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Generation of Decorrelated Signals Description 5 The present invention
involves an apparatus and a method of generating decorrelated signals
and in particular the ability of deriving decorrelated signals from a signal
containing transients such that reconstructing a four 1C channel audio
signal and/or a future combination of the decorrelated signal and the

transient signal FRPRSE FE&T R RRRRAGE SRS d84FHtAtDn. Many

applications in the field of audio signal processing 15 require generating a
decorrelated signal based on an audio input signal provided. As

examples thereof, the stereo u méxcof,a mono signal, the four-channel
upmix based on a mono or ste i ; eneration of artificial

reverberation or the widening of the stereo basis may be 20 named.
reHrgptmethods-and/ern systemssiifer from extgasive udegradationetthed o
uality and/or the perceivable sound impression when confronted with a
g%ﬁ}eec%%ran% ofdg?ger?a§|§§3(58’8|au§éfﬁ%§ "Slsgna?s%., hijs“flls sgg(ﬁ%églhl/i%é_ tn?
aépiskihliencthe pRYBICKS effécted Via-RE&dPhSHes i Additioro thaf 1onal
csandargidecorelators use metbads exhibiting highoeerplexityand/er  four-
Jigh semputing expendiure. 30.8oremphasiging the poblem-Fias.” & che

ow the use of Jecorgelators In signal processing. Here, brief _ .
Jefstenee 55 Frade tdthe moRbo-stéfeo dédtter SHownInEig7. ame  °F
rcomprisesra standardidedarrelaton:10 aiwha mix matrix 35 12. The
mono-to-stereo decoder serves for converting a fed- in mono signal 14 to
a stereo si%gal 16, consisting of a left channel 16a§nd a ri%ht channel ‘
MRShY FRSTH thE Fed- fnonD sighs--14° the Standard tecSrréfator LR
gEmerates @2 decotretated signalrtd (Biwhich togethepwithcthefediin audio
input signal provided. As examples thereof, the sterec
upmix of a mono signal, the four-channel upmix based on a
meno or sterec  signal, the generation of artificial
raverberation or the widening of the stereo basis may be
named.

Current methods and/or systems suffer from extensive
degradation of the quality and/or the perceivable sound
impression when confronted with a special class of signals
(applause~like signals). This 1s specifically the case when
the plavback 1is effected wvia headphones. In additicn to
that, standard decorrelators use methods exhibiting high

complexity and/cr high computing expenditure.

For emphasizing the problem, Figs. 7 and 8 show the use of
decorrelators in signal procsssing. Here, brief reference

is made to the mono-to-stereo decocoder shown in Fig. 7.

Same comprises a standard dec rrelator 10 and & mix matrix
12. The mono-to-stereo decoder serves for converting & fed-
in mono signal 14 to a stereo signal 16 consisting of a
left channel 16a and a right channel 16b. From the fed-in

mono signal 14, the standard deccorrelator 10 generates a
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mono signal 14, is applied to the inputs of the mix matrix 12. in this

context, the untreated mono signal iS often also referred to as a "dry"

signal, whereas the 5 decorrelated signal D is referred to as a "wet"

signal. The mix matrix 12 combines the decorrelated signal 18 and the

fed-in mono signal 14 so as to generate the stereo signal 16. Here, the ,
EHEHGBREBLSTINS HARR atrix 12(H)" o riay eltREFhe fikedly Givehne fed-in
reigraldependentor dependent. ©n acuserirputrinuaddition, this Mmixingmatrix
jprocess pegfoumed, by the mix-matrix 12,may also he frequengysselective, zcen

le, different mixing operations and/or matrix coefficients may be n
“erfiployddfor tiffétent frequétity ranges drequency t8'6ands) EoFthis S 0
Jprrpose; the ¢ed-in monb Signal 14=may bedpreprecessetivyty filterdyeank-

so that same, together with the decorrelated signs' 18, is present in a filter

ank_representation, in which the signal ortions?precg ining to_ different.

ﬂé%u@ﬁg/ Bﬁlr%s‘ﬁreleéacﬁ%?%éems%%d Egﬁpar%f%Tﬁzo he %%ntrsojl%?ﬁﬁb 16 and
uptnix process, henef tiid ssefficierts efthe mixtrmatfiR1 9L fiey behe stereo
periormed by userdnteraction oda aimixconyob20.Jnadditionytierix 12 (H)
coefficients of..the mix matrix 12 (H) may.alsq be effected via sg:calle S
"Side %%W%fo“rm%%orﬁf Xﬂ ic is%rlé\‘r%“s% ’rre%/%t ‘aethegmﬁﬁﬁg\@ed-% mo"r%)enaenf
Ifyral LAghe- B8WAMIHBFE the Side informalion ‘Containe aEparaRfeinc rmec
ideseription as to.hew:the multi~chennel signdlgenesated-s4a betive. I.e.,
geoerated from the fed-dn, mono sjgnal 14, (the trapsmitted signal). This. s nay
spatial side 30 information, |,5Ft¥p|call)4/_ generated by an encoder prior to B
Bfe aSHBIA8®AMIX . thE-dereralion. of tRE R i mohd "§igfial 14 FH& e cY
abave-deséeribed: prosessiiscnormally empleyedin 35 paramaetric {spatial)ay be
Ee@ cading.As an example the soxcalled Parametrg pleree'serding r wich

e RRR9SE hR, CoTRIely Reramelic SIeeo ol IMEEREY pank

representation, in which the signal portions pertaining to

related si1gnaa

different freguency bands are each processed separat

M

1v.

The control of the upmisx process, 1.e. of the coefficients
of the mix matrix 12, may be performed by user interaction
via a2 mix control 20. In addition, the coefficients of the
mix matrix 12 (H) may alsc be effected via so-called “side
information”, which is transferred together with the fed-in
mono signal 14 {the downmix). Here, the side information
contains a parametric description as to how the multi-
channel signal generated is to be generated from the fed-in
mone signal 14 (the transmitted signal). This spatial side
information is typically generated by an encoder prior to
the actual downmix, 1.&. the generation of the fed-in mono
signal 14.

The above-described process iz normally  employed  in
parametric (spatial) audic coding. As an example, the s0-
called “Parametric Sterec” coding {H. Purnhagen: “Low
Complexity Parametric Sterec Coding in  MPEG-47, 7E"

International Conference ot Audio rffects {(DAF¥-04),
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International Conference on Audio Effects (DAFX-04), 3 Naples, Italy,
October 2004) and the MPEG Surround method (L. Villemoes, J. Herre,

J. Breebaart, G. Hotho, S. Disch, H. Purnhagen, K. Kjbrling: "MPEG
Surround: The forthcoming I1SO standard for spatial audio coding”, AES

28th 5 International Conference, Pitea, Sweden, 2006) use such a o
Nivettfot. OhebtypicalS&rhisie of 4 PararfiBfiic Stérelf detodeltis ShBRN TRt 1o
(Eig. 8.ilnladditian tathe sumple, non-frequency: A0,sefectivecase shownisch,
Hn Hg..7,10e decoder showmin 9. 6.cormprises.an analysis filtec-hank 30, , 4

and a synthesis filter bank 32. This is the case, as here decoyrelating is o
petormiéd A Frequeny-defBiftiett manfét $intthe SHECHHL domaiiy=For #°
Tthisereason cthe fed-<immenersignal k 144s 15 firstdplit,intdoEignal pedioasich &
e different frequency ranges by the analysis filter bank 30. I.e., for each
frequency band its own decorrelated signal is generated analogously the
example described above. In addition to the fed-in mono signal 14, spatial
Qrapamererss34 gl transferred P whtheserve tcdetepmirteooday the shown
ratrixi glements afithe fix matsix 12-s0 asie geperate @ mixesh sighabuency-

highh, by means of the synihesis fiter pank

W Syntf 1%2%5 frapsformed back into,
e fime domain so as 10 form the  stered signal 5. Zgéiian‘agdlﬁon', the -9

GpaKarFaranisters 34 HiaySoptiohafy be2altered vid g pardirigter ¢onfrof 1 ter
3630 as1o gernetate the gmmix and/erthe aeremsig@al e tgﬁdiféereemng is
%%%yP%e§c%%rlgs in.a difierent manner and/or optimally adjustthe 30, . .. 1

ayback quality to the respective scenario. If the spatial parameters 34
Ar&adjusted for biraural playBALR for “Efampfe! the spitiaPparameters 34 +5
friaysbe egmbined wiith paramelers ofrithecvimaufal filters Steasrto famequency
P%%ges by tThe analysis Iilter bhank 30. I.e. Iocr e=ach
freguency band its own decorrelated signal is gensrated
analogously to the example deszcribed above. In addition to
the fed-in mono signal 14, spatial parameters 34 are
transferred, which serve to datermine or wvary the matrix
glements of the mix matrix 12 so as to generate a mized

o~

signai which, by means of the synthesis filter bank 32, 1is

[E S T W )

transformed back into the time domain so as to form the

stereo signal 160.

In addition, the spatial parameters 34 may optiocnally be
altered via a parameter control 36 sc as to generate the
upmix and/or the stereo signal 16 for different plavback
scenariocs in a different manner and/cr optimally adjust the
vlavback guality Lo the respective scenaric. If The spatial
parameters 34 are adjusted £for binaural playback, for
example, The spatial parameters 34 may Dbe combined with
parameters of the binaural filiters so as to ZIorm the
parameters controelling the mix matrix 12Z. Alternatively,
the parameters may be altered by direct user interaction or
other tools and/or algorithms (see, for example: Breebart,
Jeroen; Herre, Jurgen; Jin, Craig:; Kjdrling, Kristofer:;

Koppens, Jeroen; Plogisties, Jan:; Villemoes, Lars: Multi-
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parameters controlling the mix matrix 12. Alternatively, 35 the parameters

may be altered by direct user interactidh or other tools and/or algorithms

(see, for example: Breebart, Jeroen; Herre, Jurgen; Jin, Craig; Kjbrling,
Kristofer; Koppens, Jeroen; Plogisties, Jan; Villemoes, Lars: Mul'~i 4

Channel Goes Mobile: MPEG Surround Binaural Rendering. AES 29t
Chmemnatiorst Corférents : SESGICK Srear o006 SBptefnset 2 FayFhes - AES
coltput-of ¢he ehanrels LandrR of the:mixmatrix, 12H) <is gehéfated fomember
2th§ fgd-in mono signal 14 (M) and the decorrelated signal 18 (D) as
follows, for example: [L ] rLh" h,_rrM LRh27 h2, D 10 Therefore, the

portion of the decorrelated signal 18 (D) contained in the output signal is
Tadjusted i theomix rmatrixak2: 41 thepracess; theé mikmgratioisitrixz 12 (H)
fimesvaried based-onthespatialparameters,34 tiansferred. Thesg 1514 the
C{)aramete!rs%ma , for exa}r:]T%Ie, pg paramgt%rﬁadescn ing the colgféqtlon of
%Oo?@?ﬁﬁ‘sﬁfza?sl?ﬁ]fré Tersof this kifd ar& tised i MPEG 'Surfound
Coding, for example, and there are referred to, among other things, as

PQ )., additton] parameters may be transferred, which transfer the 20

eF? g ratigs Tfyv channels originally present, which are contained in
the fed- m&no signal i4 (ICLD and/or ICD in MPEG Surround).

