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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 wi I%g .
g%ﬁ}eec%%an% of%&ﬁa‘lé’i%(éﬁ&au%é—%@g "Slsgna?s%., hijs“flls sgg(ﬁ%ézglhl/it e n?
aépiskihliencthe pRYBICKS effécted Via-RE&dPhSHes i Additioro thaf 1onal
standardidecorrelators use methads exbibiting kighceemplexityand/er four-

Jigh semputing expendiure. 30.8oremphasiging the poblem-Fias.” & che
show the use of Jecorgelators In signal processing. Here, brief _ N
Jefetened a8 Made it moRbho-stéfeo dédder SHownIn#ig. 7. $ame 7ot
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%nal 16.consisting of a left channel 16a and a ri%ht channel

BSEY FRGTR e P o Slghe- 14 the Sandafd Hecsralafor 10 0025517

qpqmnnes@gperating a decorrelated signal based on an 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 decorrelator 10 and a mix matriz
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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decorrelated signal 18 (D) which, together with the fed-in mono signal 14,

is applied to the inputs of the mix matrix I2. 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 soas = |
e gErerate e stéreddignal 167 Hete: tR8 coeffigehtsor the Mvik hifatrhed 7
mk2h(H)sEQymaly éither be fixedlygiven:; signatdependent of dépendeit oretrix
@ user input, 1o addition, this mixing process performed,, by the-mix matrix zc

12 may also be frequency-selective. l.e,, different mixing operations

Sifor mi&tx Coefficients may: be mplo§idd for diﬁé%}'ﬁ%fr’equéfﬁ%?/rr%ﬁﬁes the
qfrequenrcy: 15 bands)Eor thisipurpede theded-in arono Sigrtdl 14smeayde-
preprocessed by a filter bank so that same, together with the decorrelated

signs' 18, is present in a filter, bank representation, in.which the signal .

%?ti&ﬁ%}bép iring tollrbdifff:e?renh 3fzrfleeq&uerl?(rfis£ béined%oé:rﬁéeéléjcheﬁrogés%lgé? 16 and
separately. 120 THeontrobofahe ddmix proéésstice. Rtheicoetficients 6f-ereo
themix matrix 42-mayhe-perfosmed byeuses interaction mvig anmix:controp (1)
20. In_addition, the coefficients of, the mix matrix 12 (H _alsq be S
e o L e ) DR P R Bpendent
Withethe Sed-iA Wieho sighat 44 {ihe dowrihixy. Herelfite Si88 fRdPMEREHT Ormec
sontains aparametriccdascription as o how thesnultinehannel signate . I.e

T f

generated is to:be generated from the fed-in mong.signal 14(the; - e may
transmitted signal). This spagal side 30 information is typically generated =

B§ anc@ltoust Priof 8 th&attar 88Wwnmit T 8 generafiGh of the T eauency
fed:ifismon@osignali. heabove-deseribediprocessisoneriatly L. 14 may be
gmployed.in, 35 parametric (spatial) gudio coding.As ag-example;dhe se- «ich

the decorrelated signal 18, is pressnt in a Zilter bank
representation, in which the signal portions pertaining to

different freguency bands are each processed separately.

M

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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called "Parametric Stereo" coding (H. Purnhagen: "Low Complexity
Parametric Stereo Coding in MPEG=4"; 7tt, 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 forthcomlng ISO
Nét@h&érd foF Spatial QG&%%Hm%@ YAES 28Bth 5-hteriatiohaf CoRfetBRCcESt Nod
RPitea] Svieder; 2006) use:sueh a InethodeOnetypical example opf a. Disch,
}Par@mewg&e{eo@ecgqgﬁéﬁgwn\\&@p%@ %Jﬂﬁggﬁwn tgdhe S'mﬁcomw ng

non- frequency- 10 selective casé shown in Fig. 7, the decoder shown in

5. 6 cormpfisesian andlysis fREFdank BOaa‘ﬁ%JaPsynfﬁ%%Fs“ﬂte'r bafik 32.

