- WO'2010/017967PCT/EP20091005828 aratus for Determining a Spatial Output Multi-Channel Audio
Signal Specification S The present invention is in the field of audio processing, especially processing
of spatial audio properties. Audio processing and/or coding has advanced in many ways. 10 More and
_mor_e_demand @@%pg@%gfor spati_al audio applicati_ons_. In many applicatii, ?E%ﬂﬁj)!) ﬁ{%g}t%al processing
is utilized to decorrelate or render signals. Such applications may, for example, Carry ou
mono-to-stereo upmix, mono/stereo to multi-channel up-mix, artificial 15 reverberation, stereo
widening or user interactive mixing/rendering. For certain classes of signals as e.g. noise-like signals
as for instance applanggdikgsignaszcoaventicnal methasis:20 andsysienasienifes fromeitber
unsatisfactory perceptual quality or, if an objectsgrientated apgproach is used, high computational
complexity due to the number of auditory events to be modeled or processed. Other examples of audio
material, which is problematic, are generally ambience 25 material like, for.example, the noise that is
emitted by a flock of birds, a sea shore, gallopifigdiorEasad division of marching soldiers, etc.
Conventionaf concepts use, for example, parametric stereo 30 or MPEG-surround coding (MPEG =

Moving Pictures Expett Group). kg, 6,shows a tynigalapplication of A decergelator in a mopo-to-stereo
up-mixer. Fig. 6 shows a mono input sslghnlal provided to a.decorrelator 610, whiCh provides a

decorrelated inp it RGTArAtiS BHPUT “THE 356rigiRal ihpht 2igA? i prRFdEd f5°an up-mix matrix 620
together with the decorrelated signal. Dependent on up-mix WO 2010/017967PCT/EP2009/005828 D
fed to the matrixingcstage 630 ateng.withrthe«dry metio.gighakMa thside e mixing matkx 620, the
stereo channels kL& Left stergg,channgl).and R (R = Rightstereo ¢hannel).are formed, agcording to
a mixing matrix Ha T'ﬁ5 ctto.efficientf in the matrlxj!-l can be fixed %%nal de eEdent or controlled by a

: cations, In man 1 ions au signa YOCessIn
user. AIternatlver];O the atfix can be controlled"By side ¢ o d
18 utilized to decorrelate or render signals. Such

applications may, for example, carry out mono-to-stereo up-
mix, mono/stereo te multi-channel up-mix, artificial
15 reverberation, stereo widening or user interactive

mixing/rendering.

For certain classes of signals as e.g. noise-like signals
as for instance applause-like signalé, conventional methods
20 and systems suffer from either unsatisfactory perceptual
quality or, 1f an object-orientated approach is used, high
computational complexity due to the number of auditory
events to be modeled or processed. Other examples of audio
material, which is prceblematic, are generally ambience
25 material like, for example, the noise that is emitted by a
flock of binds, a sea shore, galloping horses, a divisicn

of marching soldiers, etc.

Conventicnal concepts use, for example, parametric stereo
3C or MPEG-surround coding (MPEG = Moving Pictures Expert
Group} . Fig. 6 sheocws a typical application of a
decorrelator in a mono-to-sterec up-mixer. Fig. & shows a
meno inpﬁt signal provided to & decorrelator 610, which
provides a decorrelated input signal at its output. The
35 original input signal 1is provided to an up-mix matrix 620
tegether with the decorrelated signal. Dependent on up-mix
control parameters 630, a stereo cutput signal is rendered.
The signal decorrelator 610 generates a decorrelated signal



' information,transmitted along withthedown-mix, 10 containing a parametric description on how to
up-mix the signals of the down-mix to form the desired multi-channel output. This spatial side
information is usually generated by a signal encoder prior to the up-mix process. 15 This is typically

done in parame‘t,%c §%%?§U udio coding as, for example, in Parametric St cShebBlegbaart, S. van
de Par, A. Kohlrals chuuers "High-Quality Parametric Spatial Audio Coding at Low Bitrates" in
AES 116th Convention, Berlin, Preprint 6072, May 2004 and in 20 MPEG Surround, cf. J. Herre, K.

Kjorling, J. Breebaatrt, et. al., "MPEG Surround - the ISO/MPEG Standard for Efficient and Compatible

Multi-Channel Augiofeadipg” in\Brogeedings-of t@%alg@n@lz‘bE%m@vamieﬂ \{r%man:/gxuarsaolvlay ‘
2007. A typical structure_ of a H,eramcetrrgtstereo decoder is sh 25 |§ ? £ In thl%examgle the
ate

tr:x re
decorrelation procegs IS perTorme(;j it a transtonm marn 1$in by the anaﬁl/srs filterbank

710, which transf&rm&taninplie ffons SRyt tocfﬁélifﬁﬁéforﬁf‘d’on%rn(é’s for e%?é?ﬁﬁle & Feuency
domain in terms afanuaiber of fredueneydbantse 30imthé drequencyidemaiat-thiscdetorr&lator 720
generates the aC@QIéMQQ@@QH@@ﬁd@@%WPi@ i t:he pp-mixediin the;upImixapaliix£30. The
up-mix matrix. 73%§0Q3|dtersi£ arameters, which are provided by the parameter 35 modification
box 740, which is provide spatial mput parameters and coupled to a parameter control stage
750. In the example shown in Fig. 7, the spatial parameters can be modified by a user or additional
tools as, for exarigles AWG: 204010 796?1I@CT¢EI@Z®®9/0%8281}ﬁ)stWB§e“9§iﬁrg@or binaural de
rendering/presentatiitrgthisscase, the sp-mbe parametess£an he mergeghwith theparameters from

the binaura} fiters Sa {1 g input ARIAMSIeES fof the Lpmby malfx 740, The measuingygfdhe 5

parameters may be carried out e parameter modification block 740. The ou t[put qf the up-mix
Q&ﬁt

matrix 730 is thef PTOVILEA 6 a SyRtHESE fildbahR 760~ WhiddSteRhhfss Ma re%“ﬁ‘&fb% signal. 10
As described abSERHE outputsL IRESfthe Imisirée mbire TR Be chiplitep frbkh g @BRBEHEpUL signal

M and the by a signal encoder prior to the up-mix process.

15 This is typically done in parametric spatial audio coding
as, for example, in Parametric Stereo, cf. J. Breebaart, 5.
van de Par, A. Kohlrausch, E. Schuijers, “High-Quality
Parametric Spatial Aundio Cecding at Low Bitrates” in AES
116" Convention, Berlin, Preprint 6072, May 2004 and in

20 MPEG Surround, cf. J. Herre, K. Kidrling, J. Breebaart, et.
al., “MPEG Surround - the ISO/MPEG Standard for Efficient
and Compatible Multi-Channel Audio Coding” in Proceedings
of the 122" AES Convention, Vienna, Austria, May 2007. A
typical structure of a parametric stereo decoder is shown

25 in Fig. 7. In this example, the decorrelation process is
performed in a transform domain, which is indicated by the
analysis filterbank 710, which transforms an input mono
signal to tThe transform domain as, for example, the
frequency domain in terms of a number of fxequency bands.

30 "

In the freguency domain, the deccrrelator 720 generates the
according decorrelated signal, which 1s to be up-mixed in
the up-mix matrix 730. The up-mix matrix 730 considers up-
mix parameters, which are provided by the parameter

35 modification box 740, which is provided with spatial input
parameters and ccupled to a parameter control stage 750. In
the example shown in Fig. 7, the spatial parameters can be
modified by a user or additional tocls as, for example,



decorrelated signal D, for Li Ri eXample huhu ,h2t h22_ Al according to 15 In the mixing matrix,the
amount of decorrelated sound fed to the output can be controlled on the basis of transmitted
parametersas,forexample,ICC(ICC=Interchannel Correlation)and/or mixed or user-defined settings. 20

WO 20610/017967 PCT/EP2009/005828

post-processing for Dbinaural rendering/presentation. In
this case, the up-mix parameters can be merged with the
parameters from the binaural filters to form the input
parameters for the up-mix matrix 730. The measuring of the
5 parameters may be carried cut by the parameter medification
block 740. The output of the up-mix matrix 730 is then
provided to a2 synthesis filterbank 760, which determines

the stereo output signal.

10 As described above, the output L/R of the mixing matrix H
can be computer from the mono input signal M and the

decorrelated signal D, for example according to

Rkt

15
In the mixing matrix, the amount of decorrelated sound fed
to the output can be controlled on the basis of transmitted
parameters as, for example, ICC (ICC = Interchannel
Correlation) and/or mixed or user-defined settings.

20

Another conventional approach 1is established by the
temporal permutation method. A dedicated proposal on
decorrelation of applause-like signals can be found, for
example, in Gerard Hotho, Steven van de Par, Jercen
25 Breebaart, “Multichannel Coding of Applause Signals,” in
EURASIP Journal on Advances in Signal Processing, Vol. 1,
Art. 10, 2008. Here, a monophonic audio signal is segmented
into overlapping time segments, which are temporally
permuted pseudc randomly within a “super”-block to form the
30 decorrelated output channels. The permutations are mutually

independent for a number n output channels.

Another approach is the alternating channel swap of
original and delaved copy in order to obtain a decorrelated

35 signal, c¢f. German patent application 102007018032.4-55.



Anotherconventionalapproachisestablishedbythe temporalpermutationmethod.Adedicatedproposalon
decorrelationofapplause-likesignalscanbefound,for example,inGerardHotho,StevenvandePar,Jeroen
25 Breebaart,"MultichannelCodingofApplauseSignals,”in EURASTP Journalon

AdvancesinSignalProcessing,Vol.1, Art.10,2008.Here,a monophonic audig %i nz%l (L @&esgmented

intooverlapping‘ﬁ%@%@@ﬂ%ﬂt&whicharetemporally permuted pseudo random ywithin'a %uper"-block
to form the 30

In some conventional conceptual object-orientated systems,
@.g. in Wagner, Andreas; Walther, Andreas; Melchoir, Frank:
Straud, Michael; “Generation of Highly Immersive

5  Atmospheres for Wave Field Synthesis Reproduction” at 116
International EAS Convention, Berlin, 2004, it is described
how to create an immersive scene out of many obilects as for
example singile claps, by application of a wave field
synthesis.

i0
Yet another approach 1is the so-called “directional audio

coding” (DirAC = Directional Audio Coding), which is a
method for spatial sound representation, applicable for
different socund reproduction systems, cf. Pulkki, Ville,
15 “Spatial Sound Reproduction with Directional Audio Coding”
in J, Audio Eng. Soc., Vol. 55, No. 6§, 2007= In the
analysis part, the diffuseness‘and direction of arrival of
sound are estimated in a single location dependent on time
and frequency. In the synthesis part, microphone signals
20 are first divided into non-diffuse and diffuse parts and

are then reproduced using different strategies.