Alternatively, or in addition, the matrix elements may be varied by direct
user input. 25 For the generation of the decorrelated signals, a series of

HiffSTEALARthOBS hal 36 tabeth uSEE Parsfstie 'Stefch andPMPEGL® (M)
Suroundaise all-passdiltersy oue. filtergpassingsthezentirespectratrange mix
J@gm\gnqg 30 speglrally dependentfilter.characteristic 0 Binaurah Cug. rieq
béﬁﬁgg(%%C’gggergg%f%%%ﬂggggé%g%g%%ex%%pk%§énsferred. These
parameters may, for example, be parameters describing the
correlation of two original signals (parameters of this
kind are used in MPEG Surrocund Coding, Zfor example, and
there are referred to, among other things, as ICC). In
addition, parameters may be transferred, which transfer the
energy ratios of two channsls originally present, which are
contained in the fed-in mono signal 14 (ICLD and/or ICD in
MPEG Surround). Alternatively, or in addition, the matrix

elements may be varied by direct user input.

For the generation of the decorrelated signals, a serles of
ifferent methods have so far been used.

B

arametric Stereo and MPEG Surround use all-pass filters,

¢
Fh

i.e. filters passing the entire spectral range but having a
spectrally dependent filter characteristic. In Binaural Cue
Coding (BCC, Faller and Baumgarte, see, for example: C.
Faller: “Parametric Coding Of Spatial Audic”, Ph.D. thesis,
LBEFL, 2004} a “group delay” for decorrelation 1s proposed.
For this purpose, & freguency-dependent group delay 1is
applied to¢ the signal by altering the phases 1in the DT

spectrum of the signal. That i1s, different freguency ranges
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railer: "Parametric Coding Of Spatial Audio”, Ph.D. thesis, EPFL, 2004) a
"group delay" for decorrelation is propo8ed. For this purpose, a
frequency-dependent group delay is 35 applied to the signal by altering

the phases in the OFT spectrum of the signal. That is, different frequency
_rances - 5 are delayed for different periods of time. Such a method
UstalfyFrafy Bfderthe BatetPRES PSS HeatipuPatioRsTM-addition, the method
wsezdf simpleldelays,deer fixed timer &gtetaysois known. This methed isons .
used for generating surround signals for the rear speakers in a

four-channel configuration, for example, so as to decorrelate same from

tRe St Sigrlls asfat ad'pérceptioris ®ohteréd: A Sypidal Suchimgfx  time
dutreund system is.Datby PToliogic mk dDawhich sises astimefdetay frome2@ting
30 A0 for the,rearaudio- channels .aycha simple implementation. may . . o 1

be used for creating.a decorrelation of the front and rear speakers as )
SBme' i Substntially Ess THUTA - 5 faf As e TiStenfig experierice jéme from
‘ebAceficd) thapithaadeeoreslatibn 15 eflefpanmd tight.clmannels. dhissiswofed. &
§y§§@@gglgitmfpﬁmwef@r tb@fwisv};bfoof ihey F@&gn%@U%%%' nahdfogic 11,
rceived by the listener (see: J. Blauert: "Spati earing: The .

‘ggfic{%bp%syé)lécsaof human: %cl)e&ﬁ/d Ifigﬁia%i%n£oM?? ngr‘(sasé“,%ie ée”d &dition229+°
3997126 The poptilaridecoridtdtion Methcdsasseribed apeve expibitde for
follesving: substartial drawbacks: - spectrad calorationefdhe sighakpeakers as
(copmb-filter 2g gffech) - eduged "crispness: of fhe signal - disturbing echo
and reverberation effects - Unsatisfactorily percéive decofrelation andor
unsatistactory K, ‘ot ihé addio MABERG S0 repétitive ‘Sotind eRarketeration

cf left and zright channsls. This 1is of substantial

k"

importance for the “wldth” of the reconstructed signal as
perceived by the listener (see: J. Blauvert: “Spatial
hearing: The psychophysics of human sound localization”;

MIT Press, Revised edition, 19%7).

The popular decorrelation methods described above exhibit

the fcllowing substantial drawbacks:

ot

1
1]
e}
©

ctral coleraticn of the signal {comb-filter
=T )

- reduced “crispness” of the signal

9]
h
th

=

@]

- disturbing echoe and reverberation effects
- unsatisfactorily perceived decorrelation and/or
unsatisfactory width of tThe audio mapping
- repetitive sound characier.
Here, the invention has shown that it 1s in particular
gignals having high tempcral density. and spatial

distribution of transient events, which are transferred

processing. This is in particular the case for applause-

iike signals pessessing the above-mentioned properties.
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Here, the invention has shown that is in particular signals having high
temporal density and spatial distribatich of transient events, which are
transferred 35 together with a broadband noise like signal component, that
represent the signals most critical for this type of signal processing. This

IS in particular the case for applause- like signals possessing the
Tibcve rerftidhed propefties 26 THIS B duety tHe factihat bythat ton, each
Hdeoprrelation, eaeh tsirgleteansient sighal. feventemaybesmearad ierms of
tepas of time, whereasat the same-time the.naise-like pagkgiound s ;g 4
rendered spectrally colored due to comb-filter effects, 5 which is easy to_
15618606 Gs §1¢Rahgé in the SIYNAFS Himbre To-Sunfidrize, thé khowrt F eSS
wdecorrelatonamethodsceither: genertedhe above-atertioned arfefactsigrnal’ s
else.are unable 10 to generate the required degree of decorrelation. It is
especially to be noted that listening via headphones is generally more

critical than listening via speakers. For this reason, the above-described
Urawbaskszarezelevahtin 15particulacfor applications thatiggherally either
Jequire disteping byomeans of headphongs: Hiigis generallythe case fomapie
portable playback deviges, whigh, jnaddiion.. have & low energy supply
only? T this context, the computing capacity which has fo be spent on the

20 decorrelation is also an important aspect. Most of the known

decarselatior algorithms are-extreraely computatienallyiintensive. headiphones
Iplementayan these, thargtore [aaulie.e ralatively,bigh oULAL eps . ror

calculation opgratlons, whichrésult in having to use fast processors, 25

fhich iRBGRAblY coRSUrRE PATGE BTOUNMS BFerBrgy =T S Sadditon” 8 1&ngen = +7
amountof memoriis required fara implementingssuch eomplex algorithmsguire
IEE&Q%%HB’ﬁ??m%ﬁ@ﬂ%mﬁﬂ§e%ggag&H%%%@”dThis is generally the
case for portable playback devices, which, 1n addition,
have & low energy supply only. In this context, the
computing capacity which has to be spent on the
deceorrelation is also an important aspe
known decorrelation algorithms are extremsly
computationally intensive. In an implementation thess
therefore reqguire a relatively high number of calculation

operations, which result in having To use fast proc

I essors,
which i1nevitably consume large amounts oI ensrgy. In
addition, a large amount of memory is regulred for
implementing such complex algorithms. This, i1in  turn,

results in increased energy demand.

Particularly in the plavback of binaural signals {and in
listening via headphones} a number of special problems will
occur concerning the perceived reproduction guality of the
rendered signal. For one thing, in ths case of applause
signels, 1t i1s particularly important to correctly render
the attack of each clapping event so as not to corrupt the
trangient event. A decorrelator is thersefors regulred,
which does not smear tThe attack in time in terms of tTims,

i.e. which does not exhibit any tempcrally dispersive
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30 Particularly in the playback of binaural signals (and in listening via
headphones) a number of special probtems will occur concerning the
perceived reproduction quality of the rendered signal. For one thing, in

the case of applause signals, it is particularly important to correctly render

35 the attack of each clapping event so as not to corrupt the transient
Eient A geésrrefator 'r@ltﬁg?éi‘ére tEGUiret: SthichUOEs not'Smer thet reduce
Tattaghkan timedinterms of timepepwhithl does nahexhiditlametempotdllyers  in
Jlispersive charagteristic. Eiliers described aboye, which intraducg 5 ¢ ¢ o,
%frequency-dg[gend,*ent roup delay, and all-pass filtérs in general are not .
SUitABIETOF B pUTpose, TnAdBILRHE & hickssR hveltPa Tasetitve 25 15
Soupddmpression.sasnis 5 caused bya sSimple time delayfoi exampie. Huch =
Suep e simple timeidelay,were usedito.gengate adecoded;signak jwhich -1 |
was then added to tQ% irect signal by means of a mix. matrix, the result )
Would sétnd extremely repetitivs and “therefore” ditstural Y SOER BStatic 2 ™+
Tgelayiin-addifien I gERératédcbmbitten effeetst tenandesired spectrale  and
cotoratiensin therreconstiucted signal. A use: irsimplestimg,delays inzGdi«ion

ition. results in. the. known precedence effect (see, for exam le: J. R

%%qﬁé“rﬁt% "S%g}[%gl h*e%%\g? Th\é*p"s?/é’ﬁ'dq"'p’hysﬁz's‘%’f hulflﬁiéjn%éﬁng Spectral
Ttz Al MIFPreks Revsed ebitiohcd99A)J3ame originates from the

fact that there is an output channel leading in terms of time and an output

ghannel followdng,iy terms.of tige when a;5implg ime delay isused, The, -
human 20 ear perceives the origin of a tone or sound or an object in that

$PaHA dire&oRIRoHvhich iESiTst NE&TS the hotse. SFEMENE sigriad sobirce et
I$perceivedinithatdirection fhevhich thesSignalpadrtion otthe tempanally scund
leading output -channet fleadingssignal) bappens ta.be played badks 26 o1
irrespective of whether. 'QE‘E spatial parameters actually responsible forthe
Spafial aflocation indicate soniething "2~ “ere L& ar output channel
ieading in terms of time and an output channel following in

LR
LA

terms of time when a simple time delay is usad. The human
ear percelves the origin of a tone or sound or an object in

that spatial direction from which it first hears the ncise.

"J.

