National Phase of PCT/EP2008/002945 Title: GENERATION OF
DECORRELATED SIGNALS Applicants: Jurgen HERRE; Jan
PLOGSTIES; Sascha DISCH; Harald MUNDT; Karsten LINZMEIER,;
Harald POPP Translation of PCT Application PCT/EP2008/002945 as
originally filed Generation of Decorrelated Signals Description 5 The
present invention involves an apparatus and a method of generating
deletierat&thasgrdIBANERRPESENAanshe ability of deriving decorrelated
&gﬂ% %NE&AEQN Q6REGING REINSTERSHENAISI reconstructing a four
RRddenLHRAGBTAEMbRzatiba DIShe; derardaltueDT:
WH@MQ eitdRA&I AiPnot result in any audible signal
degradatlon 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 upmix of a mono signal, the
four-channel upmix based on a mono or stereo signal, the generation of
artificial reverberation or the widening of the stereo basis may be 20
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 25 (applause-like signals). This
is specifically the case when the playback is effected via headphones. In
addition to that, standard decorrelators use methods exhibiting high
complexity and/or high computing expenditure. 30 For emphasizing the
problem, Figs. 7 and 8 show the use of decorrelators in signal
processing. Here, brief reference is made to the mono-to-stereo decoder
shown in Fig. 7. Same comprises a standard decorrelator 10 and a mix

matrix 35 12. The mono-to-stereo decoder SErves for convenmygafed-
Translation of PCT Application PCT/EP2008/002945 as originally filed
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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
decorrelator 10 generates a 2 decorrelated signal 18 (D) which, together
with the fed-in 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 maff&*F &dhBRhe8thDaeesFehakrdqfiorednd the

fed-in mono signal 14 so as to generate the stereo signal 16. Here, the
coefficients of the mix matrix 12 (H) 10 may either be fixedly given,

signal-dependent or dependent on_a user input. In addition, this mixing
process performed by the mix matﬁi—séi%&gé@é be frequency-selective.
l.e., different mixing operations and/or matrix coefficients may be

enpleyed foradifferent frequencyi ranges drequengy15-hands) Far this ... 4 o+

pu -i ignal 14 may be preprocessed by a filter bank
so%%%%a%%ﬁ%g &r%%%i%%aetggcor%%?eadq ssignglnfg, is Predeft intgutar  the

filtdF bark Yregrésenttion idvhRATRE Sryriak porticnsypertainington  a  signal
differenefrequency:bamdsi areceactsprocessed separatelys 20 Thecantrol ¢, —
of &he: HRmiX preegss, e, of the coefficients, Offgg mix matrx 12, May be ¢ tne

pe&formed bly ser interaction via a mix contro }JI%eadafﬁ%n}%%t

coefficients of the' mix A&t 12(H) ma alsd baetfetted vialsthedlled'ill  not
"site 25 infrmation" awhich Is transfesrediegethes withrthe fed-in mono
signal 14 (the downmix). Here, the side information contains a parametric

desgription.as to the multi- channel signal generated is to be ‘
genergted r%)m (t:hge%ge%nlﬁ r%%nécgiegn%?lfi heo%ar%fﬁift@d SRRl TREOCessing

spaftidF'sidé 3BaRfrmation istypieay generatst sy anehcbderepiiosto an audio
the mptual dovwnmaix, i grtheigeneration ofdhe fRd-MsMANreof, the stereo
upmix of a mono signal, the four-channel upmix based on a
mono  or stereo signal, the generation of artificial

reverberation 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 is specifically the case when
the playback is effected wvia headphones. In addition to
that, standard decorrelators use methods exhibiting high
complexity and/or high computing expenditure.

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

1s made to the mono-to-stereo decoder shown in Fig. 7.

Same comprises a standard decorrelator 10 and a mix matrix
1Z2. The mono-to-stereo decoder serves for converting a fed-
in meono 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 decorrelator 10 generates a
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signal 14. The above-described process is normally employed in 35
parametric (spatial) audio coding. As an example, the so- called .
"Parametric Stereo" coding (H. Purnhag"en’*. "Cow Complexity Parametric
Stereo Coding in MPEG-4", 7tl'[err] International Conference on Audio
Effects (DAFX-04), 3 Naples, Italy, October 2004) and the MPEG
Surround mﬁtabogd(L. Villemoes; J. Herre, J. Breebaart, G. Hotho, S.

Disch. BBl ageﬁ}&?ﬁj‘orl}nsg: "I@IbE@éﬁﬁouﬁd’:WﬁthEéﬁﬁhgt jsofed-in
stdfiefard fordpatialldudie 2oding?, IAES 28thtH: mntémational-onfereneey matrix
Pitea, Swedenh 2006) usesuch acmethedOpgdypicalexample of 2 1o orren

P tric Stereo. decoder is shown in Fig. 8. In additjion to the simple,
n%%‘%%uer%ﬁ%%%&cecti%g case shown in ﬁ%y 7, thé 48L5der shéthffEas  the

Fig % Eomprisds dn sihalals filtet hank Borarmtia synthests fllter thiarki32.a1 .
This is the case, as here decorrelating is performed in a

fregrigncysdependent manner (in the specfral _g‘émgéngéfg'{;g'és r%?%g@’l 18 and
the Led-lr} mono signal 14 is 15 first split into signal portions for differerit

frequ8ncySFanges B e andhysis filtef baitk 305165 fordksdehr freguedley  Stereo
banddtssowr @ecdteelatedtsignat is:gerierated: anatbgouslyta therexample12 (1)

degeribeck abeve.  additian; {o; the fedsin @Q%gg—n@éﬁénﬁ%@%@ ozt:hedependent

[ mine or var
parameters ggf are 20 trar}sferred, Which serve to deter y

matrix eléments of the mix matix 1288 as {6 ganBrate AdmREacsigiap e r formed
wHich, ByemBatis B el syntRe sis filter bankos?, fis etmamsformed: back inte . 1.e. ,

theitimeedemainspasty fope the istereo:signal 16,28 In addiiaRAbe; et s may

spatial 34.may optignally be altered via a parameter contral
36gsgo aﬁgggﬁgte %%e]gupﬁ%ﬁ gﬁéyﬁ)ﬁhe sgtre?e Ugfé%gl 16 381 9Gifferent reduency
M§Wﬁﬁﬁ)' For this purpose, the fed-in mono signal 14 may be

preprocessed by a filter bank so that sane, together with
the decorrelated signal 18, is present in a filter bank
representation, in which the signal portions pertaining to

different frequency bands are each processed separately.

The control of the upmix process, i1.e. of the coefficients
of the mix matrix 12, may be performed by user interaction
via a mix control 20. In addition, the coefficients of the
mix matrixz 12 (H) may also be effected via so-called “side
information”, which is transferred together with the fed-in
meno signal 14 {the downmix). Here, the side information
contains & parametric description as to how the multi-
channel signal generated is to be generated from the fed-in
meno signal 14 (the transmitted signal). This spatial side
information is typically generated by an encoder prior to

the actual downmix, i.e. the generation of the fed-in mono
signal 14,

The above-described process is normally employed in
parametric (spatial} audio coding. As an example, the so-
called “Parametric Stereo” coding (H. Purnhagen: “Low
Complexity Parametric Stereo Coding in MPEG-4", 7th
International Conference on Audio Effects {DAFX~04),
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scenarios in a different manner and/or optimally adjust the 30 playback

quality to the respective scenario. If the spatial parameters 34 are

adjusted for binaural playback, for exa”r”npie,"the Spilitla| parameters 34

may be combined with parameters of the binaural filters so as to form the
parameters controlling the mix matrix 12. Alteraativelyl/, 35 é?e p?ranwtﬁters

m tered. by direct user interaction or other tools and/or algorithms
(S%Bf%rg é)?arr%léé)@%fee%%%? f’el?ogﬁ, q—flérreff{iﬁrgEﬂ?JiH,Pé%ig?‘iﬁéﬁiﬁﬁﬁ method
Kristofer K6BERS Jerbent Plogsistied , Jdir askternoes, Lars:iMultid, S. Disch,

Channeh.GoesMobiles MREG lﬂf@»knd‘ﬁlgaoées@gﬂgtﬁggbggﬁg' /Z?és%rgﬁ%thcomi ng
Integpatio nce; Seoul, Korea eptember 2 - 4) . o
ou?gt?f1 of m%aéaglh%g‘rfl?n%ﬁs Land R osfotﬁ% lrﬁl‘if mathsc L2 (H) 8 Gbherated i~ 28

the fedin fhohd Sgnat A2 (R HHerthe Fdéctirelated Sighal B9 ([@)asuse such a
foltoviesi dor. example: L h [R Lh2i[err] h22 J D J 10 Therefore, the pprtion pf

the decorrelated signal 18 (D) contained in the output signal _is adjusted in

th% mix  matrix 12. In the process, the mixing ratio is time-varied based

on'the spatialp ra%@f@?épﬂ Yansferfdtt Thesd %Sﬁéi'ﬁﬁfété%wdﬁﬁoﬂs shown
exBplé iBe pafameters destiibingrthet correlation of two ofiginal signals;uency -

(paeraeters;ef t&&%&i@%at}%uaﬁ nMPEG Stgﬂgghaggé;@%gé;}?c’sé Elnﬁn in Fig. 6
example..and, there are referred.to, among other thin o
addition%; ]b%%%}m%?erg%aaw be %r:% erred, WHich fangafitie S0BRBRFLS filter

rafi6S &f twis chahfél§ originallfisresert svhictrare twontained i thesfeekiing i
mera Signak 4 (ICLD and/quiCh jn MBESHSHIFOURM AlCrRAtVeN, OLHL - 43
adgiiion, e maliix elamentsmayhe varied bydiectuseriiput. 25 kol
th% Peneration of the decorrelated signals, a series ofndlﬁaerent meéthiod

havé%%%aﬁgéé¥u§ﬂfo signal portions for different freguency

ranges by the analysis filter bank 30. I.e., for each
frequency band its own decorrelated signal is generated
analogously to the example described above. In addition teo
the fed-in mono signal 14, spatial parameters 34 are
transferred, which serve to determine or vary the matrix
elements of the mix matrix 12 so as to generate a mixed
signal which,.by means of the synthesis filter bank 32, is
transformed back into the time domain so as to form the
stereoc signal 16,

In addition, the spatial parameters 34 may optionally be
altered via a parameter control 36 so as to generate the
upmix and/or the stereo signal 16 for different plavback
scenarios in a different manner and/or cptimally adjust the
playback quality to the respective scenario. If the spatial
parameters 34 are adjusted for binaural playback, for
example, the spatial parameters 34 may be combined with
parameters of the binaural filters so as to form the
parameters controlling the mix matrix 12. 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; Kiorling, Kristofer;

Koppens, Jercen; Plogisties, Jan; Villemoes, Lars: Multi-
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Parametric Stereo and MPEG Surround use all-pass filters, i.e. filters

passing the entire spectral range but having a 30 spectrally dependent

filter characteristic. In Binaural Cue Coding (BCC, Faller and Baumgarte,

see, for example: C. Faller: "Parametric Coding Of Spatial Audio”, Ph.D.

thesis, EPFL, 2004) a "group delay" for decorrelation is proposed. For

this purpose, a frequency-dependent group delay is 35 applied to the

signat By alte g theioirases: in iFE BFTu spectruin bf tireisighalRFhatEising . AES

differht fregeienay ranges 5aredelayed fordifferent periods ot iME. septemper
Sugh.a method usually falls under the category of phase manipulations.