TFhis isvthelcase] as berfedecareelatingtisaperformeadnin az006) use such a
Afrequency-dependent manner (in the spectra’- domain). For this reason,

the fed-in mono signal'.. 14 is 15 first split into signal portions for different
frequency ranges by the analysis filter bank 30. I.e., for each frequency

W dtitpown detomelatéd signal issgerierated cafalogously e dgample shown
describgd aboye. in.additign te dhe fed-in mano signahtd, spadial £ requency-

. gﬁ%@ﬁ%@ 3§ are Z%transferreg WhIC171 ser\ﬂe to.deter. C{mne or vary il the

OWILI LIl SNOW i o
matrix eleme atS Of e mix matrlx %2 SO as '[0 eneracfe a mlxed S|gnal g-

SEIER A5\ fheBih st 2thB Sy tHesis filterbiank 32 is fransfotifieel facksniot L ter
#he imesdomain e asite forrahe «stereo sigral 1625 Incaddition; theing is

é@a?é%'v@?er amefers 3g.may,optionally be, @ét@“edwvé%ﬁeof‘;% fﬁtef P?Q”E%m ctral

6 so as to generate the "upmix and/or the stereo signa or different
ORBHCk - scéﬁéno’é%ﬁ diffefeiit mannBf antfst optimampadj st #héso ~4 +5
Playdacksguality tothe respective scenafionlfthéspatial Zferent frequency
ranges by The analysis Ifillter bank 30. I.e., ZIfor each
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 34 are adjusted for binaural playback, for example, the spatial

parameters 34 may be combined with 4arameters of the binaural filters so

as -co form the parameters controlling the mix matrix 12. Alternatively, 35

the parameters may be altered by direct user interaction or other tools

and/or algorithms (see, for example: Breebart, Jeroen; Herre, Jurgen; Jin,
CoraigerjbAmes KMstordre ‘KopPens SIstserRPlogisties “rah; Uihtoesd- AES
slars: Muk—ida Channel Goes Mebilec MPEG Sufrodnd Binautalé September
-Rendering. AES 29t International Conference, Seoul, Korea, 2006

September 2 - 4). 5 The output of the channels L and R of the mix matrix

12 H) is generated from the fed-in mono signal 14 (M) and the
Tecorrelated sighati8 (D) as:fellews,; fenexamplé: flhprihh, meMriRh27 (H)
sh2, Bc_e%gﬂ@é%fo%é% portion:Qf the degosrelated signal 18/(Dymy  and the

contained in the outgut signal is adjuste%ir;]égg mix matrix 12. In the

PO e fifixing affo is'timé Varidd Based S the Spatial parameters

34 transferred. These 15 parameters may, for example, be parameters

{qg criingihe| [aarrelation of two original signals (parameters of this kind

eﬁ%ﬁ %d in.M E& Surround Coding, for example, and there are referred

t0-a Ay other things, as ICC). In addit-on, parameters may be

transferred, which transfer the 20 energy ratios of two channels originally
present, which are contained in the fed-in mono signal i4 (ICLD and/or

TeBR IMPEG Stiffouitit) CARErn&tvely 6r iff adakibRL tHeatfix S@@ments ()
maytbe varedihy direet usertinput. 25ikorzthe generationof¢he in the mix
decorrelated signals;a series.of. different methods have $a farbeendiseds -5 o«

hased on the spatial parameters 34 transferred. These
parameters may, for example, be parameters describing the
correlation of two original signals (parameters of this
kind are used in MPEG Surrcund 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 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

differant methods have so far been used.

arametric Stereo and MPEG Surround use all-pass filters,

—

ot
oy
D

i.e. filters passing

=

entire spectral range but havin

o

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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Parametric Stereo and MPEG Surround use all-pass filters, _.e. filters
passing the entire spectral range buthaving a 30 spectrally dependent
filter characteristic. In Binaural Cue Coding (BCC, Faller and. Baumgarte,
see, for example: C. railer: "Parametric Coding Of Spatial Audio”, Ph.D.
thesis, EPFL, 2004) a "group delay" for decorrelation is proposed. For
AR plifpoREc e fregiercyidépehitientiftbip delagis 35-EPpliedi6the: method
wsignal by afteting the phases i thet@b rspestruprakthersignaluThatiss s .
different frequency _rances - 5 are delayed for different periods of time.

Such a method usually falls under the category of phase manipulations.

