Exemplary embodiments of the invention fur-
ther include a sound system, comprising a digital audio
filter as described above. The additional features, mod-
ifications and effects, as described above with respect
to the method for configuring a digital audio filter and with
respect to the digital audio filter, apply to the sound sys-
tem in an analogous manner. The sound system may
comprise further components. In particular, the sound
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system may comprise an audio source and one or more
speakers. In a particular embodiment, the sound system
may comprise two, three, four, five, six, seven or more
speakers. Besides the digital audio filter, the audio
source, and the speaker(s), the sound system may com-
prise further audio filters. The audio source may be cou-
pled to the digital audio filter described herein, either di-
rectly or indirectly, and the digital audio filter described
herein may be coupled to the speaker(s), either directly
or indirectly.

[0028] The sound system is a vehicle sound system.
In particular, the sound system may be a car sound sys-
tem. The effects, as described herein, may be particularly
useful in the car environment, because a car interior is a
very complex auditory space and there is a lot of room
for enhancing the listening experience for the driver
and/or the passenger(s) in the car.

[0029] Exemplary embodiments of the invention fur-
ther include a method for outputting audio content into a
vehicle interior, the method comprising: filtering a digital
audio signal with a digital audio filter, as described in any
ofthe embodiments above; and outputting audio content,
based on the filtered digital audio signal, via speakers
arranged in the vehicle interior. The additional features,
modifications, and effects, as described above with re-
spect to the method for configuring a digital audio filter,
the digital audio filter, and the sound system, apply to the
method for outputting audio content into the vehicle in-
terior in an analogous manner.

[0030] Further exemplary embodiments of the inven-
tion are described with respect to the accompanying
drawings, wherein:

Fig. 1 shows a sound system in accordance with an
exemplary embodiment of the invention in a block
diagram;

Fig. 2 shows a car in a cut-open top view, the car
being equipped with the sound system of Fig. 1;

Fig. 3 shows a flow diagram for a method for config-
uring a digital audio filter in accordance with an ex-
emplary embodiment of the invention;

Fig. 4 illustrates different window shapes, as may be
used in methods for configuring digital audio filters
in accordance with an exemplary embodiments of
the invention;

Fig. 5 illustrates different window lengths, as may be
used in methods for configuring digital audio filters
in accordance with an exemplary embodiments of
the invention;

Fig. 6 illustrates an effect of the method for config-
uring a digital audio filter in accordance with an ex-
emplary embodiment of the invention on the transfer
characteristics of an exemplary digital audio filter.
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[0031] Fig. 1 shows a sound system 2 in accordance
with an exemplary embodiment of the invention in a block
diagram. In the exemplary embodiment of Fig. 1, the
sound system 2 is a car sound system. However, it is
pointed out that the sound system 2 may also be a sound
system configured for a different application.

[0032] The sound system 2 comprises an audio source
4, a digital audio filter 8 in accordance with an exemplary
embodiment of the invention, and a plurality of active
speakers 12. The audio source 4 is coupled to the digital
audio filter 8. In particular, the output of the audio source
4 may result in a filter input 6 to the digital audio filter 8.
The dashed line between the audio source 4 and the
digital audiofilter 8in Fig. 1 indicates thatadditional signal
processing may take place between the audio source 4
and the digital audio filter 8. In particular, one or more
additional filters may be provided between the audio
source 4 and the digital audio filter 8.

[0033] The digital audio filter 8 transforms the filter in-
put 6 into a filter output 10. The digital audio filter 8 is
coupled to the speakers 12. In operation, the speakers
12 output audio content, resulting from the signal output
10 of the digital audio filter 8. The dashed line between
the digital audio filter 8 and the speakers 12 indicates
that additional signal processing may take place between
the digital audiofilter 8 and the speakers 12. In particular,
one or more additional filters may be provided between
the digital audio filter 8 and the speakers 12.

[0034] Intheillustration of Fig. 1, a single signal line is
depicted between the audio source 4 and the audio filter
8, and a single signal line is depicted between the digital
audio filter 8 and the speakers 12. It is understood that
the audio signals may be one-channel audio signals or
multi-channel audio signals, such as two-channel or
three-channel or four-channel or five-channel or six-
channel or seven-channel audio signals. The digital au-
dio filter 8 may perform signal processing on individual
channels or on subsets of channels or on all channels of
the audio signal. The signal processing of the individual
channels may be independent from each other. However,
it is also possible that the signal processing in the digital
audio filter 8 contains dependencies between the chan-
nels.

[0035] The digital audio filter 8 is configured in accord-
ance with an exemplary embodiment of the invention.
This means that the digital audio filter 8 is configured in
accordance with any of the methods for configuring a
digital audio filter, as described above and/or as will be
described below with respect to Figs. 3 to 7.