I.e., the signal source 1s perceived in that direction in
which the signal portion of the temporally leading output
channel (leading signal) happens to be plaved back,
irrespective oI whether the spatial parameters actually

responsible for the spatial allocation indicate something

t 1s the object of the present invention tc provide an
apparatus and a method of decorrelating signals which
improves the signal guality in the presence of transient
signals.
This object 1s achieved by a decorrelator according to
claim 1 and a method of generating decorrelated signals
according to claim 16.
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differenr. It is the object of the present invention to provide an 30
apparatus and a method of decorrefatifig signals which improves the
signal quality in the presence of transient signals. This object is achieved
by a decorrelator according to 35 claim 1 and a method of generating
decorrelated signals according to claim 16. - 8 Here, the present
HEventioh!is based 8 thel fidiig Heat, for transieft audis iripuf sigralsy that,
tecorretated utput signats mayhe gesergted in thatitheraudiodapt ocutput
' ' ixed.with g repr atiquteagg}i [ .signal.5 del Ca
%%%é%aﬁéﬁe esé\l%ch t %%%%:éﬂgffrst* %mé hi%t\’ervba ,ga ﬁs%%%t&%é@%a%x%qlél o
Teotespotitsio the dUths SAFMISIgnaanda seebfid GitputsighaPut  signas
celregpdndsto the d&layed repiesentatiarmof thiesaudio imputssigalyrst  time
wherein, \in a segond.ume nterval, the firsh outpyt signal 19.corespands 5,4

fg thqdelgygd representation of the audlq input signal and the second. o
ot st dorrégorits 16 e audic-ipht SigHAI i Gther W@ o e e
sigals: decorretated fterh each otherhts aredderivedrfrom anaudio inpaerein,
signal;such:that first a; fime-delayed,eapy ofthe audio.input signalis  signaz
generated, Then.the tyo.outpul sianals are generated inthat the aulo
[np“u%élgonarf and the delayed répre entation’ of the aUaR)“'" input signal are
altbihatedy- Uséd fortle thiooufistit 020 siGRAIS IR atimiédliscredg responds  to
fepresentationnthis meanshat the series of samples of the output

signals are alternately used directly from the audio input signal and from

the 25 delayed representation of the audio input signal. For_generatin 1
tHe decofrelatétt signal -fiére Btihe délay 7 b5ed whiektis- rom each otaer
frequencyiindependent and theteforeidges-noticnal such that first a
time-delaved copy ©of the audio input signal i1s generated.
Then the two output signals are generated in that the audioc
input signal and the delayed representation of ths audio
input signal are alternately used for the two output

signals.

In a time~discrete representation, this means tThat the
series of samples of the output signals are alternately
used directly from the audio Input signal and from the
delayed representation of fthe audic input signal. For
generating the decorrelated signal, here a time delay 1s
ugsed which 1s frequency-independent and therefore does not
temporally smear tThe attacks of the clapping noise. In the
case 0f a time-discrete representation, a time delay chain

exhibiting a low number of memory elements is a good trade-
ragiag

off between the achievable spatial width of & reconstructed

signal and the additiconal memory reguilrements. The delay

time chosen 1 preferred tc be smaller than 50 ms and

S
especially preferred o be smaller than or egual to 30 ms.

Therefore, the probiem of the precedence 1s solved in that,

-

in & first time interval, the audic input signal directly

forms the lefi channel, whereas, in the subseguent second
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temporally smear the attacks of the clapping noise. In the case of a
time-discrete representation, a time defaychain 30 exhibiting a low

number of memory elements 1s a good trade- off between the achievable
spatial width of a reconstructed signal and the additional memory
requirements. The delay time chosen is preferred to be smaller than 50
m&and-especiafly préfefred l5e §malleP BHamSS Eetial 91300hs. 3%  audio
TTherefore,itihesproblem of:thedpreeedengesis solved in thatndr a firsttime same

Jptsesal he ayla it signal direstly, Jorps (e Jeft channel, whereas, i

the subsequent second 9 time interval, the delayed representation of the

audio input signal is used as the left channel. The same procedure

Bpphlestosthe right clarinet Subma preferredsembodiment, theswitehingen the

time betwgen the, individual swapping.processes.is-selected {o. be longer ..,

than the period fatrangen;c eventmtﬁellcglly occurring in the signal. i.e., if .

Tihe“ dading and the’subsag et chanhel are peradically (8F Fdomig) 17 the

Swiipped at istervals (6fhel 6 fergjih of 200 nis) forseXarple) atcoruptionl. are

ok the, dlirestion locating %&b&r?garl]ug%iﬁaf@?é@pf the Ttl*m%ra;lﬁ%aﬁ@gbl(of a

aratus may be suppressed the choice of the interval length is suita

?ng§ e{%iIS S\E":cor%lgnég to the in\ggﬁtione, Eftalrsnl‘%ﬁeeréforecbos%ﬁffé: %D “g%%%rat%%

Proad soGhd fichd WhickHdoBahotCorrlpE transisiit sigists (Suel as-he  human

clapping) andyin addition mejthexexhibitsra kepetitiversound character. 20r +he

The. inventive g jrei%togs,ﬂst%?ﬁl \ngggLely small number . of arithmetic

operations only.In particular, only one single time delay and a small

number of multiplications are required to inventively generate

Becorrelated signalsh @ hel swapping:of individual chiasnelsdsa simpleible to

goRx opeation 23,and requires o additional compuiinc expendifwe. o pype
ptiona j

Py

transient signals  (such as clapping) and 1n addition

neither exhibits a repetitive sound character.

The inventive decorrelators use an extremely small number
of arithmetic operations only. In particular, only one

single time delay and a small number of multiplicaticns are

required to inventively generate decorrelated signals. The

swapping of individual channels is a simple copy operation
and

b

equires no additional computing expenditure. Optional
signal-adaptation and/or post-processing methods also only
reguire an addition cor a subtraction, respectively, i.e.
operations that may typically be takesn over by already
existing hardware. Therefore, only & very small amount of
additional memory 1s required for implementing the delaying
means or the delay line. Same exists in many systems and

may be used along with them, as the case may be.

a]
O
n
D
]
ct

In the following, preferred embodiments of the p

invention are explained in greater detaill re

th

s
Q
ot
o3
4]

erring

accompanying drawings, 1n which

Fig. 1 shows an embodiment of an inventive deccrrelator:

[
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signal-adaptation and/or post-processing methods also on'_y require an
addition or a subtraction, respectively,lile.~opera ions that may typically

be taken over by already existing hardware. Therefore, only a very small
amount of 30 additional memory is required for implementing the delaying
means or the delay line. Same exists in many systems and may be used

along with them, as the case may be. In the following, preferred
rembodimentsiobthe present 35 inventien arenexplaihed inigreatertdetait i vely
referring to the, accompanying drawings, in g/%;halilg 1 shows an

embodiment of an inventive decorrelator; 10 Fig. 2 shows an illustration

of the inventively generated decorrelated signals; 5 Fig. 2a shows a
FuheZembodiment of an idventive rdecartetatan$ig. 2bcshows: inventive

embodiments; 9f. pessiblg-control signals for the decorrelator of Fig. 2a; 10

Fig. 3 shows a further embodiment of an inventive decorrelator Fig. 4

shows an example of an apparatus for generating 15 decorrelated

Kignal$iFig. 5showsainbexanmpletsf aplinvertiveimethodfor genefating-s £or
output signals}20 Eig: Srshows-an example;of aninventive audio decoder;

Fig. 7 shows an example of an upmixer according to prior art; and 25 Fig.

8 shows a further example of an upmixer/decoder according to prior art.

Fig -1 shows BicéXample of & fvehtiveBECHHSIatoF for “generatingla firsttive
output signal &84 andka second 30 output signal 52 (R'), based on an

audio input signal 54 (M).

Tig. 4 ghows an example of an apparatus for generatin
g I o) d g
decorrelated signals;

Fig. 5 shows an example o©f an inventive method for

generating output signals;
ig. © shows an example of an inventive audio decodern:

ig. 7 shows an example of an upmixer according Lo prior

art; and

Fig. 8 shows a further exampls of an upmixer/descoder

according to priocxr art.

Fig. 1 shows an example of an inventive decorrelator for
generating a first output signal 50 (L") and & second

output signal Z (R'}, based on an audio input signal 54
(M) .

The decorrelator further includes delaving means 56 sc as

Lo generate a delayved representation of ths audio input

signal 58 (M d}. The decorrelator further comprises a mixer

00 for combining the delayed representation of the audic

input signal 58 with the audic input signal 54 so as to
1t

obTain the Ifirst ocutput signal 50 and the second output
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The decorrelator further includes delaying means 56 so as to generate a
delayed representation of the audio-nput 35 signal 58 (M d). The

decorrelator further comprises a mixer 60 for combining the delayed
representation of the audio input signal 58 with the audio input signs_ 54

so as to obtain she first output signal 50 and the second output - 11

Sigied 5257 he Phige6X: Brfoffied By fhertwocsdhentaticattydlustratetecically
Silchet 10 e et oUtpuL 4gRal 50 Ancl e hot o.nput Sl 55 Same P

) e left Qutput signa a right Qutput sigpal 52. Same |

82%6 agpllge?s t%sth%B%geﬁg?z(% ?gpre?génqgﬁloer% of the “z'aE{L‘J%i(;L %%%t 8?@] P5gstgnal
Stheixéf60 bt He-déecorstdtof terefore Rincens sadtsthatpinla fiestto the
dime intervalz:thesfirsh ortpuibsigral 5@ reorrespands tathe audiginput 58, The
gl Sgandtha seqend oulputignal.spriesponds I e deRued o +pae,

representation of 10 the audio input signal 58, wherein, in a secon

Yiflterfal, the fifst outpiit sighaiB0'Corresporfdls H1RE delags@us signal 50
Fepresentation of the @udioampuitsighaland the csecbnd autputsighab52second
sorrespondsta.the audio pyt, signal, 54,15 Béata@e%c%g%@%é%m?ation of
t"ﬂ\éentéound aode%(%rrelgtlon IS ac |ev§§ in that a time-delayed copy of the '
atdio Tput “sighal’ 54 is prepated a thal' thehIhe audidingut Sigiei~ss time
Ianertheadelayel seprageatitation bb te asidimiaput signak20-58mreds to the
ademataly tspd asouputichannels. 485 the, gompenghts farmingthe.ng +ne
output signals_(audiq input sig 54 and delayed representation of the ,
Sa%%:l%gl ?r?pu%%‘f r(}llajﬁj 58y Feagwgé)edﬁﬁ Jérc%&%/n fhanner. Fafe, fhalaRgth 2Pu*
Sf9RE tin¥é interval for which each swapping is made, or for which 25 an

input signal corresponds to an output signal, is variable. In addition, the

e nepalsopsiuahie JadAe! domeensp reSwaRRed MALIAY, .

ifferen

achleved in that a time-delayed copy of the audio input
signal 54 is prepared and that then the audio input signal

54 and the delayed representation of the audio input signal

58 are alternately used as output channels. I.e., the

compenents forming the output signals {(audio input signal
54 and delayed representation of the audic input signal 58)
are swapped in a clocked manner. Here, the length of the
time interval for which each swapping i1s made, cr for which
an input signal corresponds to an output signal, is
variable. In addition, the <fime intervals for which the
individual components are swapped may have different
lengths. This means then that the ratio of those times in
which the <first cutput signal 50 consists of the audio
input signal 54 and the delaved representation of the audio

input signal 58 may be variably adjusted.

Here, the preferred period of the time intervals is longer
than the average period of transient portions contained in
the audio input signal 54 sc as to obtain good reproduction
of the signal.
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lengths. This means then that the ratio of those times in which the first

output signal 50 consists of the audio 3@ input signal 54 and the delayed
representation of the audio input signal 58 may be variably adjusted.