Conventional approaches have a number of disadvantages. For
example, guided or unguided up-mix of audic signals having
25  content such as applause may require a strong
decorrelation. Consequently, on the one hand, strong
decorrelation is needed to restore the ambience sensation
of being, for example, in & concert hall. On the other
hand, suitable decorrelation filters as, for example, all-~
30 pass filters, degrade a reproduction of quality of
transient events, like a single handclap by introducing
temporal smearing effects such as pre- and post-echoes and
filter ringing. Moreover, spatial panning of single clap
events has to be dorne on & rather fine time grid, while
35 ambience decorrelation should be guasi-stationary over

time.



decorrelated output channels. The permutations are mutually independent for a number n output
channels. Anotherapproachisthealternatingchannelswapof original and delayed copy in order to
obtain a decorrelated 35 signal,cf.German patent application 102007018032.4-55. WO

2010/017967PCT/EP2009/005828 In some conventional conceptual object-ofr!gg&gge%ﬂs stems, e.g. in
Wagner, André88 {{/4ft&t] Andreas; Melchoir, Frank; StrauB,Michael;"GeH&PRTSNOTHIghlyImmersive

5 Atmospheres for Wave Field Synthesis Reproduction” at 116" International LAS Convention, Berlin,
2004, it is described how to create an immersive scene out of many objects as for example single

claps, by application pf a wavs, field, synihesis,, 10 Y&t another appreachis thg so-callgd "dirgetional
audio coding" (DirAC - Directional Audio Coding), which is a mgtho.d for spatl%ll saun r%)rgsentation,
applicable for difféfent £3find rébroddctibh &ykisths, of” Pulkki, Vitd 15 *Spatial $6undRéproduction

with Directional A#di6 CodiAg" iR Biitllo BHE S0 0v8NB52N0 162087  FrtHeSanalysis’part, the
diffuseness and direction efawimal ©f sounrd: ate, estimatedi inta $ingle, logationdependext oh.time and
frequency. In the,gynthesig pagt, tgg_)iyg:{(p&[,?]oq,e° smggﬁg first d@eytid e monsdiffuseand diffuse
Bt ontanee FSPRb ARG TR0 FEaegier; GRNENURN"| ARRIZRIATR " gynumber of
Channel Audio Coding” in Proceedings of the 122" RES
Convention, Vienna, Austria, May 2007 compromise temporal
resolution vs. ambience stability and transient gquality

10 degradation vs. ambience decorrelation.

A system utilizing the temporal permutation method, for
example, will exhibit perceivable degradation of the output
sound due to a certain repetitive guality in the output
15 audio signal. This is because of the fact that one and the
same segment of the input signal appears unaltered in every
output channel, though at a different point in time.
Furthermore, to aveoid increased applause density, some
original channels have to be dropped in the up-mix and,
20  thus, some important auditory event might be missed in the

resulting up-mix.

In obhject-orientated systems, typically such sound events
are spatialized as a large group of point-like sources,
25 which leads to a computationally complex implementation.

It is the object of the present invention to provide an

improved concept for spatial audio processing.

30 This cbiject is achieved by an apparatus according to claim

1 and a method according to claim 16.

It is a finding of the present invention that an audio
signal can be decomposed in several components to which a
35 spatial rendering, for example, in terms of a decorrelation
or in terms of an amplitude-panning approach, can be
adapted. In other words, the present invention 1is based on
the finding that, for example, in a scenario with muitiple



example, guided or unguided up-mix of audio signals having 25 content such as applause may
require a strong decorrelation. Consequently, on the one hand, strong decorrelation is needed to
restore the ambience sensation of being, for example, in a concert hall. On the other hand, suitable

decorrelation fi{%r?oﬁ(){?ﬁ.gxample, all- 30 pass filters, degrade a reprodygtiop,of fuakisyzof transient
events, like a single handclap by introducing tempgral smearing effects such as pre- and post-echoes

and filter ringing. Moreover, spatial panning of single clap events has to be done on a rather fine time
grid, while 35 ambience decorrelation should be quasi-stationary over time. WO
2010/017967PCEER2009/005828 5 Sinte ofhaart systemsaosasding toduBrrebaar,S.nan de Par,

A. Kohlrausch, E., Schuijers, "High-Quality Par tric Spati i Ing at,l ' " in AES
116th Conventio%,l @gr f!ng rggﬁ%{t] é%x} , I\féey% %%%ganc? % SQHgéﬁgpﬁ?%?gr}%ng%?\g??é%%&g%{ ‘et. al,,
"MPEG Surroun&¢ e ISOIMBEE StaRdardFor BiciSRPAd COMp&tbIE M Chatnet Ao Coding”
in Proceedings ofithed22'cAES>€odvehtion N Erd; Austria, May 2007 compromise temporal
resolution vs; ambience stability and transient quality 10 degradation vs. ambience decorrelation. A

system utilizing thée%EOf%'r%ermggﬁti% metbod, for example, will exhibis perceiyable; deggadation of
the output sound due to a certain repetitive quality i%‘t?e ogfput 15 alédio signal. 'It':his is %ecause of the
fact that one and e SHRa sktferit of HERBLT sighal Bppéars THANredf ihevisty dtitput channel,
though at a differsnt point i tikes Furdidmaae; tofavbithinEreasedeapslausetdersity, 3bficoriginal
channels have te;he drpppgd ndhedi-mix andy 20:bus, somadmportant auditorgeventanight be

missed in the resylfing up-mix,.. . i-gbigst-aricntated susiems, yaically stch saund-eyentsiare
spatialized as a Iar%efgroup of point-like sgurces, 25w Lacha!%%(;sﬁé%a cgvrg%%tsatlgrﬁll icoryg(lfx
implementation. t35$H& Bdfsct ot e FrEhETIRVERtioh 1 provide an improved concept for spatial
audio processind. BT hisobjéctasathieve@byPan apparitts ascortliiy to3d&RT T1ant & Afdthod
according to clainpl6slt isadinding-akthespresént inkentigre that@natdip-signakicantbe detdémposed

in several components 0 Which2 +o final mixing, these two signal parts are
15 processed separately, for example, in order to synthesize

the correlation, render a scene, etc.

Embodiments are not bound to distinguish only foreground
and background parts of the signal, they may distinguish
20 multiple different audio parts, which all may be rendered

or decorrelated differently.

In general, audio signals may Dbe decomposed into n
different semantic parts by embodiments, which are
25 processed separately. The decomposition/separate processing
of different semantic components may be accomplished in the

time and/or in the frequency domain by embodiments.

Embodiments may provide the advantage of superior
30 perceptual guality of the rendered sound at moderate
computational cost. Embodiments therewith provide a novel
decorrelation/rendering method that offers high perceptual
quality at moderate costs, especilally for applause-like
critical audio material or other similar ambience material
35 like, for example, the noise that is emitted by a flock of
birds, a sea shore, galloping horses, a division of

marching soldiers, etc.



35 spatial rendering, for example, in terms of a decorrelation or in terms of an amplitude-panning
approach, can be adapted. In other words, the present invention is based on the finding that, for
example, in a scenario with multiple WO 2010/017967PCT/EP2009/005828 6 audio sources,
foreground an k sources can be distinguished and rendered A egd, differently.
Generally diffeq?\é?)ﬁatz%p'ge{}gaggepths and/or extents of;audio objects can be |§ﬁ1%%5§ @I(’JF.Q%QOne of the
key points of the present invention is the decomposition of signals, like the sound originating from an
applauding audience, a flock of birds, a sea shore, galloping horses, a division of marching soldiers,
etc. 10 into a foregrpund Apg:a bagkaraund pack yyhergby ke lareground padLoniaing single auditory
events originatedgg%m feolr example, neg(r:kg}{/nso%rc&s arg% the bacgg&%f&part holds the ambience of
the perceptually-fusedf}ar-%ff events. PG o findl m&ing,g[ﬁééejtwo signal parts are 15 processed
separately, for example, in order to synthesize the correlation, render a scene, etc. Embodiments are
not bound to distihggishlienly feregroundsand kagkgtouad parts 6f thesignalpitihey mey distimguish 20
multiple diffegent audio parts, which-all may;be.rendered or decarselated.differently. In general, audio
signals may be decomposed igto Qadlifferent semantic parts by embodiments, which are 25 processed
separately. The decompositionfs%paréte processing of different semantic components may be
accomplished in the time and/or in the frequency domain by embodiments. Embodiments may provide
the advantage of Superibe 30 péroeptualiriuatity of ther renderedrsountr atmiveétatentomputational cost.
Embodiments therewith provide a novel decorrelation/rendering method that offers high perceptual
quality at magleraje costs, espagially for.applauserlike eritica) audia matgrial or,gther similag gmbience

material .
' of decomposed signals:

Fig. 3 illustrates an embodiment with a foreground and a

background semantic decomposition:

15
Fig. 4 iliustrates an example of a transient separation
method for obtaining 2 background signal
component;
20 Fig. 5 illustrates a synthesis of szound sources having
spatially a large extent:
Fig. 6 illustrates one state of the art application of a
decorrelator in time domain in a mono-to-stereo
25 up-mixer; and
Fig. 7 shows ancther state of the art application of a
decorrelator in frequency domain in a mnono-to-
stereo up-mixer scenario.
30

Fig. 1 shows an embodiment ¢f an apparatus 100 for
determining a spatial output multi-channel audio signal
based on an input audic signal. In some embodiments the
apparatus can be adapted for further basing the spatial
35  output multi-channel audio signal on an input parameter.
The input parameter may be generated locally or provided
with the input audio signal, for example, as side

information.



35 like, for example, the noise that is emitted by a flock of birds, a sea shore, galloping horses, a
division of marching soldiers, etc. WO 2010/017967PCT/EP2009/005828 7 Embodiments of the
present invention will be detailed with the help of the accompanying Figs., in which Fig, lashowsan
embodiment sfor 5determining a spatial audio multi-chann @HE{% 3' ag Eig. Ibshows
. b . . . ] LP 20 azg 20 T
a block diagram of another embodiment; 10 Fig. 2ghows an embodiment illustrating a multiplicity of
decomposed signals; Fig. 3illustrates an embodiment with a foreground and a background semantic
decomposition; 15 Fig. 4illustrates an example of a transient separation method for obtaining a
background signal component; 20 Fig. 5illustrates a synthesis of sound sources having spatially a
large extent; Fig gilysirates one statg of the at applicaion of a - ¢ dggoITElaler iy e domain
in a mono-to-stereo 25up-mixer; an ‘
comprises a decomposer 110 for decomposing the input audio
signal to obtain a first decomposed signal having a first
5 semantic property and a second decomposed signal having a
second semantic property being different from the first

semantic property.

