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Description
FIELD OF THE INVENTION

[0001] The invention relates to a method of generating parameters representing Head-Related Transfer Functions.
[0002] Theinventionalsorelates to adevice for generating parameters representing Head-Related Transfer Functions.
[0003] The invention further relates to a method of processing parameters representing Head-Related Transfer Func-
tions.

[0004] Moreover, the invention relates to a program element.

[0005] Furthermore, the invention relates to a computer-readable medium.

BACKGROUND OF THE INVENTION

[0006] As the manipulation of sound in virtual space begins to attract people’s attention, audio sound, especially 3D
audio sound, becomes more and more important in providing an artificial sense of reality, for instance, in various game
software and multimedia applications in combination with images. Among many effects that are heavily used in music,
the sound field effect is thought of as an attempt to recreate the sound heard in a particular space.

[0007] In this context, 3D sound, often termed as spatial sound, is understood as sound processed to give a listener
the impression of a (virtual) sound source at a certain position within a three-dimensional environment.

[0008] An acoustic signal coming from a certain direction to a listener interacts with parts of the listener’s body before
this signal reaches the eardrums in both ears of the listener. As a result of such an interaction, the sound that reaches
the eardrums is modified by reflections from the listener’s shoulders, by interaction with the head, by the pinna response
and by the resonances in the ear canal. One can say that the body has a filtering effect on the incoming sound. The
specific filtering properties depend on the sound source position (relative to the head). Furthermore, because of the
finite speed of sound in air, the significant inter-aural time delay can be noticed, depending on the sound source position.
Here Head-Related Transfer Functions (HRTFs) come into play. Such Head-Related Transfer Functions, more recently
termed the anatomical transfer function (ATF), are functions of azimuth and elevation of a sound source position that
describe the filtering effect from a certain sound source direction to a listener’s eardrums.

[0009] An HRTF database is constructed by measuring, with respect to the sound source, transfer functions from a
large set of positions to both ears. Such a database can be obtained for various acoustical conditions. For example, in
an anechoic environment, the HRTFs capture only the direct transfer from a position to the eardrums, because no
reflections are present. HRTFs can also be measured in echoic conditions. If reflections are captured as well, such an
HRTF database is then room-specific.

[0010] Examples of audio systems using HRTFs to generate spatial audio signals are disclosed in US 5,659,619 and
US 2003/035553.

[0011] HRTF databases are often used to position ’virtual’ sound sources. By convolving a sound signal by a pair of
HRTFs and presenting the resulting sound over headphones, the listener can perceive the sound as coming from the
direction corresponding to the HRTF pair, as opposed to perceiving the sound source ’in the head’, which occurs when
the unprocessed sounds are presented over headphones. In this respect, HRTF databases are a popular means for
positioning virtual sound sources.

OBJECT AND SUMMARY OF THE INVENTION

[0012] Itis an object of the invention toimprove the representation and processing of Head-Related Transfer Functions.
[0013] In order to achieve the object defined above, a method of generating parameters representing Head-Related
Transfer Functions, a device for generating parameters representing Head-Related Transfer Functions, a method of
processing parameters representing Head-Related Transfer Functions, a program element and a computer-readable
medium as defined in the independent claims are provided.

[0014] A method of generating parameters representing Head-Related Transfer Functions is provided, the method
comprising the steps of splitting a first frequency-domain signal representing a first Head-Related impulse response
signal into at least two sub-bands, and generating at least one first parameter of at least one of the sub-bands based
on a statistical measure of values of the sub-bands.

[0015] A device for generating parameters representing Head-Related Transfer Functions is provided, the device
comprising a splitting unit adapted to split a first frequency-domain signal representing a first Head-Related impulse
response signal into at least two sub-bands, and a parameter-generation unit adapted to generate at least one first
parameter of at least one of the sub-bands based on a statistical measure of values of the sub-bands.

[0016] In accordance with another embodiment of the invention, a computer-readable medium is provided, in which
a computer program for generating parameters representing Head-Related Transfer Functions is stored, which computer
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program, when being executed by a processor, is adapted to control or carry out the above-mentioned method steps.
[0017] Moreover, a program element for processing audio data is provided in accordance with yet another embodiment
of the invention, which program element, when being executed by a processor, is adapted to control or carry out the
above-mentioned method steps.

[0018] Processing audio data for generating parameters representing Head-Related Transfer Functions according to
the invention can be realized by a computer program, i.e. by software, or by using one or more special electronic
optimization circuits, i.e.in hardware, orin a hybrid form, i.e. by means of software components and hardware components.
The software or software components may be previously stored on a data carrier or transmitted through a signal trans-
mission system.

[0019] The features according to the invention particularly have the advantage that Head-Related Transfer Functions
(HRTFs) are represented by simple parameters leading to a reduction of computational complexity when applied to
audio signals.

[0020] Conventional HRTF databases are often relatively large in terms of the amount of information. Each time-
domain impulse response can comprise about 64 samples (for low-complexity, anechoic conditions) up to several thou-
sands of samples long (in reverberant rooms). If an HRTF pair is measured at 10 degrees resolution in vertical and
horizontal directions, the amount of coefficients to be stored amounts to at least 360/10*180/10*64=41472 coefficients
(assuming 64-sample impulse responses) but can easily become an order of magnitude larger. A symmetrical head
would require (180/10) * (180/10) * 64 coefficients (which is half of 41472 coefficients).

[0021] Accordingtoanadvantageous aspectofthe invention, multiple simultaneous sound sources may be synthesized
with a processing complexity that is roughly equal to that of a single sound source. With a reduced processing complexity,
real-time processing is advantageously possible, even for a large number of sound sources.

[0022] Inafurtheraspect, given the factthatthe parameters described above are determined for a fixed set of frequency
ranges, this results in a parameterization that is independent of a sampling rate. A different sampling rate only requires
a different table on how to link the parameter frequency bands to the signal representation.

[0023] Furthermore, the amount of data to represent the HRTFs is significantly reduced, resulting in reduced storage
requirements, which in fact is an important issue in mobile applications.

[0024] Further embodiments of the invention will be described hereinafter with reference to the dependent claims.
[0025] The method of generating parameters representing Head-Related Transfer Functions will now be described.
These may also be applied for the device for generating parameters representing Head-Related Transfer Functions, for
the computer-readable medium and for the program element.

[0026] Splitting of a second frequency-domain signal representing a second Head-Related impulse response signal
into at least two sub-bands of the second Head-Related impulse response signal, and generating at least one second
parameter of at least one of the sub-bands of the second Head-Related impulse response signal based on a statistical
measure of values of the sub-bands and a third parameter representing a phase angle between the first frequency-
domain signal and the second frequency-domain signal per sub-band is performed.

[0027] In other words, according to the invention, a pair of Head-Related impulse response signals, i.e. a first Head-
Related impulse response signal and a second Head-Related impulse response signal, is described by a delay parameter
or phase difference parameter between the corresponding Head-Related impulse response signals of the impulse re-
sponse pair, and by an average root mean square (rms) of each impulse response in a set of frequency sub-bands. The
delay parameter or phase difference parameter may be a single (frequency-independent) value or may be frequency-
dependent.

[0028] In this respect, it is advantageous from a perceptual point of view if the pair of Head-Related impulse response
signals, i.e. the first Head-Related impulse response signal and the second Head-Related impulse response signal,
belong to the same spatial position.

[0029] In particular cases such as, for instance, customization for optimization purposes, it may be advantageous if
the first frequency-domain signal is obtained by sampling with a sample length a first time-domain Head-Related impulse
response signal using a sampling rate yielding a first time-discrete signal, and transforming the first time-discrete signal
to the frequency domain yielding said first frequency-domain signal.