Here, the preferred period of the time intervals is longer than the average
period of transient portions contained in 35 the audio input signal 54 so
Sasitoagbtain govd repraduction of tiee signal. 112 Suidabte time pefiedsral of

Terpare i the imgdntepval of, 18.ms 10,200 mg, & typicgLimg peded s, ror
beaitn 00 ms, for example. 5 In addition to the switching time intervals,
etﬁe%n%d of the time delay may be adjusted to the conditions of the

signal or may even be time variable. The delay times are preferably found

in andaterval-frope 2 mhs:tosh0 msn Examples ofisuitablesdelay imese 3od of
, 12,150 0.ms, The inyentive decorrelator shown in.Fig. 1 for

%ﬁ% tr%rgeen%%%gj gelgnéé}?atj%% d'egg%&rﬁeﬁétgaési“ﬁalg {ﬁ’at d6 %%%Er%%%? tﬁ)ef the

AR 1.0 IheBegimtiRg, of ratsi&ft siialssaddin 1B &dditokéehstifdigs are

vesy highidecorfelation of the stgnai, nwhicha@ésulis-srthesfackthat:ac 50 ms.

disteney perceives @ pulti-channel signal reconstiucted bysmeans of such 5,

a_decorrelated signal as a particularly spatially extended signal. 20 As
n'be seen from Fig. 1, the inventive decorrelator may be employed

both for continuous audio signals and for sampled audio signals, i.e. for

signalsihal ars, pregenias- aiseauence ef discrete samples. 25,By means ;oo
[ resent in discrete sample 2 shows the %peration

%ﬁ%ﬁ;%g;ﬁ%ﬁ%%?%%ﬁ%.é%corre ateaagg% als that do not smear
the attack, i.e. the beginning, of transient signals and in
addition ensure a very high deccorrelation of the signal,
which results in the fact that a listener perceives a
multi-channel signal reconstructed by means of such a
decorrelated signal as a particularly spatially extended

signal.

As can be seen from Fig. 1, the inventive decorrelator may
be employed both for continuous audio signals and for
sampled audio signals, il1.e. for signals that are present as

& sequence of discrete samples.

By means of such a signal present in discrete samples, Fig.
2 shows the operation of the decorrelator of Fig. 1.

Here, the audio Input signal 54 present in the form of a
seguence of discrete samples and the delayed representation
of the audio input signal 58 isg considered. The mixer 60 is
only represented schematically as two possible connecting
paths between the audio input signal 54 and the delaved
representation of the audio input signal 58 and the two
output signals 50 and 52. In addition, a first time
interval 70 is shown, in which the first output signal 50
corresponds to the audio input signal 54 and the seccnd

output signal 52 corresponds to the delayed representation
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Here, the audio input signal 54 present in the form of a 30 sequence of
discrete samples and the delayed représentation of the audio input signal

58 is considered. The mixer 60 is only represented schematically as two
possible connecting paths between the audio input signal 54 and the

delayed representation of the audio input signal 58 and the two 35 output
sigridle 58 emdb 2. dpadditivpn a firstdimé daterval 79 is showa, pabighion of

dhe fiest:auiputsignal 50s eergspandsdo the audioinpyt signal S4and the,
Ss..ec:ong plétosgf%asj 52 corres§on sto t%féadele}é/ed representation - 13

ojﬁﬁéi audio input STgiAl 38° AESorting to e dpEratioh bF SHE mixePlin ©f the
dhe Seconditinte imteBrE 72, We firstdoutpbe sigal BOdcomespornds toiteal 52

dlelayathiepresentation-okihe; audigdnput signal 58=and the second output
signal 52 5 corresponds to the audio input signal 54. In the case shown in

Fig. 2, the time periods of the first time interval 70 and the second time
Trtehidt 79%7& i@BRMCal Whifeltis i8 not Bpreécarritomt asExprafnethd0first
above. imthercase representéd, iframourisda the tamporalnequivalent b are
faunsamples, sp.that ata elock of four ngg'§§c%§ iehismade .. neg

between the two signals 54 and 58 15 so asto form the first butput signal
and the second output signal 52. The inventive concept for

decorrelating signals may be employed in the time domain, i.e. with the

temperal 20 sesolution.given bythe sample féﬁ%‘?f’é‘é’- T@S concept r{@ﬁﬁporal

%u%i%sa\yell_ge %%p_li d foa filtt_ar-lqank representation of asignalin which™ _ .
e sighial (Audio signal) s Sptme “sevéi@l didtiéte frequenéy Ringet  Foux
SFHEreitthesigival pen fiequendy rarge seusually present Wwitheredubdd and 58
ditnea 25 tesolation. Rige2arshows afuriber embediment in whichthe  secong
Jﬂ%gﬁgosignal 52.

The inventive concept for decorrelating signals may be
employed in the time domain, 1.e. with the temporal
resolution given by the sample frecuency. The concept may
just as well be applied to a filter-bank representation of
a signal in which the signal (audic signal) is split into
several discrete freguency ranges, wherein the signal per
freguency range i1s wusually present with reduced time

resolution.

Fig. 2a shows a further embodiment, in which the mixer 60
is configured such that, in a first time interval, the
first output signal 50 is to a first proportion X{t) formed
from the audio input signal 54 and to a second proportion
(1-X{t)) formed from the delayed representation of <the
audic input signal 58. Accordingly, in the first time
interval, the second output signal 52 is tc a proportion
X(t) formed from the delayed representation of the audio
input signal 58 and to a preoportion (1-X(t)) formed from
the audic input signal 54. Possible implementations of the
function X({t), which may be referred tc as a cross-fade

function, are shown in Fig. 2b. All implementations have in
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is configured such that, in a first time interval, the first output signal 50 is

to a first proportion X(t) formed 30 frorh4he audio input signal 54 and to a
second proportion (1-X(t)) formed from the delayed representation of the

audio input signal 58. Accordingly, in the first time interval, the second

output signal 52 is to a proportion X(t) formed from the delayed
oepresentadtion dfithe nbdrpr3TihpatisignalG8samnitora pioportiorm@ -XEpines
oraed om he aydiojaput.signal o4 Possible implamentgtions.afdbes by 2

dfuTgtlont)ﬁg)é Whi%mg% beﬂrLelg([airred:to asa csrgss-faahde, Iluné:tion, are .
SHown inFig. b All irplenicitations Fave irf = $42conmon that the Mixer =217

Beefuhttiens SUcH tHat Samiesdonines @ represertEidd obtieesldis hal 52
wsignal Sodelayed by @ delayitine with the audigdnput:signal 54 $2,83 1G4 and
btain, the first o ' 0. the.second qutput signal 52 5 with _
R o o st S G o TGRa1 56
Hepresehtation bf B abdBSnpitiSdrniat 58. Hete, in Bfirstirhgiteagna - 50
itkhe ficstrarfputtsigral 5 issformed, tofa prapertioreef Moke thanddD%he audio

frpm the audio, input signal @ﬂea%%%%?%@@ﬁ%p%fm Sgds famed, .,
10 to a proportion of more than 50%, from the elayed representation of

Re atidid’MpHCSigharss.dn a B80ond fih@linterval, the firSFouthtifsigha L aved
Bepisdornaed bf anproportidr. ofwndore tham80% of theadeldyéd In a second

Jepresentation ;of the audie input signal,58, and dhe secand output signal o 5
15 52 is formed fagr%por ion of5r89re than 0%§f he audio ingut catd

ps?é’r?acf.rl‘—'iglfabg S 6055% &'tontrol factio S'fo aléﬁ%%r BorageentatLon
Fépresentedda Fig. 2 Time 3 ploftdd oflthe % axiss20dmtheoformwf signal

sbitraryrunitss @and the funetiop {(t)exhibitingessible furnstien yaluese zudio
from zero to qne is plotted on the y axis. Other functions X(t) may also be
lu%%‘é%vkﬁ%%%%qnbt necessarily exhibit a value range of 0 to

Fig. 2Zb shows possible control functicons for the mixer 60
as represented in Fig. Za. Time t is plotted on the x axis
in the form of arbitrary units, and the function X{t)
exhibiting possible function valuss from zero to one 1s
pletted on the y axis. Other functions X(t) may also be
used which do not necessarily exhibit z value range of 0 to
1. Other walue ranges, such as from 0 to 10, are
conceivable. Three examples of functions X(t) determining
the output signals in the first time interval 62 and the

second time interval 64 are represented.

A first function 66, which 1s represented in the form of a
box, corresponds to the case of swapping the channels, as
described in Fig. 2, or the switching without any cross-
fading, which ig schematically represented in Fig. 1
Considering the first ocutput signal 50 of Fig. 2a, same is
completely formed by the zudic input signal 54 in the first
time interval 62, whereas the second output signal 52 is
completely formed by the delayed representation of the
audioc input signal 58 in the first time interval ©2. In the

second time iIinterval 64, tThe same applies vice versa,
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1. Other value ranges, such as from 0 to 10, are 25 conceivable. Three
examples of functions X(t) determining. 3he output signals in the first time

interval 62 and the second time interval 64 are represented. A first

function 66, which is represented in the form of a 30 box, corresponds to

the case of swapping the channels, as described in Fig. 2, or the
wEifitching Withobeany: Bross- fdeing; Which. istschematically represemtdd irorily
iHgnt4 &onsidering the first output signal 50 of Fig. 2a, same is

completely formed by the audio input signal 54 in the first 35 time interval

62, whereas the second output signal 52 is completely formed by the

presentation of the” aRdRSRplEsigrdl S8 astetfirstfine does not

dotepvaltGl in thel setonthime inteaiad 64:tbe same appliesaicasversast and
st-ahereindbedenalh of the Ume ntgrvals i pet mandatofly Jgenfical A .
second function 58 represented in dashed lines does not 5 ¢ 51ete|

itch B g RIS RVEL &d géheratdd first Hird SetBR butdisignatd 5 the
candh 52 avhichrat egudinttindime @are farmed condpletely frontthesdudial 58,

HBputsignal 54 orthe delayed representation.of thesaudia inputesignal 58+ 1.+
HOWG‘{:’%{P the first time interval 62, the first output 10 signal 50 is, to a

Soréportion of more than 5096 13kmad froft tAE Alidio 1Aputsignalsymed from
tisichaerespohdivigy asbaappliesththevdetohd obtput sigral E2nalthirdalso

fppctiens69 s implementedisushtthat itis ghsuchs 45 a nature that, at
cross-fading times 69a to 69c, which correspond to the transient times
between the first time interval 62 and the second time interval 64, which

Ahéretsie mancthose tifmeslat wHith fesdeis! ostptb sigielis afe Vatiedf such
ssametachieves acrossdadeeftect. fEis 20 isto.8ay thakdn aabegibc, which
datenal and.anend.intervalat, e beginning andthe, end,of the first ime .,
iﬂﬁiﬁﬂg?’ 62 and the second time interval 64, which
therefore mark those times at which the audio output
signals are varied, same achieves a cross~fade effect. This
is to say that, in a begin interval and an end interval at
the beginning and the end of the first time interval 62,
the first output signal 50 and the second output signal 52
contain portions of both the audio input signal 58 and the

delayed representation of the sudio input signal.