The apparatus 100 further comprises a renderer 120 for
10  rendering the first decomposed signal using a first
rendering characteristic to obtain a first rendered signal
having the first semantic property and for rendering the
second decomposed signal using a second rendering
characteristic to obtain a second rendered signal having

15 the second semantic property.

A semantic property may correspond to a spatial property,
as close or far, focused or wide, and/or a dynamic property
as e.g. whether a signal 1s tonal, staticnary or transient
20 and/or a dominance property as e.g. whether the signal is

foreground or background, a measure thereof respectively.

Mereover, in the embodiment, the apparatus 100 comprises a
processor 130 for processing the first rendered signal and
25 the second rendered signal to obtain the spatial output

multi~channel audio signal.

In other worxds, the decomposer 110 1s adapted for
decomposing the input audio signal, in scme embodiments
30 based on the input parameter. The decomposition of the
input audio signal is adapted to semantic , e.g. spatial,
properties of different parts of the input audio signal.
Moreover, rendering carried out by the renderer 120
according to the first and second rendering characteristics
35 «c¢an also be adapted to the spatial properities, which
allows, for example in a scenario where the first
decomposed signal corresponds to a background audio signal

and the second decomposed signal corresponds to @ a



Fig. 7shows another state of the art application of a decorrelator in frequency domain in a
mono-tostereo up-mixer scenario. 30 Fig. 1 shows an embodiment of an apparatus 100 for
determining a spatial output multi-channel audio signal based on an input audio signal. In some

embodiments fhe apparatus can be adapted for further basing the spatial 35,0u4tpit Mkdtizchannel
audio signal on an input parameter. The input parameter may be generated locally or provided with the
input audio signal, for example, as side information. WO 2010/017967PCT/EP2009/005828 In the
embodiment depicted in Fig. 1, the apparatus 100 comprises a decomposer 110 for decomposing the
input audio signadeahtainaifirst dedamposed. sigmal havidg ecfirsehtsemardicquopatly and@a second

decomposed signal-paving.a sesond.semanfic propsitybeing different from the, first semgniig property.
The apparatus 10g5furth§r, cog;\/pris%s ar ndergrigg for 10 r%ndegn the first decomgo,s,ed_signal
using a first rendering characteristic tb obtain & firstTehdered Signal hAving tHe first 88manti€ property
and for renderingtRé sek6Rd derokffosedtsigRal dsifida sbasd réifleiihetidragteristie térobtain a
second renderec sitinal lravirig dSnthetsecond:semantic propestye Acsermanticgareperty mayiebrrespond

to a spatial propary; as closelarJosHsed @t wideand/or 2 dylagichopery Ase O, yhather a
signal is tonal, St¢ iog%rlyr%retrazggiengzeo %ﬂds{ ra duoimkneaﬁc%ﬂgroggg}zeag e.g, gvthgéheE the signal is
foreground or background, a mea?éure thereo 'resqpec%ve y. Moreover, in the embodiment, the
apparatus 100 cBfpIEeR 2 Brodessty 136P1bF procedsingtHEd st réhddid ‘Sigraiithd 284he second
rendered signal trdbtdin the spatiat crutpuemulticchameel avdidcsighdle Inlothes wordsthe: detomposer

110 is adapted fok stener in an audio enviromment &as being less dominant
than a foreground audio object or source. In embodiments
foreground audio objects or sources may be, but are not
limited to, a point-like audioc source, where background
audio objects or sources may correspond to spatially wider

15 audio objects or sources,

In other words, in embodiments the first rendering
characteristic can be based on or matched to the first
semantic property and the second rendering characteristic
20 can be based on or matched to the second semantic property.
In one embodiment the first semantic property and the first
rendering characteristic correspond to a-foreground audio
source or object and the renderser 120 can be adapted to
apply amplitude panning to the first decomposed signal. The
25 renderer 120 may then be further adapted for providing as
the first rendered signal two amplitude panned versions of
the first decomposed signal. In this embodiment, the second
semantic property and the second rendering characteristic
correspond to a background audio source or object, a
30 plurality thereof respectively, and the renderer 120 can be
adapted to apply a decorrelation te the second decomposed
signal and provide as second rendered signal the second

decomposed signal and the decorrelated version thereof.

35 In embodiments, the renderer 120 can be further adapted for
rendering the first decomposed signal such that the first
rendering characteristic does not have a delay introducing

characteristic. In other words, there may  be no



decomposing the input audio signal, in some embodiments 30 based on the input parameter. The
decomposition of the input audio signal is adapted to semantic , e.g. spatial, properties of different
parts of the input audio signal. Moreover, rendering carried out by the renderer 120 according to the

first and seconglgepgaring characteristics 35 can also be adapted to the spatia) proRgkrigs, Which
allows, for example in a scenario where the first dagomposed signal corresponds to a background

audio signal and the second decomposed signal corresponds to a WO
20101U17967PCT/EP2009/005828 foregroundaudiosignal,differentrenderingOr decorrelators may be
applied, the othef eayrareladirespedtivélyeln the fol lonsngtipe-texth "faregedundiis understond to
refer to an audio ghjeetbeing domisant in-an S-audia.enyirosment. such;that a pptential listener would
notice a foregrou(ggi udlo.oqhe:%t.@cforegroc néjr%%dtlgrog ct or source may, be Jgilj{jstlné;wshed or

girc &&tor S5Ur2€ may not

differentiated from a %ckgroun auél%gobjec Or source. chackgrodrlf‘c?au&io 0
be noticeable by d'58fEntidl o it nérircafaddib Envitonnidin B3 Bertd fdssddminaketran
foreground audicebject orisdarcezhwenibodimentsdoregrodnd aw dionobjects-ariseuroes mayrbe, but
are not limited tog a=pointlike apgic soures; whergdagkgroumd augie, abjects,prSoUGes Mmays
fgr:rde;r?r?;d to spafialy wider. 15,audio ohlects QL sources I, gther words, in embodiments thefirst
decomposed signal may be decorrelated, however, the level
of decorrelaticn may scale with amount of delay introduced
10 to the respective decorrelated versions of the decomposed
signals. The decorrelation may therefore be stronger for
the second decomposed signal than for the first decomposed

signal.

15 In embodiments, the first decomposed signal and the second
decomposed signal may overlap and/or may be time
synchronous. In other words, signal processing may be
carried out block-wise, where one block of input audio
signal samples may be sub-divided by the decomposer 110 in

20 a number of blocks of decomposed signals. In embodiments,
the number of decomposed signals may at least partly
overlap in the time domain, i.e. they may represent
overlapping time domain samples. In other words, the
decomposed signals may correspond to parts of the input

25 audio signal, which overlap, i.e. which represent at least
partly simultanecus audioc signals. In embodiments the first
and second decomposed signals may represent filtered or
transformed versions of an original input signal. For
example, they may represent signal parts being extracted

30 from a composed spatial signal corresponding for example to
a close sound source or a more distant sound source. In
cther embodiments they may correspond to transient and

stationary signal components, eto.

35 In embodiments, the renderer 120 may be sub~divided in a
first renderer and a second renderer, where the first
renderer can be adapted for rendering the first decomposed
signal and the second renderer can be adapted for rendering



characteristic can be based on or matched to the first semantic property and the second rendering
characteristic 20 can be based on or matched to the second semantic property. In one embodiment
the first semantic property and the first rendering characteristic correspond to a foreground audio

source or obj%a%q&%pﬁgggderer 120 can be adapted to apply amplitude P@Pﬁ%ﬂ(}%})@,? irst
Athe g

decomposed sign renderer 120 may thep, be further adapted for providing as t%e first
rendered signal two amplitude panned versions of the first decomposed signal. In this embodiment,
the second semantic property and the second rendering characteristic correspond to a background
audio source or abject; a:30\ plutalityibereof respaciivelyp andrihedendarer,120hean-be adapted to

apply a decorrelation tq,the second.decomppsed signal gad,provide as secopd rendered signal the

second decomposed signal and the decorrelated version thereof. 35 In embodiments, the renderer

120 can be furthBf 3dapted ToP feiitleting thé first tedmposed SignalsithRREEHETRE Bhddring
characteristic doésot hbve Aty iktroaasiRYChafbctsristiéNn oifidr words, aHefetr@y betho WO
2010/01796ZPCTR2009/906B28d-deparselation giihe fisstcdecompased signal. In another
embodiment, the first rendering characteristic may have a delay introducing characteristic having a first

delay amount ang the second rengdering characterjsti y-have a 5 second delay amount, the second
delay amount bgﬁlﬁa g?reeanté)?t 1an %Bfirgs?lae aeik gr%%}a%ggﬁ fo%ﬁe?\e?v%%g ?ngﬁ?lsl 2féﬁwbtogoﬁ’m%-jﬁfE'B:oth the

first decomposed SigHEP aA8the’4686d detorpbadd signaf hf&f bei@scsahtdd ho®éver the level
of decorrelation pray/scalefwith dmoemt of defayintrbducedctditb theaespectie decgnrelated versions

of the decamposgsksignals. The-decorralation may:thereforsbe strongesfarthe.sec@ad degemposed
signal than for thlee@rgg_gggomg%ed ﬁliggal. A2 In ggg%%@@engsmthe first decomposed si

g}nacl and the
oth
second decompaosed signal ma%/ overlap and/or may be time synchronous. In other wor

. S, signal
processing may BeAREa Bt BisEkabise, RABFY Bhe BISCK8F iApaf GHAR siGRAKEHRFRE hay be

sub-divided by th& deeomposen 1 Db a0 tendmberof blocksgiedtompcsedisignalsnkierer
embodiments, theznumbger ioé decaprposedcsignals mayat least pardy overlapin the time-gemain, i.e.
they may regresgptovgriapping fime domain sampleso.ther wardsthedecormpased signals may

correspond to p%résdgtctlh{? inﬁ)gt§5 audio figcn.aé, which overlap, i.e. which represent at least partly

. | SCOrre n,. .
simultaneous audio S|gna’i‘s. n embodiments tiie first and second decomposed signals may represent

filtered or transformed versions of an original input signal. For example, they may represent signal
parts being extratted 38 flemea coAtposed spatrad sigrad comespendngifoy examnpleé tea eose sound

source or a more£lisiant sainbseurce i -ether exmbedimentsdhay mawgorasronddadeansient and
stationary signalsamRaenty,eiey3S Upambodiments,he ehrerer L) Havesub-divided in a first

! Q. S
renderer and a second renderer, where the first renderer can be adapted for rendler[ng the Tirst

decomposed sighAt and'fhe BER6fd F8Adetel caie dfapdtiF Fendering GRREPIning  the
2010/017967PCAYRPR060/005848 Tihe first and second rendered signals to
obtain the spatial output multi-channel audio signal. In

other embodiments the renderer 120 can be adapted for
25 rendering the first and second rendered signals each having

less components than the spatial output multi-channel audio

signal and wherein the processor 130 can be adapted for up-

mixing the components of the first and second rendered

signals to cbtain the spatial output multi-channel audio
30 signal.

