An Apparatus for Determning a Spatial Qutput Milti-Channel Audio Signal
Speci fication The present inventionis in the field of audi o processing,
especi al IYORPHWME% ' ng of spatial audio properties. Audi BCHEFEIHDIHIS and/ or
codi ng has advanced in many ways. Moré and nore demand is generated for
spatial audio applications. In many applications audi o signal processing is
utilized to decorrelate or render signals. Such applications may, for
exanpl e, cdin \Apparatus-for sDetemmiping, anSpatibdr Omtpm tMul tictChareel
up-mx, artificial reverberation,:ﬂﬁafg)#gégg&ng or user interactive

m xi ng/ render ing. For certain classes o Ignals as e.g. noise-like
signals as for instance appl ause-like signals, conventional nethods and

systens suffer fromeither unsatisgﬁggggxcgggggptual quality or, if an

obj ect-qgrientated approach is used; ational conplexity due to
the nunBer of auditory events to be nodel ed or processed. O her exanpl es of
audi o mat ertiad , pbEEHt | Snpeablieratisc,irArengenee dl! ¥ raskicarc e edidalg) i ke,
for exanple, the nojse that is emtted bX i flgck of birds, a sea shore,
gal | opi ng HOTRE l,an]gi%iﬁ?ﬁ%?%ﬁsb‘ﬂgrra cAPAG180l 81eLS, PECESEdfifent i onal
concepts use, for exanple, paranmetric stereo or MPEG surround codi ng ( MPEG

= Moving Pi S .30 . Fi 6_sh a, i C plication of a
decorrelatggh#%§ap5§§§§%6g§tg&%B%ﬁg-%?ié?g E%%. §ﬁ5ﬁ%£afﬁoh§ﬁ%uﬂﬁy%ignal
provi déf t Merelecord elrmeoe cdenamii chspr oghdestaddedonr elsstaddid npurudignal

at its out pitniithe o5h i nah EARY Snalad S8 oxided 9 AR 1URsME e JBEL] X
620 together with the decorrel afed signal. Dependent on up-m'x control
par anet er s 30, Uaisiéprdo S@t puiesrhralare r @fdernder signals. Such

applications may, for example, carry out mono-to-stereo up-
mix, 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 applause-like signals, conventional methods
20 and systems suffer from either unsatisfactory perceptual
quality or, if 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 problematic, are generally ambience
25 material like, for example, the noise that is emitted by a
flock of birds, a sea shore, galloping horses, a division

of marching soldiers, etc.

Conventional concepts use, for example, parametric stereo
30 or MPEG-surround coding (MPEG = Moving Pictures Expert
Group) . Fig. 6 shows a typical application of a
decorrelator in a mono-to-stereo up-mixer. Fig. 6 shows a
mono inpﬁt signal provided to a decorrelator 610, which
provides a decorrelated input signal at its output. The
35 original input signal is provided to an up-mix matrix 620
together with the decorrelated signal. Dependent on up-mix
control parameters 630, a stereo output signal is rendered.

The signal decorrelator 610 generates a decorrelated signal



The signal decorrelator 610 generates a decorrelated signalD fed to the
matri xi ng stage 620 along with the dry nono signal M. Inside the m xing
matri x 6200 20H&18%ér eo channels L (L = Left stereo chanREEPIHY/ORSLR =

Ri ght stereo channel) are formed accofding to a mixing matrix H . The
coefficients in the matrix H can be fixed, signal dependent or controlled
by a user. Alternatively, the matrix can be controlled by side information,

transm ttedpakeng vy tihd hRadewsfgxX, s €4 as@onm@n@ar@r@{rtﬁed%wlrmwn on
how to up-m x the sigpals of own- m X forrgth eswed rrultl-channel
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Par anet bi ¢ c&@ifmlexmm m@o’dhagmatranHBlcanabes'fllxnszES11;rrﬁlh degraredenton,
Berlin, Prepring 1 2Q04.apd in MPEG Surround, cf. J . Herre, K. K
j rling, J . Breré a%%te&/g%y ﬁsé "MPEG Surround - the |SQ MPEG St andar d
for Efficient and Conpatible Milti-Channel Audio Coding" in Proceedings of

the 122nd AGS Conwenyépp, ViBanamaAYSty | aaad\/aybaoozonerbwbaal bilrtgcltd@e of
a paranetric stereo, decoder is shown in In this exa | &
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signal tot sf or 0 as, for e frequency .dommin i
ternms of a %ﬁ%&(f‘é‘ {‘Dgf ;Pg%ug%(): brg% %o efxort et re u%ﬁgy g}ﬁ’élxr{ c{]ﬁ"‘eﬂnef
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par anet er s, }{M‘ll cﬁre pr O(\:/I ded g§ t he par ame%lgL rlmdlb |c§t| on box 740, which

is provided with spatial input
15 This is typically done in parametric spatial audio coding

as, for example, in Parametric Stereo, cf. J. Breebaart, S.
van de Par, A. Kohlrausch, E. Schuijers, “High-Quality
Parametric Spatial Audio Coding at Low Bitrates” in AES
116™ Convention, Berlin, Preprint 6072, May 2004 and in
20 MPEG Surround, cf. J. Herre, K. Kjérling, 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 examplé, the decorrelation process is
performed in a transform domain, which is indicated by the
analysis filterbank 710, which transforms an input mono
signal to the transform domain as, for example, the
frequency domain in terms of a number of frequency bands.
30 '
In the frequency domain, the decorrelator 720 generates the
according decorrelated signal, which is 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 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 example,



paranmeters and coupled to a paraneter control stage 750. In the exanple
shown in Fig. 7, the spatial paraneters can be nodified by a user or

addi ti onaWVot20WH7%3, for exanpl e, post-processi ng for bi R&HARR009/005828
rendering/presentation. In this case,3the up-m x paraneters can be nerged
with the paraneters fromthe binaural filters to formthe input paraneters
for the up-mx matrix 730. The neasuring of the paraneters nmay be carried
out by the ﬁ@é@f@@éeé@ﬂhél CobFOoNbhhaGkaT40rehe raulgypr c@ferftde ity M Xin
matrix 730 t hen rOV|ded to g synthesis filterb nk 760 e%/[nch Het rm nes
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exanpl e, | n@ra st hesp St eyegnyan de Par Jeroen Breebaart,

"Mul ti channel Coding of Applause Signals,” in EURASI P Journal on Advances
in Signal Processing, Vol. 1, Art. 10, 2008. Here, a nonophonic audlo

si gnal 1Ps s?ésgr@em@ﬁlbe@oam@mapbﬁngutpnﬁ #&eﬁfsthﬁhF\éﬂlage“taéﬁﬁé?
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original and delayed copy 1n order to obtain a decorrel ated signal, cf.
Ger man patent application 102007018032. 4-55.1n sone conventi onal conceptual

obj ect-orientated systens, e.g. i eas; Walther, Andreas;
Mel choir, Frank; j?%
lh22

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 = 1Interchannel
Correlation) and/or mixed or user-defined settings.

20

Another conventional approach is 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, Jeroen
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 pseudo 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 delayed copy in order to obtain a decorrelated
35 signal, cf. German patent application 102007018032.4-55.



Straub , Mchael; "CGeneration of H ghly I mersive Atnospheres for \Wave
Field Synthesis Reproduction" at 116th International EAS Conventi on,
Berlin, 2002010/¢17968 descri bed how to create an inmersi vECIFERPADIHNAS2Hf nany
obj ects as for exanple single claps, by application of a wave field
synthesis. Yet another approach is the so-called "directional audio coding"
(DirAC = Directional Audio Coding), which is a nethod for spatial sound
representation, applicable for different sound reproduction systens, cf.

Pul kki , "S ati al und eproductlon mn h rectional Audi o Codi ng"
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t he ambi enc&ammtlamﬂe beingps f orbexap Bicatién caheerd Ralde Q@Quidhe
ot her hand,_s abJe decorrelation filters as, for exanple, allpass
filters, ded?h %.7eproduct|on of quality of transient events, |ike a
singlelﬁandclap by introducing tenporal snmearing effects such as pre- and

post - echoes,gnd, gkh@& ral;;&é;%% h M o ot s%p%tal ledoanﬁglpgﬁgioﬁéﬂgla%cﬁc?p

events has to be one on |ne tinme
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accor di ng tethod Brregbagphti®l. ¥80nde Fa¥refentXODbhaUSHb1 FeapREhU]Lrs,
Hi gh- Cpajlé fferent sound 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 diffusenessvand 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 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 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 done on a rather fine time grid, while
35 ambience decorrelation should be quasi-stationary over

time.



Paranetric Spatial Audio Coding at Low Bitrates" in AES 116th Convention
Berlin, Preprint 6072, May 2004 and J . Herre, K. K jdrling, J .