[0030] The transform of the first time-discrete signal to the frequency domain is advantageously based on a Fast
Fourier Transform (FFT) and splitting of the first frequency-domain signal into the sub-band is based on grouping FFT
bins. In other words, the frequency bands for determining scale factors and/or time/phase differences are preferably
organized in (but not limited to) so-called Equivalent Rectangular Bandwidth (ERB) bands.

[0031] HRTF databases usually comprise a limited set of virtual sound source positions (typically at a fixed distance
and 5 to 10 degrees of spatial resolution). In many situations, sound sources have to be generated for positions in
between measurement positions (especially if a virtual sound source is moving across time). Such a generation of
positions in between measurement positions requires interpolation of available impulse responses. If HRTF databases
comprise responses for vertical and horizontal directions, a bilinear interpolation has to be performed for each output
signal. Hence, a combination of four impulse responses for each headphone output signal is required for each sound
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source. The number of required impulse responses becomes even more important if more sound sources have to be
"virtualized" simultaneously.

[0032] Inoneaspectoftheinvention,typically between 10 and 40 frequency bands are used. According to the measures
of the invention, interpolation can be advantageously performed directly in the parameter domain and hence requires
interpolation of 10 to 40 parameters instead of a full-length HRTF impulse response in the time domain. Moreover, due
to the fact that inter-channel phase (or time) and magnitudes are interpolated separately, advantageously phase-can-
celing artifacts are substantially reduced or may not occur.

[0033] Inafurtheraspectof the invention, the first parameter and second parameter are processed in a main frequency
range, and the third parameter representing a phase angle is processed in a sub-frequency range of the main frequency
range. Both empirical results and scientific evidence have shown that phase information is practically redundant from a
perceptual point of view for frequencies above a certain frequency limit.

[0034] In this respect, an upper frequency limit of the sub-frequency range is advantageously in a range between two
(2) kHz to three (3) kHz. Hence, further information reduction and complexity reduction can be obtained by neglecting
any time or phase information above this frequency limit.

[0035] A main field of application of the measures according to the invention is in the area of processing audio data.
However, the measures may be embedded in a scenario in which, in addition to the audio data, additional data are
processed, for instance, related to visual content. Thus, the invention can be realized in the frame of a video data-
processing system.

[0036] The application according to the invention may be realized as one of the devices of the group consisting of a
portable audio player, a portable video player, a head-mounted display, a mobile phone, a DVD player, a CD player, a
hard disk-based media player, an internet radio device, a vehicle audio system, a public entertainment device and an
MP3 player. The application of the devices may be preferably designed for games, virtual reality systems or synthesizers.
Although the mentioned devices relate to the main fields of application of the invention, other applications are possible,
for example, in telephone-conferencing and telepresence; audio displays for the visually impaired; distance learning
systems and professional sound and picture editing for television and film as well as jet fighters (3D audio may help
pilots) and pc-based audio players.

[0037] In yet another aspect of the invention, the parameters mentioned above may be transmitted across devices.
This has the advantage that every audio-rendering device (PC, laptop, mobile player, etc.) may be personalized. In other
words, somebody’s own parametric data is obtained that is matched to his or her own ears without the need of transmitting
alarge amount of data as in the case of conventional HRTFs. One could even think of downloading parameter sets over
a mobile phone network. In that domain, transmission of a large amount of data is still relatively expensive and a
parameterized method would be a very suitable type of (lossy) compression.

[0038] Instillanother embodiment, users and listeners could also exchange their HRTF parameter sets viaan exchange
interface if they like. Listening through someone else’s ears may be made easily possible in this way.

[0039] The aspects defined above and further aspects of the invention are apparent from the embodiments to be
described hereinafter and will be explained with reference to these embodiments.

BRIEF DESCRIPTION OF THE DRAWINGS

[0040] The invention will be described in more detail hereinafter with reference to examples of embodiments, to which
the invention is not limited.

Fig. 1 shows a device for processing audio data in accordance with a preferred embodiment of the invention.

Fig. 2 shows a device for processing audio data in accordance with a further embodiment of the invention.

Fig. 3 shows a device for processing audio data in accordance with an embodiment of the invention, comprising a
storage unit.

Fig. 4 shows in detail a filter unit implemented in the device for processing audio data shown in Fig. 1 or Fig. 2.
Fig. 5 shows a further filter unit in accordance with an embodiment of the invention.

Fig. 6 shows a device for generating parameters representing Head-Related Transfer Functions (HRTFs) in accord-
ance with a preferred embodiment of the invention.

Fig. 7 shows a device for processing parameters representing Head-Related Transfer Functions (HRTFs) in ac-
cordance with a preferred embodiment of the invention.

DESCRIPTION OF EMBODIMENTS

[0041] The illustrations in the drawings are schematic. In different drawings, similar or identical elements are denoted
by the same reference signs.
[0042] A device 600 for generating parameters representing Head-Related Transfer Functions (HRTFs) will now be
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described with reference to Fig. 6.

[0043] The device 600 comprises an HRTF-table 601, a sampling unit 602, a transforming unit 603, a splitting unit
604 and a parameter-generating unit 605.

[0044] The HRTF-table 601 has stored at least a first time-domain HRTF impulse response signal /(a.,¢,t) and a second
time-domain HRTF impulse response signal r(a,e,t) both belonging to the same spatial position. In other words, the
HRTF-table has stored at least one time-domain HRTF impulse response pair (I/(a,¢,t), r(a,e,t)) for virtual sound source
position. Each impulse response signal is represented by an azimuth angle o and an elevation angle ¢. Alternatively,
the HRTF-table 601 may be stored on a remote server and HRTF impulse response pairs may be provided via suitable
network connections.

[0045] Inthe sampling unit 602, these time-domain signals are sampled with a sample length n to derive at their digital
(discrete) representations using a sampling rate f, i.e. in the present case yielding a first time-discrete signal /(a.,e)[n]
and a second time-discrete signal r(a,g)[n]:

la,e, ") for 0<n<N-I

s

l(a,e)[n] = (1)

0 otherwise

r(oc,s,n—t) for 0<n<N-1

) 2)

r(.e)[n] =

0 otherwise

[0046] In the present case, a sampling rate f; = 44,1 kHz is used. Alternatively, another sampling rate may be used,
for example, 16 kHz or 22.05 kHz or 32 kHz or 48 kHz.

[0047] Subsequently,inthetransformingunit 603, these discrete-time representations are transformed to the frequency
domain using a Fourier transform, resulting in their complex-valued frequency-domain representations, i.e. a first fre-
quency-domain signal L(a.,e)[k] and a second frequency-domain signal R(a,g)[k] (k=0...K-1):

L(oe)[k]= Y I(oe)[nle ™™ )

R(,e)[k]= Y r(o.e)lnle™™'* (4)

[0048] Next, in splitting unit 604, the frequency-domain signals are split into sub-bands b by grouping FFT bins k of
the respective frequency-domain signals. As such, a sub-band b comprises FFT bins kek,. This grouping process is
preferably performed in such a way that the resulting frequency bands have a non-linear frequency resolution in accord-
ance with psycho-acoustical principles or, in other words, the frequency resolution is preferably matched to the non-
uniform frequency resolution of the human hearing system. In the present case, twenty (20) frequency bands are used.
It may be mentioned that more frequency bands may be used, for example, forty (40), or fewer frequency bands, for
example, ten (10).

[0049] Furthermore, in parameter-generating unit 605, parameters of the sub-bands based on a statistical measure
of values of the sub-bands are generated and calculated, respectively. In the present case, a root-mean-square operation
is used as the statistical measure. Alternatively, also according to the invention, the mode or median of the power
spectrum values in a sub-band may be used to advantage as the statistical measure or any other metric (or norm) that
increases monotonically with the (average) signal level in a sub-band.