In addition, the use of simple delays, i.e. fixed time 5 delays, is known.

This method is used for generating surround signals for the rear speakers

in &ffeursctianrel ccorfigeration; ferlexampledssas to deeorrglatersamey 12 H)

fromy the.frantsignalsasfar erceptiop is concerped. A. typical such
maIrix%%rro nr% S stem%ﬁgoﬁgepP%%g%ll 1pwv€hi§ﬁ8§§sla%r%le glgfayand the
froP8 2016 FHE for the'1Bdr ARCibD ChamElS, SitHa ShfgleXamoLe :

implementation may be used for creating a decorrelation of the front and

reaispeakershas e is substantially less critical, as far as the listening
expgr éﬁq@ iSi£0 ed, than the decorrelation 15 of left and right
channels. This bstantial importance for the "width" of the

reconstructed signal as perceived by the listener (see: J. Blauert: "Spatial
hearing: The psychophysics of human sound localization"; MIT Press,

RevVised ddifisn, 1997). 20 FHePoptifar Heorrtationrmbtics desarised 18 (D)
above exhibitd the following sulistantialsdrambackss- spactialcoloration efe  mix
the sigpal(comb-filter: 23 eﬂ?&%é@‘?“%'%ﬁ%ﬁ?&" gngoSig%al time-varied
based on the spatial pérameters 34 transferred. These
barameters may, for example, be parameters describing the
correlation of two original signals {(parameters of this
kind are used in MPEG Surround Coding, for example, and
there are referred to, among other things, as ICC). In
addition, parameters may be transferred, which transfer the
energy ratios of two channels 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 series of
different methods have so far been used.

Parametric Stereo and MPES Surround use all-pass filters,
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 Audio”, Ph.D. thesis,
EPFL, 2004} a “group delay” for decorrelation is proposed.
For this purpcse, a frequency-dependent group delay is
applied to the signal by altering the phases in the DFT
spectrum of the signal. That is, different frequency ranges
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- disturbing echo and reverberation effects - unsatisfactorily perceived
decorrelation and/or unsatisfactory width of the audio mapping 30 -

repetitive sound character. Here, the invention has shown thqt it‘is ir)

particular signals having high temporal density and spatial distribution of
transient events, which are transferred 35 together with a broadband

noise-like signal component, that represent the signals most critical for

this tpe ot Sigial dro€esding: orreiis i pariediar the caéador applduse- method
like Signaly p6sseissing therahove-mentigned propertiess 6 Jhisiis duetoons .

the fact that, by the decorrelation, each single transient signalh(event)

may be smeared in terms of time, whereas at the same time the o
no%é-liﬁé%%%%ﬁ%’un&&e rend&red Spettiaity Bolstedaiieto éomb-filfdred  time
efféetss BSwhichds easyto perdéive asreechange inghesignal'srimbreget@ rating
SummaﬂZ@}dheSK@QWQge%Eelatt% %diss?wﬁ&%ne?ﬂe g-lefourwahamnel

' 0 to generate the require

bove-t d artefacts or else are unable
geﬁgggggé%g%&%%ong% is@eﬁ%%i%ﬁy t6'Be AStedth&tAfstenifg ¥fe same from

headphohes™ s générally nore crifieal thien listeningptiaspeakerscbocerned. A
thisyreasar, the:ahovexdescribed.drawhacksare sglevant in 18 pasicytar 5 - 11,
for, appiicaligns hat generallyyiequire istening by neans ofheadphones. ;¢
This is generally the case for porta lfe.play ack devices, which, _ i

additio Have aI5f enérgy&EpIs onhRn A THIS RbAteke thenggmpstingsed  for
ca@a@wthi;:haha@ambersﬁaumntheQOtdm:oqedﬁti@na§1@IS@ea§k speakers as
impgrtant aspect;, Mast0f the 1known decorre Ppi%g?_mhmﬁssarefar as the

exirgn%%l)/l computation.all;qI intensive. In an implementation these

therefore rféaﬁireegpfgl‘%ﬁ\efe G high®numibEr ot taftulatioR "opehatioAg cmkeRlat ion

reSdlt intfaving ®rdse fasepfocesborsnels. This is of substantial
importance for the “width” of the reconstructed signal as
perceived by the listener (see: J. Blauert: “Spatial
hearing: The psychephysics of human sound localization”;
MIT Press, Revised edition, 1997).

The popular decorrelation methods described above exhibit
tne following‘substantial drawbacks:

spectral coloration of ﬁhe signal {comb-filter
effect)

- reduced “crispness” of the signal

- disturbing echo and reverberation effects

- unsatisfactorily perceived decorrelation and/or

unsatisfactory width of the audio mapping

repetitive sound character.

Here, the invention has shown that it is in particular
signals having high temporal density and spatial
distribution of transient avents, which are transferred
together with a broadband noise-~like signal component, that
represent the signals most critical for this type of signal
preocessing. This is in particular the case for appliause-

like signals possessing the above-mentioned properties.
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25 which inevitably consume large amounts of energy. In addition, a large
amount of memory is required for implementing such complex algorithms.

This, in turn, results in increased energy demand. 30 Particularly in the

playback of binaural signals (and in listening via headphones) a number of
special problems will occur concerning the perceived reproduction quality

of the rendered signal. For one thing, in the case of applause signals, it

is Partculafly fBortant i 8orieedy rérier 35 thie atieck ot eacheladping:, each
evelt sdasmoite carruptsthgnansientevent..A decerrelatos is-therefore, rs o

reguired, i es.no ear ttack in time interms of time, i.e. ,
wr%%ﬁ%be%%%%it?ijtgartﬁﬂ%mgp%?ge”? ?gger%?v% 7% Sé%?tér%?t%ﬁ@gowd 5
deseriBed Ehovel Whiditintroduce! fredendyiependentifoun délay, apdfects,
alvpassifilters ire generabareaotsditableder this purpase. iniaddition, itsisgnal’ s
necessaky to avoid a repetitive sound impression as is 5 caused by a

simple time delay, for example. If such a simple time delay were used to
generate a decoded signal, which was then added to the direct signal by

meéans SFARFX Imatrix, tHesresuit would seurtrextiemelyrepetithiecatd  either

th@Eﬁb‘f@.ﬁfﬁi@’laﬁlM@: %@h&?«-&t@%@ Q@l@é’d? §g{@i§§_@é@§e@?‘§ra§§%e are dunable
camb-filter effects, i,e. undesired spectral colorations in the reconstructe
signal(.gA uesegln sir’%Bﬁé tfr%g%¥§y§ iﬁea%rd?t?onorfeasﬁgﬁsc %rtﬁ%% RAGWA

precedence effect (see, for example: J. Blauert: 15 "Spatial hearing: The

psychophyesigseafihuiman sound:localizationt; MITIRIesenRevised £di{ioRaphones
1997) ;eame; originalgs.from.the fagt th gﬁbeg%&'ﬁstae”ﬁgl%’f channel vevs. ror

Ieagli;[lg in terms of time and an output channel followin ‘terms of fime

wher & shfipietine B8Ry 30086 CRRERIRER 20earpErksives theldtigimant in
offstolhecarsound drcen objeep int thatispatial ditgetion frgerwhichlitfirst require

hears the: naise.ohe. nibe:signaksolse s iereaived-n that ditectiondn .1 1y the
case for portable playback devices, which, in addition,
have a low energy supply only. In this context, the
computing capacity which has to be spent on  the
decorrelation is also an important aspect. Most of the
known decorrelation algorithms are extremely
computationally intensive. In an implementation these
therefore require a relatively high number of calculation

operations, which result in having to use fast processors,

wnich inevitably consume large amounts of energy. In
addition, a .large amount of memory 1is reqguired for
implementing such complex algorithms. This, in tuzn,

results in increased energy demand.

Particularly in the playback of binaural signals (and in
listening via headphones) a number of special problems will
occur concerning the perceived reproducticn quality of the
rendered siggal. For one thing, in the case of applause
signals, it is particularly important to correctly render
the attack of each clapping event so as not to cerrupt the
transient event. A decorrelator is therefore required,
which does not smear the attack in time in terms of time,

il.e. which does not exhibit any temporally dispersive
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which the signal portion of the temporally leading output channel (Ieao!ing

signal) happens to be played back, 25 irrespective of Whe.the_r the spatial
parameters actually responsible for the spatial allocation indicate .

something different. It is the object of the present invention_to provide an

30 apparatus and a method of decorrelating signals which_ improves the

signal quality in the presence of transient signals. This object is achleyed

by d'déé6rrel4tot tactordihg 16 S35 clalfs EahBecmethod of gerefating introduce
detorrelated sighaissadeording to ¢lainid 62§  Hesathepreseatinventionz 5 iy,
is based-an the finding that, fagtransient a&ﬁqkoslngtlﬂ%s' nas, %%Coagrgecgaltggon, it
output si%nals may be generated in that the audio input Sighal'is mixed _
with a Peeprgééﬁtﬁﬁ%nt& tA& AtdioAnpiRRSdral bV delSRdsy 4 Bekgmen as is
su€h #¥aslin avfirse tinsé ripterval; arfirstdeitpuy sigial:corsespands to the  such 2
augdioninput signal apd a-secend outpyysignal coprespends fo &g%od%%yesdigna 1,

representation qf the audio input signal, wherein, in a second time .

int%ﬁfa%ﬂthgafﬁs%guetﬁuta5|é) a E(fcgﬁgséjdrfag% e dBfYelY means of a mix
represéntatiort bEthe agdibt inputsighabandithe secargheltputsignalitive and
cotresperds o the audie-input signal In gtheg words, WasSIgnals i v sqqition

de o] h r 15 are derived from an audio input signal
sugﬁgﬁgg 1%%‘[!! a %r%g%e?a&];g%ecropyeiff%ﬁg autio inpdt sighars gehefatedPectral

TheR1RE o BLipdtsighials 26 geRerated fithat #ie2audio input signal

and the delayed representation of the audio input signal are alternately_

usgd fog dhe;two 9&1&@4eZOtSiiQ{%a'Sdé'lQJE“GSH-ES‘?E%H%E@?G”%%%% A0S 5 the

m%%%sw@atgfggcseeéles o sar@%lgcszé)f tr(]gé)g:[pUthc!%nagxeggpalltgnaC,?.y Blauvert:
“Spatial hearing: The psycheophysics of human sound
localization”; MIT Press, Revised edition, 1997). Same
originates from the fact that there is an output channel
leading in terms of time and an cutput channel following in

terms of time when a simple time delay is used. The human

ance e

ear perceives the origin of a tone or sound or an chiject in
that spatial direction from which it first hears the noise,
I.e., the signal source is perceived in that direction in
which the signal portion of the temporally leading output
channel (leading signal) happens to be played back,
irrespective of whether the spatial parameters éctually

responsible for the spatial allocation indicate something
different.