Br eebaar tWOg010/|[9%7 " MPEG Surround - the | SQ MPEG St andBEA/EP3R00OPIRE | ent
and Conpatible Milti- Channel Audio Cdding" in Proceedings of the 122nd AES
Convention, Vienna, Austria, May 2007 conprom se tenporal resolution vs.
anbi ence stability and transient quality degradation vs. anbi ence
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sound due to a certain repetitive qua igy 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 avoid 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 object-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 object 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 is based on

the finding that, for example, in a scenario with multiple



Generally different spatial depths and/or extents of audi o objects can be
di stingui shed. One of the key points of the present invention is the
deconposiWVPEAIMA % gnal s, |ike the sound originating fr 8AIER2HUHIBAYI ng
audi ence, a flock of birds, a sea shofe, galloping horses, a division of
mar chi ng sol diers, etc. into a foreground and a background part, whereby
the foreground part contains single auditory events originated from for

exanpl e, n%aqusb sguugessgndrbhegbaakar carmdl padk g t baua@blsen@snofbé he
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mul tiple di audi o par all may be rendered or decorrel at ed
differeptly. In general, audlo signals may be deconposed into n different

semantic payds By e{@@dlkrge}n PoiftisChoar & 1y opeeseGtsepaiahetivn T8 the
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events. Prior to 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 be decomposed into n
different semantic parts by embodiments, which are
25 processed separately. The decomposition/sebarate 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 quality of the rendered sound at moderate
computational cost. Embodiments therewith provide a novel
decorrelation/rendering method that offers high perceptual
quality at moderate costs, especially for applause-like
critical audio material or other similar ambience material
35 1like, for example, the noise that is emitted by a flock of
birds, a sea shore, galloping horses, a division of

marching soldiers, etc.



Fig. la shows an enbodi nent of an apparatus for determining a spatial audio
mul ti-channel audio signal; Fig. Ib shows a bl ock di agram of anot her

enbodi menWO 2810P17%7shows an enbodi ment illustrating a mECTEPRI{0PIB2Yf
deconposed signals; Fig. 3 illustrated an embodi nent with a foreground and
a background semantic deconposition; Fig. 4 illustrates an exanple of a
transi ent separation nethod for obtaining a background signal conponent ;
Fig. 5 illuskbaticsentsysithesicss pfe somndi SPERELENNAYING bePatdtdd Ved L 2EHE
extent; Fig h6 %I#ustra S one state . of %he art .a pI%&g{ion of a
decor r el at of*FnPeiReCfo FnaFHOQpﬁBﬁ&pﬁb-§9§reo16%- . and Fig. 7 shows
another state of the art application of a decorrelator in frequency domain
in a nono-t er up-mixer scenariq. Fig. .1 shgws an enbodi mept of an

appar at us 18%&f0?8det%$%§%inj“é s§§?¥5ﬁ‘odpbth%ﬁIt?pcha%%%?rﬁgaﬁo sf%ﬁal
based or? an input audietsighaingl i sepetéabodiutkn smuhéiappanaels aadibde
adapted for further b§§&ggl;he spatial output nulti-channel audio signal on
an input paraneter. The I nput paraneter nay be generated | ocally or
provided with the input audio signal, for exanple, as side information.In

t he enbodi neng. depi ct ellows &i Blodk, dihBgrapparabusthll CamydisRhtd
deconposer 110 for deconposing the input audio signal to obtain a first
deconposed signal having a first semantic property and a second deconposed
si gnal favi Aijga Beconshsesari cepbopiemeyt beiligm stiffteirent af mord it el ¢Sy

semantic property. of decomposed signals;

Fig. 3 illustrates an embodiment with a foreground and a

background semantic decomposition;

15
Fig. 4 illustrates an example of a transient separation
method for obtaining a background signal
component;
20 Fig. 5 illustrates a synthesis of sound 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 another state of the art application of a
decorrelator in frequency domain in a mono-to-
Stereo 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 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.



The apparatus 100 further conprises a renderer 120 for rendering the first
deconposed signal using a first rendering characteristic to obtain a first
render ed WOGAHVOIAWGi ng the first semantic property and POI/EPAHAAOPISAY t he
second deconposed signal using a secofd rendering characteristic to obtain
a second rendered signal having the second semantic property. A semantic
property may correspond to a spatial property, as close or far, focused or
wi de, and/or a dynam c property as e.g. whether a signal is tonal,
stationary or transient and/or a dom nance pr.operty as e.g. whether the
signal is Ot e§PEuMRAI YRy r S8R CtEdeRured 'heieoféﬁeesgBB?F%Pﬁ. 1
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parts of tHHERAPUC RIPREBEYnal . Moreover, rendering carried out by the
renderer 120 according to the first and second rendering characteristics

can al so be adapted to the § at i al Igroperties,, whi ch al |l ows, fOL (Exa le in
a scenario MHer @PPREUSst 1H8c ohpBEREE siRT 375 eSpoh8BIEESE btk gridind
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audi o si gnal iffere rendering.or .decqrrel ators, b lied,. th
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object. A fsoer eground audio c‘)eel%]ect l.g]na 18 Ca _ ¢
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 is tonal, stationary or transient
20 and/or a dominance property as e.g. whether the signal is

foreground or background, a measure thereof respectively.

Moreover, 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 words, the decomposer 110 is adapted for
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 second rendering characteristics
35 can also be adapted to the spatial properties, which
allows, for example 1in a scenario where the first
decomposed signal corresponds to a background audio signal
and the second decomposed signal <corresponds to a



or source may be distinguished or differentiated froma background audio
obj ect or source. A background audi o object or source may not be noticeabl e
by a pot NPi2810/Q17%fener in an audi o environnment as bei nGCIr&PIYHMABRNt t han
a foreground audi o object or source. ?n enbodinents foreground audio

obj ects or sources may be, but are not limted to, a point-like audio
source, where background audi o objects or sources may correspond to
spatial |y vidsrgeaushd objpedis or sbgnses. | rlidtfeerenwr dsrehdeeirhgdi mesyt s

the first i i st r,.matched to the first
sereranltiri p?cgé;;cgore]{li/er%\%&[ar 2(:%5!1%&'()?1&3'6?eﬁ%é??gﬁggﬁg(r%g%?e?‘?gﬁ’é c¥fYpbe aora%"b‘bé on
or mat ched nes et seebnd demanhic tml&gwiqg ltineoneeembotif oreey rotedf'i ris
semantic propertey aodl dhecLEL st pendenngochasact ehbghis i aiRong, L, @
e adap edto

foreground audi o source or object and the renderer ] can
appl y afpl idUiHe pgANilE§IEtthe PHEBt Hedbnposedtenghal. Irheteredermmulido

may then beduiiddie! PshedyLSuh@rarlyi 8bH8chS hheokrhtbunendeitd Hrgnalt two
anpl i tude panned versions of the first decqnposed .signal. In this
enbodinentf”ih§°§§88nd“%%n§ﬁﬁiélﬁFbﬁgPﬁﬁhﬁﬁd‘Fﬁed§§§8ﬁ&nﬁéﬁd€¥%n§r°"‘ a
char act er i Ydakqayures panii® aoWpedkgr ﬁw\d smdph'@.siw ce,a@kt?q_bjlgﬁ , sudio
plurality thereqf respectively, and the.renderer can be adapted .t

apply a decog) reeocat ’on to"the s%%%ndlootecgﬁpogg{dlgfaﬁgfe glﬁﬂ it oﬂogeengslagecond
render 88 silgrdlende decoml decdrposedisogmahtards t beidgeokess atdethiverrsi on
ther eof . IQﬂﬁﬂpog'@%ﬁ%@ré&ﬁarQGQ?BthééétF?ﬁgb%o%EanerIﬁd%wygafﬁ§hts

rendering the first deconposed signal t the Tirst renderin
char act eri SAEHBENhopUAAPe WHRFEY OFt reRNEFDY &dar doe er st caren nstther

words, theneniedetbpdesorgsalat- 10k of atibgof | sstrdeconnased $a8rodrd
anot her enbodj.nent,.the first rendering charact erlgttlzg gggthave a del ay

i nt roduci ng SRIFTETi REhIOMRGES MadsiCHdespon ially 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 renderer 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 to 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



anount and the second rendering characteristic nmay have a second del ay
anount, the second del ay anount being greater than the first delay anount.