[0036] Fig. 2 shows a car 14 that is equipped with a
sound system in accordance with an exemplary embod-
iment of the invention in a cut-open top view. In the ex-
emplary embodiment of Fig. 2, the sound system is the
exemplary sound system 2 of Fig. 1. For ease of illustra-
tion, only the speakers 12 of the sound system are de-
pictedin Fig. 2. Itis understood that the other components
of the sound system 2, in particular the audio source 4
and the digital audio filter 8, as shown in and described
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with respect to Fig. 1, are also arranged in the car 14.
For example, they may be arranged in a dashboard por-
tion of the car 14 and may be coupled to the speakers
12 via according audio lines. Being part of and being
configured for the car 14, the sound system is also re-
ferred to as a car sound system.

[0037] The speakers 12 are arranged in such a way
that they output the audio content into a vehicle interior
16 of the car 14. In the exemplary embodiment of Fig. 2,
there are four speakers 12, which are arranged in the left
front door, the right front door, the left rear door, and the
right rear door. It is understood that other numbers of
speakers and other arrangements in the vehicle interior
16 are possible as well.

[0038] The sound system of the car 14 is adapted to
the particular auditory space of the vehicle interior 16. In
other words, the sound system is adapted to the auditory
space artefacts that are introduced by the particular lay-
outof the vehicle interior 16. The auditory space artefacts
may be caused by the relative positions of the speakers
and the listener(s), the small size of the auditory space,
the sound-reflecting windows, etc. The digital audio filter
is adapted to the particular auditory space. In particular,
the digital audiofilter has at least one compensation com-
ponent that is configured to compensate for auditory
space artefacts of the vehicle interior 16. Such compen-
sation may lead to a highly complex transfer function of
the digital audio filter. As will be described below with
respect to Figs. 3 to 7, an initial set-up of the digital audio
filter may be transformed into a modified set-up of the
digital audio filter, with the transfer characteristics of the
digital audio filter being closely controlled both in the time
domain and the frequency domain during the manipula-
tion. Such manipulation may take place in the design
phase of the digital audio filter, when it is desired that a
highly complex initial set-up of the digital audio filter may
be reduced in signal processing complexity and/or may
be selectively altered with respect to its transfer charac-
teristics.

[0039] Fig. 3 shows a flow diagram of a method for
configuring a digital audio filter in accordance with an
exemplary embodiment of the invention. The method
starts at step 20 with the provision of an impulse response
of an initial set-up of the digital audio filter. The initial set-
up of the digital audio filter and the impulse response of
said initial set-up may be readily available, when the
method starts at step 20. It is also possible that the im-
pulse response in the time domain is determined on the
basis of a given initial set-up of the digital audio filter in
another representation, e.g. on the basis of a given initial
set-up of the digital audio filter in the frequency domain.
It is further possible that the initial set-up of the digital
audio filter and its impulse response are not yet available,
but determined at the beginning of the method.

[0040] In the exemplary embodiment of Fig. 3, the
method aims at controlling the post-ringing of the digital
audio filter and the pre-ringing of the digital audio filter.
The post-ringing and the pre-ringing are addressed sep-
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arately, with afirst strand 21 of method steps addressing
the post-ringing and a second strand 41 of method steps
addressing the pre-ringing. The first strand 21 of method
steps and the second strand 41 of method steps are de-
picted in parallel in Fig. 3. Itis pointed out that the parallel
illustration of the first strand 21 of method steps and the
second strand 41 of method steps is based on logical
considerations. It is understood that the first strand 21 of
method steps and the second strand 41 of methods steps
may be carried out subsequently, when the method of
Fig. 3 is carried out.

[0041] At step 22, the first strand 21 of method steps
starts with the post-ringing impulse response of the digital
audio filter. The post-ringing impulse response is a de-
caying impulse response in the time domain. The post-
ringing impulse response represents a part of the transfer
characteristics of the digital audio filter, namely the post-
ringing characteristic of the audio filter. The post-ringing
impulse response may be determined from the impulse
response of step 20 or may be readily available, e.g. ac-
cessible from a memory.

[0042] Atstep 24, azero/pole model of the post-ringing
impulse response is provided. The poles and zeros of
the post-ringing impulse response are determined in the
z-domain. The zero/pole model may be expressed as:

(z—zl)(z——zz)---(z——z,}

[2=py|lz=p,|-+[z= P,

!

Hlz)=K

[0043] According to the general writing of the foregoing
formula, the zero/pole model has | zeros and m poles. In
complex digital audio filters, the zero/pole model, repre-
senting the post-ringing transfer characteristic of the dig-
ital audio filter, can have a large number of zeros and
poles. For example, the zero/pole model may have be-
tween 50 and 100 zeros and poles, respectively.