It is the object of the present invention to provide an
apparatus and a method of decorrelating signals which

impreoves the signal quality in the presence of transient
signals.

This object 1is achieved by a decorrelator according to

claim 1 and & method of generating decorrelated signals
according to claim 16.
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used directly from the audio input signal and from the 25 delayed

representation of the audio input signal. For generating the decorrelated

signal, here a time delay is used which-isgfrequency-independent apd

therefore does not temporally smear the attacks of the clapping noise. In

the case of a time-discrete representation, a time delay chain 30

exhibiting a low number of memory elements is a good trade- off b_e_tween

thé @ERievable spatalamitithiorzerdconstructedasignal and thesadditiohalg that,

memory tequieereents. dhe delay {ime chesepisipreferred.to.be smallgr v ¢

th especially preferred to be smaller than or equal to 30 ms. .
35%%%?%?329 tgh% ggr)%bl%?nxc% f teepcie(]:"éldé%c&étisg Ved iitfat L iFa firsgtonal is

tinfe- fffterval the addioifipitasgrdialireetly fofmstthe leftehannelnput  signal
whergagein thesubseqdentseconth: tinge dervah,4he delayeds first  time
representaion of the aucio npuLsignal s used as e lefi channel The
same procedure applies to the right channel. 5 In"a pre%grre

erﬁggdfﬁweﬁﬁgtﬂéjsmﬁtﬁﬁin@ tiffpEvedn thE tindivitial skappimgoonds to the
précesaesds selectetbtotse lomgenthanhthezpetios of atransientrevent wherein,

tyﬁ@a“%@CQH&EEh@th@iﬂgnaﬁh%eygg§Jeadygéan%ygﬁ%UbﬁggfeQ signal

channel are nggiochally (or randamly) swapped at intervals (of

length'of 100 Ms, forexample) °% tMtptioh ot tie dietfioR Tocating dlie  audio
to thé'SfuggisHness ofile hilrmars freanifig apparatusshay be suppressednds  to
if theechoical of thepinteryahleagth is suitably made. 15 According to t_he
invention, it is therefore possible to generate a broad sound field which

doges not corrupt transient signals (such as clapping) and in addition
netthe&XHiBits & Fepetitive Soufid ehardotet 2o The iaventivé rom each other
dexvfrefdtorsuse ahrextremelyssmial number: okarithaletie @perations rirst a

ondy.nB-RAEtGUIRL OBYONE L F the audio input signal is generated.
Then the two output signals are generated in that the audio
input signal and the delayed representation of the audio

input signal are alternately used for the two output
signals.

In a time-discrete representation, this means that the
series of samples of the output signals are alternately
used directly from the audic input signal and from the
delayed representation of the audio input signal. For
generating the decorrelated signal, here a time delay is
used which is frequency-independent and therefore does not
temporally smear the attacks of the clapping noise. In the
case of a time-discrete representation, a time delay chain
exhibiting a low number of memory elements 1s a good trade-
off between the achievable spatial width of a reconstructed
signal and the additicnal memory requirements. The delay
time chosen is preferred to be smaller than 50 ms and

especially preferred to be smaller than or equal to 30 ms.

Therefore, the problem of the precedence is solved in that,
in a first time interval, the audio input signal directly

forms the left channel, whereas, in the subseguent second
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single time delay and a small number of multiplications are required to

inventively generate decorrelated signals. The swapping of individual

channels is a simple copy operation 25-artd requires no additional

computing expenditure. Optional signal-adaptation and/or _
post-processing methods also only require an addition or a subtraction,
respectively, i.e. operations that may typically be taken over by already

existing hardwargatherebre, sify awety snealicemonnteaf3fraddifionahe  audio

mempuy is regyited foriimplerenting the delayingemeansiox the.delayry . same
|'”§r§@%?§'s§plﬂﬂﬁ%’% ystems ar and jmay t%e useq along with them, as
ol

the case may be owing, pre d embodiments of the present
35 invention are explained in greater detall referring to the a_lccompanylng
drawings dnaviclr eid. Eshowsamrembadimert.afathioygntivene between the

deg@&@laiteﬁalﬂ 5‘% %%@N%EB&'&@%@QOE of Qéelbé“’%“t"’ety generated . nan

dectcl)rrelat 2a shows a further em odlment of an

inventive® 5%85%& tof ﬁé%%ﬁ&)}s Bhfstdintets o bb¥siBleontiorg in the
sigrigls #dr- the decoridlator of Figy @an ¢ 0Fig! &Bhow&}as‘at;b%mt channel are

erpadiment 9f ap inventive degarelator F'Qa‘ﬂs bgws.an exampleafan ¢

a tus for generating 15 decorrelated si ; Fig. 5 shows an
e%)%q g%f anglnvzr[?"[%gvegrr(rl]e‘tho&c or gEREra 9918 o’utpl?t SIgTAISBTERyr 6 ©f  the

sHoWsSaT éREmpie ©F airifveitive dudiotdecoddrmddigshshows arf the human
exampie 0f anppmixenaccerdingde pHap At ADEL5 HY. 8ShOWSR ce of the
further.exampleof an uRmixer/decader acgording to prior art.

According to the invention, it is therefore possikble to
generate a Dbroad sound field which does not Corrupt
transient signals (such as clapping) and in 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 multiplications are
required to ihventively generate decorrelated signals. The
swapping of individual channels is a simple copy cperation
and regquires no additional computing expenditure. Optional
signal-adaptation and/or post-processing methods alsoc conly
reguire an addition or a subtraction, respectively, i.e.
operations that may typically be taken over by already
exlsting hardware. Therefore, only a very small amount of
additional memory is reguired for implementing the delavying
means or the delay line. Same exists in many systems and
may be used aleng with them, as the case may be,

In the following, preferred embodiments of the present
invention are explained in greater detail referring to the
accompanying drawings, in which

Flg. 1 shows an embodiment of an inventive decorrelator;
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Fig. 1 shows an example of an inventive decorrelator for generating a first

output signal 50 (L") and a second 30 output signal- 52 (R'), based on an

audio input signal 54 (M). The decorrelator further includes delaying

means 56 so as to generate a delayed representation of the audio input

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 signal 54 so as to obtain the first output signal 50 and the

seicbiid olitput STPvsignales2, Thelthixer 6043 formedbby the b0 inventively
schematically ijusizated switebes, by.means of which the audio input

signal 54 is alternately switched to the left output Signal 50 and the right

output signal 52. Same also applies to the 5 delayed representation of the

addié inp%ﬁ sigrial B85 Thé mixer 60 ®f thestdrosretator: thereforesfunctionsent i ve
such that, in a fiest dime:inderyal; the first output signal 50 corresponds to

the audio input signal 54 and the second output signal corresponds to the
deFIayed representation of 10 the audio input signal 58, wherein, in a

second tie infetOAIS MR 6THUE Sighal ST eerbdporristbthd signals for
delayed represéntatide of theeaudio inpit signal apd the second output

signal 52 corresponds to the audio input signal 54. 15 That is, according

to the inv3ention, a decorrelatign is achieved in that a time-delayed copy of

the atidic input “8IGH&l 54%s prePar8& And THEIIREABIE audié inpet sighalent ive
54 and the dela§edreprelsentation of the audio input signal 20 58 are

alternately used as output channels. l.e., the components forming the

oug(%t_signals (gr\.ij%io in%%t siegpggﬂ 4eang|fdela ed representation of the .
audid input signal 58} are swapped in a clocked PratHe? “Heref tHe 18RGRTat1ng
of the deccrrelated signals;

Fig. 5 shows an example of an inventive method for

generating output signals;

Fig. ¢ shows an example of an inventive audioc decoder:

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

Fig. 8 shows a further example of an upmixer/decoder

according to prior art.

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

output signal 52 (R’}), based on an audio input signal 54
(M) .

The decorrelator further includes delaying means 56 so as
to generate a delayed re@resentation of the audioc input
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 signal 54 so as to
obtain the first output signal 50 and the second output
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time interval for which each swapping is made, or for which 25 an input
signal corresponds to an output signal, is_variable. In addition, the time
intervals for which the individual comp‘on%hts“are swapped may have
different lengths. This means then that the ratio of those times in which
the first output signal 50 consists of the audio 30 input signal 54 and the

delayed.representation of the audio . input signal 58 may be variably .
ad%s?ﬁ&%efgf thtl(i}lf)%re%%a"}“rf{eedr p(;érﬁiodl of t SJEi%LFédinféYvﬁg‘?s IBYﬁae_rS Watlcally
the averaigeiietidd of rhfbient pdrtionseantained inva5dhe atidio iapdt.o input

signiay 54 s0%as tosobtairegeed keprodugtion efthecsignal. 12 FBuitahle i gna1

ti ' re.are.in the time, interval af ms_to 200 ms, a typical
t:ﬁ?%ﬁgﬂ%@%g%o%ngs? o?péiarﬁﬁ%n%qln%%dit%%r[{% tRé SRitthiAgtfte to the

intdfvals 3fe PERGE 6F Hré Hiris detay rf;'a’é? bersdjusted 1o the conglitiohs 68 . The
the isignal ©F mdy even Bedime variable. The delay-timesare: preferablyn «hat ,

found inyandnterval from 2 ms.to . E mples.of suitable delay times 1
are 3 6rla 9,12, \éaor 1%{ BOW%S%%?I%Qégiafventﬁéedecgor%eﬁsgtor%lﬁe%%%%n Fgpas S0

for ORe thirg Shabled gERErafiy decorreiatéd SidHAI. that flo ABEsnigar second
the'aftaek, i 21 thebeginmings pbtraissient signalsiand in15 adgition @ASHIS on of

a very highdesorrelation ofsthe signalg S’Vhict}ﬁ%%%i[‘ the fact thag corhd time
listeney, pggqteive%ﬁe m%llfiicshtannel signal reconstructed by means of suc

a decorrelatéd signal as a particularly spatiailyextented Sigraf Brag o the
canDEgEEh IR TG ST tRé ivenive detorrelatiranaynbetemployed.  and the

botk forrebntinuoustaudiogignalssnd forr sampledaudiosignals, ie.for, < nput
signals, that are present as

That is, according to the invention, a decorrelation is
achieved in that a time-delayed copy ©f 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
components forming the output signals (audio input signal
54 and delayed representation of the audio input signal 58)
are swapped in a clocked manner. Here, the length of the
time interval for which each swapping 1is made, or for which
an  input signal corresponds to  an output signal, 1is
variable, In addition, the time 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 output signal 50 consists of the audio
input signal 54 and the delayed representaticn of the audio
input signal 58 may be variably adijusted.