I n ot her WBRAYW/P67 hi s enbodi ment, both the first deconB63&R2UPYPRAERS and t he
second deconposed signal nmay be decorlr‘)el ated, however, the |evel of
decorrel ation may scale with anount of del ay |ntroduced to the respective
decorrel ated versions of the deconposed signals. The decorrel ati on may
therefore biectronberidonr offhetlsecdrid stecasporpdssigrslgridian far atr’ftﬂ:rféf st

deconposed ]ggﬂ o] S e first ,deconpose nal

secogg decorrposednm gna?ﬁgm$lgsglge$§%5}og Charﬁerq)rr?es Jy%g’ﬂ?ﬁngﬁ € |5h
ot her wor dsdeldynaintprodestnag ahgrbeteaisted omavt:LIn@ckaM s"a,rsmerckabsrw
bl ock of 1 i AUdLRqSkaRAl s SATRS e HBYr DS Wirliad et yi d g ge%%%osaer

110 in a nunber of bl ocks of deconposed si the nunber
of decoRposFINYrdt 52 mgratnfeadthepaaggn v@?l%}b AROURE heﬁ@gdmaten e.

they may retpfaesertth@veﬂna@pl rwaﬁa L, samJI Qs%héfl qm?ds wor s, tH e
deconposed Si | s may .corres rts o B i.nput audao Si gnal whi ch

p
overl ap, 8 e PRS2 Nt %t %ﬁgtgﬁﬁf”t“?93§ G s.
| n enbodi nmu@ompfr&efd rsigaad seconoe deleams&dt@cgnahwmrrephesardvel

filtered or drans S s .of_-an orj.gi npu ignal .. Far | e,
they may repfr esen %Pé%%%?‘/g%afpgg b%ar% gpékgc%éué?om%a% gn‘b’os@(}-ro Ciraj
si gnal 18or rexspbhdi mgsbectévanpiecevralatede veosidnsowLetbe a:lermm@cxbes:t ant

sound sour cg.qld Ot h@heer’gghddfrp@iéti&?y Y €19é£§§<99ﬁd ged EEE‘QEQ%O OL o

stationary signal conponents, etc. di nent e renderer
sub- di vi dedh%h %F‘??W%td?EﬁHEPéﬁdaﬁdg@asleé&ﬂﬁ rePwieklbe, filete dasemEassa
renderer cagidialadapted for rendering the first decorrposed

15 In embodiments, the first decomposed signal and the second
decomposed signal may overlap and/or may be time
synchronous. 1In 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, 1i.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 simultaneous audio 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
other embodiments they may correspond to transient and

stationary signal components, etc.

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



signal and the second renderer can be adapted for renderingthe second
deconposed signal. In enbodi nents, the Tenderer 120 nmay be inplenented in
sof t war e, WO@P10&)3MPl e, as a program stored in a nenory PETHER209Q0FES a
processor or a digital signal processdr which, in turn, is adapted for
rendering the deconposed signals sequentially. The renderer 120 can be
adapted for decorrelating the first deconposed signal to obtain a first
decorr el at ethsi gaadbndandétevmbors ede cirgred 1t | iy  éhkod énendsdeconrpasatist epnal

to obtain C decory el ipgnal . | Wor, bhe renderer 120
may be adagjtfe(g ?‘%‘S’ dggor}lg?g%ﬁ%rd%sgt ﬁl%ecso%n%"js}gc?’si 5%:5 s,gx Iggg\?ér,aﬁsiang
di fferent decxyrahastonedr imenglemengryhd&cadier Fyhi 0. d npeabedsnentos, a he

renderer 126 giya be sagapedo L greanBLy it 4! hhUdg, AAnnig. LaagtbRersone of
the first or Second deconposed signals i1nstead or in 2ddition £ 6
decor r ePat i NAGRHENG chiter@decapposay BéJndapt égapentieddaring the first and

second rendered signals each having as many conponents as channels in the
spatial output multi-cha | audj o si.gnal .and the processar 13Q nay, be

adapt ed for%hﬁnﬁﬁ %@F{hgggoﬁiﬁn ﬁt@dgptﬁﬂegpfrEFCQﬁJe§€5&H@'Fgﬁﬁéibkﬁt

signal s to ddtempodde Spainadl oot peibtaitht iz chapsel decbhorsigted. digraiher
enbodi nment s e re a te rendering the firs nd
second rendaerweff{si g%% s({ee%%lﬁr%g%f%ggl ce%l% c%err%%ﬁl%n{%s%ctoﬁlgn teﬁg %[l)gflf"g;il a(:oout put
mul ti - éRanmtainli 8 sigpwaid addcatisediptethes igrorlessdn Bhemnwbedsdapties f or

upni xi ng t hes caaponent soof ohe fihEst sgadsgcond, en&@g@ﬁ éhge%g tg, okt ain
the spatial output nulti-channel audio Signal. F[g. I sﬁoms anot_her_
enbodi ment FCAPAFAr 8182100, NOBIRNGTI S 51 HaF LeBRPENSIRCO Tae hadrion
i ntroduced ot thehdier 1oy PcBh rbicte it ildaWe VR | efib@dihén 689WEhan resHrdident
having mor eléjOEtrr?all}l/ sbe Fécgép'éebdslrjgg'\sagpgsgggpgag i‘]c'ljige panning to either
15 one of the first or second decomposed signals instead or in
addition to decorrelation.

The renderer 120 may be adapted for rendering the first and
second rendered signals each having as many components as
20 channels in the spatial output multi-channel audio signal
and the processor 130 may be adapted for combining the
components of the first and second rendered signals to
obtain the spatial output multi-channel audio signal. 1In
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 obtain 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. 1la. However, Fig. 1b shows an embodiment
35 having more details. Fig. 1lb shows a decomposer 110
receiving the input audio signal and optionally the input
parameter. As can be seen from Fig. 1lb,- the decomposer is

adapted for providing a first decomposed signal and a



receiving the input audio signal and optionally the input paraneter. As can
be seen fromFig. Ib, the deconposer is adapted for providing a first
deconpos O YAHI%6and asecond deconposed signal to a r eREEERR00IPOSE2hi ch i s
i ndi cated by the dashed lines. In thel2enbodi ment shown in Fig. Ib, it is
assuned that the first deconposed signal corresponds to a point-like audio
source as the first semantic property and that the renderer 120 is adapted
for applyi ngeaondi t ddeomposedg asghhe ftostar engeaépgrchazact eghsehc 19 the
first deconPo ed ﬁi gngl. tIn eérb di rreﬂts t he i:@% and sEcond deconposed
signal's are dXtHahG8abYe the ashedt héPedn ¢ sCIRBAIEEE- Thg' Pray
be applied Fbgt hdksecbnd idecaspased sihgital thén fiiesteniedompotedeps odeall | n
Fig. Ib, th 1 shows, .in _t Si l. pa f.the_fi deconmposed
si gnal , tm‘%%ﬁ?%%{;ﬁ&gnp 7 irge\r,@of?rli alg3(612%$%ﬁhqoc%g§%gead§8t e%ﬁ%orﬁré@
anpl i fyidng $omarbbteproperhy findstthidcdrippseendeyaal 180f fisr estdptedrhior
di fferent 1igatio - _ ‘oRy, LR e ] merds e !

aﬁ@%ﬂ 14144 mevﬁfr‘w&éhtiéﬁgrlmﬁg Y, &l ”Qﬁ Qe'ey nri‘%slrsbtp ded L84 118

fromthe i parameter, in other i ments, e determine

pu : ¢
fromthe inpRRraGbPeistyfal ,t9t R befpréset @pcpmPpagdbe $bemply In
gener ated, @AssHbhynalsSaHel EhkisRy 4042 ds@ind NBtompaB Ut PugSa0k t4ee t WO
scal abl e an¥)l ifiers 1%1 and 122, are provi ded %0 t he processor 130, for
whi ch det ai T3 UFTPS BRI Bt ovi*Fed bBI SiPeAs YEROBLEMERER IFufleRany Heg
deconpdder Mdy lpe capdesed secbhd deconposiedosipgisald tsdgrfzd .r enderer 120,
which carries out a different rendering in the processing path of the
second deconposed signal. In other enbodinents, the first deconposed signal
may be procE3sédei re presendepigdet i bed fjar-h ab, wdille orenderead B30t he
second decogmpesed shonrdle shindi rshtRNG rsaqandr desempesehpeisgal s Han be
exchanged in enbodjnents . -~ . _

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

audio signal, it may be preset or it may be locally

20 generated, possibly 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. 1lb, 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. 1lb, in the processing
35 path of the second decomposed signal, there 1is 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



In the enbodi nent depicted in Fig. Ib, in the processing path of the second
deconposed signal, there is a decorrelator 123 followed by a rotator or

par amet r iWO0WYMED6Gr up-m x nodul e 124 as second render PRAEPRPOABISRT | st i c.
The decorrel ator 123 can be adapted fid decorrel ating thesecond deconposed
signal X k] and for providing a decorrelated version Qk] of the second
deconposed signal to the paranetric stereo or up-m x nodule 124. In Fig.