[0044] At step 26, N subsets of poles and zeros are
selected. As stated above, the exemplary method of Fig.
3 has the aim of controlling the post-ringing of the digital
audio filter. In particular, the exemplary method of Fig. 3
has the aim of controlling the length of the post-ringing
ofthe digital audio filter, without excessively manipulating
the initial set-up of the digital audio filter. On the basis of
these considerations, the exemplary method of Fig. 3
addresses low frequency portions of the digital audio fil-
ter, which tend to have a larger length in the post-ringing
impulse response. In the exemplary embodiment of Fig.
3, fifteen predefined frequency intervals are defined be-
tween 20Hz and 375Hz and fifteen subsets of poles and
zeros are selected in accordance with these predefined
frequency intervals at step 26. The selection of fifteen
subsets of poles and zeros is based on the assumption
that there are zero(s) and/or pole(s) in each of the fifteen
predefined frequency intervals. It is understood that it is
also possible that step 26 checks fifteen predefined fre-
quency intervals for poles and zeros and that a smaller
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number of predefined frequency intervals actually has
pole(s) and/or zero(s). In this case, N is also smaller than
fifteen. It is further understood that N=15 ist purely ex-
emplary and that any other number of subset of poles
and zeros may be selected.

[0045] Atstep 28, arunning variable n is initialized and
setto 1, i.e. n=1. The running variable n is used to sub-
sequently address the N subsets of poles and zeros, as
will be laid out below.

[0046] At step 30, the impulse response for the n-th
subset of poles and zeros is determined. In particular,
for those pole(s) and/or zero(s) of the zero/pole model
that are part of the n-th subset of poles and zeros, a so-
called subsetimpulse response is determined in the time
domain. The subset impulse response represents the
post-ringing characteristic of the digital audio filter that is
associated with the selected subset of poles and zeros,
i.e. that is determined by those terms of the zero/pole
model that relate to the selected pole(s) and/or zero(s).
For example, in the z-domain, the transfer function of a
particular subset, consisting of two poles and one zero,
may be written as:

(z——z,.)

Sy r—

[0047] The subsetimpulse response may be the time
domain representation of the transfer function, associat-
ed with the particular subset.

[0048] Atstep 32, the subsetimpulse response, as de-
termined in step 30, is windowed. In particular, the subset
impulse response, associated with the n-th subset of
poles and zeros, is windowed in the time domain. The
windowing may include a clipping of the subset impulse
response and/or a relative weighing of the values of the
subset impulse response. In particular, a decreasing
weighing of the values of the subset impulse response
may be combined with a clipping of the subset impulse
response after a certain period of time. Various window
shapes may be used in step 32, such as a Gaussian
window, an exponential window, a Hanning window, etc.
The different window shapes will be illustrated in detail
with respect to Fig. 4.

[0049] Inthe exemplary embodiment of Fig. 3, the win-
dow length, as used in step 32, is set in accordance with
the frequency interval associated with the n-th subset of
poles and zeros. In a particular example, a center fre-
quency of the predefined frequency interval, associated
with the n-th subset of poles and zeros, is determined,
and the window length is set to 10 times the period time
of said center frequency. In this way, the characteristics
of the post-ringing at the particular frequency interval are
maintained to some extent, while the length of the subset
impulse response is limited and, thus, the length of the
overall post-ringing may be controlled. Also, with the win-
dow length being dependent on the predefined frequency

10

15

20

25

30

35

40

45

50

55

interval, associated with the n-th subset of poles and ze-
ros, a frequency-selective control of the post-ringing of
the digital audio filter may be achieved. A frequency-se-
lective control of the post-ringing may be combined with
maintaining particular frequency-dependent characteris-
tics in the set-up of the digital audio filter. A high level of
control of the transfer characteristics of the digital audio
filter may be achieved both in the time domain and the
frequency domain.

[0050] At step 34, it is checked whether n is equal to
N. If not, n is incremented at step 36, and the first strand
21 of method steps returns to step 30. If n is equal to N,
the subsetimpulse responses, associated with all N sub-
sets of poles and zeros, have been addressed by win-
dowing the respective subset impulse responses in the
time domain, and the method proceeds to step 38.
[0051] Atstep 38, the N windowed impulse responses,
i.e. the N subsetimpulse responses, having experienced
windowing in step 32, are convolved. As a result of said
convolving of the Nwindowed impulse responses, a mod-
ified post-ringing impulse response of the digital audio
filter is provided. Said modified post-ringing impulse re-
sponse is the result of a controlled manipulation of the
initial post-ringing pulse response, with said manipulation
being highly targeted both in the time domain and the
frequency domain.