[0050] Inthe presentcase, the root-mean-square signal parameter P, ,(a,e) in sub-band b for signal L (a.,¢)[K] is given by:
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1

Pl,b(Oc,S)z |k
b

Y L(o,e)[KIL (0,8 )] ()

kek,

[0051] Similarly, the root-mean-square signal parameter P, y(a,¢) in sub-band b for signal R(a,¢)[k] is given by:

1

Pr,b(O(,,E)Z |k
b

Y R(0,)[KIR (ct,€ )] (6)

kek,

[0052] Here, (*) denotes the complex conjugation operator, and |k,| denotes the number of FFT bins k corresponding
to sub-band b.

[0053] Finally, in parameter-generating unit 605, an average phase angle parameter ¢,(a.,e) between signals L(a.,)[K]
and R(a,¢)[K] for sub-band b is generated, which in the present case is given by:

0,(0,€)= 2] Y L(o8)[KIR (00,8 )[K] (7

kek,

[0054] In accordance with a further embodiment of the invention, based on Fig. 6, an HRTF-table 601’ is provided. In
contrast to the HRTF-table 601 of Fig. 6, this HRTF-table 601’ provides HRTF impulse responses already in a frequency
domain; for example, the FFTs of the HRTFs are stored in the table. Said frequency-domain representations are directly
provided to a splitting unit 604’ and the frequency-domain signals are split into sub-bands b by grouping FFT bins k of
the respective frequency-domain signals. Next, a parameter-generating unit 605’ is provided and adapted in a similar
way as the parameter-generating unit 605 described above.

[0055] A device 100 for processing input audio data X; and parameters representing Head-Related Transfer Functions
in accordance with an embodiment of the invention will now be described with reference to Fig. 1.

[0056] The device 100 comprises a summation unit 102 adapted to receive a number of audio input signals X,...X; for
generating a summation signal SUM by summing all the audio input signals X,...X;. The summation signal SUM is
supplied to a filter unit 103 adapted to filter said summation signal SUM on the basis of filter coefficients, i.e. in the
present case a first filter coefficient SF1 and a second filter coefficient SF2, resulting in a first audio output signal OS1
and a second audio output signal OS2. A detailed description of the filter unit 103 is given below.

[0057] Furthermore, as shown in Fig. 1, device 100 comprises a parameter conversion unit 104 adapted to receive,
on the one hand, position information V;, which is representative of spatial positions of sound sources of said audio input
signals X; and, on the other hand, spectral power information S;, which is representative of a spectral power of said audio
input signals X;, wherein the parameter conversion unit 104 is adapted to generate said filter coefficients SF1, SF2 on
the basis of the position information V, and the spectral power information S; corresponding to input signal i, and wherein
the parameter conversion unit 104 is additionally adapted to receive transfer function parameters and generate said
filter coefficients additionally in dependence on said transfer function parameters.

[0058] Fig. 2 shows an arrangement 200 in a further embodiment of the invention. The arrangement 200 comprises
a device 100 in accordance with the embodiment shown in Fig. 1 and additionally comprises a scaling unit 201 adapted
to scale the audio input signals X; based on gain factors g;. In this embodiment, the parameter conversion unit 104 is
additionally adapted to receive distance information representative of distances of sound sources of the audio input
signals and generate the gain factors g; based on said distance information and provide these gain factors g; to the
scaling unit 201. Hence, an effect of distance is reliably achieved by means of simple measures.

[0059] An embodiment of a system or device according to the invention will now be described in more detail with
reference to Fig. 3.

[0060] Inthe embodiment of Fig. 3, a system 300 is shown, which comprises an arrangement 200 in accordance with
the embodiment shown in Fig. 2 and additionally comprises a storage unit 301, an audio data interface 302, a position
data interface 303, a spectral power data interface 304 and a HRTF parameter interface 305.

[0061] The storage unit 301 is adapted to store audio waveform data, and the audio data interface 302 is adapted to
provide the number of audio input signals X; based on the stored audio waveform data.

[0062] In the present case, the audio waveform data is stored in the form of pulse code-modulated (PCM) wave tables
for each sound source. However, waveform data may be stored additionally or separately in another form, for instance,
in a compressed format as in accordance with the standards MPEG-1 layer3 (MP3), Advanced Audio Coding (AAC),
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AAC-Plus, etc.

[0063] In the storage unit 301, also position information V; is stored for each sound source, and the position data
interface 303 is adapted to provide the stored position information V.

[0064] In the present case, the preferred embodiment is directed to a computer game application. In such a computer
game application, the position information V; varies over time and depends on the programmed absolute position in a
space (i.e. virtual spatial position in a scene of the computer game), but it also depends on user action, for example,
when a virtual person or user in the game scene rotates or changes his virtual position, the sound source position relative
to the user changes or should change as well.

[0065] In such a computer game, everything is possible from a single sound source (for example, a gunshot from
behind) to polyphonic music with every music instrument at a different spatial position in a scene of the computer game.
The number of simultaneous sound sources may be, for instance, as high as sixty-four (64) and, accordingly, the audio
input signals X; will range from X; to Xg,.

[0066] The interface unit 302 provides the number of audio input signals X; based on the stored audio waveform data
in frames of size n. In the present case, each audio input signal X; is provided with a sampling rate of eleven (11) kHz.
Other sampling rates are also possible, for example, forty-four (44) kHz for each audio input signal X;.

[0067] In the scaling unit 201, the input signals X; of size n, i.e. X;[n], are combined into a summation signal SUM, i.e.
a mono signal m[n], using gain factors or weights g; per channel according to equation one (1):

nln)= Y ¢ I ] ®

[0068] The gain factors g; are provided by the parameter conversion unit 104 based on stored distance information,
accompanied by the position information V; as previously explained. The position information V; and spectral power
information S; parameters typically have much lower update rates, forexample, an update every eleventh (11) millisecond.
In the present case, the position information V; per sound source consists of a triplet of azimuth, elevation and distance
information. Alternatively, Cartesian coordinates (x,y,z) or alternative coordinates may be used. Optionally, the position
information may comprise information in a combination or a sub-set, i.e. in terms of elevation information and/or azimuth
information and/or distance information.

[0069] In principle, the gain factors g;[n] are time-dependent. However, given the fact that the required update rate of
these gain factors is significantly lower than the audio sampling rate of the input audio signals X, it is assumed that the
gain factors g;[n] are constant for a short period of time (as mentioned before, around eleven (11) milliseconds to twenty-
three (23) milliseconds). This property allows frame-based processing, in which the gain factors g; are constant and the
summation signal m[n] is represented by equation two (2):

m[n]z Zgixi [l’l] )

[0070] Filter unit 103 will now be explained with reference to Figs. 4 and 5.

[0071] The filter unit 103 shown in Fig. 4 comprises a segmentation unit 401, a Fast Fourier Transform (FFT) unit 402,
a first sub-band-grouping unit 403, a first mixer 404, a first combination unit 405, a first inverse-FFT unit 406, a first
overlap-adding unit 407, a second sub-band-grouping unit 408, a second mixer 409, a second combination unit 410, a
second inverse-FFT unit 411 and a second overlap-adding unit 412. The first sub-band-grouping unit 403, the first mixer
404 and the first combination unit 405 constitute a first mixing unit 413. Likewise, the second sub-band-grouping unit
408, the second mixer 409 and the second combination unit 410 constitute a second mixing unit 414.