I'b, the nongesbgaal ddddmpssd@d isRigpathhe ggeprrahat oreshi t pridyiliddias yel |
as the up-m,x nodule 124. The, dec | ator unit 123 na reatethe

decorrel at edSGRFEPOAT k]Veo‘?SJt% t °&i g8 | SHS9PAg TR r shgRALy
characteri stocﬁhan@atrtame&afm: Imé@rm eapr@gyx mbeulp- M4 nudulielg’hmlkﬂﬁy

the out put - ERANRETS TRotamalhlor i ToFnER BBt R a " G Rl e
accordirig tb23i els tﬂn@lbala@rretMSu@:mlw modubad blDei ng‘heormtcammsel@torl me-
and frequen ari-ant ti e al k

G5V aniay mé(feg &% | fRL geco(}q] 1%%%&%&%%@ %ﬁ lof the

adaptively, or transmt as side Information ong w nput S|gnal
X[ k] in thel®Bytn 8igead, hepippLbhe |sgmer Wcm&)@ra{ﬁﬁqmm an

parameters ang |&mé | Qorrg | Hem Crarng)y .Comhel atibop) xPansABY &r 512Zhemd§19na|
X k] is the recejved m)no signal, the SI nal f% E is the de-correl ate
[

signal, bei AT QUHRESr ABI APedderd ot HrPaRed | hej GRAt Bk Paramet s put
si gnal 4 0ar eankénstyad hieys i¥H kih@ndu¥puk] cha‘lfh%xifcqt[k]el ahar Y43 . mayphebeup-

i npl enent e ter (HR,= Inf nite | 5 Response) , an
arbitrary g?@fr?{;?g%g H’\Eg Flgn npula§§O éimlgnse or a special FIR
filter using a single tap for si rrply del ayi ng the signal. The paraneters
IL.n 1one enbodi nent s,

Cl, cr , a and b can be i fferent way
they are sinply determ r{gﬁi Flnpg ﬁﬁ?‘éﬁéﬁer §m(%ﬁ|ﬁ§h &l [be provided al ong
Y,[k] cos(-a + f§) sm(—a+ B) | Olk]

15 with the parameters ¢, ¢ a and B Dbeing constants, or

re
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. ILD (ILD = Inter channel Level Difference)
20 parameters and ICC (ICC = 1Inter Channel Correlation)
parameters. The signal X[k] is the received mono signal,
the signal Qfk] 1is the de-correlated signal, being a
decorrelated version of the input signal X[k]. The output

signals are denoted by Y][k] and L[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.

3Q

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



with the input audio signal, for exanple, with the down-m x data as a side
information. In other enbodi nents, they naybe generated locally or derived
from prop¥Ot201a67t he i nput audi o signal. In the enbodPREMAP2HEOMS28 N Fi g.

I b, the renderer 120 is adapted for pHoviding the second rendered signal in
terms of the two output signals Yx[K] and F2[ A:] of the up-m x nodule 124
to the processor 130. According to the processing path of the first

deconposed 15¢ gnr@dne ddteed Wa iyt ude- Paenefed erfddis pRbogelie ifds Sbf  the
deconposed signal, ayailable . fromthe outputs of the two scal able

amplifiers ¥ u%nﬂ“?é? 8r88tso provided to the processor 130. In other
enbodi nents, the scalable anplifiers 121 and 122 nay be present in the

processor 130, ere.only the first deconposed ,signal and anni factor
may be pr ovf%e&w%y ?rﬁ%ocrl%ﬂ%l%?erslhfﬁ'& At ?gﬁ’be ’eeﬁ?’len ﬁ@&ef‘f‘f tl% 1S
processor 13dapaedbéoadaptead digrg ptbeessicogdorrguhdien ngighelf iinstteemsler ed

si gnal and %Petﬁgceeag 5ﬁeg§52gi§hg{ﬁ§' ’Y[}é]; 4 Syﬁgg%g fg%t %—WM ‘93?%%?

conbi ning the outputs in 0 provil a sté VI'Hng a
channel L ah#!at?i ghe BhAAREFOR é8Presponding to the spatial output

mul ti-channel audio signal of Fig. la. In the enbodinment in Fig. Ib, in
bot h signaJirgbfglhs, the left and ri,ght channels for a ,stereo signal are

det er mi ned.2¢ AatR ofE hBIPFPSE 18 drdbR el sitdital f1ambI i 4RARIRRSRTE ng
i s cariited oigndy, t hend wawecababll @ taripl-iparneresl 12érandnk220ft henhef of erst he

two conpone result in ¢t i nphas diq signal s, which are_scal ed
differentl y&é%?%gg%?res& Bae t Vaéhf?ﬁg?eg iogﬁ @eaoﬁ)l&ipﬁjtqﬁ i‘%ﬁ g?i‘ i 0t%Qur ce
as a semant$caprloper eppdr frienderl 2y ehdr dctZrasei @lsion phevided to the
si gnal - progessiags pat h 0fg t he ;secopdndeconpasedinbdpal . thge outauls sigoal s
Y1[ Jc] andq$§[i§ %re proé%ded to the : * ’ © B
amplifiers 121 and 122 may be present in the processor 130,
15 where only the first decomposed signal and a panning factor

may be provided by the renderer 120.

As can be seen in Fig. 1lb, the processor 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 L and a right channel R corresponding
to the spatial output multi-channel audio signal of Fig.
la.

25
In the embodiment in Fig. 1lb, 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 point-like audio source

as a semantic property or rendering characteristic.

35 In the signal-processing path of the second decomposed
signal, the output signals X[k] and Y,[k] are provided to the
processor 130 corresponding to left and right channels as

determined by the up-mix module 124. The parameters ¢, c,,



processor 130 corresponding to left and right channels as determ ned by the
up-m x nodul e 124. The paraneters Cl, cr ,a and b determ ne the spati al

wi deness ¥P 2WHA1E¥7r espondi ng audi o source. In other woPHI/EPRME ORI LEmet er s
c, , cr, aandb can be chosen in aay or range such that for the L and
R channel s any correl ati on between a nmaxi mum correl ation and a m ni num
correlation can be obtained in the second signal -processing path as second
renderi ng charazh@ri sfi c. débeenvae, tthes nmpdnia%urwédenabsind@ﬁendﬂﬂily

for differe fr ency. ban ther h La rs _Cl, qr
and b can 6&(%%{?3&5&%%_ngfgrs?g%g% suc éﬁkﬁé ﬁoP ggh éﬁﬂﬁ e%ﬁe
i n-phase, mbdeld ng ca podntﬂl che kediahasRly cen a3 weymari capgepenon tHes

parameters €y th&r1, aRdaRd dh e 1 St dP ec&PP FQtiSnabg@%egﬁ raﬂ%&fﬂﬂﬁ]

that the L and R channels in the second signal processing path are
decorr ePat €PT IR Ty andpat | BEDYMEEt R B Tiut ednalf oosbaisedasin

semant i CFprt.Qﬂaerts}élccﬁ%cﬂ tmgireél r@c@ﬁgkﬁgouf}?tﬁr saat Isaldoys g Ci%rno%%ql
source. Fi illustrates ano odi nen iC re genera
2 shows a %@ﬁﬁﬂQQ?%k%%HbDS|M(ﬁ?Qﬂ%ﬁk 2ﬁ§1%m|@ﬁﬂun?%sp&ﬁféﬁ%ﬂth@u
deconposer ikEpeftuermutput fof t@Efﬁeﬂantlcfdequﬁpoyltbandzlo E& tm&heﬁnn
of a render.j t 2 coJrespon t r end Sr

|dIs) 0% 280, ML Eh Caresponds Lad! g, aNIaler A20en 0% 2 1o

renderlng stage 22 T sPCofposed®of 1A Nufbér r&nd
22n, i1, ey s@tran@h@edé@@ﬂp@atﬁ obhet genZl R |@@@@@ledater wemrapml ng a

nDnO/Stere%@dﬁ%ﬂnéﬂéﬂﬁﬂlﬂﬁufhﬁbd§§@ﬂ@°§8gréé95§|§emgﬁ¥hEgp@o
properties. The deconposition can be carried out based on dec npo |t|on

controlling paraneters, which can be provided along with the nono/ stereo
i nput si gnalthe & qamesaixs bq gemerai ednboaqal ﬂnayoalb@ b@p@ho@énamsgr waSf C.

In other MQLQS ng QSﬁ: 1%8e0%9 E%d?q?p

annels in the second
15 signal processing path are decorrelated, modeling 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 22l to 22n, i.e. the semantic deComposition stage
210 is adapted for decomposing a mono/stereo input signal
into n decomposed signals, having n semantic properties.
The decomposition can be carried out based on decomposition

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

locally or be input by a user, etc.

In other words, the decomposer 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.



deconposing the input audio signal semantically based on the optional input
paraneter and/or for determning the input paranmeter fromthe input audio
si gnal . Th¥OgG0t0I7963f t he decorrel ati on or rendering st afeTEPAOHOIAEN

provi ded to an up-m x bl ock 230, whick® deternmines a nulti-channel output on
the basis of the decorrelated or rendered signals and optionally based on
up-m x control |l ed paraneters. Generally, enbodi nents may separate the sound
mat eri al i ritee nodipher eft Saradd cor cohpbient sranteriboninegl ategeacl20 is

component s ately.w th ched dec el at whi,ch .ar | .| abel ed D1
to Dnin Fﬂ%&gé bgPﬁlg%heﬁﬁﬂor s?%ig %hg%%?%gn?éofhéﬂyﬁﬁgegﬁgs%gln%% 8
char act er i Stuksi celmamee hnpotedtt on hehsermagis pfopdrd i dscotrehatedcarposed

signal s. Eaféh@ér_é&'esﬁsﬁgigeg%otr@@tqronraqwr%%&aanbs agant editd-dinkq
semantic properties of "the accordingly-deconposed si gngl conponent .