[0052] As stated before, the exemplary method of Fig.
3 has a second strand 41 of method steps, which deal
with the pre-ringing of the digital audio filter. The second
strand 41 of method steps has various method steps that
are analogous to the first strand 21 of method steps. As
compared to those method steps, the method steps of
the second strand 41 of method steps are denoted with
reference numerals that are incremented by 20. For a
detailed description of those method steps, reference is
made to above description of the first strand 21 of method
steps. The description applies to the second strand 41
of method steps in an analogous manner, unless indicat-
ed otherwise.

[0053] The second strand 41 of method steps starts
with the provision of the pre-ringing impulse response of
the initial set-up of the digital audio filter at step 42. The
pre-ringing impulse response represents part of the
transfer characteristics of the initial set-up of the digital
audio filter, namely the pre-ringing transfer characteristic
of the initial set-up of the digital audio filter. The pre-ring-
ing impulse response is not a decaying impulse re-
sponse. For this reason, the pre-ringing impulse re-
sponse is flipped in time at step 43. The result of said
flipping operation is a decaying impulse response.
[0054] In steps 44, 46, 48, 50, 52, 54, 56, and 58, the
flipped pre-ringing impulse response is processed in a
manner analogous to the method steps 24, 26, 28, 30,
32, 34, 36, and 38, described above with respect to the
post-ringing impulse response. While the individual
method steps are conceptionally analogous, it is pointed
out that a different number of subsets of poles and zeros
may be selected, that the selection criteria for the subsets
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of poles and zeros may be different, and that the win-
dowing of the subset impulse responses may be carried
out with different window shapes and/or window lengths,
as compared to the first strand 21 of method steps. In
particular, the window lengths may be considerably
shorter for step 52, in order to provide a stronger reduc-
tion and/or limitation of the pre-ringing of the digital audio
filter. For example, the window lengths, as used in step
52, may be between 1/4 and 1/2 of the window lengths,
as used in step 32.

[0055] Analogous to method step 38, method step 58
convolves the N windowed subset impulse responses,
as created by N iterations of step 52.

[0056] Theresultingimpulse responseisflippedintime
at method step 59. The result of method step 59 is a
modified pre-ringing impulse response of the digital audio
filter.

[0057] At step 60, the modified post-ringing impulse
response and the modified pre-ringing impulse response
are combined to form a modified total impulse response
of the digital audio filter. It can also be said that step 60
yields the impulse response of the modified set-up of the
digital audio filter.

[0058] The exemplary method of Fig. 3 deals with both
the post-ringing of the digital audio filter and the pre-ring-
ing of the digital audiofilter. It is pointed out that the meth-
od may also deal with the post-ringing only or with the
pre-ringing only. It is further pointed out that the method
in accordance with exemplary embodiments of the inven-
tion may also deal with other transfer characteristics of
the digital audio filter. In other words, the splitting of the
transfer characteristics of the digital audio filter into a
post-ringing part and a pre-ringing partis exemplary only.
While said splitting up of the impulse response of the
initial set-up of the digital audio filter into a post-ringing
part and a pre-ringing part provides for an effective way
of controlling the transfer characteristics of the digital au-
dio filter, the method as described herein may also split
up the transfer characteristics of the digital audio filter in
a different manner and may address differently sliced
parts of the impulse response of the initial set-up of the
digital audio filter.

[0059] Figs.4Ato4D illustrate differentwindow shapes
for windowing subset impulse responses in the time do-
main. The illustrated windows may for example be used
in method steps 32, 52, as illustrated in Fig. 3 and as
described above.

[0060] Fig. 4A depicts a subset impulse response 70
over time. In the depicted exemplary illustration, the sub-
set impulse response 70 is associated with a subset of
poles and zeros around a center frequency of 62.5 Hz,
with the predefined frequency interval, containing said
subset of poles and zeros, being 25 Hz wide.

[0061] Inthe exemplary illustration of Fig. 4A, a Gaus-
sian window 71 is used for windowing the subsetimpulse
response 70. The Gaussian window 71 is chosen to have
a window length of 32 ms, which is twice the period time
of the center frequency 62.5 Hz. In the exemplary illus-
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tration, the window length is defined as the duration within
which the window 71 decays to -60 dB. The result of the
windowing of the subset impulse response 70 with the
Gaussian window 71 is the windowed subset impulse
response 72.

[0062] Fig. 4B illustrates another exemplary window-
ing of the subset impulse response 70. In particular, an
exponential window 73 is applied to the subset impulse
response 70. The exponential window 73 is chosen to
have a window length of 32 ms, with the window length
being defined as the duration within which the window
decays to -60 dB. The result of the windowing of the sub-
set impulse response 70 with the exponential window 73
is the windowed subset impulse response 74.