In an intermediate time interval 69 between the begin
interval and the end interval, the first output signal 50
corresponds to the audlo input signal 34 and the second
output signal 52 corresponds to the delayed representation
of the audio input signal 58. The steepness of the function
69 at the cross-fade tTimes 6%9a to 69¢c may be varied in far
limits so as to adjust the perceived reproduction guality
of the audic signal to the conditions. However, it is
ensured 1in any case that, in a first time interval, the
first output signal 50 contains a proportion of more than
50% of the audio input signal 54 and the second output
signal 52 contains a proportion of more than 50% of the

delayed representation of the audio input signal 58, and
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the first output signal 50 and the second output signal 52 contain portions

of both the audio input signal 58 and thé delayed representation of the

audio input signal. 25 In an intermediate time interval 69 between the

begin interval and the end interval, the first output signal 50 corresponds

to the audio input signal 54 and the second output signal 52 corresponds
ttoethe delayesmpresentation 3G oéthrecaudid input sighak58. Theput signal

ssteepnassiofdhe, fupction, £9;atithe erogssfade times 69g:to 69¢ May hee 1 ayed
varied in far limits so_as to adjust the percejved reproduction quality of
HRERRTE SIS o COMAAAC HowaVet 1t & ERbured fn A5 cAge (agCon
ciatepfilst Himeniaterval, ther35afirssodtpatrsigat B0ccontdingiapgopdrtion ot of
more than, 50% ot theiaydio input signal 54 and the second output signal

52 contains a proportion of more than 50% of the delayed representation

of the audio input signal 58, and - 16 that, in a second time interval 64,

Fthe firstoutplfsig§nale 50 Eontaisa prapstaci 6Fmnore tharrs0%esiaks e lator
igelayes representatien of the eudioviaputsigned b8 and Hae-secondomponent s
:Qutput signal 52 contains 3 proportign of more than 59%.0f, pthe audio. 1, 1.
input signal 54. Fig. 3 shows a further embodiment of a decorrelator
Sifiterhienfing BeinveRti/edoncpt. Here EompSH&nts e Rtiedtor Sfmilar

in function are designated with the 10 same reference numerals as in the

hreceging.examplas. in gepsrial swhat applieg.in the context gk the gptirg 11 5 »e
a\g}gﬁlq,catlon is that components identical or similar in function are

gridted With the i@ ref&rghRE NorheTals S6°15 it the deschiption 2 7
Ttherdof dn thereortextiafthe siddividual sirbodirents af@rbece numerals so

dRterchangeably-anphied a ne anether, 7 he decorrelator shewain Fig8 the
f%@?@ggﬁgfheembodiments may be interchangeably applied to

one another.

The decorrelator shown 1in Fig. 3 differs <Ifrom the
decorrelator schematically presented in Fig. 1 in that the
gudio input signal 54 and the delayed representaticn of the
audio input signal 58 may be scaled by means of cptiocnal
scaling means 74, prior to being supplied to the mixer &0,
The optional scaling means 74 here comprises a first scaler
76a and a second scaler 76b, the first scaler 76a being
able to scale the audio input signal 54 and the second
scaler 76b being able to scale the delayed representation
cf the audic input signal 58.

The delaying means 56 1is fed by the audic input signal
{(monophonic) 54. The first scaler 76a and the second scaler
76b may optionally vary the intensity of the audio input
signal and the delayed representation c¢i the audio input
signal. What is preferred here is that the intensity of the
lagging signal (G_lagging), i.e. cf the delavyed
representation of the audic input signal 538, be increased
and/cr the intensity of the leading signal (G leading),

i.e. of the audico input signal 54, be dzcreased. Thz changs
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20 deco--relator schematically presented in Fig. 1 in that the audio input

signal 54 and the delayed representation of the audio input signal 58 may

be scaled by means of optional scaling means 74, prior to being supplied

to the mixer 60. The optional scaling means 74 here comprises a first

scaler 25 76a and a second scaler 76b, the first scaler 76a being able to
iskalé fHRNaUdIE iRpUt Sigrist Sacaridthe seeend wsoaterrebfeing abfeofol owing
ﬁe?tqmm@alaygg éi,e_@rfese@tatri]g@ qujgm@@gﬁiqvja@%t?%n%l iﬁﬂ%a-g}e}fTﬁhosen

yin , is fe e audio input signal _(monophoni . The

g%%t% sca%er ?‘Ba§andlt e gg%r%dl ?35139 769&~I ?nayn%)e%f)ﬁonai’lIrflg\/:’f:frff/L ﬁweal signal
SRtErET§BF the audio input signal and the delayed representation of the

audio input signal. What is preferred here is that the intensity of the 35
tlagging Sj@giacﬁﬁcjagging), l.e. of the delayed representation of the audio

input signal 58, be increased and/or the intensity of the leading signal (G
Heading), Ci.e 353h& Audio input signal 54, be decreased. The change 17

in intensity may here be effected by means of the following simple

Haultiplicative.aperations, wherein, g syilably,chosen gainfagioLls p. tora
mgl}g}slled.tg trcl)%Ln59|V|d%al s%al?é%gfonents: 3 L'=M*G leadin ]
REWN GG lagging - Here the 'ga ore'may BE cHoREh suaT i thenay be
defal 10%nerGy isidhainedh aedition: thegakefaotorsmay be définedignal .
Suchtkat same change iy dependence ondhe sigpakgindhecase.ef rmarion,

ia_ded‘itiqu}{a\IIgﬁreanggesréedo%idﬁdﬂfgrmaﬁo% iée_. in trgje case of multi-channel

cha 1 nct
audio reconstruction, for exampjfe,t e g%un factors ?ne{:yeéﬁgg%%]ﬁ%ﬁd on e for

SRETSRL15 iRfotmaifohrso fikt'saffe afie Varied iPdepenaantce om thighe side
iachustie: stenariodo bageconstiectede varied in dependence on the

acoustic scenario to be reconstructed.

By the application of gain factors and by the variation of
the intensity of the audic input signal 54 or the delayed
representation of the audio input signal 58, respectively,
the precedence effect (the effect resulting from the
temporally delayed repetition of the same signal) may be
compensated by changing the intensity of the direct
component with respect to the delayed component such that
delayed components are Dboosted and/or the non-delayed
component 1is attenuated. The precedence effect caused by
the delay introduced may alsc partly be compensated for by
volume adjustments (intensity adjustments), which are

important for spatizl hearing.

As in the above case, the delavyved and the non-delayed
signal compeonents (the audio input signal 54 and the
delayed representaticn of the audio input signal 58) are
swapped at a suitable rate, i.e.:

Mand R" = M d in 2 first time interval and

L = M dand R = M in a second time interval.
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By the application of gain factors and by the variation of the intensity of

the audio input signal 54 or the delayetl326 representation of the audio

input signal 58, respectively, the precedence effect (the effect resulting

from the temporally delayed repetition of the same signal) may be
compensated by changing the intensity of the direct component with
Irespéct to the alelayedrcomponent sich that 26 gelayed.campanents ate time

dogsisd andier the nonrdelayed camponentisatiepyated The rva1 of the
5precedence effect caused by, the del?/ introduced may also partly be -
ComRbenshtetPot by Wotdme hdjuSthients tintehsity adjdstitsmts) whichP e ©f
dré impertantdocspatiaPheaigii®0LAs infthe abyweé case stherdelayed ime or

Anibenp-delayed isignalcamyponents (the audio input signal 54 and
the delayed representation of the audio input signal 58) are swapped at a

suitable rate, i.e.: 35 L'= M and R' = M_d in a first time interval and 71 =

T andt Rt = M iPa sefoird rhe Tt -4iBe|f $KE SighaPis Hrocessednial 52
reames; kecinldiscrete timepsegraents:of acsonstant lengits 1he tige shown in
#tgrvalof the, swanping (3wap [ate) isgreferaply an integer myliple of, . 5 ¢
thé frame 'Length. One example of a typical swapping time or 5 swapping

Petoahis 108%ns SHHREfirst outptit sighal'56 Sfd the €860t BatpiiPsignas»  ©f
&0 may, direety bescutput Bsandetput sigrat, iasisholimein deigotrWheher in

the desonglation geeurs on-the-hasis of 10 trapsformed signals, an, . ssor g0
inverse tragﬂrgormatlorgg, c[)g,cou,rse, re%uwed after decorrelation. The
di

‘detorrelatBinEiy. 3 orally cOmphises ditSptionar postprock8Sor $5ond
BO-Which=cambineSthe fifst satplitcsigrnab B0 dad die secondwuppit = post-

Signad 5250 as e previde i Hs output a PeSt a second post-processed
ocutput signal 84, wherein the post~processor may comprise
several advantageous effects. For one thing, it may serve
to prepare the signal for further method steps such as a
subsequent upmix 1in a multi-channel reconstruction such
that an already existing decorrelator may be replaced by
the inventive decorrelator without having to change the

rast of the signal-processing chain.

Therefore, the decorrelator shown in Fig. 7 may fully
replace the decorrelators according to prior art or
standard decorrelators 10 of Figs. 7 and 8, whereby the
advantages of the inventive decorrelators may be integrated

into already existing decoder setups in & simple manner.

One example of & signal post-processing as it may be
performed by the pest-processor 80 is given by means of the
following equations which describe a center-side (MS)
coding:

M=0.707% (L' +R’ )
D=0.707% (L' ~R’ ) .
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15 processed output signal 82 and a second post-processed output
signal 84, wherein the post-processor itay-comprise several
advantageous effects. For one thing, it may serve to prepare the signal
for further method steps such as a subsequent upmix in a multi-channel
reconstruction such 20 that an already existing decorrelator may be
Trepracéd by the invémiverdacorreldter witiout havingstechaf@e the vestd
afdhe sighat-peocessingchain. Therefere; the.decoyelator shown iy Fig, 7+
Jnay f%ll% 25 reglfceég% decgrrelatocg§ 1;'glciordlnrgé[c) prior art or_standard
decotrelators 10 of Figs. Zand & W ereBy tHe " RavAR(ahBE of fF ©Sented by
MRFERIVE detditel@ory may bENHteyratad infte alfsathféxistingdecodert the
fsetups inwa simple manier.30 Ope exampleef:a §Wagggsj4&0%%§§i%ed as
S it Lbe or. e post-processor 80 is given by means of the

a?pllév%ilr?g“e %%%S%O%ﬁ%d%gﬂbzﬁc%ﬁer-s?&g ) e(g)bding:“‘“ Sxample,
"WiEE Fo7*(HUR Y D0 F0PRERRY. F1971Ra farkhéEembsdinfent @heasis for
Yost-precessor 80ds uspddor seduting theodegreeiafraixingaf thetdieect po s+ -
psjgg;@' th I ignal. Here, theynarmal ination sented

b megé:g of%[ﬁgéa%}é%i %%%u%g@%%eedm%(ﬁ%%ég g{%ﬂ %%?tt%gg [%?rﬁ%m © S(_)r
nb%}fput fnal 5071 stbstantilly scaléd And G38FaS S firstPost-protessBat rix
waplitisigeal 82, forexapiple n ywhereasaheiseoend outpuf sighal 52isnals in
ﬂéﬁ@?pﬂ’ﬁs& b@gi@c,f@% gtl?l@» sef@omﬂﬁ@ps%@m%ﬁ%% OE%&E 8@991:841-% e or no

t- processor.and the mix matrix.describing the post-processor 10 may

aﬁ%@é te%tﬁ%ﬁ %e%‘l@l@fpaoszsed OF the ﬁ\%"ﬁﬁl)f‘ c%égf?’tie%'fg Fé‘gntrolling the
combination of the signals in the post-processor 80 may be varied such

Ahat. little orshewaddigonal.mbiag of the;signals wWilboegul ¢ 154rig. 4showWSience

&%’é@?rWﬁyﬁgg}{gdlgg tge %@E%g%rlcee correlator. Here, the first

and seceond scaling units 76a and 76b shown in Fig. 2 are

h

or

ps

he

obligatory, whereas the mixer 60 may be omitted.