Here, the preferred period of the time intervals is longer
than the average period of transient portions contained in

the audioc input signal 54 so as to obtain good reproduction
cf the signal.
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a sequence of discrete samples. 25 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 30 sequence of

discrete samples and the delayed representation 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

deta\fedh refSreseritatior of Hs audicnputsignal:58 anethertwoe3bioutputral of
sigrials:50 and B20Inraddition: g fiist dimer intervalA0 iscshgwny in whish o - ¢,
th@j{iﬁw@put signal 50 corresponds to the audio input signal é_land the

second output signal 52 corresponds to the delayed representation -_13

of the audio input signal 58. According to the operation of the mixer, in

thé seeond timerinterval 72, theifirshautput signak 50 €ptrespONdsio thericd of
delayed repeeseniation gfihe ;ndipjapdtsignal 38 and the second output .,
si%qal 52. 5 corresponds to the audio input signal 54. In"the case shown in

Fig- 2 thé tifffe Pativds BEthe st T infErvar?e and e scdohdtimeimes are
intervdl 723&reY iddrtical] white this s notta precbnditiony aszexplainedo 1050 ms .

abovexfi e case mpresented,deamounts fo.the femparal gquivalentof . o
foypsamples, so that at a clock of four samples, a switch is made ‘
between the two signals 54 and 58 i5 so as to form the first output signal

50 and the second output signal 52. The inventive concept f_or _

deCoerelating signads may der employeddn digntime demgin, he. with thee +hing
te .20 ion.give le frequency. The concept may
e s emeer
thesﬁﬁ%ﬁ&%ﬁﬂﬁSbﬁ%Dig%%”pmﬁ}nnlng’ of transient signals and in

addition ensure a very high decorrelation 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, i.e. for signals that are present as
a 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
sequence of discrete samples and the delayed representation
of the audio input signal 58 is considered. The mixer 60 is
only represented schematically as two possikble connecting
paths between the audio input signal 54 and the delayed
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 cutput signal 50
corresponds to the audio input signal 54 and the second

cutput signal 52 corresponds to the delayed representation
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several discrete frequency ranges, wherein the signal per frequency

range is usually present with reduced time 25 resolution. Fig. 2a shows a

further embodiment, in which the mixer 603 is-configured such that, in a

first time interval, the first output signal 50 is to a first proportion X(t)

formed 30 from the audio input signal 54 and to a second proportion

(1-X(t)) formed from the delayed representation of the audio input sig_nal

58 AcebrdiAgiyLin theriest timeriaterval, thecsecontroutput sigralg2is4:ion of

a pf&p%ti@{é ag(t)ifd@r-mg@ f@&%}ﬁﬁ%@%ﬁ {@Rrs%%g@ti@t@hgf wmﬁ‘?gﬁ?u%? output
input signa and to a proportion (1- orme rorp _ )

siggﬁc% 43 P§§si8%irrnep? r%rgﬁ?ﬁat%ﬁs]%?%egﬁﬂr%%ﬂ X{GRRAtRThay ben ©f the
reféiteicPto ABb¢rossifane Huriction: afe shown FeFignab. Alitout  signal 52

implemestatinds haye imd4acemmomthat the; mixer 60 functions such that

same combines a representation of the audio input signal 58 delayed by

a delay time with the audio input signal 54 so as to obtain the first output '
sighal SeFarfi e sHeHB obfput signat 62 B with tie-weyihgPortidnstdfe first
thé sauelio input signhl 54canciribie delayed sepresentation oftheandioy 72 are
INeWsignal:nb, Here: in & fitst time inigval, te st ayiput Sgnalsd s o, ;g
formed, to a proportion of more than 50%, rorﬁ the audio input &gnal%ﬁﬁj
anagg%%es'econd output signal 52 is formed, 10 to a proportion of more than

50%, from the delayed representation of the audio input signal 58. In a

sepondttime intesal, Er@p‘iréf(sj%tpawign@_@o %{%ﬂﬂ@%pf@oprﬁﬁ%tﬁ%ghporal
m 9% of the delayed representation of the audjo input sign
angd%qﬁ%)%] oSt%utgs?Er%{al i%ﬁi‘% ormed of & Propdrtiort of &reth four

50%Yt e audio® it Sighal g <2l SRisws posbibletcontrol furctions fornd 58
theanixer 60castrepresenteddn Hg. 2auThne t is plptted oncthe XaXishe seconda
output signal 52.

The inventive concept for decorrelating signals may be
employed in the time domain, i.e. with the temporal
resolution given by the sample frequency. The concept may
just as well be applied to a filter-bank representation of
a signal in which the signal (audio signal) is split into
several discrete frequency ranges, wherein the signal per

frequency range 1s usually present with reduced time
resolution.

Fig. 2a shows a further embodiment, in which the mixer &0
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
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 representation of the audio
input signal 58 and to a proportion (1-X(t)) formed from
the audio input signal 54. Possible implementations of the
function X(t), which may be referred to as a cross-fade

function, are shown in Fig. 2b, All implementations have in
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20 in the form of arbitrary units, and the function X(t) exhibiting possible

function values from zero to one is plotted on the y axis. Other functions

X(t) may also be used which do not necédsarily exhibit a value range of 0

to 1. Other value ranges, such as from 0 to 10, are 25 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

funetiBrY 86, “\Which ' feprésdtited tn theform ot 8 30 Bbx, tdurtespends wmbines
the Caspmswaip@mgoﬂﬂed:flaﬂhﬁsaa&lidﬁsﬂﬁwinsﬁign&lorﬂ@edelay_ed by a
switching without,any, cross: fading bWQiSIB i3 schemaltically,representedin i 2in
Figﬁl. C,onsiderin%ti}rjle first output signa Eln'lO ofSFlla

co

.24, same’is
Blefely formed P the uiic input sighal 54 the FirstBsmeIitesabnal 52

62 \ittereds ¢he secomdyoutput $i@mgl BZ is:llcen‘qale;t.eb' fﬁmped .bshﬂj&a 1 54 and
delayedyepresentation of the. :audjo, inputsignal 58, {PdTS ﬂﬁsﬁﬁl{ﬁe signal 58.

né%\fgl 62. In the_second time interval 64, the same_applies vice versa,

i '
18 Shreir thé Idngth of i fime TeAL is ridt Tandatorily iBhticas anal 50
seconéidafietion 5® representedtin cashédings doesinot Bcompletelyhe audio

switgh thessignals over aaﬂgeag@teéf gﬁﬁ{@;jngu%ﬁﬁp?dls%lﬁﬁ'ét%ﬁigQalt'jf'_sgoformed,
and 52, whi t no point in time _are for completely from the audio

in%qtjt sianalk%‘JO Etﬂﬁel%r@ellay%énreg%fs%nta'%%nof tf?e&éﬂdiof(i)ﬁﬁﬂ} sighal sgletayed
HOWBYES T fHieFfirsPtirRé inférval B2 e firsPotitput 19nsignat 0 isito @ second
propurtionrof enore tharc5@% ttormed frovpthe sudindnput signal Sdermed of a
whichcorrespandingly also appliesdg %_heo%ecs,)ﬂ% Oaapféfggga'réz-&tshé@tation
fun(f‘tior}169 is glplemented such that it is of such 15 a nature that; at

cross-fatfing e’ 65213698 Whith ebrre§3bhdtB%he BaRERnPieEt signal

between the first dmet intervab?2 anddhe sécond-tme fatenal 84pwhiche audio
input signal.

Fig. 2b shows possible control functions for the mixer 60
as represented in Fig. 2a. Time t is plotted on the x axis
in the form of arbitrary units, and the function X(t)
exhibiting possible function wvalues from zero to one is
plotted on the y axis. OthHer functions X(t) may also be
used which do not necessarily exhibit a 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 is 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 is schematically represented in Fig. 1.
Considering the first output signal 50 of Fig. 2a, same is
completely formed by the audio input signal 54 in the first
time interval 62, whereas the second output signal 52 is
completely formed by the delayed representation of the
aucico input signal 58 in the first time interval 62. In the

second time interval 64, the same applies vice versa,
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therefore mark those times at which the audio output signals are varied,

same achieves a cross-fade effect. This 20 is to say that, in a begin

interval and an end interval at the beginaingand 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 audio input signal. 25 In an intermediate time interva

6§ é&fx}?e]téh t%}éaoe]g‘?ﬁqﬁl}ér\(iﬁ a%gthéjéﬁl% intereal ViheSirstoumptit sSigndatorily
50 &omebpsnds to the audio input signal 54 and the second output signal

52 corresponds to the delayed representation 30 of the audio input signal

5%. The ste%pngss of the function 69 at the cross-fade times 69a to 69c

may be varied i FAr s $6 ad BPaRENhebetceiverfieprodutlish does not
qUEITRP ot #9d Hudio sigiial td thesdonuitionsoHewewer] itds rensstedsinfdst and
casedbat inadissttingg ixerval, the 35 dirst putpyt signal 50 containg.a <, e

proparti ore than 50% of the audio input signal 54 and the second
ougtgl%t 550%%%;?52%%%%%3 g%oéoﬁ?i%n%ﬁnor@% n 50956f thedétayad ©r the

represertationt 6Fthe SRidic inpok sighl 581 end BGdhat, inamsecond tigne 1 58.
intervalh 64 theifirsttautput signal Bgr@ngaim'seaﬁéqpogt:@qn ?jmor%g}h%nt output
50% e dglayed res | . the audio input signal 58 and the

sg %%élgutg %taysi%ha:teépz%o%?r%g %%%th or%u(§1r8 ﬁeorg%gn gg%’ofg%ﬁﬁgd from
au |8in€ﬁ¥§f hal 547 iy, Sséﬁ&ﬁéafﬁgher BmboldimentsrsBessaiatyy  also
infaierhéating thet inventivecconcept pideres compobnents identical or similar

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

preceding examples. In general, what applies in the context of the entire
arﬁ)li%c%ﬁgrﬁsgtﬁﬁc%&r%or%msl %deﬁ%%&f%%e%ﬁgr.iﬁuﬁ}hcﬁgﬁ“&relt 1s of such
desighatehRiththa sama teférepee nimsdrals s6imes 6%a to 6%9c, which

correspond to the transient times between the first time
interval 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 ocutput signal 50 and the second output signal 52
contain portions of both the audio input signal 58 and the
delayed representation of the audio input signal.