Fig. 1b shows another embodiment of an apparatus 100,
comprising similar components as were introduced with the
help of Fig. 1a. However, Fig. 1lb shows an embodiment
35 having more details. Fig. 1b shows a decomposer 110
receiving the input audic signal and optionally the input
parameter. As can be seen from Fig. 1b, the decomposer is

adapted for providing a first decomposed signal and a



the second decomposed signal. In embodiments, the renderer 120 may be implemented in software,
for example, as a program stored in a memory to be run on a processor or a digital signal processor
which, in turn, is adapted for 5 rendering the decomposed signals sequentially. The renderer 120 can

be adapted fordecarelating the first decomposed signal to obtain a first dg&&gg&%%@!ggal and/or for
decorrelating the second decomposed signal to 1Q-pbtain a second decorrelated signal. In other

words, the renderer 120 may be adapted for decorrelating both decomposed signals, however, using
different decorrelation or rendering characteristics. In embodiments, the renderer 120 may be adapted

for qpplying amp&tm@@manrai@gdmﬁﬁh@ﬁ 15s08e of the dirst:or &&ﬁw@z@gcomao§ed wignals instead or in
addition to decorrglation..Ehe rgnderer 12Q.may be adapted for.rendering the first and second

rendered signals gach h vingia}:i many com%onents as 20 channels in the spatial output multi-channel
r

audio signal and thée proc@ssar 130 nay Be ’%%ptiéﬁafiér cdiiiriing the 85FBBREAR 0f THE R and
second rendered-§i§R&RABBHtairt the Bpatial Butplit FaultEekEifhelsutiesighal. Ifletherfémbodiments
the renderer5l20:camhe adaptedbtor2b rentletingtthe fisst anthisecandiremderedisigpalsaeath-having

less componentsawﬂgbﬁipatigéngymaeu lzehanne! audio sigpgland wherein th@&{&&@%ﬁ% 130 can
be adapted for ughmi%%ngcte e, cs(%r?gonetnts 0 Eg firs%and Ec,econd rendered signals to obtain the spatial
output multi-channél audic 30sighal. Fig. Ib shows ahottier embodifiBRt 6fan appatatus 1007

comprising simil&EStHpBREHE aéiferd iftfidducsd witls i Hel 1OF FRE Y& eHowe\E 2 Ry, IBShows an
embodiment 35 Ravihgmyereodetails. Fg. Ihshows ardecompbses:116 reegiving.ihe-ipputaudio signal
and optionally thedrRpw=parameten As candesseemfromFigqib.<the decamposer is adapted for

providing a first decomposed signal and a
In the embodiment depicted in Fig. 1ib, the renderer 120
shows, in the signal path of the first decomposed signal,
two scalable amplifiers 121 and 122, which are adapted for
15 amplifying two «copies of the first decomposed signal
differently. The different amplification factors used may,
in embodiments, be determined from the input parameter, in
other embodiments, they may be determined' from the input
audioc signal, it may be preset or it may be locally
20 generated, pessibly also referring to a user input. The
outputs of the two scalable amplifiers 121 and 122 are
provided to the processor 130, for which details will be

provided below.

25 As can be seen from Fig. 1b, the decomposer 110 provides a
second decomposed signal to the renderer 120, which carries
out a different rendering in the processing path of the
second decomposed signal. In other embodiments, the first
decomposed signal may be processed in the presently

30 described path as well or instead of the second decomposed
signal. The first and second decomposed signals can be

exchanged in embodiments.

In the embodiment depicted in Fig. 1b, in the processing
35 path of the second decomposed signal, there is a
decorrelator 123 followed by a rotator or parametric stereo
or up-mix module 124 as second rendering characteristic.
The decorrelator 123 can be adapted for decorrelating the



WO 20101017967PC'T/EP2009/005828 12 second decomposed signal to a renderer 120, which is
indicated by the dashed lines. In the embodiment shown in Fig. Ib, it is assumed that the first
decomposed signal corresponds to a point-like audio source as the first 5 semantic property and that

the renderer 120,is adapted for applyingampIitude-panningasthefirstrende;;m

. . . ) : TERA009M0SEIS |
characteristictothefirstdecomposedsignal.In embogliments the first and second decomposed signals
are exchangeable, i.e. in other embodiments amplitude-panning 10 may be applied to the second

decomposed signal. In the embodiment depicted in Fig. Ib, the renderer 120 shows, in the signal path

of the first decompesefsignas dwrscalable amplifiers 12fxand 424, whigh ar%gggpgﬁ%@r 13
amplifying two copi  first,d ed signal differently. The different amplification factors used
may, in embodimen%?,ﬁ,'(BtfzeggI‘E}(cai%a?r(%ir‘l%cra%quI1$§rErg1§_ithg:%ht0|cjg%lara%r!?f?é_'[egr,&3 in ot erg gﬁ%%%?rggéts? t’h%nar%ay be
determined from tRe Hput RAERSIGhAF itThay B presBbofit ndlp BEt6cdiR 20 é@ngﬁed,%bssibly
also referring to & u8erippat. THEGutputEdf the tirssdalabletdraplifiers 1241 ane 4 2Qraire ptovided to
the processar 1302 for svhich«detaitsswilt be prpvigled below: 125 Asican bergeensfrem-Fig: M, dhe

decomposer 110 provides @ second-decempgsed %Jg@ak@etbgasad%éé?%’mlwgfgyagﬁe%ggt a
g L

different renderingnin t@esp.roceism%fath of the second decoméoosed signal. In r embodiments,

the first decomposed SighaPay be procedstl Tn TRE préd&ith 56 deSEAbaE Taft 85 %8l 8Rfstead of
the second decoriBoseth&ignal- Ftie fikstdind 8e68E decbrfposed Bighalsednlise ekéhanyed in
embodiments. Inthéembaodiment depicted imsFEigi b, Hadbe processing:3a path ofthexsecands

decomposed signak theys, is,a decorrelator 123 fallowed by.a £Ot§§?f]éorapl@ ABHIC SIGIE0 OF UP-MIX
module 124 as sggond rgrgﬂ%rin ch%reiac%e%rjgsﬁtigcigehg %%%%{%%095 t20 can be adapted for decorrelating
1 1

the WO 201111017967
{Yl[k] fe 0 cos(a+pB) sin{a+p) |[ X1k
B L0 ¢ lleos(~a+ g) sin{-a+ g} || O]

15  with the parameters ¢, ¢,, a and A being constants, or
time-- and frequency-variant values estimated from the
input signal X[k] adaptively, or transmitted as side
information along with the input signal X[k] in the form
of e.qg. 1L (ILD = Inter c¢hannel Level Difference}

20 parameters and ICC (ICC = Inter Channel Correlaticn)
parameters. The signal X[k] is the received mono signal,
the signal k] is the de-correlated signal, being a
decorrelated version of the input signal X[k]. The output

signals are denocted by K[k] and F[k].

25
The decorrelator 123 may be implemented as an IIR filter
(IIR = Infinite Impulse Response}, an arbitrary FIR filter
(FIR = Finite Impulse response) or a special FIR filter
using a single tap for simply delaying the signal.

30

The parameters ¢, ¢ a and f can be determined in

rF
different ways. In some embodiments, they are simply
determined by input parameters, which can be provided along
with the input audio signal, for example, with the down-mix

35 data as a side information. In other embodiments, they may



13 second decomposed signal X[k] and for providing a decorrelated version Q[K] of the second
decomposed signal to the parametric stereo or up-mix module 124. In Fig. Ib, the mono signal Xikl is
fed into the decorrelator unit "D" 5 123 as well as the up-mix module 124. The decorrelator unit 123

may create the degarrelated version Q[K] of the input signal, having the saspe freguaney.sharacteristics
and the same long term energy. The up-mix module 124 may calculate an up-mix matrix based on the

spatial parameters 10 and synthesize the output channels Y[k] and Uk]. The up-mix module can be
explained according to J[K]O = 0- cos(a + p)sin (ap) cos(-a + /3)sin (-a + 13) X[kf Q[k] 15 withthe
parameterscl,cr,aandpbring:censtanis; ol itimesandfrefiueacy-varantvaliasestimagedfromtiie:
inputsignalX[kladaptjvely, Qrransmittedasside

In the embodiment shown in Fig. 1b, the renderer 120 is

5 adapted for providing the second rendered signal in terms
of the two output signals X[k] and K[kl of the up-mix module
124 to the processcr 130.

According to the processing path of the first decomposed
1D signal, the two amplitude-panned versions of the first
decomposed signal, available from the outputs of the two
scalable amplifiers 121 and 122 are also provided to the
processor 130. In other embodiments, the scalable
amplifiers 121 and 122 may be present in the processor 1304,
15 where only the first decompcsed signal and a panning factor

may be provided by the renderer 120.

As can be seen in Fig. 1b, the processcor 130 can be adapted
for processing or combining the first rendered signal and

20 the second rendered signal, in this embodiment simply by
combining the outputs in order to provide a stereo signal
having a left channel I and a right channel R corresponding
to the spatial output multi-channel audio signal of Fig.
la.

25
In the embodiment in Fig. 1k, in both signaling paths, the
left and right channels for a stereo signal are determined.
In the path of the first decomposed signal, amplitude
panning is carried out by the two scalable amplifiers 121

30 and 122, therefore, the two components result in two in-
phase audio signals, which are scaled differently. This
corresponds to an impression of a peint-like audio source

as a semantic property or rendering characteristic.

35 In the signal-processing path o0f the second decomposed
signal, the output signals Y[k] and X[k} are provided to the
processor 130 corresponding to left and right channels as
determined by the up-mix module 124. The parameters ¢, ¢,



informationalongwiththeinputsignalX[k]intheform ofe.g.ILD(ILD-InterchannelLevelDifference) 20
parametersandlCC(ICC=InterChannelCorrelation) parameters.ThesignalAlkiisthereceived monosignal,
thesignalQ[klisthede-correlatedsignal,beinga decorrelated version of theinputsignalX[k] . Theoutput

signalsare dengted;hydetkiand1'k]. 25 The decorrelator 123 may be implemepisgas,andIR filter (IR -
Infinite Impulse Response), an arbitrary FIR filter (R - Finite Impulse response) or a special FIR filter

using a single tap for simply delaying the signal. 30 The parametersc,, a and p can be determined in

different ways. In some embodiments, they are simply _
o and 8 determine the spatial wideness of the

corresponding audic source. In other words, the parameters
¢, ¢, o and f can be chosen in a way or range such that
for the I and R channels any correlation between a maximum
5 correlaticn and a minimum correlation can be obtained in
the second signal-processing path as second rendering
characteristic. Moreover, this may  he carried out
independently for different frequency bands. In other
words, the parameters ¢, ¢, o and f can be chosen in a
10 way or range such that the L and R channels are in-phase,

modeling a point-like audioc source as semantic property.