[0072] The segmentation unit 401 is adapted to segment an incoming signal, i.e. the summation signal SUM, and
signal m[n], respectively, in the present case, into overlapping frames and to window each frame. In the present case,
a Hanning-window is used for windowing. Other methods may be used, for example, a Welch, or triangular window.
[0073] Subsequently, FFT unit402is adapted to transform each windowed signal to the frequency domainusingan FFT.
[0074] In the given example, each frame m[n] of length N (n=0..N-1) is transformed to the frequency domain using an
FFT:

M[k]=_ m[n]exp(-2njkn/N) (10)

[0075] This frequency-domain representation M[K] is copied to a first channel, further also referred to as left channel
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L, and to a second channel, further also referred to as right channel R. Subsequently, the frequency-domain signal M[k]
is split into sub-bands b (b=0..B-1) by grouping FFT bins for each channel, i.e. the grouping is performed by means of
the first sub-band-grouping unit 403 for the left channel L and by means of the second sub-band-grouping unit 408 for
the right channel R. Left output frames L[k] and right output frames R[Kk] (in the FFT domain) are then generated on a
band-by-band basis.

[0076] The actual processing consists of modification (scaling) of each FFT bin in accordance with a respective scale
factor that was stored for the frequency range to which the current FFT bin corresponds, as well as modification of the
phase in accordance with the stored time or phase difference. With respect to the phase difference, the difference can
be applied in an arbitrary way (for example, to both channels (divided by two) or only to one channel). The respective
scale factor of each FFT bin is provided by means of a filter coefficient vector, i.e. in the present case the first filter
coefficient SF1 provided to the first mixer 404 and the second filter coefficient SF2 provided to the second mixer 409.
[0077] Inthe present case, the filter coefficient vector provides complex-valued scale factors for frequency sub-bands
for each output signal.

[0078] Then, after scaling, the modified left output frames L[k] are transformed to the time domain by the inverse FFT
unit 406 obtaining a left time-domain signal, and the right output frames R[k] are transformed by the inverse FFT unit
411 obtaining a right time-domain signal. Finally, an overlap-add operation on the obtained time-domain signals results
in the final time domain for each output channel, i.e. by means of the first overlap-adding unit 407 obtaining the first
output channel signal OS1 and by means of the second overlap-adding unit 412 obtaining the second output channel
signal OS2.

[0079] The filter unit 103’ shown in Fig. 5 deviates from the filter unit 103 shown in Fig. 4 in that a decorrelation unit
501 is provided, which is adapted to supply a decorrelation signal to each output channel, which decorrelation signal is
derived from the frequency-domain signal obtained from the FFT unit 402. In the filter unit 103’ shown in Fig. 5, a first
mixing unit 413’ similar to the first mixing unit 413 shown in Fig. 4 is provided, but it is additionally adapted to process
the decorrelation signal. Likewise, a second mixing unit 414’ similar to the second mixing unit 414 shown in Fig. 4 is
provided, which second mixing unit 414’ of Fig. 5 is also additionally adapted to process the decorrelation signal.
[0080] In this case, the two output signals L[k] and R[Kk] (in the FFT domain) are then generated as follows on a band-
by-band basis:

L, [k]= hl,be [k]+ hlZ,bDb [£]

(11)
R, [k]= h21,be [k]+ hzz,zan [£]

[0081] Here, D[k] denotes the decorrelation signal that is obtained from the frequency-domain representation M[k]
according to the following properties:

(D,,M,") =0

v <Db’Db*> = <Mb’Mb*>

(12)

wherein <..> denotes the expected value operator:

k=l =1

(X,.5,7)= Y, XTIV [K] (13)

k=k,

[0082] Here, (*) denotes complex conjugation.

[0083] The decorrelation unit 501 consists of a simple delay with a delay time of the order of 10 to 20 ms (typically
one frame) that is achieved, using a FIFO buffer. In further embodiments, the decorrelation unit may be based on a
randomized magnitude or phase response, or may consist of lIR or all-pass-like structures in the FFT, sub-band or time
domain. Examples of such decorrelation methods are given in Engdegard, Heiko Purnhagen, Jonas Rodén, Lars Liljeryd
(2004): "Synthetic ambiance in parametric stereo coding", proc. 116th AES convention, Berlin, the disclosure of which
is herewith incorporated by reference.

[0084] The decorrelation filter aims at creating a "diffuse" perception at certain frequency bands. If the output signals
arriving at the two ears of a human listener are identical, except for a time or level difference, the human listener will
perceive the sound as coming from a certain direction (which depends on the time and level difference). In this case,
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the direction is very clear, i.e. the signal is spatially "compact".

[0085] However, if multiple sound sources arrive at the same time from different directions, each ear will receive a
different mixture of sound sources. Therefore, the differences between the ears cannot be modeled as a simple (fre-
quency-dependent) time and/or level difference. Since, in the present case, the different sound sources are already
mixed into a single sound source, recreation of different mixtures is not possible. However, such a recreation is basically
not required because the human hearing system is known to have difficulty in separating individual sound sources based
on spatial properties. The dominant perceptual aspect in this case is how different the waveforms at both ears are if the
waveforms for time and level differences are compensated. It has been shown that the mathematical concept of the
inter-channel coherence (or maximum of the normalized cross-correlation function) is a measure that closely matches
the perception of spatial ‘compactness’.

[0086] The main aspect is that the correct inter-channel coherence has to be recreated in order to evoke a similar
perception of the virtual sound sources, even if the mixtures at both ears are wrong. This perception can be described
as "spatial diffuseness”, or lack of "compactness". This is what the decorrelation filter, in combination with the mixing
unit, recreates.

[0087] The parameter conversion unit 104 determines how different the waveforms would have been in the case of a
regular HRTF system if these waveforms had been based on single sound source processing. Then, by mixing the direct
and de-correlated signal differently in the two output signals, it is possible to recreate this difference in the signals that
cannot be attributed to simple scaling and time delays. Advantageously, a realistic sound stage is obtained by recreating
such a diffuseness parameter.

[0088] As already mentioned, the parameter conversion unit 104 is adapted to generate filter coefficients SF1, SF2
from the position vectors V; and the spectral power information S; for each audio input signal X;. In the present case, the
filter coefficients are represented by complex-valued mixing factors h,, ,,. Such complex-valued mixing factors are ad-
vantageous, especially in a low-frequency area. It may be mentioned that real-valued mixing factors may be used,
especially when processing high frequencies.

[0089] The values of the complex-valued mixing factors h,, ,, depend in the present case on, inter alia, transfer function
parameters representing Head-Related Transfer Function (HRTF) model parameters P, (a,¢), P p(a,e) and ¢p(ae):
Herein, the HRTF model parameter P, , (a.,¢) represents the root-mean-square (rms) power in each sub-band b for the
left ear, the HRTF model parameter P,,(a.,€) represents the rms power in each sub-band b for the right ear, and the
HRTF model parameter ¢,(a.,e) represents the average complex-valued phase angle between the left-ear and right-ear
HRTF. All HRTF model parameters are provided as a function of azimuth (o) and elevation (¢). Hence, only HRTF
parameters P, (a,¢), Py p(a,e) and ¢p(a,e) are required in this application, without the necessity of actual HRTFs (that
are stored as finite impulse-response tables, indexed by a large number of different azimuth and elevation values).
[0090] The HRTF model parameters are stored for a limited set of virtual sound source positions, in the present case
for a spatial resolution of twenty (20) degrees in both the horizontal and vertical direction. Other resolutions may be
possible or suitable, for example, spatial resolutions of ten (10) or thirty (30) degrees.

[0091] In an embodiment, an interpolation unit may be provided, which is adapted to interpolate HRTF model param-
eters in between the spatial resolution, which are stored. A bilinear interpolation is preferably applied, but other (non-
linear) interpolation schemes may be suitable.