In an intermediate time interval 69 betwesen the begin
interval and the end interval, the first output signal 50
corresponds to the audioc input signal %4 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 times 69%a to 69c¢ may be varied in far
limits so as to adjust the perceived reproduction quality
of the audio signal to the conditions. However, it is
ensured in 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 propertion of more than 50% of the

delayed representation of the audio input signal 58, and
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15 that the description thereof in the context of the individual
embodiments may be interchangeably applied to one another. The
decorrelator shown in Fig. 3 differs from te 20 decorrelator 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 t_)y means of
optional scaling means 74, prior to being supplied to the mixer 60. The

optional scaling me&ns 54 hehe comprisss & firdy scalier 2576 afdtput signal
seebndscdler 76b, ahepfirsp scalepbavlieing mblectoascatetthe apdioHBpUe  a ved

signal Sd=and theisecopd sealery(Bb being aple o.scale thedelayed,, .. o
el 5

representation of the audio input signal 58. 30 The delaying means 56 is )

fe§ \E?Cy%ﬁé aﬁjd%nﬁaput%gﬁﬁnﬁﬁﬁﬁgpﬁorﬁﬁ@@ﬁ' Fé‘ﬁ?st%fcal%?l?%qtd_fﬁi 50% of
thé secéhd sealerFreb mbgroptiohdlly vary the intensity of the audio input

signal and the delayed representation of the audio input signal. What is

preferred here.i t the intensity of the 35 lagging signal (G lagging), i.e. }
of%&é blele?yedsl §¢§’I)|§I%ser?‘tatic?rl_ll %ﬁheerau&%%r?%ﬁ%%htal 58 é be ?ncr3§§é>or relator
andisy rBSRehaiy of the leatHERSighaI(G Ieading) tie. ofthecaudicomponent s
inputesignalzbid, be decreased. The chiange 14nin intensity may.hetebe, i tn the

effected by means.of the fallowing .simple multiplicative, operations, ,
wherein a suitably chosen gain fa&oﬂs mu t.%)né’&?§%el|%8|vue&‘uaaﬁ‘%.g%%r
components: 5 L'=M*G_leading R'=M_d*G_lagging. Here _the gain
faéﬁ@rs@‘ﬁ@y@bé?bhosehastucmtbtalﬂwestotahlomrgydsml@bame@.ﬂr} the entire
addition, ¢he gain factors-may b%&%@ﬁ@é%%hltbé%ﬁ%t%acffa’?ées'? imilar in
' rr

d?%%@%@%%OQJQe§$¥¥%h§%gﬁe%%%%QE%e'@gﬁéyr§¥§§2nce numerals so
information,

that the description <thereof in the context of the

individual embodiments may be interchangeably applied to
one another,

The decorrelator shown in Fig. 3 differs from the
decorrelator 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 opticnal 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
of the audio input signal 58.

The delaying means 56 is fed by the audio 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 of the audioc input
signal. What is preferred here is that the intensity of the
lagging signal (G_laggingj, i.e. of the delayed
representation of the audic input signal 58, be increased
and/or the intensity of the leading signal (G _leading},

i.e. of the audio input signal 54, be decreased. The change
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i.e. in the case of multi-channel audio reconstruction, for example, the
gain factors may also depend on the side 15 information so that same are
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
audio input signal 54 or the delayed 20 representation of the audio input
signal 58, respectively, the precedence effect (the effect resulting from the

temporallydeiayed repetition of e sdrhesigralomayden sompensateficl Lowing

gysohmw o | gnm&imtﬁl@%@é{z@ a%@qta@qmﬂeoe%w% &%ﬁpfcg@igbgb 1y chosen
e co ent such that 25 delayed components are bogsted and/or .

théa%y%)n-deiayed gomﬁgnenrwéi% thtgrﬁaﬁgd. ﬁfg preCédentd Hécttused s tanal

by~ e deray fitroduced may also partly be compensated for by volume
adjustments (intensity adjustments), which are important for spatial
hearing.30 f@aiaitﬂﬁ above case, the delayed and the non-delayed signal
cog)ponenTs (the audio input signal 54 and the delayed representation of
th

audieinput §igAaNS8) are swapped at a suitable rate, i.e.: 35 L' = M
and R'=Md in a first time interval and L'=M_d and R' =M in a second

mm%HEmY@el%éﬁme§EE@$F§“%§?S%%mEﬁ%@%ﬁL%J&QEE%%%ﬂ@ﬁe total

segn"éernts of.l% c%r?asé%nt Ie%gth, the tlge,lnt_erval of the swapping (swap

rate) Ts preferably aninteger multipR6r tHePfamé TEhgff Bhe'ekahgié offtay  be

a fypichrsthapping tintebr S2swapphag periddiscigemdeThe first ottput signal .

signal 58.and dlke second euipulsignal 52 cpay directhehe QUIRUL 83 88 rmat i on,

oufput signal, as shgwn in Fig, 1. When the decorrelation occurs on the.

basis of 10 transforme s%gné%é{%a{tnlint\%ras%nt(raafns?&)lrgrﬁgtio%eig?gfs truction, for
example, the gain factors may also depend on the side
infermation so that same are 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 audio 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 boosted and/or the non~delayed
component 1is attenuated. The precedence effect caused by
the delay introduced may also partly be compensated for by
volume adjustments (intensity adjustments), which are

important for spatial hearing.

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

Il

Lf
Lf

Mand R” = M d in a first time interval and

i

M_d and R” = M in a second time interval,
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course, required after decorrelation. The decorrelator in Fig. 3 additionally
comprises an optional post-processor 80 which combines the first output

signal 50 and the second output signal. 52 so as to provide at its output a

post 15 processed output signal 82 and a second post-processed output

signal 84, wherein the post-processor may comprise several

advantageous effects. For one thing, it may serve to prepare the signal .
for-furthe? nTetAbd Steps SUGH &S 8 Ssubseqbignfsmixiing multi-ch@mette time
resenstruction siiche20thatsar: alreablyrexisting deeorrelater may beval of the
reBlasgd g hedqugntivg decoGlalor WYL VNG 0.GIANGE NG, 195t 1 o
ofg?}e siggal-grolcegsnkc’; chain. Therefore, the decorrelator shown in Fig. 7

may fully” 35 Teplatd the deBSERTTS atclriiny folHciiart 6 &Rahidaiid time or
detopemritons 66t Figsi? ahd8,mehereby the advantages of the

inventive decorrelators may be integrated into already existing decoder

S s in.a simple manner.,30 One example of a signal post-processing,
ai%a?/lb%sgg?f%%léa b?/ltﬁg%gsée roce so?%% é% Sy PRERHS of thgial 52
fofsWing eg@ations Wisichoddsttibe atenter-sids¥MS) <odirml 35as shown in
M20F07*(L+R 870 708" (L) A e Inba fgtherembodiment, thee  basis of
PostprRressALEO IS vaed [y redyeing g degree ot mbdng of e drect, -,
S|gcnal and the delayed signal. Here, the norma combination represente '
by~ RS of TSI HBOFE formbfEm &Y B8 MiGdifidd: Stch thaethesFsrelator in
output signal &oiis substantiattyscaled andausedasi arfirst posiprpeessedsor 80
otk a8 Bagis Tor e Sesond pos mocbecstl pUtat dighal 84, fng e second
used.as a basis for econd post-processed 0 .
po%%tﬁg%esss%)?%ﬁé th?ézsmi[;’(Omaéerlx GE5chBIRG tHE pst-prdcessot i thay  POst-
he?é @RREFBE fulypbypdssed orthe madrixand a second post-processed

output signal 84, wherein the post-processor may comprise

(93]

several advantageous effects. For one thing, it may serve
Lo prepare the signal for further method steps such as a
subsequent upmix in a multi-channel reconstruction such
that an already existing decorrelator may be replaced by
the inventive decorrelator without having to change the

rest 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 a simple manner.

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

M=0,707% (L' +R")
D=C.707* (L' ~R").



10

15

20

25

30

35

coefficients controlling the combination of the signals in the

post-processor 80 may be varied such that little or no additional mixing of

the signals will occur. 15 Fig. 4 shows-a fugther way of avoiding the

precedence effect by means of a suitable correlator. Here, the first and

second scaling units 76a and 76b shown in Fig. 3 are obligatory, whereas

the mixer 60 may be omitted. 20 Here, in analogy to the above-described

cake, éithier Tivé ssudioninpiit signal 54 badfor the-delayed sepregéntatiomet:d for

the@@%&@iﬂfﬂ@ut@éﬂ@nae‘iﬁf@@l@f%@t%q M@tﬂ%ﬁfﬁtﬂﬂ%gﬁ%@?% :jrb%%é 0 and the
avoid the precedence effect, either the intensity of the delaye
regéglsaeﬁte%rioﬁlgﬁﬁe éu%?or% intgfff signal B8 is fﬁ%?éﬁé%ﬁja%{dlé%ﬁesentw by

infeR3ity ofthe HitlicGipliesignalrsalis deereasesd, asdanisedseendronthat the
the ifoHewingteguations: 2 TM*G leadingn30-RmM_d*G, lagging. Heresthesed as

intensity is.preferably varied.in_dependence on the delay time of the
de?ayi% %gans% 5(%? goiét%rgf% %;Sr%g? doe%}:gé}s% ofsthg?r?tgnsﬁg of th%jgudi%xémple !
inpitSigial 54 iRay S5 achievEd with@hdteP delay tinfed as a basis for
Advantagesus combimations of delswdimes apd the pedaiming AN The post-

fa@@ﬂ%@%ﬁ%ﬁn%ﬁ@z%%gr%§go%ﬂwgq§mﬁ%§%%£%%%éogﬁks é@%gérocessor
15 30 GZ}IET factor 0.5, 0.65 0.65 0.71 0.8 0.9 The scaled signals may

th&f e afbittarily Mixad: for 5Exampieby medh&aroreof adenteridfde matrix
ericotéfdescribesl above of any of thesthemniking-algorithinstdescebedals in

above. thereforeoby the scaling:of $he;sigpalr thespregedense, 10.effectis o+ no
av(gx(lldcgaldt Pgrj;&e}@%nig:m%teor@p%rally Ieadmgl Sco&plqpent in its intensity.