The parameters ¢, ¢, @ and f may alsoc be chosen in a way
or range such that the L and R channels in the second
15  signal processing path are decorrelated, mwmocdeling a
spatially rather distributed audio source as semantic
property, e.g. modeling a background or spatially wider

sound source.

20 Fig. 2 illustrates another embodiment, which is more
general. Fig. 2 shows a semantic decomposition block 210,
which corresponds to the decomposer 110. The output of the
semantic decomposition 210 is the input of a rendering
stage 220, which corresponds to the renderer 120. The

25 rendering stage 220 is composed of a number of individual
renderers 221 to 22n, i.e. the semantic decomposition stage
210 is adaptéd for decomposing a mono/stersc input signal
inte n decomposed signals, having n semantic properties.
The decomposition can be carried out based on decomposition

30 controliing parameters, which can be provided along with
the mono/stereoc input signal, be preset, be generated

locally or be input by a user, etc.

In other words, the deceomposer 110 can be adapted for
35 decomposing the input audio signal semantically based on
the optional input parameter and/or for determining the

input parameter from the input audio signal.



determined by input parameters, which can be provided along with the input audio signal, for example,
with the down-mix 35 data as a side information. In other embodiments, they may WO
20101017967PCT/EP2009/005828 14 be generated locally or derived from properties of the input

audio signal. I, the.&m ,p}gj,ment shown in Fig. Ib, the renderer 120 is 5 ad JDroviding the
second rendere sﬁbnéﬁ)ih terms of the two output gignals Yjkl and MK] of t%%ﬁz%fzr%x ‘E{% ule 124 to the

processor 130. According to the processing path of the first decomposed 10 signal, the two
amplitude-panned versions of the first decomposed signal, available from the outputs of the two
scalable amplifieth&2bhanghk22caretalso peavided (o the prosessemtBo: intharembodiments, the

scalable amplifiegs, 21 ppda7 may hepresanti fhapiaeessolol30, Apuneie prlythe. st

decomposed signal.and a panning factor may be %%%Vided by the renderer 120. As can be seen in Fig.
|

Ib, the processor T30 &ait %ﬁ‘&&pté’@%’%o@é’ss or GoBiniRG the firsCrsriierad Sigithl 8Ad 20 the
second rendered“SiBAEE @4 tHis Embddinient Sintply By éombimiag theromputsin crdeictrpriovdde a
stereo signab havyiag areftschannel L and a right channel R corresponding to the spatial output
multi-channel audio signal of Fig. la. 25 In the embodiment in Fig. Ib, in both signaling paths, the left
and right channels Itlogr% stereo g{jﬂg}r&a iaﬁqgndtesterrgineg.eIr{lj1 the ga% of the first degcomgo ed signal,
amplitude panning is carried ol by the two ScalaBle amiplifiers T2 304H 132 ftheréfore tha two
components restit ittt BRase A6BRYSigRals CRFRIaFE-Scaléd diffefem®y: TEHis EBrrespehds to an
impression of a peintlikeatdiesourcesds awenmanticrpropesty arrendedng chayaetetistic.z3% In the
signal-processing path of the segongt decgmposed.sigraly the putpyt sionals YIklandx2[klgre
provided to the pragessor 130 coyesponding g Jeft and.ight channels as defermined by the up-mix
module 124. The garameters C ,

the semantic properties of the decomposed signals. FRach of

the decorrelators or renderers can be adapted to the

semantic properties of the accordingly-decomposed signal

15 component. Subsequently, the processed components can be
mixed to obtain the output multi-channel signal. The
different components could, for example, correspond

foreground and background modeling objects.

20 In other words, the renderer 110 can be adapted for
combining the first decomposed signal and the first
decorrelated signal to obtain a stereo or multi-channel up-
mix signal as the first. rendered signal and/or for
combining the second decomposed signal and the second

25 decorrelated signal to obtain a stereo up-mix signal as the

second rendered signal.

Moreover, the renderer 120 can be adapted for rendering the
first decomposed signal according to a background audio
30 characteristic and/or for rendering the second decomposed
signal according to a foreground audio characteristic or

vice versa.

Since, for example, applause-like signals can be seen as
35 composed of single, distinct nearby c¢laps and a nolse~like
arbience originating from very dense far-off claps, a
suitable decomposition of such signals may be obtained by
distinguishing between isoclated foreground clapping events



WO 2010/017967PCT/EP2009/005828 15 aand p determine the spatial wideness of the corresponding
audio source. In other words, the parameters C1, ¢" a and fl can he chosen in a way or range such
that for the L and R channels any correlation between a maximum 5 correlation and a minimum

correlation canhe,phtaingd in the second signal-processing path as seco%m%i%&}@gracteristic.

Moreover, this may be carried out independently fqr different frequency bands. In other words, the
parameters Cl, ¢, a and p can be chosen in a 10 way or range such that the L and R channels are
in-phase, modeling a point-like audio source as semantic property. The parameters c" c,, a and fi may

also be chosen ina Wayeor FangR sHak that thedsand R channals ingthe:second 13 signal.progessing
path are decorrelc%ed C)mgglglin%a sp. tigﬂy Vr;%th r distributed au ic&iﬁgurce as selganqnpgcgg%%rty, e.g.
{of [ t

modelingabackgron&% or s_patla?lym &r sound séurce. QBQFiS. us’f’r%?&a%m ér embodiment,

which is more gefera™Rif D eRdws SdemAARe e cofipositidirBiotk 248 Whieh e6rredpsihas to the
decomposer 110£Fhe owtpdtoftle sehsantic. detomjzasitigre 240 isthenagut bfya rendeéring $tage 220,
which correspongs g thesrenderge 120 The 25-tandesing stage220 is,campesed.af.a number of
individual rendergts; 224 19 220 L. (e semanlie ceFomposiioniage 21043 adanteddnen .
decomposing a mono/stereo input signal into n %ecompose ,signgfg, i Semantic properties.

aving n
The decompositiBii ¥an'de EAREY B baseddn HYetbhvsskitidh 30 %ﬁt?di‘ﬁﬁglﬁﬁfja‘?né’%%‘ﬁﬁﬁich can
be provided alongiwittitie miorblsteras inputsigiial, betprasst decgerssimted lbealy dbebe input by a
user, etc. In other words, the decomposer 110 can be adapted for 35 decomposing the input audio

signal semagtically baggd.on, e, eptionaljgput parameler and(or fgr detgrmining fhe inputpgrameter
fnnnthelnpUtaugg%glQf%gmgggo%%%g%zgggg nggégggégo ggg&g%sed signal, for
v

example, by all-pass filtering the first or second
decompesed signal to  obtain  the first or  seccnd
decorrelated signal.

15
In other words, in embcediments, the background can be
decorrelated or rendered by the use of m mutually
independent all-pass filters D% .. In embodiments, only the
quasi-stationary background may be processed by the all-

20 pass filters, the temporal smearing effects of the state of
the art decorrelation methods can be avoided this way. AS
amplitude panning may be applied to the events of the
foreground object, the original foreground applause density
can approximately be restored as opposed to the state of

25 the art’s system as, for example, presented in paragraph J.
Breebaart, &. wvan de Par, A. Kohlrausch, E. Schuiijers,
“High-Quality Parametric Spatial Audio Coding at Low
Bitrates” in AES 116" Convention, Berlin, Preprint 6072,
May 2004 and J. Herre, K. Kijorling, J. Breebaart, et. al.,

30  “MPEG Surround ~ the ISO/MPEG Standard for Efficient and
Compatible Multi-Channel Audio Ceding” in Proceedings of
the 122" AES Convention, Vienna, Austria, Mav 2007.

In other words, in embodiments, the decomposer 110 can be
35 adapted for decomposing the input audio signal semantically
based on the input parameter, wherein the input parameter
may be provided along with the input audio signal as, for

example, a side information. In such an embodiment, the



The output of the decorrelation or rendering stage 220 is then provided to an up-mix block. 230, which
determines a multi-channel. output on the basis of the decorrelated or rendered signals and optionally
based on up-mix controlled parameters. Generally, embodiments may separate the sound material

into n differentgemaptic.gomponents and decorrelate each component sepagately with. g matched
decorrelator, which are 10 also labeled DI to Er in fig. 2. In other words, in embodiments the rendering

characteristics can be matched to the semantic properties of the decomposed signals. Each of the
decorrelators or renderers can be adapted to the semantic properties of the accordingly-decomposed
signal 15 compotieatnGiuzsenuently, thenproeessadomiponents danhe mixed torehtain the putput

multi-channel sig;@a%g@ggferefg&gmpg%nts gould,. for example, %q&gsc&ownd forgground and
background mo elns\kr)wg o,tgélects. 20 In other words, the rendﬁrer 110 canbe adapted for combining the
ig al t

first decomposed Sijiiat : Ra'tRe first decoftafatid &igial to bBtairr8%terdd or AN LHENNEPdp-mix
signal as the first férfdared Sighalt&sd/ckaEEonisinRTethe seéehd decomposed sighamamidethe second
25 decorrelated sigiabtoabtain a stereodemixrsignal asithesesondsendered signahkaMoreever, the

renderer 120 caghe.adapiad farrendering thefirst decomposed signalaceording tg a,background

audio 30 characteristic and/or for rendering the second decomposed signal according to a foreground
audio characteristic or vice versa. Since, for example, applause-like signals can be seen as 35
composed of sintfle, A8 HERREY claps™nd B9T6ISESike amBientatbridifatif bt deryidense far-off
claps, a suitabledtecomposition ofssuchisiginals piayibe obtainedtby distindliishing betweer:isolated
for_egrcIJ_Endégla;(p@simgrﬁzv@nts;ANOt%Qaw/QéZ%@EPFE%BaQ@%/éJOé%ﬁa1;17 qipdneagngp@g@Pt %ndh
noise-like bac C onent. In other.words, in one embodiment, n=2, In_ such an
embodiment, fo%%%%rqﬁglge%%ﬁeg@%lé%?%zog fn%a?/%ig adaI&eS cz):zre rren‘égﬁna’theaﬁ%?]a%%:gﬁw&)%ed signal

by amplitude pahffhg Tt & HPS dtoffpoSed sigital ARtRer word< e BErr8IRR6R B TBAdEring of the
foreground clap 2ehigonentenaso iy embodimemsn bérachievedtindl byamplitude panaingeef each
single event to itscestisnated Originakineadionin order to generate an audio source
15 having a certain spatial distribution. In embodiments, the
renderer 120 can be adapted for applying the locally-
generated low-pass nolse for amplitude panning, i.e. the
scaling factors for the amplitude panning for, for example,
the scalable amplifiers 121 and 122 in Fig. 1b correspond
20 to a locally~generated noise value, i.e. are time-varying

with a certain bandwidth.