Subsequént IRRT3PREYFDcessed conponents can be nixed to obtain the output
mul ti-channel signal. The different conponents could, for exanple,

d foreground and background nodeling objects. In other, rds, the
Conter o R o o RS SRy neRge EAEe! EhEs Supeh ARt i ot and

the first decodiéfatedtsi gpabntdcobt@mpanesitey ecawd ndktbrekaamnel wavix
signal as t i r i a i.ni t he cond
deconposed é;oﬁn n%#é%%féﬁ%{%g%ﬁ%gﬂg%%o$?é$é?é§ﬁs?gglrr}teggéct?{}éi ?f%alcs ér'eo

up- m x18i grelisas kakelsstomd repdeb’edisi gRab. Mbr eoVer ,other r eymeder 120 can

be adapted dgfod HRASES Nghd hﬁexﬁ&é§in§ie§H§PQéggr§ggﬂéls a0 Rt to

background audi o characteristic and/or for renderi n% the second deconposed
si gnal accorf mFEP & ¢ REePOthEeauaf ot RRafEEPBPPSERC SeAPGRILSe vérRrsh I nce,

for exanpl eshapplattserdidioisd grad S A 15eercat8 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 cbmponents 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 claps and a noise-like
ambience originating from very dense far-off «claps, a
suitable decomposition of such signals may be obtained by

distinguishing between isolated foreground clapping events



conposed of single, distinct nearby claps and a noi se-|ike anbi ence
originating fromvery dense far-off claps, a suitable deconposition of such
si gnal s MY 260/EB0AiI ned by di stingui shing between i sol aPEd/EPEIEYPIIIHd

cl appi ng eventsas one conponent and ndi se- | i ke background as the ot her
conponent. I n other words, in one enbodi nent, n=2. In such an enbodi nent,
for exanple, the renderer 120 may be adapted for rendering the first

deconposed gégrale byom héﬁad%mnﬂb@geofmc@e }f)ééﬁérgﬁﬁ@%eéh%' Haher | N
ot her words, the correlation or rendering of oreground cl ap. conmponent

may, in embSURBAERT - bENa BﬁpgﬁeNQQ?qmuB? %%%I?W9891B R ng=of ddtrs%hgl e

event to itsnestboaivendfi gopakxhhpaki omhel meﬁmqwmrztos madhed ergsesd 120
may be adap%ed forcgenderlq:I th&ﬁflrst and/ or cond deco ggosed ' rﬁg% for

exanpl e, by @t | -5 ef &S rg?C8Pp888 nd>488Bhpoded &
obt ai n the pamsin@roﬁetbadfdesbrdebampdssdgﬂabnaun dirherthsor dgyrdsy, the

embod: ent sco t ey DRCkAT BUNG Gl b GRT eleR! £ 00, LeNdLad DAl disge of

nmut ual |y independent “al | - pass ment's
quasi - st at | Bhar ylpaeRgpeimanvay be gﬁ%@é%@%UlﬁyIlh@yawm@iﬂiqdatnﬁ@nlmme

tenporal snparésnsheffgsis efchberst ats @Ettlmt@at o#aearAl atdQit i hods can
be avoided this way. As anplitude panning may be applied to the events of

t he foreground object, the original foreground appl ause density can

appr oxiugat ety b@mlb@dilﬁéﬂfisas epposednterklte LAt e mafy t e ardd=Htaest efpBs,
for exanple resente ara raph Br eebga S . van de Par,

Kohl r ausch, ?%%%ljers ¥ gh Jﬁﬁysiﬁ?g 4§%9Q§%ﬂ$gls#ﬁﬂﬁg’d%ﬁﬁg at
LOM/Bitrateskamml@ES bYGth&ﬁn&ﬁﬁloﬁ;lBerhng, Prepri H1 r6072 orivays &88d and

Jrerre, in Br 48haabheagh - et EMEEE SUWEOUKLsodde
| SO’ MPEG St andard (lj E%llgé?aelnt and a © EE Swgound cord
ecorrelated signal.

15
In other words, in embodiments, the background can be
decorrelated or rendered by the wuse of m mutually
independent all-pass filters D?; n. 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, S. van de Par, A. Kohlrausch, E. Schuijers,
“High-Quality Parametric Spatial Audio Coding at Low
Bitrates” in AES 116%™ Convention, Berlin, Preprint 6072,
May 2004 and J. Herre, K. Kjorling, J. Breebaart, et. al.,
30 “MPEG Surround - the ISO/MPEG Standard for Efficient and
Compatible Multi-Channel Audio Coding” 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



Conmpati ble Mul ti-Channel Audi o Coding"” in Proceedings of the 122nd AES
Convention, Vienna, Austria, Mav 2001. In other words, in enbodi nents, the
deconposeWOR2QW/ A% be adapted for deconposing the i nput P&EEPE03/007$2$
semantically based on the input parandter, wherein the input parameter nmay
be provided along with the input audio signal as, for exanple, a side
information. In such an enbodi nent, thedeconposer 110 can be adapted for

det er mi ni n@giddweng oHkt paloarreéler Heo ogutpeetinmr adetersiigialg theotiigiut
enbodi nents,_ the deco ser %ﬁcan.be dapted,for determni t he [i.nput
Aot heth

par amet er &L HEEHRT ol i nd8 8 den?Uf+8m t FS T Hput i 0% ,
whi ch may Embpeherexites), | othkl ydemce&;msemr ) akam bee npadap}zed usrr In

enbodi nment rer. 12 b f obt

di stributi Zdn tt)%%nlr}?frgttherleggﬁlgd ‘éa@gﬁEEgg t%é sée)cgdnall rendeij% sm%&_‘nea
appl yi ng albldﬁdﬁaiﬂﬁfamﬁliqﬂudéh@anmnngt | audihersonas, aelcbeli ngaitobtehe
descri ptionydfe M tkq | R @PPVE, bpstead gf HQQeé%any &Q?bﬁt b' Lée,

t he panning | ocation of the source can be téenporal ied i'n or er to
generate an audi o source having a certain spatial distribution. In

enbodi ment sin t handendesets 120t kan benadagtedipor aaal ybeg Glpted for

I | d | d th I

f 2ot or 3 T o e MM | BudePBat g F B TLPBF LERanaF o, Whe SEATabEEARATTi er s
121 anthlZZsmgnaE: g. o:tb tber espamhdtor&ricrmaddy sgegmaaiht edynoagplydhnge, 4 . e.
are time-vapyl dgzﬁ)awh afinf 2ELALD AR hry g*ea@k%fdmyagso%%gw dor

bei ng operate ngul ded o or exanpl e
scenari o, rté\‘%r@@ﬁ?@rﬂét%ﬁ@ ods Hald | |Hésabp§ﬁ,e>@l$me@d o¥i gengratihg a

decorrel at i fpan & assepeki Shed RaaPRlyi chﬁﬁ%ﬂaro‘% t@ehnebag¥e can
decorrelation filters controlled on a coarse tine grid to, for exanple, the

backgroundQﬁ temr R el bayﬁrled in order to generate an audio source
15 having a certain spatial distribution. In embodiments, the

renderer 120 can be adapted for applying the 1locally-
generated low-pass noise for amplitude panning, i.e. the
scaling factors for the amplitude panning for, for example,
the scalable amplifiers 121 and 122 in Fig. 1lb 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 decorrelation filters controlled on a coarse
time grid to, for example, the background or ambience part
only and obtain the correlation by redistribution of 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
decorrelators for different decomposed signals on different
35 time grids, e.g. based on different time scales, which may
be in terms of different sample rates or different delay
for the respective decorrelators. In one embodiment,