1R adtfitfbr: 1R use-6fsintpie délhysSiethed fhedBdelays Ss kiowied  time
Thismethod B used for gergrating rsatroond signals fardtheffear speakersting
n.a-feuimehanngt coafigusationy for example, 30.as fo.decorrelate same e
fron%_.the frog;[ s;gnaIJ_S as far as perception is concerned. A typical such
PTAtFix S0Fround systen is DBy ProLdgic 2I° 10 Whidh GéeSa tinte gailly From
Homm 20re40 ms forithe reas audio channelsrSecty agimple concerned. A
tplesentation-may beiused for- sraating adecorrelation of thedront and.. -

iy

rear speakers as . same is substantially less critical, as far as the listening .
%g(éecilpeﬁlcse"ig concerned, than’ tf%g"g&oéﬁla“t%ngﬁs 8T5Ieftoalndtﬁg‘htr“a‘ AuLe
ehanféls SThisSisBF substahtial! inpbitancefor ted twidthmaefthéoe used for
tecansiructed signalas: percedreddyy thedistener(seg:d. BlawertsSpatiaks =5
beadng: (the Rayehophysis of human sound lpeaiization s, MIT FIees o o

Revised edition, 1997) 20 The popular decorrelation Methods dééaclribe?i? (

aboVvéEexhibit TRETONGHING stbstartiar Glavitacks: 1&pedthd cofatiofeaR t1on
the sigadlt(comb<filter i2heffecthannels. This 1s of substantial
importance for the “wldth” of the reconstructed signal as
perceived by the listener (see: J. Blauvert: “Spatial
hearing: The psychophysics of humanr sound localization”;

MIT Press, Revised edition, 19%7).

The popular decorrelation methods described above exhibit

the fcllowing substantial drawbacks:

1
1]
e}
©

ot

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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- reduced "crispness" of the signal - disturbing echo and reverberation

effects - unsatisfactorily perceived decérrelation and/or unsatisfactory

width, of the audio mapping 30 - repetitive sound character. Here, the

invention has shown that is in particular signals having high temporal

density and spatial distribution of transient events, which are transferred
T35 fogetheFitith Bbréddbahd Hoisklike sigh#l coifpoRiBRE thSt: PépreBenteach
dhegignals-most eriticat ferrthis type ehsignalaprasessingathis isi terms of
particular the.case for applause: like signals possessing the. bacigrouns s
above-mentioned properties. 6 This is due to the fact that, by the ~
detdfrefitior Rech Sinble transfeht Sigriat Tevefit) mafbe’smégred F FeCtS,
werims$ of iime; aghereas atthecsarme tinees the: noisextike:backgrobrd isignal’ s
fepdered spectrally colored due to comb-filter effects, 5 which is easy to
perceive as a change in the signal's timbre. To summarize, the known
decorrelation methods either generate the above-mentioned artefacts or
ise arenmrable €10 totdenerateaha redifreddegies obdecarrdlatiche Itisither
especially to-be neted-thatlistening via headphanes is;generally mete unable
gcritical than listening via speakers, For_ this reason, the above-described
draibacks are relevant ih 15 bartlcu?ar?()'r applications that generally

require listening by means of headphones. This is generally the case for
portableqplayhackidevices, whiche treaddition; haveratow.energy supphphones
only, I Ins ponteyl the campuling capaclty yiidhhas ta be speptan e o

decorrelation is also an important aspect. Most of the know . ,
Heésrrélafin algoritifims ARY BX(EMEN E6Mp tatishally ftehsive fir G ant 1
tapteiventation these applications that generally  reguire
listening by means of headphnones. This 1s gensrally 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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therefore require a relatively high number of calculation operations, which
result in having to use fast processors, 25 which inevitably consume large
amounts of energy. T_n 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
Gl tard i fistenifg Vi R8adpREREs) 2EUmMber BE spetial problefrisr oduce
witt qoeour coneeming:the perceiveddeproductiondquality of thes rendered-s in
lgnal;fror.one thing, inthe.case ¢f.applause signals.itis particulaly ; ., ;4

Important to correctly render 35 the attack of each clapping event so as ':“
Tiot (5" EGiTapttHe trandiett vént” Akfetorreiafor thetefore régiired? 25 1s
wehiek doesynoesnieanithe attackan time &yterntsoaf timezer Which bessuch &
fotexbibit any temparally dispersivescharacteristic, Filters described signa1,
above, \{V\,/Qisc:hjgtar%d%%edi&equen%-de endent gro%p dgla%, and all-pass .
‘ﬁtersl”in general aré not suitable 1r this purpose” ¥ addition it 58S ©F @ mix
Teegsdgary fo'dvoiliss Fepetitieiscund irpréssioh. aeris bicausattby ai ve  and
wsiteplettime delayt forexampleslfsuch a sigple time delay weredisedd@:«:on
erate g decoded signal, which was then added to the direct signal by _
Cfg}%]é’r% 5f% mix ?mgtr&%?ﬁe@r*esuﬁwguﬁ sound é)?t'remléﬁldreeb“éﬁﬁ\(/]g and dot
THerefcre-tmatdral. Stients Sttt dersFRchdeitiorelo generates
comb-filter effects, -.e. undesired spectral colorations in the reconstructed
£lgnale A use i simple time delays inaddition results in, the knowo, 5, .y
precedence effect (see, for example: J. Blauert: 15 "Spatial hearing: The
DeJERbpRYSICE 6 UTan Sourdocafzdtion” STT Fré&EiRévised edifiorf 1ert:
1997).:Saime ptiginates froi ke faptsthatthere/isiarsoutpiit chanmeln  sound
leading interms-of tipe andran.qutput ghannel follawdng in fermsof ime o1

when.a simple time delay is used. The human
orlglnaté% %rom éﬂ% gac% That tThere 1s arn output channel