[0063] Fig. 4C illustrates another exemplary window-
ing of the subset impulse response 70. In particular, a
rectangular window 75 of a window length of 32 ms is
applied to the subset impulse response 70. The result of
the windowing of the subset impulse response 70 with
the rectangular window 75 is the windowed subset im-
pulse response 76.

[0064] Fig. 4D illustrates another exemplary window-
ing of the subset impulse response 70. In particular, a
Hanning window is applied to the subset impulse re-
sponse 70. The Hanning window 77 has a window length
of 32 ms, with the window length being defined as the
decay from one to zero on a dimensionless scale. The
result of the windowing of the subset impulse response
70 with the Hanning window 77 is the windowed subset
impulse response 78.

[0065] Fig. 5 illustrates the windowing of a subset im-
pulse response with different window lengths. The illus-
trated windows may for example be used in method steps
32, 52, as illustrated in Fig. 3 and as described above.
[0066] Fig. 5 depicts the subset impulse response 70,
as already depicted in Figs. 4A to 4D. Fig. 5 illustrates
the application of three different Hanning windows,
namely a first Hanning window 79, having a window
length of 2 periods of the center frequency of the prede-
fined frequency interval, a second Hanning window 81,
having a window length of 6 periods of the center fre-
quency, and a third Hanning window 83, having a window
length of 10 periods of the center frequency. The appli-
cation of the first Hanning window 79 to the subset im-
pulse response 70 results in the first windowed subset
impulse response 80. The application of the second Han-
ning window 81 to the subsetimpulse response 70 results
in the second windowed subset impulse response 82.
The application of the third Hanning window 83 to the
subsetimpulse response 70 results in the third windowed
subset impulse response 84.

[0067] Fig. 6 illustrates a potential effect of the method
for configuring a digital audio filter in accordance with an
exemplary embodiment of the invention via illustrating
the effect on a portion of the transfer characteristics of
an exemplary digital audio filter.

[0068] Fig. 6A shows a portion of the transfer charac-
teristics of an exemplary digital audio filter in the frequen-
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cy domain. In particular, Fig. 6A illustrates a portion of
the frequency response of the exemplary digital audio
filter, with the depicted portion ranging from 20 Hz to 250
Hz. In the depicted frequency range, Fig. 6A depicts an
initial frequency response 97, i.e. a frequency response
in accordance with an initial set-up of the digital audio
filter, and a modified frequency response 98, i.e. a fre-
quency response in accordance with the modified set-up
of the digital audio filter. The modified frequency re-
sponse 98 is the result of the windowing of various subset
impulse responses, each associated with a respective
subset of the poles and zeros of a decaying impulse re-
sponse that represents a part of the transfer character-
istics of the initial set-up of the digital audio filter.
[0069] Inthe embedded diagram of Fig. 6A, three initial
subset frequency responses 91, 93, 95 and three asso-
ciated modified frequency impulse response 92, 94, 96
aredepicted. The given frequency responses are transfer
functions corresponding to respective subsets of the
poles and zeros of the decaying impulse response of the
initial set-up of the digital audio filter. While being shown
in the frequency domain, it is understood that the modi-
fication viawindowing has taken place in the time domain,
as for example described with respect to Fig. 3. In the
exemplary embodiment of Fig. 6A, the modified frequen-
cy responses 92, 94, 96 are the results of different win-
dow lengths for the windowing operation. While compa-
rably shorter windows have been used for windowing the
subset impulse responses, associated with the first sub-
set frequency response 91 and the second subset fre-
quency response 93, a comparably longer window has
been used for windowing the subset impulse response,
associated with the third subset frequency response 95.
The comparably longer window allows for the third mod-
ified frequency response 96 to conform closer to the third
initial frequency response 95. In this way, the dip in the
total frequency response 98 at about 140 Hz may be
maintained, while other portions of the initial frequency
response 97 are smoothened to a greater degree. A fre-
quency-selective manipulation of the transfer character-
istics of the digital audio filter may achieved, maintaining
selected characteristic, while smoothing other character-
istics. Exemplary embodiments of the invention allow for
an effective way of reducing the complexity of the transfer
characteristics of the digital audio filter, while maintaining
desired features in a targeted manner. A highly targeted
control of the transfer characteristics of the digital audio
filter may be achieved.

[0070] Fig. 6B shows a comparative example where
the subset impulse responses are windowed with the
same / corresponding window lengths. As can be seen
from the third subset frequency response 96’ and the
total frequency response 98’, the frequency dip at about
140 Hzis not maintained, when comparably short window
lengths are used for all subset impulse responses.
[0071] Whiletheinvention hasbeen described with ref-
erence to exemplary embodiments, it will be understood
by those skilled in the art that various changes may be
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made and equivalents may be substituted for elements
thereof without departing from the scope of the invention.
In addition many modifications may be made to adopt a
particular situation or material to the teachings of the in-
vention without departing from the essential scope there-
of. Therefore, it is intended that the invention not be lim-
ited to the particular embodiment disclosed, but that the
invention include all embodiments falling within the scope
of the following claims.