carrying out foreground and background separation, the



only and obtain the correlation by redistribution of each single event in,
for exanple, the foreground part via tinme variant spatial positioning using
br oadbandVarplWalg¥é panni ng on a nmuch finer tine grid. PRTHPREY/ONXSRESs, in
enbodi ments, the renderer 120 can be ®dapted for operating decorrelators
for different deconposed signals on different tinme grids, e.g. based on
different tinme scales, which may be in terns of different sanple rates or
di fferent (i@r];%y;ffdﬂnd hgaarxetspgﬁé{veudegoamplatoﬁs. baﬁﬁ?ﬁgenbaﬁieg%nt the
carrying out faregyound an ackground separatiqn, thefareground part my
Use anpl i ¢ OB it g, ST E R artl | CLABYE cRANSEd oS mIg o | RS | e
grid than operasttiom fforr & dbsorsred baoor wibhr eeppettt bot hbebbelkdugoonchdoart .
Furthernore, it is enphasized that for the decorrelation of, for exanple,
appl ause-1i'’ke signals, i.e. signals with quasi-stationary random quality,
the exaet spatial position of each single foreground clap may not be as
nmuch of cruygiahdimard,ance, @ EapbREsikRe raroverproftideqereradkelation
distribution of the multitude of_ clapping events. Enbodi nents nay take
advant age &t hfQT f §¥EMRAG PRI el ke af1GR§dSded 1fodeS1PR2L8c Wit hode,
t he af or enmepiadsaned adrdtider padeth ngui BEt 9f €R8| @xhetcepheabliegolky tlidu pass
noi se. Fig.f3 i1l stratef aﬁgnno-to-s%engg system i Iegenting tqﬁh
scenario. Pig. $3°8hows 3l §enkdt F 3 ABRIniosik i 81l 8% 388 7 r &8F3hdiotg to
t he detdnpasercikl0 frpodegnoppsiasg tdiEhemnbhe npecoviegyalofl ntbea ofverregrlound
and backgr pased s gn par be,seenfr i g. he
backgroundqgg%gﬁghse parf%gf ?hg si%%%f§Fga€en.é?edqﬁfggﬁkﬁLasg STt 20.
The decor r &mposd msngrialma s talem pivanttrdet ofethés GREh ahd Baverderade

background j¢econPeeRMiRRId h8dkhe 1P- BLixh33D, meak! esindh i refiehit oned
processor 130.. The foreqpound

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 a foreground and

background decomposed signal part.

20
As can be seen from Fig. 3, the background decomposed part
of the signal is rendered by all-pass D' 320. The
decorrelated signal is then provided together with the un-
rendered Dbackground decomposed part to the up-mix 330,
25 corresponding to the processor 130. The  foreground

decomposed signal part is provided to an amplitude panning
D* stage 340, which corresponds to the 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 340 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 factor 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



deconposed signal part is provided to an anplitude panning D2 stage 340,
whi ch corresponds to the renderer 120. Locally-generated | ow pass noi se 350
is al so pVEOVPHEN7%66 t he anplitude panni ng stage 340, whPER/EPAWIOKBAS pr ovi de
t he foreground-deconposed signal in a¥ anplitude-panned configuration to
the up-m x 330. The anplitude panning D2 stage 340 nay determ ne its output
by providing a scaling factor k for an anplitude sel ection between two of a

stereo set é)xfr@hldrh@ycﬁén@%ll& rdisr ssan t anf:BﬁEtQﬂek aﬁMeaesa@s@qson i he,

| owpass noi se. be_seen from,Fig y one rrow between
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represent atpnredde -Amnmredth sibgnalseen . €rolmn Ehage 08, stEtieo wgi)-mx 333(11 eady

the left anéjo];{ee é#}rgﬁ'%?%hwelthégp(\r%% sreelbfor OE(‘%FI 91'1e§' aé%ﬁt up- m X 330

correspondi ng cessor e adapted To process CBrbi Pe
t he backgr aurrcess $oregmpime ’deeoh‘pgt&edosmgnahsi tfo régrioverct Ive singrasped

output.  Q heygueaodi gret 5 HBY cHesparbueoigessing in order to derive

backgr ound and foreground deconposed signals or input paraneters for
deconposition. The deconposer 110 nay be adapted for determning the first

deconposed Gilgal capddamentes srepndigiecaapesed sigrads baged mnoadkrans ent
separati on thod. .1 n other rds t he deco se 110 can be adapted for
det er ni ni ngdm}ﬁ]evefl PR C R L f%cdﬁfﬁﬁfﬁ% Gh & At i
net hodland irputotperadetenposed siegralpdwaiseicbron THike detbmpeeee hatonegay t he
first detergg ne d .and th Lnp di In 0t h
enbodi nent SBE gja%%%wp%%?seéégg%%ggg osg m%%%?y CPe%O 0%% erm nle%qagj:’ised
on the t ran%ﬂ%r separ &qamdredhcanpad ethes io1hak bé@@dpmdamtgiwmsmmyt be

based on tf&JdaJJef&mCﬁeeﬁaﬁee&nt hecid F ShoelisSeaond decamposed shgnaapnd
the input %y 2 gﬁ ed 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 audio 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 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/or the processor 130 can be adapted for
processing the first and/or second rendered signals in

terms of different frequencv bands.

Embodiments may wuse 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., Vol. 55,



The deconposer 110 and/or the renderer 120 and/or the processor 130 may
conprise a DirAC nonosynth stage and/or a DirAC synthesis stage and/or a
Di r AC nerYPrR810KZ%é. | n enbodi ments the deconposer 110 E&H/EFR003@4$2Rd f or
deconposi ng the input audio signal, tHe renderer 120 can be adapted for
rendering the first and/or second deconposed signals, and/or the processor
130 can be adapted for processing the first and/or second rendered signals
in ternms ofNdifBer @007, r eauensaychgndandExbagionsiits may bse gtivenf Ay ovheg
appr oxi mat i r_appl -1 Lke si,gnals. Wil e the f.oreground conponents
can be obta?%%%8%§ft$5§§$ghtbﬁgfeétggﬁlngs SR e %%%,acﬁgqﬁéhﬁ i
Ville;, "Span¢ihoSouwm Répradducti obawkghrobindectimpaneaAndi 8’ Codi ngf, i nfdr.

Audi o Eng. ﬁp Yol . %ﬁi 18 5;Q@Fk tfyiiﬁ%qu uRd E8”pﬂﬁﬁf% ¥ bgpgiven
by the resi Léﬁps!@na : E&E{.i§;eplcf§.an Qxanp%g'ahere a sui ggﬁe net%od
to obtain aS¥ERRGEeuAECeBRpehbAeNX310(An §HJ-for dxaplan embepimtenisefike
signal x(n)the IdRIMPIYert ha29emapt HC deCRAR t hON: BA-4RsELEte3 snpuf. an
enbodi nent of thﬁ deconposer 120. Fig. 4 shows a time-discrete input signal
w(n), whi o1& T hptit ™ o FIDHEF 41D (BPFEE= 5 str OEF FoAf i 6PET ansioi#§ete The
out put of theubHr blTadaskdyni)s. praei dedtpata dff ockel oODFBMMAdiNg4tbe is
spectrun14%§ nd spectra ﬁhitenin bl ock .430 for, spec I i.tening
on the basi r%fl?%(g %%t%u]? 3 l(t 8rDI§rFOE%81§|9d%thhee S(?l?tcﬁﬁLPmofi%(ﬂea% ot H
spect r UM st secdBdl Théteutpgt bdboctkhel Fpeter abpebtrehi whiseade i3t i she hen
provi ded t 0,4 SPEGE! A PR KLRT HAWEH 1 oM SEPARALERL! i St rum
and provides two outputs, 1.e. a noise and transient residual signal and a
tonal signafmModHe FReSer@ndsStraAsféAt residual signal is provided to an LPC
filter 450 (LPC = Linear Prediction Coding) of which the residual noise
signal is p’fl'?é“ %%%ptu% tQ? nt]_}%(é n%psétc%%%llmvghitening stage 430 1is then
15 provided to a spectral peak-picking stage 440, which
separates the spectrum and provides two outputs, i.e. a
noise and transient residual signal and 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 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 smoothed spectrum
25 provided by the smoothed spectrum stage 420. The output of
the spectral shaping stage 470 is then 'provided. to the
synthesis filter 480, i.e. an 1inverse discrete Fourier
transform in order to obtain X' (n) representing the
background component. The foreground component can then be
30 derived as the difference between the input signal and the

output signal, i.e. as x(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 sources with a
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



together with the tonal signal as output of the spectral peak-picking stage
440. The output of the m xing stage 460 is then provided to a spectral
shapi ng sWage1Mia®oe7whi ch shapes the spectrum on the basPE€TGP28082H0t hed
spectrum provi ded by the snoot hed spetrum stage 420. The output of the
spectral shaping stage 470 is then provided to the synthesis filter 480,
i.e. an inverse discrete Fourier transformin order to obtain x ' (n)

representi ng +ihe drackegr et nGaHPosedie F8E BQrQQTOé'ﬁSlQQHPQQG'&tucﬁ%dé”'en be
derived asﬁ[;he di fference between t he i nput signal J‘r%ﬁf? out put _si gnal

i.e. as x(MYBECIMY, EfBEH nepeRd ot SR r@E%ntsRarF/’earﬂt méy bR dfdis
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applicatio ggund sour.ces w.th a Iarge patiﬁk ext ent

iSO
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sour cesSm gindream; ex@aplitderhe aAsdashore, Mebihaif) ockiragatd opiStg ashidy,ses,
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such sound events are Spatl al |zed as a group (0} € sources,
whi ch | eadd'avs CBﬁﬁéﬁatﬁﬁﬁde%/l%oRﬁpéfédlu@ml@@ent%1’@| dd$"™" cfintpagadrional