Here, in analogy tc the above-described case, either the
audio input signal 54 and/or the delayed representation of
the audio input signal 58 i1s altered and wvaried in its
intensity. In order to avoid the precedence effect, sither
the intensity of the delayed representation of the audio
input signal 58 1s increased and/or the intensity of the
audio input signal 54 1s decreased, as can be sesn from the
following eguations:

L'=M*G leading

R’'=M d*G lagging.

Here, the intensity is preferably varied in dependence on
the delay time of the delaying means 56 so that a larger
decrease of the intensity of the audio input signal 54 may
be achileved with shorter delay time.

Advantageocus combinations of delay times and the pertaining

gain factors are summarized in the following table:
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effect by means of a suitable correlator. Here, the first and second scaling
units 76a and 76b shown in Fig. 3 are 2dbligatory, whereas the mixer 60
may be omitted. 20 Here, in analogy to the above-described case, either
the audio input signal 54 and/or the delayed representation of the audio
input signal 58 is altered and varied in its intensity. In order to avoid the
precedence effect, either the intensity of the delayed representation of the
audio 25 input signal 58 is increased and/or the intensity of the audio

input si%nai 5475 decreased] as can be[seen fromthe folfowing
ngll,%v..?: L'=M:G-leading-30-R'=M-d*Glagging.Here-th i.m:e.n.si_Jt\,r;’iQ 30

Goreferdblyvaried in depéndence én Ghe deldy.tie of thé délayingm@ans 0. 9

56 so that a larger decrease of the intensity of the audio input signal 54

T;Ray 35 b§1 a&hiev,ed WE'_[h shorter d&jla tirr18e. Adva tageous combinations
St del&y imes arfd Hiepértaifiiy gdit factos aferstimmalized in fthet e for
SBHOWIhG table me2@ Daldy(pis) 396 9 3 2 AT 3 Galh fact6n@5AE65 9851ribed

#6098 09 The scaled signals may dhen he arbitrariy mixeds #a{=5 described
exam le by means of one of a center-side encoder described above or

any of the other mixing algorithms described above, Therefore, by the

scaling of the signal, the precedence 10 effect is avoided, by reducing the

Iﬁ_mp@faltydeaohh}g c@m_pcuml_iimi@s inteénsity =T hisi serves torgeneratea=dence
Signal. by means of mixing, which dogg E'%gem%@”y smear. e, Youseading

transient portions contained in"the signal and in addition does not se
SR RS Ted Corruption ofthe™ 15 SundithpressiGt By Tnelfs of e rate &
prgcedenceieffechrtig o8 schematicallyrshowsdareexampletafarcingéitivesmea r

the transient porticns contained in the signal and in
addition deoes not cause any undesired corruption of the

sound impressiocn by means of the precedence effect.

Fig. 5 schematically shows an example of an inventive
method of generating output signals based on an audic input
signal 54. In a combination step 80, a representation of
the audico input signal 54 delayed by a delay time is
combined with the audic input signal 54 =0 as to obtain a
first output signal 52 and a second output signal 54,
wherein, in a first time Interval, the first output signal
52 corresponds to the audio input signal 54 and the second
output signal corresponds to the delaved representation of
the audio input signal, and wherein, in a sscond tims
interval, the first output =ignal 5Z corresponds to ths
delayed representation of the audio input signal and the
second output signal 54 corresponds to the audio input

signal.

Fig. 6 shows the application of the inventive concept in an
audic decoder. An audio deccder 100 comprises a standard
deccorrelator 102 and a decorrelator 104 corresponding to
one of the inventive decorrelators described above. The

audio decoder 100 serves for generating a multi-channel
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method of generating output signals based on an audio input signal 54. In

a combination step 90, a representatidhlof-20 the audio input signal 54

delayed by a delay time is combined with the audio input signal 54 so as

to obtain a first output signal 52 and a second output signal 54, wherein,

in a first time interval, the first output signal 52 corresponds to the audio

dupersignalshand the second2b odtput sigral cewespehndsito thexemplarily

delayed representation-of 1 the apdio iputsignahanckwhergin, it acignat is

secgggglénde gg%ré/%l, tgg fltilsr'%oul%lgis&gngIIESZ corresponis tzé%e which

Gelayed representation of the audio input SigRar antrthe*second oltpath:  @s

SIGal 54D re3poRd S5 the ab@ict ihpuf 38 sighatdsigds dhews e ator 102

applieatiomotthe inventivedzonseptina agdigdegaderrAnaudio art, and
oder.100 ri . sta correlator, 102 and a decorrelator

t%géd:f c(%)%r?%%é%o(r%oinegt%%z%%e %%’t%lg% i%@é%ﬁveg &correlators described” -279a1¢

SoRET ?Hétéfﬁdio%d&odé? 108 seted ot GeneRiing a Alulti-ehaArelian  and

0utputsignal<l0f whiels inthe casecshonn exemplardy exhibits svotransient

&hapaels. The mult- §h0mpyb§9nwi%ﬂgg?“negﬁg§edﬂahﬁq—channel

audio in§ut signal 108 which, as shown, may be a mono signal. The

SStEAFE A et bhRiatof 355 Bdotrespohids 1 the aBEdelafis ®Bivn ks also
fsrio? Bt andnthecaudigeetoder ismadesyctethatiteises the standard input
Sdegorrelatant0 in astandard moda,efoperation,and alternatively uses

the decorrelator 104 with a transient audio input signal 108. Thus, the
multi-channel 10 representation generated by the audio decoder is also
HoggiBletihigoodidqualiytin thespreserfcecof tignsiamt ifput dignalsandiore  the
transient downmeixsignsls cHhereforedtis the basigigtentiends-tousethe  ang
eexinuenie desgrreplors when siropgly decorieldied anq ArapRiEtt s e
signals are to be processea. If there is'the

chance oI recognizing transient signals, the inventive

(ma

decorrelator may alternatively be wused instead of a
standard decorrelator.

If decorrelation information is additionally available (for
example an ICC parameter describing the correlation of two
ocutput sgignals of a multi-channel downmix in MPEG Surround
standard), same may additionally be used as a dscisive
criterion for deciding which decorrelator to use. In the
case of small ICC values (such as values smaller than 0.5,
for example) ocutputs of the inventive decorrelators {such
as of the decorrelator of Figs. 1 and 3) may be used, for
example. For non-transient signals (such ag tonal signals)
standard decorrelators are therefore used so as to ensure
the optimum reproduction guality at any time.

I.e., the application of the inventive decorrelators in the
audio decoder 100 is signal-dependent. As mentioned above,
There are ways of detecting transient signal porticns (such
as LPC prediction in the signal spectrum or a compariscon of
the energies contained in the low-frequency spectral domain

in the signal to theose in the high spectral domain). In
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chance of recognizing transient signals, the inventive decorrelator may
alternatively be used instead of a starkdard decorrelator. 20 If
decorrelation information is additionally available (for example an ICC
parameter describing the correlation of two output signals of a
multi-channel downmix in MPEG Surround standard), same may
nadditiahatly beruseteasia deeisivel25seriterionefor decidmgamhichsms already
dacorrelator 1q,use. Inthe Lasefsmall ICCvalues (SUchRsValyes example
sgnalle;rrthan 0.5, for exam Ie}loggpﬁutg of the inventive decorrelators (such d
“as of ttie-dScorrelator bf&ﬁ;s. Cand @)"r%léys/ beffsed, YO ex%}ﬁ?p\f@ htioné
aqer-fransientsignals (swdkeastorral sigaalsn30 stehdart decorretdtorsiare  In
dhereformused somas:to ensesthe-eptipumyeproduction.guality aL aBYce  of

dime e, the application of.the nventiye deconelators in the audip. ooy ¢
decoder 10078 ignal-é)epend%n? 'As mentioned a ove, 35 fhare are

Auays 6f- deté&ing framsieht EigRal pbrions &tek B8 1aEa predidtiof iftheutput
cSighalspectramearsa éamparison of the energies contained in the
low-frequency spectral domain in the signal to those in the high spectral
domain). In - 22 many decoder scenarios, these detection mechanisms ,
ESTrEMRIy = BxistHr may e impRémenttéd in %@ﬁﬁ@ma%?éﬁ%%xaﬁ%@cmon
zofadreadyrexisting indicatorssare thelgbaksmentionE@ =corgtationuord, where
&@er@@ﬁgmmﬁg&g{aﬂ;wﬂa‘o@ 5@@'“@'%0 the simple recognitione  zor
ng the presence %;;:‘ Jﬁnaeq signa| gortlops, th%se?paraineterwgﬁma)! be o
Set o~ &ontrol the Mitensity of the dectTreldtiBR ST ThE Suiptt Thannels 1
ngenekztedt SCExangpies oftthe ude ‘ot alkeady existingeleretfiested both on

@Hgorithps dertrapsient sigralsare MREG Sugound, where the comeol sormer
Iformation.qide STE ool is suifsble for deipcfign and e pter ehauel o ca,
which is evaluated by the audio decoder 100 so as to switch
to and fro between the different decorrelatcrs. If the
signal-processing scheme of the audioc decoder 100 is based
on overlapping windows for the reconstruction of the final
audic signal and if the overlapping of the adjacent windows
(frames} is large enough, & simple switching among the
different decorrelators may be effected without the result

of the introduction of audible artefacts.