This serves to generate a Signa ,%ysr%}%_gﬁs of mlxmg,ov%i%ﬁ ‘does not
temporally smear
Fig. 4 shows a further way of avoiding the precedence

effect by means of a suitable correlator. Here, the first
and second scaling units 76a and 76b shown in Fig. 23 are

obligatory, whereas the mixer 60 may be omitted.

dere, in analogy to the above-~described case, either the
audio input signal 54 and/or the delaved representation of
the audio input signal 58 is altered and varied in its
intensity. In order to aveid the precedence effect, either
the intensity of the delayed representation of the audio
input signal 58 is increased and/or the intensity of the
audioc input signal 54 is decreased, as can be seen from the
following equaticons:

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 536 so that a larger
decrease of the intensity of the audio input signal 54 may
be achieved with shorter delay time.

Advantageous combinations of delay times and the pertaining

gain factors are summarized in the following table:
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the transient portions contained in the signal and in addition does not
cause any undesired corruption of the 15 sound impression by means of
the precedence effect. Fig. 5 schematically shows an example of an
inventive method of generating output signals based on an audio input
signal 54. In a combination step 90, a representation of 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
t!@@%’p@g}lt signaI‘Sf and rf secg_n%‘_B ?ut_put gnil C(I)ﬂ{rAzes_po_na?i éc 50
the-aerayea represetatiorn-of -{he-atate-Hiput-sighRak-ana-wheretn;-in-a
hil tihd€ iRterval, the fitsttoutpufsighal 52 @efréspondSto’the 0.8 0.9
delayed representation of the audio input signal and the second output
Siadl Shearespondsie e aydo eyt 30 slgnal, Fg S NS ING v, for
application of the inventive concept in an audio decoder. An atidio '
dECHIRP 180 RBMPFRES a%tarsdistd CdecorefitibET0Z A8 adetefemtde scr ibed
1Gbcoreespandiag fo 35onelof the inventive:decorrelatossdescribed described
ahgye,dhe audio decoder 100 serves for generating a multi-channel 21
output signal 106 which in the case shown exemplarily exhibits two
channels. The multi-channel output signal is generated based on an
audié fripte siynal-n08 Witichs as Lstiowng fhay: be a signesignatiEheprecedence
st@md@ratdec;pgrelat@g ﬂ@dgc'ﬁ, c(jorgggspg%&@ﬂhg rc]ie@g@relact@tﬁﬁ)lé?@q(;w; leading
r the audig decaoder is made such that it uses the standar
Se&g%ﬁ%ﬁgg II'OZJir? a é?caﬁda%élegneond%l%fydper%%c%ﬁ and” ‘aﬁgrsnatﬁl%ly gsbgrate 2
thé teterreladtdr T6AWith AitradsiéRa autivlifpusigRalntos. TaEsotvel Ly smear
mahiechanret 4 0aspresentatiemgeneraied by dhe audio deeodenigralso and in

fegsible-ingood guality, in;the. presence, of tansient PYt o ruocion of the

sound impression by means of the precedence effect.

Fig. 5 schematically shows an example of an inventive
method of generating output signals based on an audioc input
signal 54. In a combination step 90, a representation of
the audio input signal 54 delayed by a delay time is
combined with the audioc 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 te the audio input signal 54 and the second
cutput signal corresponds to the delayed representation of
the audico input signal, and wherein, in a second time
interval, the first output signal 52 corresponds to the
delayed representation of the audio input signal and the

second output signal 54 corresponds to the audio input
signal,

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

audio decoder 100 serves for generating a multi-channel
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signals and/or transient downmix signals. Therefore, it is the basic

intention is to use the 15 inventive decorrelators when strongly

decorrelated and transient signals are-tazbhe processed. If there is the

chance of recognizing transient signals, the inventive decorrelator may
alternatively be used instead of a standard decorrelator. 20 If

decorrelation information is additionally available (for example an ICC

pataieter désciibing tHe orrelation ofitvo Dutputsignalstf@n  exemplarily
maliirchanoel @W@Mé&aﬁ@%@ Sﬂé@uﬁglﬁﬁfn%@ﬁaﬁﬂm%@ut signal is
additignall u a decisjve 25 criterion for deciding whic _
dgég%)rrelatgr%% u%%%l%gtheo%asaenof %%%Jfﬁcé %gﬁﬂgs (&t %%ﬁ vafigs which, as
smiaFtnaes, 48r éxdifple) sututd of (Resnvehtivg dedortelatorsqdacpr 102
ascofithe siecodelatos ofkigs.dkand 3 maybe usethfer example 70rart, and
nofiransienlsianals,(sueh as tonglsiouglsy 34 atapdard degorrelators arg, .
thﬁrefore used so as fg ensure the optimum repro uction quality at any

time& 9% he appiication of the irvertive HeRbteldisisan (Ré ag@sration and
detbter 160 iy sigraltependdnt. Abmentiered above) B5#here ase transient

waysial-detecting.¥ansignisignal partigns (sugh.as LPC predictign inthe ., .o 1
sigrnal sgggggégwtor a comgarison of thge ener?bles contained in the

hant irthe gnal{othod8 9 the ARfFCSGsectrats  2lso

Iow-ef$erquency spjécéf}al domaf in
dorfiaif}.Na 22l indfy decodet Seendrios; ke serdetection mechaaismisnt input
alreaglyaexistarimay bedmplementedinasimple manner. One example

of already existing indicators are the above-mentioned correlation or

coherence parameters of a signal. In 5 addition to the simple recognition

of thE Prestiite of Hransiént igfial potions, théseparbieteismaybe use the
useduencomrol the intemsifyeafthe decomelation of the outpit cchamnels-ed  and

genesdtedent signals are to be processed. If there 1is the
chance of recognizing transient signals, the inventive
decorrelator may alternatively be used instead of a

standard decorrelator.

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 additicnally be used as a decisive
criterion for deciding which decorrelator to use. In the
case of smail ICC values (such as values smaller than 0.5,
for example) outputs of the inventive decorrelators {such
as of the decorrelator of Figs. 1 and 3) may be used, for
example. For non-transient signals {such as tonal signals)
standard decorrelators are therefore used so as to ensure

the optimum reproduction quality 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 portions (such
as LPC prediction in the signal spectrum or a comparison of
the energies contained in the low-freguency spectral domain

in the signal to those in the high spectral domain). In
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10 Examples of the use of already existing detection algorithms for

transient signals are MPEG Surround, where the control information of

the STP tool is suitable for detection and the-inter-channel coherence
parameters (ICC) may be used. Here, the detection may be effected both

on 15 the encoder side and on the decoder side. In the former case, a

signal flag or bit would have to be transmitted, which is evaluated by the

authe decederdkno soras torswitch thand frodistweéen thendifferentsms already

d%ﬂi@tat@ﬁcs Hzthepsignaknracessing schemeof.the @Ug%ql%ﬁod%&goexampl e
sed 20 Qn overlapplg_gL windows for the reconstruction of the final

i S|gna? ARt if the overtApping of the adidcert Windows (famdsjeent toned
Iaﬁfeférﬁ“d@gthl HA'simple switchidg aAfonghe adifférents decdirelatorssmagal . In
beneffiectednvithaut tbaéesnglin@ﬂt@e intedustioniof audible antefacts. 29dfice of
th@fglglggg}&cassle (ﬁ%\ier ejagHrSes ¥hbe taken to_enable an

d t
apprOX|mater |na ble transition among e dﬁf%rerq} cFecor ré[}a%rs Gi: lflse ©

orfePthirig o crbSs-aBingR Eebhiiqaé nidibedesr whedia dothof the output
decosratatdrs arefarst3@dsed in parallel. The signal of the, standard

decorrelator 102 is in the transition to the decorrelator 104 slowly faded

out in |ts ntensr%1 Whereas the signal of the _decorrelator 104 is

sifttaResTsly faded infh adifitfon, ystefesiCaflitch CRNEE A bedetect ion
useHdf thé teand-iro 35switching, whichensure that HRigGodelatar afier where

the hswitebingrthereta, is used for-a predetguminegbminigpum amount of 1 ¢ v
tlna%%@‘_sltgrpr%vedﬂ @%ﬁlt'ple direct to-and-fro SWItChm%amoné%Q{%ters (1ec)

various decorrelators In a%%lflon Orﬁ:]le vqumeeé:f?e
pefEentioR psyefolofRaPelfdcie mas beehiRRermdifierent dbéerbRtordoth on
areusedrcoder side and on the decoder side. In the former

case, a signal flag or bit would have to be transmitted,
which is evaluated by the audioc decoder 100 so as to switch
to and fro between the different decorrelators. If the
signal-processing scheme of the audic decoder 100 is based
on overlapping windows for the reconstruction of the final
audio signal and if the overlapping of the adjacent windows
(frames) 1is large enough, a simple switching among the
different decorrelators may be effected without the result
of the introduction of audible artefacts.

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

switching ameng the various decorrelators.
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This is particularly the case as the inventive decorrelators are able to
generate a specifically "wide" sound field. In a downstream mix matrix, a
certain amount of a decorrelated signal is3added to a direct signal in the
10 four-channel audio reconstruction. Here, the amount of the
decorrelated signal and/or the dominance 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

controlleddythe mbove-megtiened sotrglation. frarameters fransterrete r cept i on

a t tial parameters. Therefare, prior to the switcgin to an, ,
invegﬁ/%ggéégr%é ator, tt%egﬁ&ﬁsof the Sound fiéld midy at fird %% different

artifiGiamy feidased By Sitériffthe coefficients of the 20 mix matrix such

that the wide sound impression arises slowly before a switch is made to

theinventive, decg@?@i@éi@ft‘? oth%gase gtatgg S\.Nigcg' ing Ergén t.hei ventive
inventive decorrelator, the width of the sound impression may likewise be

detr&aSed pAGFDhe A8tud Shitctifg. 95 Gfédiise? thepecifically “wide”
aboverdestiibed switchirg scenasiosamnay alsa bescambiped to-achieve:aamount

pasticulary smooth frapsition jbefween different g%c%r%ﬁtpé%tgos{%nal in the

sugnryariz?}, the inventige decorrelators have a number of advantages as

conipared 13 the prigrart Swiigh Paricuisly- Bmefte bRar intheamount of the
re€6RStFIGIbA G Appldliseike sigats/ 9. sighals havihgrd highrtransiert  the
sigrajoperiont @ thesere hand, an extremely wide.seunddiglhisi35 generated
93{?;5%‘891@910“&@@&%9%@0”%Qdd'%"l@ﬁrte@g& whichis g fieiq
parficularly advantageous in the case of transient, applause-?lke S|gngls.