Andr eas; ValpdeionAnt€as, Belchei rzofiank; Strau b, Mchael; "Generation
of nghly | mrer si ve Atnnspheres for Wave Field Synt hesi s Reproductlon at

116t h International EAS Convention, Berlin, 2004. Enbodi nents may carry out
a met hod, VBrikedd ipesrioy nmatyhecsyﬂyhe@ms of mbehemtemhoéhsmmdfcsﬁw ca&he

plausibly R t_ the sa havi ructural .and
conput at i on§}lri che%rrp exqty {;”E ngfe%ntoéfngsny Iboo %%‘Zé %nptlf?ité?ﬁi PRE =3t
[]rectlonaWhﬁuﬁ&medlmg) heﬁanuBk@owaﬁI$EquEME@lahnSoanmpﬁepmmmnaﬂon

with Directd A@O Eﬂl‘ﬂ)‘o e'n'ls] ma?u%é) @%ﬂsedso%n girAéS’(lﬂth@ =
2007. I n other words, in enbo ment s he decorrposer and/ or the

renderer 1Xjprectional Audio Co ing), cf. Pulkki, Ville; “Spatial

15 Sound Reproduction with Directional Audio Coding” in J.

Audio Eng. Soc., Vol. 55, No. 6, 2007. In other words, in

embodiments, the decomposer 110 and/or the renderer 120

and/or the processor 130 may be adapted for processing

DirAC signals. In other words, 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 applied 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 reproduced 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 headphones, for

35 example.

Fig. 5 illustrates a synthesis of sound sources having a

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



and/ or the processor 130 nmay be adapted for processing DirAC signals. In
ot her words, the deconposer 110 may conprise Dir AC nonosynth stages, the
render er WOROHWI7WAnpri se a Dir AC synt hesi s stage and/ oPCTAR200683Eor may
conprise a DirAC nerging stage. Enbod¥3nents may be based on DirAC
processing, for exanple, using only two synthesis structures, for exanple,
one for foreground sound sources and one for background sound sources. The

foreground e gaYy, benappl ieddtea §1 ABhe-BikAC Ju R M ELqEREt kel |£d
directional data, resulfing in the perception of nearby point-|iKke sources.
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near by bi r%ﬁd%és&'&s%aﬁ{y'}?@f nyeyogﬁeaggﬁauam aﬂg:dr@%n%\éd'a%'&c‘%h%”d

t he ot her generates a backdground sound, nt 1 nuods _
other generates  a background sound, the continuous bird

15 flock sound, etc.

The foreground sound is converted into a mono-DirAC stream
with DirAC-monosynth block 610 in a way that the azimuth
data 1is 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 610 is
assumed to be temporarily non-overlapping sounds, such as
distinct bird calls or hand claps, which generate the
25 perception of nearby sound sources, such as birds or
clapping persons. The spatial extent of the foreground
sound events is controlled by adjusting the 6 and
Orange_foregrounds ~Which means that individual sound events will
be perceived in ©16range 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 1limited +to the range

016 range_foreground-

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

include lots of temporarily overlapping sound events, for



fl ock sound, etc. The foreground sound i s converted into a nono-DirAC
streamw th Dir AC-nonosynth block 610 in a way that the azinuth data is
kept consWar0104i1f%%7f r equency, however, changed randomnl y PETEPZEA0IBREed b vy
an external process in time. The diff34seness paraneter y is set to 0, i.e.
representing a point-like source. The audio input to the block 610 is
assuned to b e tenporarily non-overl appi ng sounds, such as distinct bird
calls or reamln;mlapsunwhiedb gsmebatrelstherpar@métonn@mbe&eadsby f3Hay

b h t t f th
Foreor ound g enta; arCeRB B uaThER  RTS MR aRat  Fpnsdeie
f or egr o nd,botkhiich meensandaf reqdéencduakisbiundgévent sonskirabetparzdaiwdd i n
qqrange_f oregroundy g recti ons, ho‘”ﬁ}’{ é‘tfédi‘géQtS%{@“Ef”%Xe b%cﬁ’cgfg%%?‘éed

poi nt- 11 ke. N ot her WA FBrHt ROUnd sources are generat
t he pos8i bls@Yisk t iceis dhust héepoisyntiesilzed t edtho tlee r gegeutational

fciifc ran%nfﬂré&rt%&mdﬂ@e RACK H ks bhxo%ﬁZQléék%% acSnt PRV egUditG

stream a signal, which contains all other sound events not present in the
foreground%%xﬁ%ﬁs??gﬁﬁ W& hPEE Fnﬂ&ﬁﬁﬁ?%cﬁ??&@uéépﬂdt§h?fs?éﬁﬁoﬁﬂlIy
overlappln@kxnmdreﬁembﬁs'ﬂwﬁwﬁmpbamnb@ra@éwﬁwﬁéﬁd$h@’éb@ﬁ@a%omﬂﬁﬁr 0

f far-away ¢l a tached a % re t hen set random poth
intim an39ﬁﬁiﬂﬁacy,ﬁﬁnﬁﬁl%%ﬂﬁ%n%8guiiya nﬁﬂ?%&ﬂ?@ssurroun
qqrangéObad@ﬁﬁuﬂﬁneﬂmemapabemkﬂpﬂehbwobrtmadﬁmkgooamﬁaﬂnWMSzeau timus be

synt hesi ze onput ati onal conplexity. The diffuseness y may al so
be contrcﬂf$@¥&4aﬁéﬁﬁézas added, the Dir AC decoder would apply the sound to

all directions, which can be used when t he sound source surrounds the

li stener t ah@ldapmddtd t cdpeSuE@t sHEsonnd,  frEAUSERESSaARY pR oG ikiePt thew or
close to zerp, or zero in enbodi nents
advantage that superior perceptual quality of rendered
15 sounds 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 certain implementation requirements of the
20 inventive methods, the inventive methods can be implemented
in hardware or in software. The implementation can be
performed using a digital stﬁrage medium and, 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 computer system,
such that the inventive methods are performed. Generally,
the present invention is, 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 on a computer.
35



Enbodi mrents o f the present invention can provide the advantage that
superior perceptual quality of rendered sounds can be achi eved at noderate
conput at i WRAP10{EE67 Enbodi ments may enabl e a nodul ar i nBCEFARA0AO0PIHAS of
spatial sound rendering as, for exanpe, shown in Fig. 5 . Depending on
certain inplenentation requirenents o f the inventive nethods, the

i nventive nethods can be inplenented i lhardvvare or in software. The

i npl enentati on can be performed using al storage medi um and,
particularly, a flash menory, a disc, a DVD or a C D having

el ectroni calyl y-read ol ,-s{na st n, i . CO-

with the pr&gram%&bﬁge)ﬂ) %ﬁ%ﬂ%ér (sl?s(%emkgguccﬁéfﬁgﬁﬂﬁggi r?v\é\%ig_?/%ag?m?ﬁgg&gjt:re
perfornmed. Gener &L i-dhanedseatdigvepipnali age@dr &oran aginput audio
conput ers progr amsRiR@UCt Mgy & i pgr am code stored on a machi ne-readabl e
carrier, the program code being operative for performng the inventive

nmet hods when the conputer program product runs on a conputer. In other

wor ds, the inventi veet®ihpodsrar €110 herffior eecampaziticer t Reogt mpnha e &
program code for perfcirmjcng % I.enasg qne %f (tjgce Iimnventi ve r;let hogs when t he
conput er programrdi€ ona & %‘&h or 2 otaitfe 195 CAPEERar st A obf V4B @
determ ni ng a spdtirat eenputt imulgicrpdanneindudi sespgdalebasedsea an greplut

audio sjgnal, COMIJING L ARGeMARSL {d 19 obOk £ °EATRESLAG fLheri Attlon
audio stgnal to obtainm a first deconposed signhal having™a first semantic
property and a sé&dend idEdorfsaeet F gePPRELVY hg a second semantic property

being different fromthe first semantic property; a renderer (120) for
rendering the first deéo osessztsoi gnﬁl using.a fi rs% ren .eriélg J
characteristic tG obERFRTRTfi <)y ehEr SFHGHHII halengt HHRE f [degempose
signal wusing a first rendering characteristic to
15 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 the second semantic property, wherein the first
20 rendering characteristic and the second rendering

characteristic are different from each other; and

a processor (130) for processing the first rendered

signal and the second rendered signal to obtain the

25 spatial output multi-channel audio signal.

2. The apparatus (100) of. claim 1, wherein the first
rendering characteristic 1is based on the first
semantic property and the second rendering

30 characteristic 1is based on the second semantic
property.