Embodiments may be adapted for being operated in a guided
or an unguided mode. For example, in a guided scenario,
25 referring to the dashed lines, for example in Fig. 2, the
decorrelation can be accomplished by applying standard
technology deccorrelation filters ceontrolled on a coarse
time grid to, for example, the background or ambience part
only and cobtain the correlation by redistribution c¢f each
30  single event in, for example, the foreground part via time
variant spatial positioning using broadband amplitude
panning on a much finer time grid. In other words, in
embodiments, the renderer 120 can be adapted for operating
decorrelateors for different decomposed signals on different
35 time g¢grids, e.g. based on different time scales, which may
be in terms of different sample rates or different delay
for the respective decorrelateors. In one embodiment,

carrying out foreground and background separation, the



10 In embodiments, the renderer 120 may be adapted for rendering the first and/or second
decomposed signal, for example, by all-pass filtering the first or second decomposed signal to obtain
the first or second decorrelated signal. 15 In other words, in embodiments, the background can be

decorrelated qgsendesedly the use of m mutually independent all-pass fiigrsda2 i dgsembodiments,
only the quasi-stationary background may be progessed by the all- 20 pass filters, the temporal

smearing effects of the state of the art decorrelation methods can be avoided this way. As amplitude
panning may be applied to the events of the foreground object, the original foreground applause
density can appraxiratelyrbe rgstored asppposed tetiye statelof 2baheiarts systearas, foarexample,

presented in para?f%mwd@re@gaaahéqg@a de;RarA. !ﬁebkaﬁﬁkﬂye@- Sehuijersq righ-Quadity
Parametric Spatial Audio Coding at Low Bitrates’ in AES 116th Con entiother In Pre rn 6072, May
2004 and J. Herié, K~ qkf‘o?ﬂlngl,of Barecg%ggﬁ?% .aﬁf %Ow'%éEée%r%r%\éngq theEiS%ﬁﬁ/l Cgkgktandard for
Efficient and Coffiatible Multi-Channel Audio Coding" in Proceedings of the 122" AES Convention,
Vienna, Austria, May 2007. In other words, in embodiments, the decomposer 110 can be 35 adapted
for decomposing-the inputaudio signal semaptically-basedon thedaputipararaeter-whereinthe input
parameter may he pravided along. with the i gygiq{gigg%l safgr e>3a°rgple 3 side information. In
such an embodi?n%e'nt%/ e \7?%%‘8&%701%&?@%%/ P2009/00§3128 décompc")s(was,r 1710 can be adapted for
determining the 3t pararh e FomIRE LIRS Signai i SthaF bnissdinfant® Hhéd deddmposer
110 can be adapted foradetesrinihg thednpotgarainetdraas atantrolqfardreterss independént from
the input auglio signalk shichnmay e generated-locally, prasetrer:mayralse be imput byea-aser. In

embodiments, thg renderer 120 can be adgpted for,Qbtaining a gpatial. disiribution otthe first rendered

2ccorting to the TEEIER o I8y b v HEIAR T donerdiro MouinEi Soires e panning
location of the sélrcéalk beteafsbraRAariedlin Skidt taigehetste armGudid S66F™ S RSy a
certain spatial distgiiutionid A @mbadinents; the rendeter 126 can:beradapted for applyinpte
Iocally-g?qejftegdg\yépfass npise lfor?am@iiﬁg%p%%{i@, i.% tzhenﬁg_ag?ggagaggggydtges@@@gﬁude
e o o AT L sl el ) 142 1 50 g tating o
decomposition block 310 "corresponding to the decomposer 110
for decomposing the mono input signal into a foreground and
background decomposed signal part.
20
As can be seen from #ig. 3, the background decomposed part
of the signal is vrendered by all-pass D' 320. The
decorrelated signal is then provided together with the un-
rendered background decomposed part to the up-mix 330,
25 corresponding to the processor 130. The foreground
decomposed signal part is provided to an amplitude panning
p? stage 340, which corresponds to thé renderer 120.
Locally-generated low-pass noise 350 is also provided to
the amplitude panning stage 340, which can then provide the
30 foreground-decomposed signal in an amplitude-panned
configuration to the up-mix 330. The amplitude panning D
stage 240 may determine its output by providing a scaling
factor k for an amplitude selection between two of a stereo
set of audio channels. The scaling facter k may be based on

35 the lowpass noise.

As can be seen from Fig. 3, there is only one arrow between

the amplitude panning 340 and the up-mix 330. This one



Embodiments may be adapted for being operated in a guided or an unguided mode. For example, in a
guided scenario, 25 referring to the dashed lines, for example in Fig. 2, the decorrelation can be
accomplished by applying standard technology decorrelation filters controlled on a coarse time grid to,

for example, the background or ambience part only and obtain the correla '9?/@25%};%@?&‘“0” of each
30 single event in, for example, the foreground pasvia time variant spatial positioning using

broadband amplitude panning on a much finer time grid. In other words, in embodiments, the renderer
120 can be adapted for operating decorrelators for different decomposed signals on different 35 time
gri:js, 1:e.g.hbasedacg)_-rj;'Qi;ffeé[f@@.t timle ﬁ@alpismwﬁm%@g. %g:ltgﬁméfﬁgﬁt@lr@@t sample ggdteg of ndiffereant
elay for the respecti ecqrrelators, In one embodiment, carrying o reground. and_hackgroun

sepei/ration, the \%\?}O gg%/o(f%r%%g F%‘?’?EPUZDOGO%%OSS%]TT& %greé%o%ngep%t r%%)y ug}éeamrﬁh(li}?e
panning, where (H&aRDlitude’ clidfyeddn & /idch fieFtinfe-Grid than GPératidhdi & decttrelator
with respect to ti® backgounénsartte the processor 130 is then adapted to

5 process or combine the background and foreground decomposed

signals to derive the stereo output.

Cther embodiments may use native processing in order to
derive background and foreground decomposed signals or
10 input parameters for decomposition. The decomposer 110 may
be adapted for determining the first decomposed signal
and/or the second decomposed signal based on a transient
separation method. In other words, the decomposer 110 can
be adapted for determining the first or second decomposed
15  signal based on a separation method and the other
decomposed signal based on the difference between the first
determined decomposed signal and the input audio signal. In
other embodiments, the first or second decomposed signal
may be determined based on the transient separation method
20  and the other decomposed signal may be based on the
difference between the first or second decomposed signal

and the input audioc signal.

The decomposer 110 and/or the renderer 120 and/or the
25 processor 130 may comprise a DirAC monosynth stage and/or a
DirAC synthesis stage and/or a DirAC merging stage. In
embodiments the decomposer 110 c¢an be adapted for
decomposing the input audio signal, the renderer 120 can be
adapted for rendering the first and/or second deccomposed
30  signals, and/or the processor 130 can be adapted for
processing the first and/or second rendered signals in

terms of different freaguency bands.

Embodiments may use the following appreximation for
35 applause-like signals. While the foreground components can
be obtained by transient detection or separation methods,
cf. Pulkki, Ville; “Spatial Sound Reproduction with
Directional Audio Ceoding” in J. Audio Eng. Scc., Vol. 55,



5 Furthermore, it is emphasized that for the decorrelation of, for example, applause-like signals, i.e.
signals with quasi-stationary random quality, the exact spatial position of each single foreground clap
may not be as much of 10 crucial importance, as rather the recovery of the overall distribution of the
multitude of clapping,ayents- Embodiments may take advantage of this fact angd.may npetate in an
unguided mode. In such a mode, the aforementiongd amplitude-panning factor could be controlled by
low-pass 15 noise. Fig. 3 illustrates .a mono-to-stereo system implementing the scenario. Fig. 3 shows
a semantic decomposition block 310 corresponding to the decomposer 110 for decomposing the mono
input signal into atteregroundoand kackgraund decomposeagd signat pady2@As £ande seenfrem Fig. 3,
the background decoreppsed paitf the sional isedared By allngss 1,420 .The dgepnglated signal

is then provided to %tlhe with the unrendered back%round decomposed part to the up-mix 3
corresponding to'the procesSor 1307t He Rredibunt dempseEY SiHAt paft iSBrovided téh
amplitude panningFBPtdge 340, whichatotreshbrdls Bithearbndefar 1200 Lotaly-efetetatedow-pass
noise 350 is alsoprovidettodheamplitudeqpanting stage 340 3which<canthenprevide-the 3G
foreground-decomposegt signabinsan amplitude-panngd configuration tg the,yp.mix;330. The amplitude
panning D2 stage §4{C§)aTa¥( giermm}el gfﬁ output b 'E){ovtidin% ase Iinqgj;fctorgk for an amplitude
selection between tWo Of a steréo Setof audio channels: The séaling fattot Kmay b&8 basEdGh 35 the
lowpass noise. W21 F10/017967ECTIEP 2809/0 PEEE2180 &fowifay BE el reptesdnt® is
amplitude-panned:=igrialsqi.e cinacaseoofkstéreo apanixalrgadyi¢he: leftandithe rightahanrela As can
be seen from Figs3ethe-Hp-mix;330, ¢arespending to the-prosgsserL30 isthen adapted ta fprocess
or combine the background ap foreground decamposgd signals to, deriye the stereo oytpyt, Other
embodiments may use native processing in order to derive background and foreground deco(ranposed
signals or 10 inpatParanéRes For-feimpssifion.  The decomposer 110 may be adapted for

determining the first decomposed signal and/or the second decomposed signal based on a transient

separation methathen eﬂt_qiwordg th&@ecggmsggﬂl@gae@ei@@ap%@é dategmining glg%lfjrst or

second decampased 15 signal hbased ana é@PQEat'%‘eg‘J«?l%(l% ng éhe dg%g%redeqp@pos%q]%l nal based
Ignal‘and t

on the difference between the first determined decomposed sign e input audio signal. In other
embodiments, th 8t 61" §8cohdteSBRposEH sighdl may BeWeitermifed BHSEH-6n the tFansfent
separation methé® 20arid the-6tHes Heebnisosedsignalisag beabdsed bathe differente BBtween the
first or second degomposedisignahancthe inpst dudib sigralaThe degomposern11Q ang/or the

renderer 120 and/oi e 450 (LPC = Linear Prediction Coding) of which the
20 residual noise signal is provided to the mixing stage 460

together with the tonal signal as output of the spectral
peak-picking stage 440. The output of the mixing stage 460
is then provided to a spectral shaping stage 470, which
shapes the spectrum on the basis of the smocothed spectrum
25 provided by the smoothed spectrum stage 420. The output of
the spectral shaping stage 470 is then,:provid@d te the
synthesis filter 480, i.e. an inverse discrete Fourier
transform in corder to obtain x’(n) representing the
background compenent. The foreground compeonent can then be
30 derived as the difference between the input signal and the

output signal, i1.e. as ={(n)-x'(n).