ASRES Fep&itedly beem Ehboih, fHefihbérthe decofrlaidrs ndyidasiy beix are
integrated 24y in atready eXistingiplayhack chdins andion decoders and relation

MB¥ rameters transferred and/or other spatial parameters.
Therefore, prior to 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 prior to the actual switching.

Of course, the above-~described switching scenarios may also
be combined to achieve a particularly smoocth transition
between different decorrelators.

To summarize, the inventive decorrelators have a number of
advantages as compared to the prior art, which particularly
come to Ppear 1in the reconstruction of applause-like
signals, 1i.e. signals having a high transient signal
porticn. On the cne hand, an extremely wide sound field is
generated without the introduction of additional artefacts,
which is particularly advantageous in the case of
transient, applause-like signals. As has repeatedly been

shown, the inventive decorrelators may easily be integrated
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even be controlled by parameters already present in these decoders so

as to achieve the optimum reproduction of a signal. Examples of the

integration into such existing 5 decoder stéuctures have previously been

given in the form 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’thirlg; S-expenbi/elinde sty inkharfdabre isieddired dmde fr the and may
otherthings thec addiionabensygy-eanstnption of the iWeNiMe sent  in these
decouslatps is pedligible, Although the preceding discussion has mainly, ¢
been presented 15 with respect to discrete signals, 1.e. audlié signals; = ot @
wiicA &re-représéiitéd by & Seqtiefice ‘ot bistrate isampleatthisSorilp  existing
setvesfor betterunderstandingy he inventive tonceptris alsoapplicablee form
to contiiolsAudio signalsas wellas, ig other, representations ok aydio,, vy

siq;als, such as 20 parameter representations in frequency-transformed i
spaces "GrrépreSBhtation. BEPEHHity P the CondnsGhe iierfive™s making
méthdd of sgeneratiiy outpnt signalkianay de implemerited inchardwaiegr power

25:isoftvare., Thesimplernentation may b@r@ift_?gtednw @ digltal Storage: e s« i ng
mediurpl, in particular aflorpe%:)dlsk gr a CDh, wi elecélgonlcall readable
11n a a ¢

|
control signals, which‘may “co6perate SUE Witléoarprot Smmabecompateds e

syatti thatthé inveRfie tiethodoirserdtirepaudiosignalstibeffectédivent ive
30kacgeneral; therinvestion therefose also consists in a computer
program product with a program code for performing the inventive
method stored on a machine-readable carrier when the computer

progran? PRSHUCE Furs 6t 8 CoRfp P THEStherwifds, The Thvéntisf iy, esented
theretédrer be pealizetdcasia 35 woneputén pedgsamiwith agurograns code for, which

pesforming the Jagihod when the CompUter.Program funs 0P & COMPWESs this
2 only serves for better understanding. The inventive concept
is alsc applicable to continucus audic signals, as well as
to other representations of audie 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 a floppy disk or a
CD, with electronically readable control signals, which may
cooperate such with & programmable computer system that the
inventive method of generating audio signals is effected.
In general, the invention therefore also consists 1in 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 invention may, therefore, be realized as a
computer program with a program code for performing the

method when the computer program runs on a computer.
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Claims 1. Decorrelator for generating output signals (50, 52) based on an
audio input signal (54), comprising: 5 a mixer (60) for combining a
representation of the audio input signal délayed by a delay time (58) with
the audio input signal (54) so as to obtain a first (50) and a second (52)
output signal having time 10 varying portions of the audio input signal (54)
and the delayed representation of the audio input signal (58), wherein in
a first time interval (70) , the first outpit1 &3 siginal (50) contains a
proportion of more than 50 percent of the audio input signal (54) and the

segond oytput signal (52) centains a proportion of more than 50 percent
of the delayed re%&aééegr%tat%%rof eenglfdéljg}ﬁlp%t §jlldrgglu(%8)5i§%%:is (50, 52)

wherein % §8cSid BifmedHtEhal {72y fthe firsEcdutpat signab(B0)ising:
contains a proportion of more than 50 percent of the delayed

representatign of the udig igpuggj%@hgss% and the second. output |
signal (52) contains a@(?portign of more than 50" percert of the Sider of the

input sighal(54). 2" Ptcorteldictof ERIAYE Whekeir®, ifteirstime 368) with
interval (Z0)ythe figstooutputsignal coragspohds tos thesaudicoinputsignal a first

(54), andthe)secand outpute signal (52)00rresponds tothe eﬂayﬁgvjdng time-
representation. of theoa%dl%}[lr?utos gnal (g58 , Wherein 35 in the secon

time interval {72)° the first 8Utput® Sighdif(50) torfespordto & Belayed 41 and
representatfon i thecslidicinpas sighalt(58) amd thetsecendloutputipbit signal
signal (52bearrespangdsita the audio input signal

in a first'time interval (70}, the first output
signal (50) contains a proporticn of more than 50
percent of the audio input signal (54) and the
second output signal (52) contains a proportion
of  more than 59 percent of the delayed
representation of the audio input signal (58},

and wherein

in a second time interval (72), the first cutput
signal (50) contains a proportion of more than 50
percent of the delayed representation of the
audio input signal (58), and the second output
signal (52) contains a proportion of more than 50
percent of the audio input signal (54).

2. PDecorrelator of c¢laim 1, wherein, in the first time
interval (70} the first output signal corresponds to
the audio input signal (54), and the second cutput
signal (52) corresponds to the delayed representation

of the audio input signal (58), wherein

in the second time interval (72), the first output
signal (50} corresponds to the delayed representation

of the audio input signal (58) and the second output
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(54). 3. Decorrelator of claim 1, wherein, in a begin interval 5 and an end

interval at the beginning and at the end of the first time interval (70), the

first output signal and the second outputzignal (52) contain portions of

the audio input signal (54) and the delayed representation of the audio

input signal (58), wherein 10 in an intermediate interval between the

begin interval and the end interval of the first time interval, the first output

signal cofregpénrds té the andiorinpatsitmal (54), el thewstcondiogtptit signal
signal (52)515 corresponds to the delayed representation of the audio

input signal (58); and wherein in a begin interval and in an end interval at

the beginning and at the end of the second time interval 20 (70), the first

output sigiidl BnErthe seeond oatbii Bighal (B2 centain portiendefthe interval
audio inpait gignal £b4) and the-delayed representation ofthg.audio I eng of
signal (5 herein.25,it i diate interval between the begi .
interval gﬁcﬁhg%r?dgin%grﬁg gfgtﬁgg ggggn_d{ﬁr?]é’in%%rlv%l, A& S%rstoc%tﬁgﬁfc signal
signal cofe8pdits BIREHEIAYREPFEprédéitaton (Gfihe GRBfiRPUBSIgidions of
(58), andtthe seeond outputrgignal (52) coaesponds fo theratidio t3Qinpule 1ayed

signal (54)e 4 Decqrrglatorof.any.one 9&@'@@1%%%@’ wbgﬁ%iﬂ the dirst erein

and second time intervals are temporally adjacent and successive. 35 5.
Decorrelator of any one of claims 1 to 4, further comprising a delaying
means (56) strasiotgenerdteathe delayed zépresemtation Of ¢thevaudio interval

input signald58)hd/ end interval of the first time interval, the
first output signal cérreSponds to the audio input
signal (54}, and the second output signal (52)
corresponds to the delayed representation of the audio

input signal {58); and wherein

in a begin interval and in an end interval at the
beginning and at the end of the second time interval
(70), the first output signal and the second output
signal (52} contain portions of the audio input signal
(54) and the delayed representation of the audio input
signal (58), wherein

in an intermediate interval between the begin interval
and the end interval of the second time interval, the
first output signal corresponds tc the delayed
representation of the audic input signal (58), and the

second output signal (52) correspeonds to the audio
input signal (54),

4, Decorrelator of any one of claims 1 to 3, wherein the

first and second time intervals are temporally
adjacent and successive.

5. Decorrelator of any one of claims 1 to 4, further
comprising a delaying means {56) so as to generate the

delayed representation of the audio input signal (58)
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by time-delaying the audio input signal (54) by the delay_tl_me. 6. _

Decorrelator of any one of claims 1 to 5, further 5 comprising scaling

means (74) so as to alter an intensity of the audio input signal (54) and/or

the delayed representation of the audio input signal (58). 7. Decorrelator

of claim 6, wherein the scaling means 10 (74) is configurerc]i t% slcale_ the

intensity of the audio, input signal (54) in dependence on the delay time

such tri/a%% Ia%réreﬂsaggr%‘?igé%thg‘ fterdity ¢t ther&lidio FripitasignaPy) by the
is obtainétfwithi atstisrter delay time. 15 8. Decorrelator of any one qf j[he
preceding claims, further comprising a post-processor (80) for combining

he fi ond output signal (52) so as to obtain a first (82)
;n%'gsge(?gr)?? %4%1%%%5%%0 Sr%cegsrégd cc))ﬁ’t%utCs)ignﬁa,l Boththetfirdt{82) and urther

the second(B4} postprotedsed Butpit sighal ¢irhprising signalto  alter an
contributionsdrom the first (5Qkane.seicond r(B2X OWRULSIgnals; 26 9:nd /or the
Decorrelatof Qg,g@ing @p ﬂnﬁgﬁi@a@? ggsgpr&ct?g;%(d ég%l is configured to

T 1 (58},
form the first post-processed output signal yan e_Qéjc%%dSlgna 158)
post-processed output signal D (84) from the first output S|g_nal L' (5_0_)
ant-the sezond outpaisignakbR' (32)isucttthat30 the follewing eenditions means

ot AT 10 sl 00 B SOITL Xl BT oty v
D I any one .o recedi , ‘

coesfci)grlrJergcﬁQ é)%t'sesé %%f‘al)/eé@%eﬁorégerﬁggﬁgﬁ’gﬁfﬁ%@aﬁo bt Srybay (58yme  such
the 28 defdyttinfe dfwRiek islgreaterthan 2 nishandilesethanty of the audio

input signal (54} is obtained with a shorter delay
time.

8. Decorrelator of any one of the preceding claims,
further comprising a post-precessor (80) for combining
the first (50) and the second ocutput signal (52) so as
to obtain a first (82} and a second (84) post-
processed output signal, both the first (82) and the
second (84) post-processed output signal comprising
signal contributions from the first {50} and second

(52) output signals.