3: The -~apparatus (100) of one of the claims 1 or 2,
wherein the renderer (120) is adapted for rendering

35 the first decomposed signal such that the first
rendering characteristic does not have a delay
introducing characteristic or such that the first

rendering characteristic has a delay introducing



semantic property and for rendering the second deconposed signal using a
second rendering characteristic to obtain a second rendered signal having
t he secorO28HWENTIE property, wherein the first renderi RETERIVAOIBRE st i c
and the second rendering characterist3c are different fromeach other; and
a processor (130) for processing the first rendered signal and the second
rendered signal to obtain the spatial output nulti-channel audio signal. 2
.hThe appar at us €n80pcekrdlsaiim haviwherei fitde délsy amodeti agd wherein
characteristic is,bas the first semantic propert n h cqQn
rendering charac?g?iSggggg§r§&§§f£§9téh9% <on %gﬁ%n ?g %r%ﬁgPﬁg.gﬁq?yThe
apparatus (100) amoung,ofthehFeadra melayraoyuntwheeena ghearendehen ¢h20)
is adapted for rgggggiaglégeamdu% deconposed signal such that the first
rendering characteristic es not have a delay introducing characteristic
or suchXhat the first rendering characteristic has a del ay

i ntroduci ngghar agheri spper88MENg(B0b ) r $r del1dimremunt o argl, Widiedidi rf hehe
second rendering ch racterliébg has a second del ay anount, the secqnd del ay
anount bei ng gr eAEBFeEREn { irsP RYW/LH Logen r&bp&?ﬁiuglff 0)
of claiml to 3 dewvbapeisedt hesirgraler eby( 12apliis vaidaptpchriorg r easler ifagsthe
first deconposed._g] . _hy i ; in irst L .
characteristic aﬁ§5g§?38§co?g§ 3%#%§l%ﬁgQgeggﬁz 8gon8%§§ §§#§%§Pgtot8§tain
a second decor r ebatetdsi gAgkcoaposesond sigm@dr i n§ocharatedni st ic. §ecolde

apparatus (100) gt gpechtlle claisqgnhito 4 gowherekpcbRg rendeegberisl) s
adapted for rendering

characteristic.
5. The apparatus (100) of one of the claims 1 to 4,
15 wherein the renderer (120) 1is adapted for rendering

the first and second rendered signals each having as
many components as channels in the spatial output
multi-channel audio signal and the processor (130) is
adapted for combining the components of the first and
20 second rendered signals to obtain the spatial output

multi-channel audio signal.

6. The apparatus (100) of one of the claims 1 to 4,
wherein the renderer (120) 1is adapted for rendering

25 the first and second rendered signals each having less
components than the spatial output multi-channel audio

signal and wherein the processor (130) is adapted for
up-mixing the components of the first and second

rendered signals to obtain the spatial output multi-

30 channel audio signal.

7. The apparatus (100) of one of the claims 1 to 6,
wherein the renderer (120) 1is adapted for rendering
the first decomposed signal according to a foreground

35 audio characteristic as first rendering characteristic
and for rendering the second decomposed signal
according to a background audio characteristic as

second rendering characteristic.



the first and second rendered signals each having as nmany conponents as
channels in the spatial output multi-channel audio signal and the processor
(130) is wWOaptoad796dr conbi ni ng t he conmponents of the fi PST/ERAWIHEBONI
rendered signals to obtain the spati &7 output nulti-channel audio signal. 6
The apparatus (100) of one of the clains 1 to 4 , wherein the renderer
(120) is adapted for rendering the first and second rendered signals each
havi ng | ess conponents than the spatial output nmulti-channel audio signal
and wherein the processor (130) is adapted for up-m xi ng the conponents of
the first and second rendered signals to obtain the spatial output
mul ti channelB.audiThesi gpparatus Tth@ppaﬁat vae( 1@6) tdfe ord adimst he ctai 5 1

to 6 . wherein thg rengerels (120dsadapbed for canderingeshe Ll ing

deconposed si gnal accordln to a oregr Fact eristic as
renderiny char actéei §18|C@n&hdief®‘ml-‘r@ﬂér$h@laheb}ée@bhdpdééoﬁ‘péé’r@dlﬂ%ﬁéﬂe

according to a bagkgneunds ayhp CBéra%%%%h%t'%HE;S§§88§dre@@%6ﬂ£élated
characteristic.8 . The apparatus (100) of one of the clains 4 to ,

wherei n the rendét8Radt20) is adapted for rendering the second deconposed
signal by all-pass fllterlng t he second signal to obtain the second
decorrelate? S|9Q3 he a 9R%f %%00 ?f chainll wh%rein t he
deconposer (110) § ggﬁﬁﬁ? Y%r ' det’eri n %l n in% ?rﬁéPaﬁgFe CESTRESHt r ol
paranetEd fromt HéhOr)puis audipa ezl vt . ddiOeriThei agpanat uput 108y avk temre acf
the clains 4 to d taining a
?f?hgafﬁé‘?néteé}def%m( )1 d&rxé‘ 204 ¢d % gnQF’L 9

spati al dlstrlbutlon rst or secon ed signa y applying a
br oadband anplitude panni ng.

10. The apparatus (100) of one of the claims 4 to 9,
wherein the renderer (120) is adapted for obtaining a
15 spatial distribution of the first or second rendered

signal by applying a broadband amplitude panning.

11. The apparatus (100) of one of the claims 1 to 10,
wherein the renderer (120) 1is adapted for rendering
20 the first decomposed signal and the second decomposed

signal based on different time grids.

12. The apparatus (100) of one of the claims 1 to 11,
wherein the decomposer (110) is adapted for

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

separation method.

13. The apparatus (100) of claim 12, wherein the
30 decomposer (110) is adapted for determining one of the
first decomposed signals or the second decomposed
signal by a transient separation method and the other
one based on the difference between the one and the
input audio signal.
35
14. The apparatus (100) of one of the claims 1 to 13,
wherein the decomposer (110) and/or the renderer (120)

and/or the processor (130) comprises a DirAC monosynth



11. The apparatus (100) of one of the clains 1 to 10, wherein the renderer
(120) is adapted for rendering the first deconposed signal and the second
deconposNO2PYHIIBased on different time grids. 12. ThE&CAFFAW0A005828 100) of
one of the clains 1 to 11, wherein th8 deconposer (110) is adapted for
determning the first deconposed signal and/or the second deconposed signa
based on a transient separation nethod. 13. The apparatus (100) of claim
12, wherein the dtegeposed/¢A11@) DirAxdaptyedHewrisdeseageniangl /are of Dilkac
first deconposed_ si.gnal r. the second deconposed signal by a transient
separation nethoggggéﬂgﬁgqg%%?r one based on the difference between the one
and the input audio signal. 14. The apparatus (100) of one of the clains 1

to 13, wherekn thgedegoipesens (1o and/orofbe grendgeercylizy andior jthe
processor (130) conprises a Dir AC nonosynt hstage and/or a Dir AC synt hesi s
stage ami/ or a DFPRESHABr gi hfSst af8COTRISHTe a#géﬁﬁtuslélooﬁdép off Ahe

clainms 1 to 14, vhebebbstihg deronpaser 4dddd ssgadapt edef eendecerpqsizng t he
i nput audi o signal, tge %egderer (120), i s ada %ed f.ar renderUn the first
and/ or second de¢8np8S8RtEFgnaPE,  AREFSF e piScedddrt(138F/1F ad&5ES f or

processing the fdesbmpodedr segord s,encderdrsi gial s pirocesrste of (1AM erient
frequency bands aqlficef meidiod honcdelary nipged enabial Adpyl mikblong

channel audi o signa on anh i nput audi o signal and an Input paraneter
conprisithg the stepsesed dedemsdsi ng it heterpat abidi 8isfgnantt o fekboaiency
first deconposedpghggal having a first semantic property and

16. A method for determining a spatial output multi-
channel audio signal based on an input audio signal

15 and an input parameter comprising the steps of:

decomposing the input audio signal to obtain a first
decomposed signal having a first semantic property and
a second decomposed signal having a second semantic
20 property being different from the first semantic

property;

rendering the first decomposed signal using a first
rendering characteristic to obtain a first rendered

25 signal having the first semantic property:;

rendering the second decomposed signal using a second
rendering characteristic to obtain a second rendered
signal having the second semantic property, wherein
30 the first rendering characteristic and the second

characteristic are different from each other; and

processing the first rendered signal and the second
rendered signal to obtain the spatial output multi-

35 channel audio signal.



a second deconposed signal having a second semantic property being
different fromthe first semantic property; rendering the first deconposed
si gnal usWAGIH/H17%63t rendering characteristic to obtai nPQTEPRYO/0PBAYer ed
signal having the first semantic prop@rty; rendering the second deconposed
signal using a second rendering characteristic to obtain a second rendered
signal having the second semantic property, wherein the first rendering
charact eri stiiic aﬂ@mpmteﬂxprmbnmﬁrhavehgsbi@ﬁﬁgraMféGMQnEotr@@ﬁﬁuﬁhmmﬁer
and processing th flr qf gﬁ and ége segong render ed S|qpal to
obtain the spatlal i C anne auﬁ?% Sngf g7em &5 uf@P

havi ng a progranp©mm§ﬁan Qerd gmaegssde. net hod of claim 16 when the
program code runs on a conputer or a processor

5