Embodiments of the present invention may be operated in a
virtual reality applications as, for example, 3D gaming. In
35 such applications, the synthesis of sound socurces with a
large spatial extent may be complicated and complex when
based on conventlonal concepts. Such sources might, for
example, be a seashore, a bird f£lock, galloping horses, the



25 processor 130 may comprise a DirAC monosynth stage and/or a DirAC synthesis stage and/or a
DirAC merging stage. In embodiments the decomposer 110 can be adapted for decomposing the input
audio signal, the renderer 120 can be adapted for rendering the first and/or second decomposed 30
signals, and/ogthe pracessor 130 can be adapted for processing the first /%ﬁﬁ%m_.gzrgpndered
signals in terms of different frequency bands. Embgdiments may use the following approximation for
35 applause-like signals. While the foreground components can be obtained by transient detection or
separation methods, cf. Pulkki, Ville; "Spatial Sound Reproduction with Directional Audio Coding" in J.
‘Audio Eng. Soc.3Vek $benWEer20:H)/e%7967RCTAEL2009/005828 2L, 0s G 2007 Atheikackground
component mayﬁ?pqiggrip%th%{l%%du&géwaleggﬁ%deﬂ%ts ans gﬁglgev&heg aguitflble gnethod to

obtain a background component x' (n),of, for example, an applause-like signal x(n) to im%l%?n’ent the
semantic decomPb&itdn 316 n FigPs 1. dn EfMbodififeHt Bt the dedBhifBser 1262ER). 4 shbws a
time-discrete inptfsigha xge) avhich npleto a DRP420{ORT tdiscrete Fourier Tramstarm). The
output of thes OFAnkleels 410 isqrovided, to azblaek for;smaathingdbe ,spectrumi420 anedous 10

spectral whitening, Biogk 30 fer.specialyfitening e bagisaldbeouiph ol e pET 4d.and the
output of the smooth spectrum s$t§§e 430, The output of the spectral whitgning stage 430 Is then 15
K

provided to a sp&&Y&I pgéﬁ-lp‘ilc‘ ' §f5€§%llf40f{\?\}% B&hartes the speltrunt 3h8 16Vt vo
outputs, i.e. a ndis& anetrdisidstreshitial siynat @Ad -a tonal signal. The noise and transient residual
signal is provided to an LPC filter 450 (LPC = Linear Prediction Coding) of which the 20 residual noise

signkal is Emyidegﬂeéegfﬁggm %@gﬁﬁﬁ&g@gettﬁwi@ Z%ﬁeﬁ@% 2 Signgkas, 3%@5}%&%@.@ Sleﬁhgtral
peak-picking stage . The qutput of the mixing stage is then provided to a spectral shaping
stage 470, whick?%ﬂ%%gg the g%leégtltﬂ?m %ﬁf\tﬁé%bggs (%) %nedgr%%%%ceegssﬁef:atlr}usrﬁ%y pr%())l\l/%d’eaa lg’y the
smoothed spectitlfi st 456 ™Fhe BETpRDF thelS&ctral Shaphiy dtage™dr CIRtRER BHrdvifed to the
synthesis filter 480mie can inverséndisdriste Fosirierdransfornbas eddepto obtaiAd' (P iepr@esenting the
background component. The foregraund casapengnt casrthenrbeidd derived as the diffgrence between
the input signal aad e auipuLsignak. - 35 Xin)H. Embadimenis.af ihe pieseni inyenion may be
operated in a virtual reality applications as, orS%xamN%Ie, ?éD %aorglglg. In 35 suc agpllcatlons, the

synthesis of souRdEourdEewiti &+ -+ Vol - In other words, in
embodiments, the decomposer 110 and/or the renderer 120

a

and/or the processor 130 may be adapted for processing
DirAC signals. In other werds, the decomposer 110 may
20 comprise DirAC monosynth stages, the renderer 120 may
comprise a DirAC synthesis stage and/or the processor may

comprise a DirAC merging stage.

Embodiments may be based on DirAC processing, for example,
25 using only two synthesis structures, for example, one for
foreground sound sources and one for background sound
sources. The foreground sound may be appliaed to a single
DirAC stream with controlled directional data, resulting in
the perception of nearby point-like sources. The background
30 sound may also be xreproduced by using a single direct
stream with differently-controlled directional data, which
leads_to the perception of spatially-spread sound. objects.
The two DirAC streams may then be merged and decoded for
arbitrary loudspeaker set-up or for Theadphones, for

35 example.

Fig. 5 illustrates a synthesis of sound scurces having a

spatially-large extent. Fig. 5 shows an upper monosynth



large spatial extent may be complicated and complex when based on conventional concepts. Such
sources might, for example, be a seashore, a bird flock, galloping horses, the WO
2010/017967PCT/EP2009/005828 22 division of marching soldiers, or an applauding audience.

Typically, suc und.gyuents are spatialized as a large groupofpoint-likes?, /??2\’1‘@85” dsto
computationall};‘ﬁic)oméﬂximplementations,cf.Wagngr, 5 Andreas; Walther, l(l,;'hpofreas; Me choir, Frank;

Straufi, Michael; "Generation of Highly Immersive Atmospheres for Wave Field Synthesis
Reproduction” at 116th International HAS Convention, Berlin, 2004. 10 Embodiments may carry out a

method, \;vhich psnf@masl m@d§ymﬂ@§i$ Céﬁﬁlﬁ@ééerl}i o&@%ﬂ%ﬁgﬂ@%ﬁfﬂ@@ﬁEly%wﬁ.%gth@cﬁaéne(time,
having a lower struct and computational complexity.. Embodiments may be based on DirAC (DirAC
= Directional Au i%%c(‘,%£ iﬁésj,ncf.gg]uﬁ(k?,e\?ﬁ%, "éjgét?a%(l ound ﬁ]e%rgaﬁgt%rf with |reacstio|%nhaﬁ Audio
Coding" in J. AudifoE (g 'SGE. 2RIF 55, No. 36! 2067 fift 6ehver Wirdd CiFemBEdinTerits Mt d&domposer
110 and/or the réiderérs12®afd/or therprotessoridemay BCaddptedrforigradéssing DirAG:signals.
In other words, the tlegpnipaser 440 may 20 LoMmprise- PIAC smenesynth.stagss, the rendeyer 120

may comprise a Rith( synthesis siage angjor t&&%@&@ésoway%%gﬁ]%sg FQC Qlerapgstage.

Embodiments may be based on DirAC processing, for example y two synthesis

structures, for exarmpR: 8fe 6+ &Pedrothd EBGn LGRS End Gife f3F bRBkgroGfd gg&até’(?urces.
The foreground Sé¢A¢ niesiise applied o asindlé DirG str@dmawith €dstroleeidirettionaltdata,
resulting in the pgieamiqmmg@am;eg@inﬁﬁkg sauiges. I ha}b@ﬁkgreﬂﬁ_d 38'15D§dndmaymt|ﬁg®e
[ﬁproduce(%_@y U§5'ﬂ:9t?;§%e gﬂge%tr%%b%gad ;@gﬁﬁ@%@?ﬁ%@&fc_k9“%%?59@6;%9%&%@%% l.zadsato
e perception of spatially-spread soun ects. The two DIrAC streams m en be merged an
decoded for arbi{)r%%y %agjudgp%gkelrsse]f-%%gorjﬁfgr ﬁéfg&p}ﬁontegs? fo%%?g?(aerﬁ% gty ‘wd'’ hlcg] a%e

2010101796 7PCT1ERPROI Oty ind, such as closest or nearby birds or

clesest or nearby persons in an applauding audience and the
other generates a background sound, the continucus bird
15 flock sound, etc.

The foreground sound is converted into a meno-DirAC stream
with DirAC-monosynth block 610 in a way that the azimuth
data is kept constant with frequency, however, changed
20 randomly or controlled by an external process in time. The
diffuseness parameter Y is set to 0, i.e. representing a
point-like source. The audio input to the block 61C¢ is
assumed to be temporarily non-overlapping sounds, such as
distinct bird calls or hand claps, which generate the
25 perception o©f nearby socund sources, such as birds or
clapping persons. The spatial extent of the foreground
sound events is contreolled by adjusting the 8 and
Srange foregroundr  Which means that individual sound events will
be perceived in ©18range_foregrouna directions, however, a
30 single event may be perceived point-like. In other words,
point-like sound sources are generated where the possible

positions of the point are iimited to the range

ei8::.3:0go:—:mforegrm_u’ld .

35 The bpackground block 620 takes as input audic stream, a
signal, which contains all other scund events not present
in the foreground audio stream, which 1is intended to

include lots of temporarily cverlapping sound events, for



23 block 610, which creates a mono-DirAC stream leading to a perception of a nearby point-like
sound source, such as the nearest clappers of an audience. The lower monosynth block 620 is used to
create a mono-DirAC stream leading to the 5 perception of spatially-spread sound, which is, for
example, suitable to generate background sound as the clapping sound from the audience. The
outputs of the Wv\?ozﬁfgﬂggﬂonosynth blocks 610 ang¢l 620 are then mergedP ke Sir %rznserge stage
630. Fig. 5 shows that only two DirAC 10 synthesis blocks 610 and 620 are used in this embodiment.
One of them is used to create the sound events, which are in the foreground, such as closest or
tr;ec':1|r<b>/ bir%s or clgsest s naamyr@%@oraﬁs;ln@ﬁk@@plﬁqdi%g a;i@fg@cw@éqe Qib;rwear%%ﬁda
ackground sound,_the continugus bird 15flock sound, etc. The foreground sound is converted into a
OO DITAC strcars I DA oRsS Lok S0 T o s Tt e it St £ e Eoetan
with frequency, F&8ver chafifed 20 %ﬁ%‘é‘rﬁﬂ?%%d’f&ﬁ’&?léﬂ (53 i extermal prddeissam e MThe
diffuseness parameétet y i§ setiadpierapreséhing paidintlike: seufces T hehaudie diggutdorttie block
610 is assumed @ bedempeorarily-ner-oveslapping seyndsssuch as distinct birkpgallser band claps,
which generate t{n&ﬁ-‘m%A % pgLcaption of ”%%%’u%%‘%{é%o%%%%ﬁ @% birds or clapping sound.events

erange_foregrou) ercéived in Qerangeforeground direCtions, however, a 30 single event may be
perceived point-fike. ‘I’ﬁgthéé?%o%s,tﬁbeint- ke SounttCSstited’ SPeléeﬁé’r%Jré(d whereResbsEble
positions of the gaiht &relrmitddicthe thhge Befanges foregrdumde3s The backegrdurebbloek 620
takes as input audio:sireats, asignal; whigch:eontainsiallothersoundeventsmot psesentindhe

foreground; gudio siream. yuhich is.intended dainclude lofs of tempararily pyverlapping spynd gvents, for
WO 2010/01796637153%1_ gnfeznotogfoo 828 24

Embodiments of the present invention g¢an provide the
advantage that superior perceptual gquality of rendered
15 socunds can be achieved at moderate computational cost.
Embodiments may enable a modular implementation of spatial

sound rendering as, for example, shown in Fig. 5.