[0092] By providing HRTF model parameters according to the present invention over conventional HRTF tables, an
advantageous faster processing can be performed. Particularly in computer game applications, if head motion is taken
into account, playback of the audio sound sources requires rapid interpolation between the stored HRTF data.

[0093] In a further embodiment, the transfer function parameters provided to the parameter conversion unit may be
based on, and represent, a spherical head model.

[0094] In the present case, the spectral power information S; represents a power value in the linear domain per
frequency sub-band corresponding to the current frame of input signal X;. One could thus interpret S, as a vector with
power or energy values c2 per sub-band:

2 2 2
Si =160 ---» O b,i]

[0095] The number of frequency sub-bands (b) in the present case is ten (10). It should be mentioned here that spectral
power information S;may be represented by power value in the power or logarithmic domain, and the number of frequency
sub-bands may achieve a value of thirty (30) or forty (40) frequency sub-bands.

[0096] The powerinformation S;basically describes how much energy a certain sound source has in a certain frequency
band and sub-band, respectively. If a certain sound source is dominant (in terms of energy) in a certain frequency band
over all other sound sources, the spatial parameters of this dominant sound source get more weight on the "composite"
spatial parameters that are applied by the filter operations. In other words, the spatial parameters of each sound source
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are weighted, using the energy of each sound source in a frequency band to compute an averaged set of spatial
parameters. An important extension to these parameters is that not only a phase difference and level per channel is
generated, but also a coherence value. This value describes how similar the waveforms that are generated by the two
filter operations should be.

[0097] In order to explain the criteria for the filter factors or complex-valued mixing factors h,, p,, an alternative pair of
output signals, viz. L’ and R’, is introduced, which output signals L’, R* would result from independent modification of
each input signal X; in accordance with HRTF parameters P, , (o), P p(o,€) and ¢p(a.,¢), followed by summation of the
outputs:

eXp(""ﬂl’b,i (a‘iagj)/z)
81’

exp(—jo,,(@;,€,)/2) (14)
S,

I

L/[k] = Z Xi[k]pl,b,i (a;,€;)

R/[k] = Z Xi[k]pr,b,i (0;,€,)

[0098] The mixing factors h,, ,, are then obtained in accordance with the following criteria:

1. The input signals X; are assumed to be mutually independent in each frequency band b:

<Xb,l.,Xb,j*>:Ofor i#

O <Xb,i’Xb,i*> :sz,i

(15)

2. The power of the output signal L[k] in each sub-band b should be equal to the power in the same sub-band of a
signal L’[K]:

oz =(2,.1,)) (16)

3. The power of the output signal R[k] in each sub-band b should be equal to the power in the same sub-band of a
signal R'[K]:

YON(RoR, ) =(R,R,) (7

4. The average complex angle between signals L[k] and M[k] should equal the average complex phase angle
between signals L’[k] and M[k] for each frequency band b:

V(b)(4<Lb ,Mj) = 4<Lb',Mb* >) (18)

5. The average complex angle between signals R[k] and M[k] should equal the average complex phase angle
between signals R’[k] and M[K] for each frequency band b:

V(b)(4<Rb ,Mj) = 4<Rb',Mb* >) (19)

6. The coherence between signals L[k] and R[k] should be equal to the coherence between signals L’[k] and R’[k]
for each frequency band b:

10
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vz R =z R

It can be shown that the following (non-unique) solution fulfils the criteria above:

) (20)

b, =H, COS(+ B, +Yb)
by = 1bsm(+ B, +Yb)
by, = HZbCOS(— B, +Yb)
by, = HZbCOS( B, +Yb)

(21)

with

‘<Lb',R'*b>‘ 1 Zpl,b,z’((xi’si)pr,b,i((xi’si)cbz,i /61'2
= —arccos '

: (22)
\/<Lb',L'b*><Rb',R'b*> 2 \/Zplz,b,i ((xiasi)cbz,i /Sizzprz,b,i((xiasi)cbz,i /61'2

1
B, =—arccos

Y, =arctan| tan([3 )w (23)
b ||
Zplz,b,i(a‘i’gi)cbz,i /81'2
Hl,b = eXp(j(PL,b) i ZG TS (24)
i’ 9;
pr,b,i(a‘i’gi)cbz,i /81'2
Hz,b = eXp(j(PR,b) i ZG 2 /52 (25)
i’ 9;
0., = £ ZeXp(-i' jq)b,i (a‘i’ei)/z)pl,b,i (a,,€,)0 Zii /81'2 (26)
Ory = £ Zexp(— jq)b,i(a‘i’gi)/2)pr,b,i(a‘i’8i)6bz,i /81'2 (27)

i

[0099] Herein, oy, ; denotes the energy or power in sub-band b of signal X;, and §; represents the distance of sound
source .

[0100] In a further embodiment of the invention, the filter unit 103 is alternatively based on a real-valued or complex-
valued filter bank, i.e. IR filters or FIR filters that mimic the frequency dependency of h so that an FFT approach is
not required anymore.

[0101] In an auditory display, the audio output is conveyed to the listener either through loudspeakers or through
headphones worn by the listener. Both headphones and loudspeakers have their advantages as well as shortcomings,

xy,b’

1"
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and one or the other may produce more favorable results depending on the application. With respect to a further em-
bodiment, more output channels may be provided, for example, for headphones using more than one speaker per ear,
or a loudspeaker playback configuration.

[0102] A device 700a for processing parameters representing Head-Related Transfer Functions (HRTFs) in accord-
ance with a preferred embodiment of the invention will now be described with reference to Fig. 7. The device 700a
comprises an input stage 700b adapted to receive audio signals of sound sources, determining means 700c adapted
to receive reference parameters representing Head-Related Transfer Functions and further adapted to determine, from
said audio signals, position information representing positions and/or directions of the sound sources, processing means
for processing said audio signals, and influencing means 700d adapted to influence the processing of said audio signals
based on said position information yielding an influenced output audio signal.

[0103] In the present case, the device 700a for processing parameters representing HRTFs is adapted as a hearing
aid 700.

[0104] The hearing aid 700 additionally comprises at least one sound sensor adapted to provide sound signals or
audio data of sound sources to the input stage 700b. In the present case, two sound sensors are provided, which are
adapted as a first microphone 701 and a second microphone 703.

[0105] The first microphone 701 is adapted to detect sound signals from the environment, in the present case at a
position close to the left ear of a human being 702. Furthermore, the second microphone 703 is adapted to detect sound
signals from the environment at a position close to the right ear of the human being 702. The first microphone 701 is
coupled to a first amplifying unit 704 as well as to a position-estimation unit 705. In a similar manner, the second
microphone 703 is coupled to a second amplifying unit 706 as well as to the position-estimation unit 705. The first
amplifying unit 704 is adapted to supply amplified audio signals to first reproduction means, i.e. first loudspeaker 707 in
the present case. In a similar manner, the second amplifying unit 706 is adapted to supply amplified audio signals to
second reproduction means, i.e. second loudspeaker 708 in the present case. It should be mentioned here that further
audio signal-processing means for various known audio-processing methods may precede the amplifying units 704 and
706, for example, DSP processing units, storage units and the like.

[0106] In the present case, position-estimation unit 705 represents determining means 700c adapted to receive ref-
erence parameters representing Head-Related Transfer Functions and further adapted to determine, from said audio
signals, position information representing positions and/or directions of the sound sources.