9. Decorrelator o¢f claim 8, wherein the post-processor
(80) 1is configured to form the first post-processed
output signal M (82) and the second post-processed
output signal D (84) from the first output signal L~
{20) and the second output signal R’ (52) such that

the follewing conditions are met:

0.707 = (L" + R"}, and
0.707 x (L’ -~ R').

-
it

10. Decorrelator of any one of the preceding claims,
wherein the mixer (60) is configured to use a delayed

representation of the audioc input signal (58} the
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50 ms. 11. Decorrelator of claim 7, wherein the delay time 5 amounts to
3,6,9,12, 15 or 30 ms. 12. Decorrelator of any one of the preceding

claims, wherein the mixer (60) is configuréd to combine an audio input

signal (54) consisting of discrete samples 10 and a delayed representation

of the audio input signal (58) consisting of discrete samples by swapping

the samples of the audio input signal (54) and the samples of the

delayed réprégeritafien of thd addio isp R Sighal(58).215 23 Decortelatoss than
of any o ofnthe preceding claims, wherein the mixer (60) is configured

to combine the audio input signal (54) and the delayed representation of

the audio input signal (58) such that the first and 20 second time intervals

have' the $aré Téngtir 14, Bécorfelatof of dmy ohié ®F Bidiprectlingielay  time
claims, wherait the mixer (60) i, carfiguted torperfornsthe combination

of the audio input signal (54) and the 25 delayed representation of the

a% jo in%uet Csci}grnral ‘fS%) for a [%equence of pairs of temporally adjacent first.

(705 and second (72) tihe iftervaiS Y15 “Becorfdlatdrtt cl@ft t5 \wRéreir L aims,
the mixel {60)44 B0 Womfigurad Yo réfriin, with aprefietermiidedzc  combine an

probabilig; dar-onepaif of thensaquence of pais of stemnorally;adiacent .y ies
first (70)5?111‘%55?%@?7%3752(1“”98 @éervags {:rgm the or%blnat_lo so that, in |

the pair in the first (70§ and second (7 )étlmgr?nt%rva S8 W st obtpht Stonal
signal (567 Borresponds t6 Bite auidiodinpti Sighal (8HPand the secorbping the
output signal(52} cofrespendsda thei delayed reprasentation ghthe-audigzmples
'npUt$95§|a%aezgdelayed representation of the audic input

signal (58},

13. PDecorrelator of any cne of the preceding claims,
wherein the mixer (60) is configured to combine the
audio input signal (54) and the delayed representation
of the audio input signal (58) such that the first and
second time intervals have the same length.

14. Decorrelator of any one of the preceding claims,
wnerein the mixer (60) 1is configured to perform the
combination of the audio input signal (54) and the
delayed representation of the audio input signal (58)
for a sequence of pairs of temporally adjacent first
(70} and second (72) time interwvals.

)
(S

Decorrelator of c¢laim 15, wherein the mixer (60} 1is
configured to refrain, with a predetermined
probability, for one pair of the seqguence of pairs of
temporally adjacent first (70) and second (72) time
intervals, from the combination so that, in the pair
in the first (70) and second (72) time intervals, the
first output signal (50) corresponds to the audio
input signal (54) and the second output signal (52)
corresponds to the delayed representation of the audic
input signal (58).
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16. Decorrelator of claims 14 or 15, wherein the mixer (60) is configured

to perform the combination such that the time period of the time intervals

in a first 5 pair of a first (70) and a second472) time interval from the

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. 10 17. Decorrelator

of any one of the preceding claims, wherein the time period of the first

(70) and the second (72) time intervals is larger than the double average

tirhé perivelaf transient signal pertionss contained imthe audiodnput sighal i ver
(54). 15 ecorrel Jo) e of the preceding claims, wherein the ‘
time perijg%oopf th%firs%%ﬁ}%%ﬁ%lzogg (?.Q%Ei}fgﬁer%tegvnaﬁfs iS ?aH}%éP ﬁ?caﬁon such
10 ms ald fessthan PotrmES36 29, MiktHderof geRratmgesutpiesignals first
(50, 52) based orf an dudic input Signak(54); cemptising:(Combipinga interval
representatign of the audio input sigral 25 delay lay ti és )

with the Qudio si%rlal 2242) \?a%q%sgto %%taﬁg%rst%gg% ggse%%r%g ? 2 fr_om s
output sighal having fimeXvanying poHibhs oFthe “Audio iMput sighgr@a) pair of
and the del&j &6 tepredentationcoftheiauelic. mpat sighal (58), wherein 30

in a first time interval (70), the first output signal (50) contains a

pr9pprtiq:p f mar th}an 50 percent of the audiq input signal (54), and the .
second ouet%ﬁ'f: g?glnaa 52) (fpo%taf?rtl%ya p(r)onpeortigr% of mbte thATE638'9 claims,

percent 8f eSdelaybé fepFesentation bF the afidis inpuf Sigetal (58§ Janénd  the
wherein 88cond {72) time intervals is larger than the double

average time period of transient signal portions
contained in the audio input signal (54).

18. Decorrelator of any one of the preceding claims,
wherein the time period of the first (70} and second

(72) time intervals is larger than 10 ms and less than
200 ms. '

19. Method of generating output signals (50, 52) based on

an audio input signal (54}, comprising:

combining a representation of the audic input signal
delayed by a delay time (58} with the audio signal
(24} so as to obtain a first (50} and a second (52)
output signal having time-varying portions of the
audio input signal (54) and the delayed representation
of the audic input signal (58), wherein

in a first time interval (70), the first output signal
{(50) contains a proportion of more than 50 percent of
the audio input signal (54), and the second output
signal (52) contains a proportion of more than 50
percent of the delayed representation of the audio
input signal (58), and wherein
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in a second time interval (72) the first output signal (50) contains a
proportion of more than 50 percent of the delayed representation of the
audio input signal (58), and the second (iﬂpat signal (52) 5 contains a
proportion of more than 50 percent of the audio input signal (54). 20.
Method of claim 19, wherein, in the first time interval (70) , the first output
signal corresponds to 1.0 the audio jnput signal (54) , and the second

output sijr?al (52) ToresPontis 15 the GbREEa TepreSehtation of thé a&llio output
input sigiFl{B8); whérein irtne sécond sime intervat (72), therfirstotput han 50

15 signak(50) sarresponds-e thedelayed represeatation.ofthe audiq p ., 5 6
input sigrﬁlégg) ,.and tg; s;&gnd out%alt Ec, nal (52) corresponds to the f
audio input signal” (54)- 20 21 Methiod of cibim 18 Wereht iR & befimnal (52)
interval arief irfaf @nd intéivaPatitherbeginningrandtdtthe BAd pk thefitstof the
time intervad! (£0); the firskautpat sigpal and the second output signal (52)

contain portions of the audio input signal (54) and the delayed 25

re resen;fation of the audio input si%nal (58), wherein in an intermediate

intefval BATWEER thebegifi iftsfval tdnd thd Eridintervalof thelfiest ting st time

interval, thet first outpUt Signat-eerreSponds taithesaudio dnut 38signalponds to
(54). andihe sacencoulpt song (R corssponds e diYel oo ourpu
_represen:[o)altlc_)#a(if tf@;ﬁdlo input signal (58); and wherein’in a begin .
interval anatin an end ihtervalat THE "S5 beginrifi§ af At ek Brdeentat ion
second titrie iHterval470) ithedirstdutpat sighalandthersecond output

signal (52) contain portions of the audio input signal 31 (54) and the

delayed @pr%ﬁgta%%r&gk'@e Qlilgleg Inipn"gerval (72), the first output
signal (50} corresponds to the delayed representatiocon
of the audio input signai 158), and the second output

signal (52) corresponds to the audio input signal
(54).

21. Method of claim 19, wherein, in a begin interval and
in an end interval at the beginning and at the end of
the first time interval (70), the first cutput signal
and the second output signal (52) contain portions of
the audio input signal {54) and the delayed
representation of the audio input signal (58}, wherein

in an intermediate interval between the begin interval
and the end interval of the first time interval, the
first output signal cérresponds to the audioc input
signal (54), and thé second output signal (52)
corresponds to the delayed representation of the audio
input signal (58); and wherein

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

signal (52) contain porticns of the audio input signal
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signal (58), wherein in an intermediate interval between the begin interval

5 and the end interval of the second time interval, the first output signal
corresponds to the delayed representatidn of the audio input signal (58),

and the second output signal (52) corresponds to the audio input signal

(54). 10 22. Method of any one of claims 19 to 21, additionally

comprising: delaying the audio input signal (54) by the delay time 15 so

as to obtainttheadalaydt:repreésentatior pf thee atdioinputesignal €58): 230 input
Method afianysane ek¢laims 194922, additionally comprising: 20 altering

the intensity of the audio input signal (54) and/or the delayed

representation of the audio input signal (58). 25 24. Method of any one of

claims 19 %o 2B, addifeREIRL ebmprisirrs cambiring trnfirsh (G0)emdithénterval
second (a2}outpat signal se @s:ie pbiain arfisst{82)-ard a seeond (84)va1, the

30 post-proggssed qutput signal, both the first (82) and the second (84)
post-processed ou(t)putBs%%gnalsS:é H%?ningcgornrtng t?onngssof tk?eofirst(tj ér?d thg®+aved

second Offptit $RYRERS 3825 AUdiG deBsdét forgenerafisgal (58), and the
multi-chasmet odtputu signal basedon anzridio dapts signehed),tc the audio

comprising: 32 adecqrrelatof of any one of claims 110 18; and a
standard decorrelator, wherein 5 the audio decoder is configured to use,

in a standard
22. Method of any one of claims 19 to 21, additionally

comprising:

delaying the audio input signal (54) by the delay time
soc as to obtain the delayed representation of the
audioc input signal (58).

23. Method of any cone of claims 19 to 22, additionally
comprising:

altering the intensity of the audio input signal (54)
and/cr the delayed representation of the audio input
signal {58).

24. Method of any one of claims 19 to 23, additionally
comprising:

combining the first (50) and the® second (52) output
signal so as to obtain a first (82) and a second (84)
post-processed cutput signal, both the first (82) and
the second (84) pcst—processed output signals
containing centributions of the first and the second

output signals,

25. BAudic decoder for generating a mnulti-channel output
signal based on an audio input  signal (54},
comprising:
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mode of operation, the standard decorrelator, and to use, in the case of a
transient audio input signal (54), the inventive decorrelator. 10 26.
Computer program with a program code fot performing the method of any
one of claims 19 to 24 when the program runs on a computer.

a decorrelator of any one of claims 1 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 case of a transient audic input

{54), the inventive decorrelator.

26. Computer program with a program code for performing
the method c¢f any one of claims 19 to 24 when the

program runsg on a computer.