If this is not the case, severzl measures may be taken o
enable an approximately i1naudible transition among the
different decorrelatecrs. For one thing, & cross-fading
technique may be used, wherein both decorrelators are first
used in parallel. The signal of the standard decorrelator
102 1s in the transition to the decorrelator 104 slowly
faded out in 1ts intensity, whereas the signal of the
decorreiatcer 104 1s simultaneously faded in. In addition,
hysteresis switch curves may be used in the to-and-fro
switching, which ensure that a decorrelator, after the
switching thereto, is used for a predetermined minimum
amount cof time 30 as to prevent multiple direct to-and-fro

switching among the variocus decorrelators.
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may be used. Here, the detection may be effected both on 15 the encoder
side and on the decoder side. In the fartner case, a signal flag or bit
would have to be transmitted, which is evaluated by the audio decoder
100 so as to switch to and fro between the different decorrelators. If the
signal-processing scheme of the audio decoder 100 is based 20 on
overlapping windows for the reconstruction of the final audio signal and if

Tthe avedappipg of the adjgeentyndews (kames)is large@noughyarception
simple switching among the different decorrelators may t‘)%e%effected ‘e

pvwh’oﬁ)tiﬁ TESUIt of the mtroduction B audibldarEtacts. ¥8Fthis i€ nét STont
dpeccase ] s6RsTal mBaslireamay be taken to enable an approximately
inaudible transition among the different decorrelators. For one thing, a

T§rogs-fading t%%ﬁ%ﬁ%@% £)$ used, wherein both decorre%ors are {ﬁ;e%% five

30 used In par nal of the standar&%gcorrgﬁtor, )2 is in ‘
I B REBaTeIAD1 T04 oy MEREd Butin RPMSSI? oy ide”
sthersignal ef the decoxretbtonb@4 isasimnitaneously fagdedsinchadditiorsmount
Jwystergsisswitch.curves may:-he used g to-and-fra 3a switching, , ., 1o

which ensure that a decorrelator, after the switching thereto, is uSed for a

£

“SretetetAtived mitintih BRTSUR of e S8 as o5revent thulfipietitectt the
docard-froadwitching amony thearadioos decamelatorsic28 riaadditiondd  the

dbeameiume effects,otherperception qsychological effects may;ocCule a2t ed
s:Wh?rc': gif _rent eetcogelagg%s are used. %‘Q]Ci%is pg:rgticulr_rl the case as fial

the inveritive eCoMelatorns are aBFe to génerate a §pecﬂ?%§lly "Wide d
PSOUFRIAIERE - In Bldowrastreath riixerhakixi alcefainanidun ofbx matrix are
wdecoreelated signal isadded te a direct Signabireth@entioned correlation
parameters transferred and/or other spatial parameters.
Therefore, pricr te the switching to an inventive
decorrelator, the width of the sound field may at first be
artificially increased by altering the coefficients of the
mix matrix such that the wide sound impression arises
slowly before a switch is made to  the inventive
decorrelators. In the other case of the switching from the
inventive decorrelator, the width of the sound impression

may likewise be decreased priocr to the actual switching.

Of course, the above-described switching scenarios may alsoc
be combined to achieve a particularly smooth transition

between different decorrelators.

To summarize, the inventive decorrelators have a number of
advantages as compared to the prior art, which particularly
come to bear 1n the reconstruction of applause-like
signals, 1.e. signals having & high <transient signal
pertion. On the one hand, an extremely wide sound field is
generated without the introduction of additional artefacts,
which i1s particularly advantageocus in the case of
transient, applause-like signals. As has repeatedly been

shown, the inventive decorrelators may easily be integrated
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10 four-channel audio reconstruction. Here, the amount of the

decorrelated signal and/or the dominanée of the decorrelated signal in the

output signal generated typically determines the width of the sound field

perceived. The matrix coefficients of this mix matrix are 15 typically

controlled by the above-mentioned correlation parameters transferred
iandiérethey spatialtparamelersb Thkrefors, prortdtheswithimptosarmnd may

dpuentive degorrelator the width, ofthersound fieldmay abfist B8t in these
artificially increased by altering the coeglments of the 20 mix matrix such

IRGEHeWidE SodHd i%ﬁregﬁgﬁ Biges YowlyHerBid s switch g wadeth °F @
sthetimventiVEx eleporelators. i iife oitidrazse 'of e siitchingsfiom thexisting
dveive deceretaior henwidth ofthe seund impression imay. likewise be £orm
Secreased ior o the actual switching, 25 Of courses ther, qq:cion,  che
above-describe swfc%mg scenarios'may also “be combined to achiéve a

igarGENaNy seBtePansiins BéfvebR difereht Hecsirsiainrs 130- 76 making
summasze, thadnventiggndecorrelatoss have amumbies of aslvantages aspower

a@ﬂ&%ﬁ?é? ths?oprjuq{g{t,’ WPB:P p@lrltécu@r{lyn%?m%g) %%éﬂéq%e investing

reconstruction of applause-like signals, i.e. signals having a high transient

dignaf pottiore oﬁ%e%%%%%?a@é%érem€®Mid€“§ouﬁ Réfd is445 19, the
gihetdtedadithoutsthe introductiomefagditional artefdcts, whieh is inventive

Jfacticulary. adyantageous inithecase of transient, applause-like signals.

As has repeatedly been shown, the inventive decorrelators may easily be
integrated - 24 in already existing playback chains and/or decoders and

Fday even ba:comrsiieddsywarameterssalrady presernitin thesecdepodersnted
w0:as to-aghieve the eptirasadeproduetion of a signal.Examplesafithe which
integration into sgcg exisfing 5 decoder structgrea have ep,,[ewousllly lieen .
alie reﬁqre]sen e N seguence o LeCrete samples, this
givenin the form

only serves for betfter understanding. The inventive concept
is also zpplicable to continucus audio signals, as well as
To  other representations of audic signals, such as
parameter representations in frequency-transformed spaces

of representation.

Depending on the conditions, the inventive method of
generating output signals may be implemented in hardware or
in software. The Implementation may be effected on a
digital storage medium, in particular & floppy disk or a
CD, with electronically readable contrel signals, which may
cooperate such with a programmable computer system that the
inventive method of generating audio signals is effected.
In general, the invention therefore alsc consists in a
computer program product with a program code for performing
the inventive method stored on a machine-readable carrier
when the computer program product runs on a computer. In
other words, the inventicn may, therefore, be realized as =
computer program with a program code for performing the

method when the computer program runs on a computer.



of Parametric Stereo and MPEG Surround. In addition, the inventive
concept manages to provide decorrelators making only extremely small
demands on the computing power available, so that, for one thing, no
expensive investing 10 in hardware is required and, for the other thing, the
additional energy consumption of théfinventive decorrelators is negligible.
Although the preceding discussiom:has.mainly been presented 15 with
respect to discrete signals, i.e. audio signals, which are represented by a
_sequence of discrete samples, this only serves for better understanding.

- TheliRbérthe  8oicept i8 alsd appiicable B catitinudusaidio SigRa, 45 2
wellzag! to otheroreprésantationsofaddibrsignals, such as 20 parameter
representations in frequency-transformed spaces of representation.
Depending on the, conditions, the inventiye method of  generating,outpyt
signals may be implemented m_rWardlware or 251n software. The .
impleRretitatiorPifay beeffattéd o a digital-storade Hfeditmilin pafticaiar-©
a floppydisk=arga 0D, with efectronicallyyeadable Lontrol signalsawhielrond
may,, cogperate such with,a;prograpamable, compyter-systemdhatthe -yq: o
inveggv% #meghodnoflgegerc?tin%%udg)eﬁignglg isreffefé%q,-é% In general, .
the mv%nﬁor_] tﬁ%reafor_e alilsg consists in a”’computér program product' with
a progfarfi codfor peFforming” #fe ihventive method stored on a
machine-readable carrier when the computer program product runs on a
computer. In other;words, the.inyention may, therefore.be reglized asia 41
35 computerggogram with a rogram codgfor e{_[forminrg thg method - s
when the C%Omﬁ&térrlsproagréjn% rins on & compf]]t F 25 EHaims Deécor fAtor®
for generatifi§ outpidtisignalsbasedséran’ audiodinput:Signat comprisingrut
a mixer forsgembining a:tepresentatiop of the-audio of more than 50

percent of the delaved representation of the audio

he

input signal, and wherein

in a second time interval, the first cutput signal
contalns a proportion of more than 50 percsnt of
the delaved representation of the audic input
signal, and the second output signal contalns a
proportion of more than 50 percent of thsa audio

input signal.

Decorrelator of claim 1, wherein, in the first tim2
interval the first output signal corresponds to the
audio input signal, and the second output signal
corresponds tTc the delaved representation of the audio

input signal, wherein

in the second time interval, the first output signal
corresponds toe the delayed representation of the audio

input signal and the second output
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input signal delayed by a delay time with the audio input signal so as to
obtain a first and a second. output signal having time-varying portions of
the audio input signal and the delayed representation of the audio input
signal, wherein in a first time interval, the first output signal contains a
proportion of more than 50 percent éf the audio input signal and the
secend Quiputs sighabcantains.a prepertionof mere:thandh0 percent of
the delayed representation of the audio input signal, and wherein in a
second time interval, the first output signal contains a proportion of more

- tharP 56 peféent ot thedefdyed represéntation of thé atdio fidpdt sighar 72+

and#he secord outputsigral centaims a bpopontiortofumdre thaphs0 end of
percent okthesaudia riaput,signal=2. Decarrelateref claimbl,owhergis in and
the fc”%i% time interval the first outout signal g?!qres%%%d%%thgfa%%'& DR o
signal, and t%e second output ﬁgnal Qorgée\zﬂsjfion s to the delayed o
reprelBHtation-6fthe afidid inpit sighaf Wiereft i theSeconddime”t  the
intervad} ithe firstoutput sighal «worresponds to the delayed representation

of the audio input signal and the second output. 26 signal corresponds to
the audio input signal. 3. Decorrelator of claim, 1, wherein, in a begin.__
interval %Thdlannt%gh fnterval ai%eelgga(iinnf)n%tgﬁ(? att .%eenbdle of {he*ﬁlfé e '
timefintervdl e thefitst ‘otitfut’signat and “he séédnhd ouiptit igrafcontain tRe
portiohs=af thesaudio input:signaland thepdeldyed representation iof thenput
audip;ipput signal; whereun.in-an;intermediate: interyal-betwesn the-begin .
”“egglayed representation of the audic input signal; and

wherein

in a begin interval and in an end interval at the
beginning and at the end of the second time interval,
the first output signal and tThe second output signal

g

contain portions of the audico input signal and the
delayed representation of the audio 1nput signal,

wherein

in an intermediate interval between the begin interval
and the end interval of the second time interval, the
first output signal corresponds to  the delaved
representation of the audic input signal, and the
second outpul signal corresponds o the audio input

signal.

Decorrelator of any one of ciaims 1 to 3, wherein the
first and second time intervals are temporally adjacent

and succesgive.

Decorrelator of any one of c¢laims 1 to 4, further
comprising a delaying means so as To generate the

delaved representation of the audic input signal
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and the end interval of the first time interval, the first output signal
corresponds to the audio input signal, and the second output signal
corresponds to the delayed representation of the audio input signal; and
wherein in a begin interval and in an end Interval at the beginning and at
the end of the second time interval, “the first output signal and the second
output sighak -eontainportions=of thelavdionnput sighahand the delayed:iay
representation of the audio input signal, wherein in an intermediate

interval between the begin interval and the end interval of the second

time interval, the first output signal corresponds to the delayed

- représentationfthe addicdnput sighalcandihé 18econd outpubsigrialrther

correspends tmthesaudionppute signak 4. Decosrelatos of any onedfs ity of
claimpg 1 to 3, wherein Ftﬂﬁp@rét a”%%?%%ﬁd time interyals ar@htgmpoé%”yayed

adjacent and successive, 5. Decorrelator of any one of claims 1 to 4,
fUrthetPESmphisig & defdying méand'so a81o'gefierHté the delayed

representation of the audio input signal 27 by time-delaying the audio

.input.sighal by the delay time: 8. Recayrelator of any. one of claiM$d10:5,1

further, GQmprising sgaling means, 50 2 o alteran injenpity of g audig., .
mpu% &gna?ang or the g’élayed representation of the audio input signa 7

Decérelitor of Claifi B> WHerER the'scafiffy réans is datffigiredito sEde @
the intensity ofitheraadio input signaliinidependenceontthe delayitimeinput
suchsthat & largerdegrease inithe intepsity ofthe;audio inpule .