[0107] Downstream of the position information unit 705, the hearing aid 700 further comprises a gain calculation unit
710, which is adapted to provide gain information to the first amplifying unit 704 and second amplifying unit 706. In the
present case, the gain calculation unit 710 together with the amplifying units 704, 706 constitutes influencing means
700d adapted to influence the processing of the audio signals based on said position information, yielding an influenced
output audio signal.

[0108] The position information unit 705 is adapted to determine position information of a first audio signal provided
from the first microphone 710 and of a second audio signal provided from the second microphone 703. In the present
case, parameters representing HRTFs are determined as position information as described above in the context of Fig.
6 and device 600 for generating parametersrepresenting HRTFs. In other words, one could measure the same parameters
from incoming signal frames as one would normally measure from the HRTF impulse responses. Consequently, instead
of having HRTF impulse responses as inputs to the parameter estimation stage of device 600, an audio frame of a
certain length (for example, 1024 audio samples at 44.1 kHz) for the left and right input microphone signals is analyzed.
[0109] The position information unit 705 is further adapted to receive reference parameters representing HRTFs. In
the present case, the reference parameters are stored in a parameter table 709 which is preferably adapted in the
hearing aid 700. Alternatively, the parameter table 709 may be a remote database to be connected via interface means
in a wired or wireless manner.

[0110] In other words, measuring parameters of sound signals that enter the microphones 701, 703 of the hearing aid
700 can do the analysis of directions or position of the sound sources. Subsequently, these parameters are compared
with those stored in the parameter table 709. If there is a close match between parameters from the stored set of reference
parameters of parameter table 709 for a certain reference position and the parameters from the incoming signals of
sound sources, it is very likely that the sound source is coming from that same position. In a subsequent step, the
parameters determined from the current frame are compared with the parameters that are stored in the parameter table
709 (and are based on actual HRTFs). For example: let it be assumed that a certain input frame results in parameters
P_frame. In the parameter table 709, we have parameters P_HRTF(a, ¢), as a function of azimuth (o) and elevation (g).
A matching procedure then estimates the sound source position, by minimizing an error function E(a, €) that is E(a., €)
= |P_frame - P_HRTF(a, €)| 2 as a function of azimuth (a) and elevation (g). Those values of azimuth (o) and elevation
(e) that give a minimum value for E correspond to an estimate for the sound source position.

[0111] In the next step, results of the matching procedure are provided to the gain calculation unit 710 to be used for
calculating gain information that is subsequently provided to the first amplifying unit 704 and the second amplifying unit
706.
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[0112] In other words, on the basis of parameters representing HRTFs, the direction and position, respectively, of the
incoming sound signals of the sound source is estimated and the sound is subsequently attenuated or amplified on the
basis of the estimated position information. For example, all sounds coming from a front direction of the human being
702 may be amplified; all sounds and audio signals, respectively, of other directions may be attenuated.

[0113] It is to be noted that enhanced matching algorithms may be used, for example, a weight approach using a
weight per parameter. Some parameters then may get a different "weight" in the error function E(a., €) than other ones.
[0114] It should be noted that use of the verb "comprise" and its conjugations does not exclude other elements or
steps, and use of the article "a" or "an" does not exclude a plurality of elements or steps. Also elements described in
association with different embodiments may be combined.

[0115] Itshould also be noted thatreference signs in the claims shall not be construed as limiting the scope of the claims.

Claims

1. A method of generating parameters representing Head-Related Transfer Functions, the method comprising the
steps of:

splitting a first frequency-domain signal representing a first Head-Related impulse response signal into at least
two sub-bands, and

generating at least one first parameter of at least one of the sub-bands based on a statistical measure of values
of the sub-bands; the method being characterized by further comprising the steps of:

splitting a second frequency-domain signal representing a second Head-Related impulse response signal
into at least two sub-bands of the second Head-Related impulse response signal,

generating at least one second parameter of at least one of the sub-bands of the second Head-Related
impulse response signal based on a statistical measure of values of the sub-bands, and

generating a third parameter representing a phase angle between the first frequency-domain signal and
the second frequency-domain signal per sub-band.

2. A method as claimed in claim 1, wherein the first frequency-domain signal is obtained by sampling with a sample
length (N) a first time-domain Head-Related impulse response signal using a sampling rate (f) yielding a first time-
discrete signal, and transforming the first time-discrete signal to the frequency domain yielding said first frequency-
domain signal.

3. A method as claimed in claim 1, wherein the second frequency-domain signal is obtained by sampling with a sample
length (N) a second time-domain Head-Related impulse response signal using a sampling rate (f,) yielding a second
time-discrete signal, and transforming the second time-discrete signal to the frequency domain yielding said second
frequency-domain signal.

4. Amethod as claimed in any one of claims 1 to 3, wherein the statistical measure is a root-mean-square representation
of signal levels of the sub-bands (b) of the frequency-domain signal.

5. A method as claimed in claim 2 or 3, wherein
transforming of the time-discrete signals to the frequency domain is based on FFT, and
splitting of the frequency-domain signals into the at least two sub-bands is based on grouping FFT bins (k).

6. A method as claimed in claim 1, wherein the first parameter and the second parameter are processed in a main
frequency range, and the third parameter representing a phase angle is processed in a sub-frequency range of the

main frequency range.

7. A method as claimed in claim 6, wherein an upper frequency limit of the sub-frequency range is in a range between
two (2) kHz and three (3) kHz.

8. A method as claimed in claim 1 or 3, wherein the first Head-Related impulse response signal and the second Head-
Related impulse response signal belong to the same spatial position.

9. A method as claimed in claim 1, wherein generating of at least two sub-bands is performed in such a way that the
sub-bands have a non-linear frequency resolution in accordance with psycho-acoustical principles.

13



10

15

20

25

30

35

40

45

50

55

10.

1.

12.

13.

14.

15.

EP 1 927 264 B1
A device (600) for generating parameters representing Head-Related Transfer Functions, the device comprising:

a splitting unit (604) adapted to split a first frequency-domain signal representing a first Head-Related impulse
response signal into at least two sub-bands, and

a parameter-generation unit (605) adapted to generate at least one first parameter of at least one of the sub-
bands based on a statistical measure of values of the sub-bands; the device being characterized by further
comprising:

means for splitting a second frequency-domain signal representing a second Head-Related impulse re-
sponse signal into at least two sub-bands of the second Head-Related impulse response signal,

means for generating at least one second parameter of at least one of the sub-bands of the second Head-
Related impulse response signal based on a statistical measure of values of the sub-bands, and

means for generating a third parameter representing a phase angle between the first frequency-domain
signal and the second frequency-domain signal per sub-band.

A device (600) as claimed in claim 10, comprising:

a sampling unit (602) adapted to sample with a sample length (N) a first time-domain Head-Related impulse
response signal using a sampling rate (f;) yielding a first time-discrete signal, and

a transforming unit (603) adapted to transform the first time-discrete signal to the frequency domain yielding
said first frequency-domain signal.

A device (600) as claimed in claim 10 or 11, wherein

the splitting unit (604) is additionally adapted to split a second frequency-domain signal representing a second Head-
Related impulse response signal into at least two sub-bands of the second Head-Related impulse response signal,
and

the parameter-generation unit (605) is additionally adapted to generate at least one second parameter of at least
one of the sub-bands of the second Head-Related impulse response signal based on a statistical measure of values
of the sub-bands, and to generate a third parameter representing a phase angle between the first frequency-domain
signal and the second frequency-domain signal per sub-band.

A device (600) as claimed in claim 12, wherein the sampling unit (602) is additionally adapted to generate the second
frequency-domain signal by sampling with a sample length (N) a second time-domain Head-Related impulse re-
sponse signal using a sampling rate (f;) yielding a second time-discrete signal, and the transforming unit (603) is
additionally adapted to transform the second time-discrete signal to the frequency domain yielding said second
frequency-domain signal.