Claims

1. Method for configuring a digital audio filter (8), com-
prising:

providing a decaying impulse response in the
time domain, representing at least part of the
transfer characteristics of the digital audio filter
(8);

determining the poles and zeros of the decaying
impulse response in the z-domain;

selecting at least one subset of the poles and
zeros of the decaying impulse response, where-
in said selecting of at least one subset of the
poles and zeros of the decaying impulse re-
sponse comprises grouping poles and zeros of
the decaying impulse response in accordance
with at least one predefined frequency interval;
and

for each of the at least one subset of the poles
and zeros:

determining a respective subsetimpulse re-
sponse (70) in the time domain,
windowing the respective subset impulse
response in the time domain, and
configuring the digital audio filter (8) in ac-
cordance with the windowed respective
subset impulse response (72; 74; 76; 78;
80; 82; 84).

2. Method according to claim 1, wherein said grouping
of poles and zeros in accordance with at least one
predefined frequency interval comprises grouping
poles and zeros in accordance with between 5 and
30, in particular between 10 and 20, further in par-
ticular 15, predefined frequency intervals.

3. Method according to any of the preceding claims,
comprising:

selecting a plurality of subsets of the poles and
zeros of the decaying impulse response; and
for each of the plurality of subsets of the poles
and zeros:

determining the respective subset impulse
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response in the time domain,

windowing the respective subset impulse
response in the time domain, and
configuring the digital audio filter in accord-
ance with the windowed respective subset
impulse response.

Method according to claim 3, wherein for at least two
of the plurality of subsets of the poles and zeros, the
windowing of the respective subset impulse re-
sponses in the time domain is carried out with differ-
ent window lengths and/or different window shapes.

Method according to claim 3 or 4, further comprising:
convolving the windowed respective subset impulse
responses for configuring the digital audio filter.

Method according to any of the preceding claims,
wherein the decaying impulse response represents
a post-ringing transfer characteristic of the digital au-
dio filter (8).

Method according to any of claims 1 to 5, wherein
the decaying impulse response represents a pre-
ringing transfer characteristic of the digital audio filter
(8), flipped in time.

Method according to any of the preceding claims,
comprising:

providing a plurality of decaying impulse re-
sponses, each of the plurality of decaying im-
pulse responses representing a respective part
of the transfer characteristics of the digital audio
filter (8),

wherein method steps in accordance with any
of the preceding claims are carried out on each
of the plurality of decaying impulse responses.

Method according to claim 8, wherein the plurality of
decaying impulse responses comprise a first decay-
ing impulse response, representing a post-ringing
transfer characteristic of the digital audio filter (8),
and a second decaying impulse response, repre-
senting a pre-ringing transfer characteristic of the
digital audio filter (8), flipped in time.

Method according to any of the preceding claims,
comprising:

providing an FIR filter implementation in the time do-
main or a block-based filter implementation in the
frequency domain for the digital audio filter (8).

Vehicle sound system (2), comprising:
adigital audio filter (8), configured in accordance

with the method according to any of the preced-
ing claims,

(]
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wherein the digital audio filter (8) comprises a
compensation component for auditory space ar-
tefacts of a vehicle interior.

12. Method for outputting audio content into a vehicle

interior (16) with a vehicle sound system of claim 11,
the method comprising:

filtering a digital audio signal with the digital au-
dio filter (8); and

outputting audio content, based on the filtered
digital audio signal, via speakers (12) arranged
in the vehicle interior (16).

Patentanspriiche

Verfahren zur Konfiguration eines digitalen Audiofil-
ters (8), das aufweist:

Bereitstellen einer abklingenden Impulsantwort
im Zeitbereich, die mindestens einen Teil der
Ubertragungseigenschaften des digitalen Audi-
ofilters (8) darstellt;

Bestimmen der Pole und Nullen der abklingen-
den Impulsantwort im z-Bereich;

Auswahlen mindestens einer Teilmenge der Po-
le und Nullen der abklingenden Impulsantwort,
wobei das Auswahlen von mindestens einer
Teilmenge der Pole und Nullen der abklingen-
den Impulsantwort das Gruppieren der Pole und
Nullen der abklingenden Impulsantwort geman
mindestens einem vordefinierten Frequenzin-
tervall aufweist; und

fur jede der mindestens einen Teilmenge der
Pole und Nullen:

Bestimmen einer entsprechenden Teilmen-
genimpulsantwort (70) im Zeitbereich,
Fenstern der entsprechenden Teilmengen-
impulsantwort im Zeitbereich und
Konfigurieren des digitalen Audiofilters (8)
gemal der gefensterten entsprechenden
Teilmengenimpulsantwort (72; 74; 76; 78;
80; 82; 84).