Decorrelator of any one of the preceding claims,
further comprising a post-processor for cgombining the
first and the second cutput signal so as tTo obtain e

.

first and a second post-preocessed output signal, both

ot

the first and the second post-processed output signal
comprising signal contributions from the first and

second output signals.

Decorrelator o¢f claim 8, wherein the post-processor 1is
configured to form the Ifirst post-processed output
signail M and the second post-processed output signal D
from the first output signal L' and the second output

signa: R’ such that the following conditicons are met:

M= 0,707 x (L" + R}
G6.707 ® (L' - R").

!
It

10. Decorrelator of any one of the preceding claims,

wherein the mixer is configqured To use a delayed

representation of the audio input signal the



signal is obtained with a shorter delay time. 8. Decorrelator of any one of
the preceding claims, further comprising a post-processor for combining
the first and the second output signal so as to obtain a first and a second
post-processed output signal, both the first and the second

pos--processed output signs'- comp?r%ing signal contributions from the first
anddseegnd: output Signals:9. Decorretatoroftclam 8, wherein theess than
post:progessor is configured to form the first post-processed output

sig

nal M and the second post-processed output signal D from the first

output signal L' and the second output signal R' such that the following
11 eonditions e et ME G707k (L) +YR: End! DF290. Pe7 (i L R 1gnounts

De

cotrefator of any ohe afihepreceding claims, wherein the mixer is

configured to use a delayed representation of the audio input signal the

28

delay time of which is greater than 2 ms and less than 50 ms.

. hich is han 50 ms. 11,

12 Decdffeiator of Eiaim 7, whérein thedelay time"afouRts 163167 9, 19218
or 30vAs£12, Dideorrélatoriof afy oie! 6 thersréceding slaimis,e wiiereif1c 1o
the mixerds configured togembine.an audiocdnput-signal eangisting oind =
discrgte samples and.a delayed representation of.the;audiq input signal.,, -

consisting of discrete samples by swapping the samples  of the audio

inpUt Sigiial Bha%he safhplés bF fhe® tdkayed repreSEAtItion‘of the atdis’- =2

e

[

[

inp

ut Sigriale 13aDecorrelator bf apyonelof thecpreceding elaimss whéreinhe

the mixersjis gonfigurectto-combinedthe-audie input sigpak: apd-the delayed
representation of the audio input signal such that the first and second

) tim

eDecorrelator of any onz  of the ypreceding claims,
wherein the mixer 1s configured to combine the audioc
input signal and the delaved representation of the
audio input signal such that the first and second time

intervals have the same length.

Decorrelator of any one of the preceding <lains,
wherein the mixer 1s configured to perform the
combination of the audio input signal and the delayed
representation of the audio input signal for & sequence

of pairs of temporally adjacent first and second tim

M

intervals.

Decorrelator  of  claim 15, wherein the mixer is
configured To refrain, with a predetermined
probability, for one pair of The sequence of pairs of
temporally adjacent first and second time intervals,
from the combination so that, in the palr in the first
and second time intervals, the first output signal
corresponds to the audio input signal and the second
output signal corresponds to The delayed representation
of the audio input signal.



16

i)

18.

19.

intervals have the same length. 14. Decorrelator of any one of the
preceding claims, wherein the mixer is configured to perform the
combination of the audio input signal and the delayed representation of

the audio input signal for a sequence of pairs of temporally adjacent first
and second time intervals. 15. Decofrelator of claim 15, wherein the mixer
is configured to:refrairt, witheapredeterminéd prebahikityy for lonenpaireaf s
the éSHE%%%%QEDa&Yé of temparally adjacentfirstand secondtime, -« ne
intervals, from the co%n Dination so tt;atﬁ in thelpalr in the ffur§t and secon
time" intervils, the' firs ouﬁ)eut L‘sTgmneaI *élorfééfp%nsds]tg tie aﬁdi%”lnﬁﬁt*é“igr?al i
andihesecond cutpiftsigial cofresponds iorthe detdyethvepres@ntatioh ©f
of the aydiorinputsigral 429 r6.-Decasrelator-ohelaimsri4or 15, whereitime

the mixeris configured to.perform the cgmbination.such,that the, time  +; .-
period of the time intervals in a first pair of a first and a second time
intervaf from' thie sequence of time intervals differs from a time period of

the time intervals in a second pair of a first and a second time interval.
17. Decgrrelatoref-any eneHf he preceding claimas, yheretn e timeains,
perigd of ihe, f"%k%”d&f*l%seg%@q otém%i%‘teé}é%'s is;larger than t@%@"(’;é_%%ond

average time period of transient signzri%portlons contained in the audio

input Sifnal I8 Détoiretator 6FA5 o 8l thE e sEdihg Blafilig " Wterdin™e
the timeipetriod of thiexfirst and secand:fime cintervals isclargerithad 10rmsthe
andless than,200 ms; 4:9. Method of generating output signals based on

an audio input signal., comprising:

Decorrelator of any one cf the preceding claims,
wheréin the time period of the first and second tTime

intervals is larger than 10 ms and iess than 200 ms.

Method of generating output signals kased on an audio

input silgnal, comprising:

combining a representation of the audic ilnput signal
deiaved by a delay time with the audioc signal so as to
obtain a first and a second output signal having time-
varying portions of the audic input signal and the
delayed representation of the audic input slignal,

wheraln

in a first <time interval, the first output signal
contains & proportlon of more than 50 percent of the
audio input sigral, and the second output signal
contains a proportion of more than 50 percent of the
delayed representation of the audio input signal, and

wherein



combining a representation of the audio input signal delayed by a delay
time with the audio signal so as to obtain a first and a second output

signal having time- varying portions of the audio input signal and the
delayed representation of the audio input signal, wherein in a first time
interval, the first output signal contdins a proportion of more than 50
peréent of the caudio inputsignat,cand.the sebendbutput sigmabcontainsa L
proportion efdnare than, 30 percent of the- delayed representation ofdhe «yc
audio ilni)ug signal, and Wthetreinﬁ30 in %gecond time jr%;[erygl, thelfi[ﬁt na
outpUt Signal contains a proportior of more than 50 percert of the = *
delayedl represehtatidiPef thelatidie irfistt sigrsl, and> the séednd otfputore
signat eontaing arprepertion efmose:thanH0cpercent;akthe audio input
signal. 20. Method of claim 19, wherein, in the first time interval, the first

20output signal corresponds to the audjo input signal, andﬁge second .

OUtB{?tté?gﬁal CSrresponds to the defaye réﬁreseh?atio% 5 the dltidio -+
inputsigalz wherelrein fhé second-time irftéad thecfirst eaEputdignap the
correspends te he delaygdsepresentatiamef thesaugio inputsignal, éngnal
the second output signal garrespands, to.the audigoput gignal- 21.. .45,

Method of claim 19, wherein, in a begin interval and in an end interval at
the bBgHNirng 3Ra bt tE 8RA 0t the first time interval, the first output
signal and the second output signal contain portions of the audio input

signal, ang the-delayed representation;afithe audiorinput signakwhereiriin, |
an intermediate intepval between the beginitenval. .5 o1 o2 the audio
input signal, and the second output signal corresponds

To the audioc input signai.

Method of claim 19, wherein, in a begin interval and in
an end interval at ths beginning and at the end of the
first time interwval, the first output signal and the
second output signal contain portions of the audio
input signal and the delayed representaticn cf the

audic input signal, whereiln

in an intermediate interval between the begin interval
and the end interval of the first time interval, the
first output signal corresponds Lo the audic input
signal, and the second output signal corresponds to the
deiaved represgentation of the audic input signal: and

whereln

in & begin interval and in an end interval at th

]

beginning and at the end of the second time interval,
the first output signal and tThe second output signal

contaln portions of the audic input signal



and the end interval of the firs- time interval, the first output signal
corresponds to the audio input signal, and the second output signal
corresponds to the delayed representation of the audio input signal; and
wherein in a begin interval and in an end interval at the beginning and at
the end of the second time interval, 3the first output signal and the second
outpuirsignah€ontainportions«f the audic: ihput signalidlk andithes input
delaygd repreggniation of the audio input signal, wherein in an

intermediate interval between the begin interval and the end interval of

the second time interval, the first output signal corresponds to the

delayeda representation of thel atdivvinputsignaleand tive segond ousutval
signah gorrespands tathe audio input: signak 22n Methed: ofiany:one 0f the
claims, 19 to %@Qgion%'B’%ﬁg,@pfi%igg'rggb&%the aydio input signal .. 4

by the delay time 'so as to obtain the delayed representation of the audio
inputSigRar 23" Meéthod bt ary'6ne Bf Ctdims 18t 22 Sadditionally °¢ - the
conprising: akteringthe intensity of the asrlioidput signahandfordtiie input
delayeghrepresentation of the audio input signal. 24. Method of any one of
claims 19 to 23, additionally comprising: combining the first and the

second cutout signal so as to obtain a first and a second post-processed

22 outpiit “sighal “botithe firstsand thesettid post-processed 8ftput~cnatly

3]

2

B2

signafsacantaining contributions of the first and the second output signals.

delaving the audio input signal by the delay time so as
to obtain the delayed representation of the audio lnput

signal.

a2

Method of any one of claims 12 to 22, additionally

comprising:

altering the intensity of the audio input signal and/or

the delayed representation of the audio input signal.

4. Methoed of any one of claims 19 to 23, additionally
comprising:
combining the first and the second output signal sc as
to obtain a first and a second posi-processed output
gignal, both the first and the second post-processed
output signals containing contributions of the first
and the second output signals.

5. Audic decoder for generating & multi-channel output

signali based on an audio input signal, comprlsing:



25. Audio decoder for generating a multi-channel output signal based on

an audio input signal, comprising: 32 a decorrelator of any one of claims ',
to 18; and a standard decorrelator, wherein the audio decoder is

configured to use, in a standard mode of operation, the standard
decorrelator, and to use, in the casé-of a transient audio input signal, the
inventive decorrelator. 26. Computer program with a program code for
performing.the. method of any.ong,ef claims 19:to 24 when the program
runs on a computer. Generation of Decorrelated Signals Abstract In a
case of transient audio input signals, in a multi- channel audio
reconstuetion  dnesrrelatadl ettt sigials e generated from an audio
input signal in that the audio input signal is mixed with a representation of
the aydio input signal gelayed.by.a delay timg sych that, in 2 first tme.arq
interval, a first output signal corresponds to the audio input signal, and a
seCGWdi?)utBEt SiRAITorrespondt o't d8lafed Yeprésentation of the™ ©°
audiesipput sighlal whefeinfinsa §eéond iffe intehval, IR fifst putputl, the
signah¢errespends:to-the-delayed representation of the audio input

signal, and the second output signal corresponds to the audio input

signal. Fig. 2

26.° CompUter program with a program code for performing the
method of any one o©f claims 192 to 24 when the program

runs on a computer.