A computer-readable medium, in which a computer program for processing audio data is stored, which computer
program, when being executed by a processor, is adapted to control or carry out the method steps of any one of
claims 1 to 3.

A program element for processing audio data, which program element, when being executed by a processor, is
adapted to control or carry out the method steps of any one of claims 1 to 3.

Patentanspriiche

1.

Verfahren zur Erzeugung von kopfbezogene Ubertragungsfunktionen darstellenden Parametern, wobei das Ver-
fahren die folgenden Schritte umfasst, wonach:

ein erstes Frequenzbereichssignal, das ein erstes kopfbezogenes Impulsantwortsignal darstellt, in mindestens
zwei Subbéander gesplittet wird, und

mindestens ein erster Parameter von mindestens einem der Subbander aufgrund eines statistischen Malles
von Werten der Subbander erzeugt wird, wobei das Verfahren dadurch gekennzeichnet ist, dass es weiterhin
die folgenden Schritte umfasst, wonach:

ein zweites Frequenzbereichssignal, das ein zweites kopfbezogenes Impulsantwortsignal darstellt, in min-
destens zwei Subbander des zweiten kopfbezogenen Impulsantwortsignals gesplittet wird,
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mindestens ein zweiter Parameter von mindestens einem der Subbander des zweiten kopfbezogenen
Impulsantwortsignals aufgrund eines statistischen Mafes von Werten der Subbander erzeugt wird, und
ein dritter Parameter erzeugt wird, der einen Phasenwinkel zwischen dem ersten Frequenzbereichssignal
und dem zweiten Frequenzbereichssignal pro Subband darstellt.

Verfahren nach Anspruch 1, wobei das erste Frequenzbereichssignal erhalten wird, indem bei einer Probenldnge
(N) ein erstes kopfbezogenes Impulsantwortsignal im Zeitbereich unter Verwendung einer Abtastrate (f;) abgetastet
wird, wodurch sich ein erstes zeitdiskretes Signal ergibt, und das erste zeitdiskrete Signal in den Frequenzbereich
transformiert wird, wodurch sich das erste Frequenzbereichssignal ergibt.

Verfahren nach Anspruch 1, wobei das zweite Frequenzbereichssignal erhalten wird, indem bei einer Probenlange
(N) ein zweites kopfbezogenes Impulsantwortsignal im Zeitbereich unter Verwendung einer Abtastrate (f;) abgetastet
wird, wodurch sich ein zweites zeitdiskretes Signal ergibt, und das zweite zeitdiskrete Signal in den Frequenzbereich
transformiert wird, wodurch sich das zweite Frequenzbereichssignal ergibt.

Verfahren nach einem der Anspriiche 1 bis 3, wobei das statistische MaR eine Darstellung des quadratischen
Mittelwerts von Signalpegeln der Subbander (b) des Frequenzbereichssignals ist.

Verfahren nach Anspruch 2 oder 3, wobei

das Transformieren der zeitdiskreten Signale in den Frequenzbereich auf FFT basiert, und

das Splitten der Frequenzbereichssignale in mindestens zwei Subbander auf dem Gruppieren von FFT-Bins (k)
basiert.

Verfahren nach Anspruch 1, wobei der erste Parameter und der zweite Parameter in einem Hauptfrequenzbereich
verarbeitet werden und der einen Phasenwinkel darstellende dritte Parameter in einem Subfrequenzbereich des
Hauptfrequenzbereichs verarbeitet wird.

Verfahren nach Anspruch 6, wobei eine obere Frequenzgrenze des Subfrequenzbereichs in einem Bereich zwischen
zwei (2) kHz und drei (3) kHz liegt.

Verfahren nach Anspruch 1 oder 3, wobei das erste kopfbezogene Impulsantwortsignal und das zweite kopfbezogene
Impulsantwortsignal zu der gleichen rdumlichen Position gehdren.

Verfahren nach Anspruch 1, wobei das Erzeugen von mindestens zwei Subbandern so durchgefiihrt wird, dass die
Subbénder eine nicht-lineare Frequenzauflésung nach psychoakustischen Grundséatzen aufweisen.

Vorrichtung (600) zur Erzeugung von kopfbezogene Ubertragungsfunktionen darstellenden Parametern, wobei die
Vorrichtung umfasst:

eine Splittingeinheit (604), die so eingerichtet ist, dass sie ein erstes Frequenzbereichssignal, das ein erstes
kopfbezogenes Impulsantwortsignal darstellt, in min-destens zwei Subbander splittet, sowie

eine Parametererzeugungseinheit (605), die so eingerichtet ist, dass sie mindestens einen ersten Parameter
von mindestens einem der Subbander aufgrund eines statistischen MaRes von Werten der Subbander erzeugt,
wobei die Vorrichtung dadurch gekennzeichnet ist, dass sie weiterhin umfasst:

Mittel zum Splitten eines zweiten Frequenzbereichssignals, das ein zweites kopfbezogenes Impulsantwort-
signal darstellt, in mindestens zwei Subbander des zweiten kopfbezogenen Impulsantwortsignals,

Mittel zur Erzeugung von mindestens einem zweiten Parameter von mindestens einem der Subbander des
zweiten kopfbezogenen Impulsantwortsignals aufgrund eines statistischen MafRes von Werten der Sub-
bander, sowie

Mittel zur Erzeugung eines dritten Parameters, der einen Phasenwinkel zwischen dem ersten Frequenz-
bereichssignal und dem zweiten Frequenzbereichssignal pro Subband darstellt.

Vorrichtung (600) nach Anspruch 10, umfassend:
eine Abtasteinheit (602), die so eingerichtet ist, dass sie bei einer Probenldnge (N) ein erstes kopfbezogenes

Impulsantwortsignal im Zeitbereich unter Verwendung einer Abtastrate (f;) abtastet, wodurch sich ein erstes
zeitdiskretes Signal ergibt, sowie
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eine Transformationseinheit (603), die so eingerichtet ist, dass sie das erste zeitdiskrete Signal in den Fre-
quenzbereich transformiert, wodurch sich das erste Frequenzbereichssignal ergibt.

Vorrichtung (600) nach Anspruch 10 oder 11, wobei

die Splittingeinheit (604) zusatzlich so eingerichtet ist, dass sie ein zweites Frequenzbereichssignal, das ein zweites
kopfbezogenes Impulsantwortsignal darstellt, in mindestens zwei Subbander des zweiten kopfbezogenen Im-
pulsantwortsignals splittet, und

die Parametererzeugungseinheit (605) zusatzlich so eingerichtet ist, dass sie mindestens einen zweiten Parameter
von mindestens einem der Subbander des zweiten kopfbezogenen Impulsantwortsignals aufgrund eines statisti-
schen Malles von Werten der Subbander erzeugt, und einen dritten Parameter erzeugt, der einen Phasenwinkel
zwischen dem ersten Frequenzbereichssignal und dem zweiten Frequenzbereichssignal pro Subband darstellt.

Vorrichtung (600) nach Anspruch 12, wobei die Abtasteinheit (602) zusatzlich so eingerichtet ist, dass sie das zweite
Frequenzbereichssignal erzeugt, indem sie bei einer Probenlange (N) ein zweites kopfbezogenes Impulsantwort-
signal im Zeitbereich unter Verwendung einer Abtastrate (f) abtastet, wodurch sich ein zweites zeitdiskretes Signal
ergibt, und die Transformationseinheit (603) zusatzlich so eingerichtet ist, dass sie das zweite zeitdiskrete Signal
in den Frequenzbereich transformiert, wodurch sich das zweite Frequenzbereichssignal ergibt.