Verfahren nach Anspruch 1, wobei das Gruppieren
von Polen und Nullen gemaR mindestens einem vor-
definierten Frequenzintervall das Gruppieren von
Polen und Nullen gemaf zwischen 5 und 30, insbe-
sondere zwischen 10 und 20, ferner insbesondere
15 vordefinierten Frequenzintervallen aufweist.

Verfahren nach einem der vorhergehenden Anspri-
che, das aufweist:

Auswahlen einer Mehrzahl von Teilmengen der
Pole und Nullen der abklingenden Im-
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pulsantwort; und
fur jede der Mehrzahl von Teilmengen der Pole
und Nullen:

Bestimmen der entsprechenden Teilmen-
genimpulsantwort im Zeitbereich,
Fenstern der entsprechenden Teilmengen-
impulsantwort im Zeitbereich und
Konfigurieren des digitalen Audiofilters ge-
malR der gefensterten entsprechenden Teil-
mengenimpulsantwort.

Verfahren nach Anspruch 3, wobei fiir mindestens
zweider Mehrzahlvon Teilmengen der Pole und Nul-
len das Fenstern der entsprechenden Teilmengen-
impulsantworten im Zeitbereich mit unterschiedli-
chen Fensterlangen und/oder unterschiedlichen
Fensterformen durchgefiihrt wird.

Verfahren nach Anspruch 3 oder 4, das ferner auf-
weist:

Falten der gefensterten entsprechenden Teilmenge-
nimpulsantworten zum Konfigurieren des digitalen
Audiofilters.

Verfahren nach einem der vorhergehenden Ansprii-
che, wobei die abklingende Impulsantwort eine
Nachschwinglibertragungseigenschaft des digita-
len Audiofilters (8) darstellt.

Verfahren nach einem der Anspriiche 1 bis 5, wobei
die abklingende Impulsantwort eine Vorschwingi-
bertragungseigenschaft des digitalen Audiofilters (8)
darstellt, die zeitlich umgekehrt ist.

Verfahren nach einem der vorhergehenden Ansprii-
che, das aufweist:

Bereitstellen einer Mehrzahl von abklingenden
Impulsantworten, wobei jede der Mehrzahl von
abklingenden Impulsantworten einen entspre-
chenden Teil der Ubertragungseigenschaften
des digitalen Audiofilters (8) darstellt,

wobei Verfahrensschritte gemafR einem der vo-
rangehenden Anspriiche an jeder der Mehrzahl
von abklingenden Impulsantworten durchge-
fuhrt werden.

Verfahren nach Anspruch 8, wobei die Mehrzahl der
abklingenden Impulsantworten eine erste abklin-
gende Impulsantwort, die eine Nachschwingubertra-
gungseigenschaft des digitalen Audiofilters (8) dar-
stellt, und eine zweite abklingende Impulsantwort,
die eine Vorschwinglbertragungseigenschaft des
digitalen Audiofilters (8) darstellt, die zeitlich umge-
kehrt ist, aufweist.

10. Verfahren nach einem der vorhergehenden Ansprii-

10

15

20

25

30

35

40

45

50

55

12

1.

12.

20

che, das aufweist:

Bereitstellen einer FIR-Filterimplementierung im
Zeitbereich oder einer blockbasierten Filterimple-
mentierung im Frequenzbereich fir das digitale Au-
diofilter (8).

Fahrzeugtonsystem (2), das aufweist:

ein digitales Audiofilter (8), das gemaR dem Ver-
fahren nach einemder vorhergehenden Anspru-
che ausgelegt ist,

wobei das digitale Audiofilter (8) eine Kompen-
sationskomponente fir akustische Raumarte-
fakte eines Fahrzeuginnenraums aufweist.

Verfahren zum Ausgeben von Audioinhalten in einen
Fahrzeuginnenraum (16) mit einem Fahrzeugton-
system nach Anspruch 11, wobei das Verfahren auf-
weist:

Filtern eines digitalen Audiosignals mit dem di-
gitalen Audiofilter (8); und

Ausgeben von Audioinhalten auf Grundlage des
gefilterten digitalen Audiosignals Uber in dem
Fahrzeuginnenraum (16) angeordnete Laut-
sprecher (12).

Revendications

1.