Depending on c¢ertain implementation requirements of the
20 inventive methods, the inventive methcods can be implemented
in hardware or in goftware. The implementation can be
performed using a digital stbrage madium and, particularly,
a fiash memory, a dise, a bvh or a CD  having
electronically-readable control signals stored thereon,
25 which c¢o~operate with the programmable computer system,
such that the inventive methods are performed. Generally,
the present inventicon 1is, therefore, a ‘computer~program
product with a program code stored on a machine-readable
carrier, the program code being operative for performing
30 the inventive methods when the computer program product
runs on a computer. In other words, the inventive methods
are, therefore, a computer program having a program code
for performing at least one of the inventive methods when
the computer program runs cn a computer.
35



example hundreds of birds or a great number of far-away clappers. The attached azimuth values are
then set random both in time and frequency, within given constraint azimuth values A+P - - -
rangebackground The spatial extent of the background 5 sounds can thus be synthesized with low
computational complexity. The diffuseness y may also be controlled. If it was added, the DirAC
decoder would apply the sound to all directions, which can be used when the sound source surrounds
the listener totally. If it does not surround, 10 diffuseness may be kept low or close to zero, or zero in
embodiments. Embodiments of the present invention can provide the advantage that superior
perceptual quality of rendered 15 sounds can b&BRved at moderate computational cost.
Embodiments may enable a modular implementation of spatial sound rendering as, for example,
shown in Fig. SPegsnding @ A impleneraiamiRHipmaaRmadne 20deRive naGRds. the
inventive methg)nd% can be lmrPIFmented.ln hardware or in software. The implementation can be
performed usingpa d?gﬁjéﬁ gi%rggécc?h%néiﬁﬁgand, particularly, a flash memory, a disc, a DVD or a CD
having electronically-readable control signals stored thereon, 25 which co-operate with the
programmable £ospitias sydenpastihnbihed Wﬁﬂ@&@dmﬁm_ ARG B@M&%Qig@m%c;@ﬂ)’a;me
present inventigrn:js, t mpyter-program product with a program c stored on a
machine-reada _rﬁé}%targf%rg;%eg%gr%%% r'lir)méicc%g e!%fi%gwtr)%e?g NS B"é’ﬁgr’ﬁﬁ’inﬁ‘%gr e RvARA9EShethods
when the comFREPPPEEIAR REEIeH NS BIPRRBMBULR 1P6ETSr drnespasednvienaldanswads are,
therefore, a corsputer prograin havinty bpregarerentieder perfpsmisg @ileast eae ofihedayeative
methods Whenég&%m%ré}@qg@%rg%%%&ﬁw&gp 29 Claims 1. An apparatus for determining

a spatial output multi-channé audio signal based on an input audio signal, comprising: a semantic
decomposer configured for decomposing the input audio signal to obtain a first decomposed signal
having a first seneagespropdayrate first decomposed signal being a foreground signal part, and a
second decomposed signal having a second semantic property being different from the first semantic

property, the second dgcompesed sjgnal being a background signal part; a renderer configured for
rendering the foregrouﬁodr E?éﬁld%f'sgi%s%ﬁ%%‘%ﬁusd%hﬁgﬁﬁﬁ"wd%’ B Ha2rae s hPhaving

the first semantic propéftj, fradeisderdigeampriding dreafiiplitseepatimingesete foreropessimg the
foreground signal part,comereimdosalbrganeraiRmicg BasseToissrbzaiavis et o 8g-amalkde panning
stage for temporally v g'pg% aly] ation 9 audio source in the foregroynd signal part; and
for rendering the back%grodnd s‘%%rr%}gf%%#@g eecrg{rer%l;g }_ﬁ five gé)(':_sc?ng gé%‘ﬁrﬁpotgé%%iﬁﬁﬁ%d@otain a
second rendered signd!HRNSgSRES &R BRABNNE Pidh SrBERIHIEgndiRs shrEor Iy areekfor
processing the first reridénedsiggrabadditireisenongheendered signal to obtain the spatial output
multi-channel audio signal.

for rendering the background signal part by decorrelating the second

decomposed signal to obtain a second rendered signal having the second

semantic property; and

a processor configured for processing the first rendered signal and the second
rendered signal to obtain the spatial output multi-channel audio signat.

2. The apparatus of claim 1, wherein the first rendering characteristic is based on the
first semantic property and the second rendering characteristic is based on the
second semantic property.



2. The apparatus of claim 1, wherein the first rendering characteristic is based on the first semantic
property and the second rendering characteristic is based on the second semantic property. 26 The
apparatus of claim 1 or 2, wherein the renderer is adapted for rendering the first and second rendered
signals each haying as many components as channels in the spatial output multi-channel audio signal
and the processor is adapted for combining the cof#ponents of the first and second rendered signals
to obtain the spatial output multi-channel audio signal. 4. The apparatus of claims 1 or 2, wherein the
renderer. js adapted for rendering the first and second rendered signals each haying less components
than the Spatial GGt FRPRTEMSPFREN 4 RN siifiElntsvisadareHe prectesirrisadaried fierfiag-mixing
the componentsiuf Seedingt andsedongrienderedisignglsdonabiaindhe spatial RuipLhRawti:channel
audio signal. 5.shhe-ABRRA"S A Sl IR QIR GAGSRIRRRELIS Adapled [or determining an input
parameter as aﬂgontrol aram%tgr from the input audio signal."6. The apparatus of one laims 1
to 5, wherein th8F&RGEr&P ISR SIEITYSH ARG IRt UL EisimB de Pigdharrpetiel sedord
decomposed sitnéi-basetkbaudiffeignatime grids. 7. The apparatus of one of the claims 1 to 8, wherein
the decomposer is adapted for determining the first decomposed signal and/or the second
decompgsed sigi,r]l Ia asgqu%na Ct’raarr;Tsie!nt separation method. The aae%aratus of claim 7, wherein the
decomposer is adapted for deterrmining Snie & HE AredE0ST56 58080154 o rendesivedha first
decomposed sRjifaEByAE spesRd sigiraliorentetyinaiesthemtinerents lismedhenstieidiferpace
getween the oneumdrthenipuicuidig signal %@%mnﬂera}ﬁ@%fsgﬁ%%&Q&&é@%msgémmi%r}wﬁée;n the

ecomposer is m_p r degamposing the input audio signal, the renderer is adapted for rendering
the first and/or seco%ﬁgjégcéqﬁﬁpose_dg gigﬁ%&e é%@%or@tﬁ%@gﬁg%gggg}%g%ggﬁ%gatfz)@r ﬁﬂg@@gﬁ%’%e first
and/or second TGRSR AHAGF s of different frequency bands. 27 10. The apparatus of claim
1, in which the processor is configured to process the first rendered signal, the second rendered

signal, and theackground signalRaryto int SPQ;I'!?] t multi-channel audio signal 11. A
method for determ'&nln a spatial out u1t’ nﬁjﬁ%&aﬂgﬁe au |08 éljéger’ijail%%aj%éégeognr}gﬁ?%gﬁ é@ig% %?gnal and
an input paraméetet €8P ?rﬁga?l‘f’ecégétﬁg' Srregnighiicany ebeHirsEifgEtsRainput audio signal to obtain
a first décompodied aigasathaviigadinst temelaticsproperly, diefist tecompesadisigiabheinga

foreground sigrenduafitgane arsegeeshiRRIMBRFRA SNALNAIBAPRLEANLSEMARIS RIS, being

different from tgﬁféi'rgﬁﬁ%agn&i Sproperty, the second decomposed signal being a bac grouné\signal
part; '

7. The apparatus of one of the claims 1 to 8, wherein the decomposer is adapted for
determining the first decomposed signal and/or the second decomposed signal
based on a transient separation method.

w

The apparatus of claim 7, wherein the decomposer is adapted for determining one of
the first decomposed signals or the second decomposed signal by a ftransient
separation method and the other one based on the difference between the one and
the input audio signal.

9. The apparatus of one of the claims 1 to 8, wherein the decomposer is adapted for
decomposing the input audio signal, the renderer is adapted for rendering the first
and/or second decomposed signals, and/or the processor is adapted for processing
the first and/or second rendered signals in terms of different frequency bands.



rendering the foreground signal part using amplitude panning to obtain a first rendered signal having
the first semantic property, by processing the foreground signal part in an amplitude panning stage,
wherein locally-generated low pass noise is provided to the amplitude panning stage for temporally
varying a panning location of an audio source in the foreground signal part; rendering the background
signal part by decorrelation decorrelating the secoftl decomposed signal to obtain a second rendered
signal having the second semantic property; and processing the first rendered signal and the second
rendered signal to obtain the spatial output multi-channel audio signal. 12. Computer program having a
program code for performing the method of claim 11, when the program code runs on a computer or a
processofi.  The apparatus of claim 1, in which the processor is configurad to process the first

rendered signal, the second rendered signal, and the background signal part to
obtain the spatial oufput multi-channel audio signal

11. A method for determining a spatial output multi-channel audic signal based on an
input audio signal and an input parameter comprising the steps of:

semantically decomposing the input audio signal to obtain a first decomposed signai
having a first semantic property, the first decomposed signal being a foreground
signal part, and a second decomposed signal having a second semantic property
being different from the first semantic property, the second decomposed signal being
a background signal part;

rendering the foreground signal part using amplifude panning to obtain a first
rendered signal having the first semantic property, by processing the foreground
signal part in an amplitude panning stage, wherein locally-generated low pass noise
is provided to the amplitude panning stage for temporally varying a panning location
of an audio source in the foreground signal part;

rendering the background signal part by decorrelation decorrelating the second
decomposed signal to obtain a second rendered signal having the second semantic
property; and

processing the first rendered signal and the second rendered signal {o obtain the
spatial output multi-channel audio signal.

12. Computer program having a program code for performing the method of claim 11,
when the program code runs on a computer or a processor.