Computerlesbares Medium, in dem ein Computerprogramm zur Verarbeitung von Audiodaten gespeichert ist, wobei
das Computerprogramm bei Ausfiihrung durch einen Prozessor so eingerichtet ist, dass es die Verfahrensschritte
nach einem der Anspriiche 1 bis 3 steuert oder ausfihrt.

Programmelement zur Verarbeitung von Audiodaten, wobei das Programmelement bei Ausfiihrung durch einen
Prozessor so eingerichtet ist, dass es die Verfahrensschritte nach einem der Anspriiche 1 bis 3 steuert oder ausfuhrt.

Revendications

1.

Procédé de génération de paramétres représentant des fonctions de transfert liées a la téte, le procédé comprenant
les étapes consistant a :

diviser un premier signal de domaine fréquentiel représentant un premier signal de réponse d’impulsion lié¢ a
la téte en au moins deux sous-bandes, et

générer au moins un premier parameétre d’au moins une des sous-bandes sur la base d’'une mesure statistique
de valeurs des sous-bandes ; le procédé étant caractérisé en ce qu’il comprend en outre I'étape consistant a :

diviser un deuxiéme signal de domaine fréquentiel représentant un deuxiéme signal de réponse d’impulsion
lié a la téte en au moins deux sous-bandes du deuxiéme signal de réponse d’impulsion lié a la téte,
générer au moins un deuxiéme parameétre d’au moins une des sous-bandes du deuxiéme signal de réponse
d’'impulsion lié a la téte sur la base d’'une mesure statistique de valeurs des sous-bandes, et

générer un troisieme paramétre représentant un angle de phase entre le premier signal de domaine fré-
quentiel et le deuxieme signal de domaine fréquentiel par sous-bande.

Procédé selon la revendication 1, dans lequel le premier signal de domaine fréquentiel est obtenu en échantillonnant
avec une longueur d’échantillon (N) un premier signal de réponse d’'impulsion lié¢ a la téte de domaine temporel en
utilisant un taux d’échantillonnage (fg) donnant un premier signal a discrétion temporelle, et en transformant le
premier signal a discrétion temporelle en domaine fréquentiel donnant ledit premier signal de domaine fréquentiel.

Procédé selon la revendication 1, dans lequel le deuxiéme signal de domaine fréquentiel est obtenu en échantillon-
nant avec une longueur d’échantillon (N) un deuxiéme signal de réponse d’impulsion lié a la téte de domaine temporel
en utilisant un taux d’échantillonnage (f) donnant un deuxiéeme signal & discrétion temporelle, et en transformant
le deuxieme signal a discrétion temporelle en domaine fréquentiel donnant ledit deuxiéme signal de domaine fré-
quentiel.

Procédé selon I'une quelconque des revendications 1 a 3, dans lequel la mesure statistique est une représentation
a valeur quadratique moyenne de niveaux de signal des sous-bandes (b) du signal de domaine fréquentiel.

Procédé selon la revendication 2 ou 3, dans lequel
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la transformation des signaux a discrétion temporelle en domaine fréquentiel est basée sur la FFT, et
la division des signaux de domaine fréquentiel en les au moins deux sous-bandes est basée sur le groupement de
cellules FFT (k).

Procédé selon la revendication 1, dans lequel le premier paramétre et le deuxiéme parametre sont traités dans une
plage de fréquence principale, et le troisieme paramétre représentant un angle de phase est traité dans une plage
de sous-fréquence de la plage de fréquence principale.

Procédé selon la revendication 6, dans lequel une limite de fréquence supérieure de la plage de sous-fréquence
se trouve dans une plage entre deux (2) kHz et trois (3) kHz.

Procédé selon la revendication 1 ou 3, dans lequel le premier signal de réponse d’'impulsion lié¢ a la téte et le
deuxiéme signal de réponse d’impulsion lié a la téte appartiennent a la méme position spatiale.

Procédé selon la revendication 1, dans lequel la génération d’au moins deux sous-bandes est effectuée d'une
maniere telle que les sous-bandes ont une résolution de fréquence non linéaire conformément a des principes
psycho-acoustiques.

Dispositif (600) destiné a générer des paramétres représentant des fonctions de transfert liées a la téte, le dispositif
comprenant :

une unité de division (604) adaptée pour diviser un premier signal de domaine fréquentiel représentant un
premier signal de réponse d’impulsion lié a la téte en au moins deux sous-bandes, et

une unité de génération de parameétre (605) adaptée pour générer au moins un premier paramétre d’au moins
une des sous-bandes sur la base d’'une mesure statistique de valeurs des sous-bandes ; le dispositif étant
caractérisé en ce qu’il comprend en outre :

un moyen pour diviser un deuxieme signal de domaine fréquentiel représentant un deuxiéme signal de
réponse d’impulsion lié a la téte en au moins deux sous-bandes du deuxiéme signal de réponse d’'impulsion
lié a la téte,

un moyen pour générer au moins un deuxieme parameétre d’au moins une des sous-bandes du deuxiéme
signal de réponse d’impulsion lié¢ a la téte surla base d’'une mesure statistique de valeurs des sous-bandes, et
un moyen pour générer un troisieme parameétre représentant un angle de phase entre le premier signal de
domaine fréquentiel et le deuxiéme signal de domaine fréquentiel par sous-bande.

Dispositif (600) selon la revendication 10, comprenant :

une unité d’échantillonnage (602) adaptée pour échantillonner avec une longueur d’échantillon (N) un premier
signal de réponse d’impulsion lié a la téte de domaine temporel en utilisant un taux d’échantillonnage (f;) donnant
un premier signal a discrétion temporelle, et

une unité de transformation (603) adaptée pour transformer le premier signal a discrétion temporelle en domaine
fréquentiel donnant ledit premier signal de domaine fréquentiel.

Dispositif (600) selon la revendication 10 ou 11, dans lequel

I'unité de division (604) est en plus adaptée pour diviser un deuxiéme signal de domaine fréquentiel représentant
un deuxieme signal de réponse d’'impulsion lié a la téte en au moins deux sous-bandes du deuxiéme signal de
réponse d’impulsion lié a la téte, et

'unité de génération de parameétre (605) est en plus adaptée pour générer au moins un deuxiéme parametre d’au
moins une des sous-bandes du deuxiéme signal de réponse d’impulsion liée a la téte sur la base d’'une mesure
statistique de valeurs des sous-bandes, et pour générer un troisieme parameétre représentant un angle de phase
entre le premier signal de domaine fréquentiel et le deuxiéme signal de domaine fréquentiel par sous-bande.

Dispositif (600) selon la revendication 12, dans lequel I'unité d’échantillonnage (602) est en plus adaptée pour
générer le deuxieme signal de domaine fréquentiel en échantillonnant avec une longueur d’échantillon (N) un
deuxiéme signal de réponse d’impulsion lié & la téte de domaine temporel en utilisant un taux d’échantillonnage (f;)
donnant un deuxiéme signal a discrétion temporelle, et 'unité de transformation (603) est en plus adaptée pour
transformer le deuxiéme signal a discrétion temporelle en domaine fréquentiel donnant ledit deuxiéme signal de
domaine fréquentiel.
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14. Support lisible par ordinateur, sur lequel est stocké un programme informatique pour traiter des données audio,
lequel programme informatique, quand il est exécuté par un processeur, est adapté pour commander ou réaliser
les étapes de procédé selon I'une quelconque des revendications 1 a 3.

15. Elément de programme pour traiter des données audio, lequel élément de programme, quand il est exécuté par un
processeur, est adapté pour commander ouréaliser les étapes de procédé selon 'une quelconque des revendications
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