Procédé de configuration d’un filtre audio numérique
(8), comprenant les étapes consistant a :

fournir une réponse impulsionnelle décroissan-
te dans le domaine temporel, représentant au
moins une partie des caractéristiques de trans-
fert du filtre audio numérique (8) ;

déterminer les poles et les zéros de la réponse
impulsionnelle décroissante dansle domainez ;
sélectionner au moins un sous-ensemble des
plles et des zéros de la réponse impulsionnelle
décroissante, ladite sélection d’au moins un
sous-ensemble des poles et des zéros de la ré-
ponse impulsionnelle décroissante consistant a
regrouper des polles et des zéros de la réponse
impulsionnelle décroissante en fonction d’au
moins un intervalle de fréquence prédéfini ; et
pour chacun dudit au moins un sous-ensemble
des péles et des zéros :

déterminer une réponse impulsionnelle du
sous-ensemble respectif (70) dans le do-
maine temporel,

fenétrer la réponse impulsionnelle du sous-
ensemble respectif dans le domaine tem-
porel, et

configurer le filtre audio numérique (8) en
fonction de la réponse impulsionnelle du
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sous-ensemble respectif fenétré (72 ; 74 ;
76 ;78 ;80; 82; 84).

Procédé selon la revendication 1, dans lequel ledit
regroupementdes pdles et des zéros selon au moins
un intervalle de fréquence prédéfini comprend le re-
groupement des podles et des zéros selon des inter-
valles de fréquence prédéfinis compris entre 5 et 30,
en particulier entre 10 et 20, plus particulierement
encore 15.

Procédé selon I'une quelconque des revendications
précédentes, comprenant les étapes consistant a :

sélectionner une pluralité de sous-ensembles
de pbles et de zéros de la réponse impulsion-
nelle décroissante ; et
pour chacun de la pluralité de sous-ensembles
de péles et de zéros :

déterminer la réponse impulsionnelle du
sous-ensemble respectif dans le domaine
temporel,

fenétrer la réponse impulsionnelle du sous-
ensemble respectif dans le domaine tem-
porel, et

configurer le filtre audio numérique en fonc-
tion de la réponse impulsionnelle du sous-
ensemble respectif fenétré.

Procédé selon la revendication 3, dans lequel pour
au moins deux de la pluralité de sous-ensembles de
poles et de zéros, le fenétrage des réponses impul-
sionnelles des sous-ensembles respectifs dans le
domaine temporel est effectué avec des longueurs
de fenétre différentes et/ou des formes de fenétre
différentes.

Procédé selon la revendication 3 ou 4, comprenant
en outre I'étape consistant a

convoluer les réponses impulsionnelles des sous-
ensembles respectifs fenétrés pour configurer le fil-
tre audio numérique.

Procédé selon I'une quelconque des revendications
précédentes, dans lequel la réponse impulsionnelle
décroissante représente une caractéristique de
transfert aprés suroscillation du filtre audio numéri-
que (8).

Procédé selon I'une quelconque des revendications
1a5, danslequel la réponse impulsionnelle décrois-
sante représente une caractéristique de transfert
avant suroscillation du filtre audio numérique (8), in-
versée dans le temps.

Procédé selon I'une quelconque des revendications
précédentes, comprenant les étapes consistant a :
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fournir une pluralité de réponses impulsionnel-
les décroissantes, chacune de la pluralité de ré-
ponses impulsionnelles décroissantes repré-
sentant une partie respective des caractéristi-
ques de transfert du filtre audio numérique (8),
dans lequel les étapes du procédé selon I'une
quelconque des revendications précédentes
sont effectuées sur chacune de la pluralité de
réponses impulsionnelles décroissantes.

Procédé selon la revendication 8, dans lequel la plu-
ralité de réponses impulsionnelles décroissantes
comprend une premiere réponse impulsionnelle dé-
croissante, représentant une caractéristique de
transfert aprés sonnerie du filtre audio numérique
(8), et une seconde réponse impulsionnelle décrois-
sante, représentant une caractéristique de transfert
avant sonnerie du filtre audio numérique (8), inver-
sée dans le temps.

Procédé selon I'une quelconque des revendications
précédentes, comprenant|'étape consistanta : four-
nir une implémentation de filtre FIR dans le domaine
temporel ou une implémentation de filtre par blocs
dans le domaine fréquentiel pour le filtre audio nu-
mérique (8).

de véhicule

Systeme de sonorisation

comprenant :

@),

un filtre audio numérique (8), configuré confor-
mément au procédé selon 'une quelconque des
revendications précédentes,

le filtre audio numérique (8) comprenant une
composante de compensation pour les artefacts
de I'espace auditif de l'intérieur d’un véhicule.

Procédé permettant d’émettre un contenu audio
dans I'habitacle d’un véhicule (16) avec un systeme
audio de véhicule selon la revendication 11, le pro-
cédé comprenant les étapes consistant a :

filtrer un signal audio numérique au moyen du
filtre audio numérique (8) ; et

émettre un contenu audio, basé sur le signal
audio numeérique filtré, par l'intermédiaire de
haut-parleurs (12) disposés dans I'habitacle du
véhicule (16).
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