,
ra.s

ieading in terms of time and an output channel following in
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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20 ear perceives the origin of a tone or sound or an object in that spatial
direction from which it-=irst hears the ribise. l.e., the signal source is
perceivedin that direction in which the signal portion of the temporally
leading output channel (leading signal) happens to be played back, 25
irrespective of whether the spatial parameters actually responsible for the
Hspyatial dlleaticremaicate something differéritSRes e object 6ffiféing that,
fresentHiavention:to provide ann3ddapparaiusand a methodefiated output
ecorrelati ignal ich. improves the signal quality.in the presenc Ca
o S Tt Koo by & Bootoator S ot e
B5Adim i&Rd Pmetiiotf 6FGererating de%%rrel’ét*ﬂ@d Sigials accrihg tBana-
cHimyEs - & Here, thie prasent imventionds basedion the finding thatsfor time
ipnisiept aucip input siongls. decorielaled pUIBUL SINAISAAY € cne  audio

generated in that the audio input signal is mixed with a representation of

e 4hdid APt sighal 5°detayet by 8 dekditinte SUérn that iRt timet 0
drtepvadca firsp oatpet sighabcoredsponds toithecaudigunput sigral andaerein,
second output signal-corresponds 1o the, delayed representation ofithe =1 onaz
gudioinput signal, wherein, .2 secgnd time interval, the fstoutput .
slg“naT_SL corresponds to the feTz‘i%‘“ l‘represé“n*taﬁeon“.of” the ‘audio input

signat arfd-theedecsid. obfisut SigRancoresponds t6 1thesdudisrinpgeronds  to
signakdA pther-werdss we signals decorrelated from each other 15 are

derived from an audio input signal such that first a time-delayed copy of

the audio input signal is generated. Then the two output signals are 1
genetatetfin tatthe atdie ifpisigral &FF e delayéd repréSentation of “her
theeauth@ ived from an audio input signal 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 a first time interval, the audic input signal directly

forms the lefi channel, whereas, in the subseguent second
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input signal are alternately used for the two output 20 signals. In a
time-discrete representation, this means that 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

generating the decorrelated signal, here a time delay is used which is
Yrétfiendy~maEpeéndertdnd GReFEf6fe dEEPHG Esmpdray snecar tHee audio
iattacks of thenelapping naise:dn the case-of althie-disefietenel. The same

deprasgaiatiol, 3qfime delay.chain 30 gxhibiling g 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
Imezchosends preferret: taibesmaller-than 50 msandcespeciallpetween the
preferred tobessmalierthan or eguakto 3Q,ms. 35-Therefore;the,problem . .

,okflghe preﬁ.cef?en e is solved in that, mjn a fi+rst time interval, the audio input
sighar dfrallly fomis thé T8t chdnne, Whread Hi the stbsEguent $88ord: the
9 girretinterval, thel delajed représetation of the audiecigpetsignakisnel are
vised asithellefs channel. Thesame procedweapplies tothe bght 1 (or -
fga@ngl. 5O|P a %aéerr%% eml%ocglimen}ti, tge?%v\itching time between the e
md‘mﬁum Swapping processes is selécied 16 beé Ionager%ﬁé:% Utﬁé"]“poerﬁodoo% the
%%F@r%?érﬁf‘evgﬁﬁ%i%aw dgeearring inthe siyhatigestiftedeatingtaim human
the subsequeptehannel arey periodically fersrapdomly) swapped@atce of +he
m{%v%g_of@e}%lﬁpgﬁ of10Q ms, or. example), a corruption of the

direction locating due to the sluggishness of the human hearing

apparatus may be suppressed the choice of the interval length is suitably
maderdbnAccordingtte therimeentiom; jt isithereforetpossidiets possible to
generate a broad sound field which does not corrupt
transient signals (such as clapping) and 1in 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
]
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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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generate a broad sound field which does not corrupt transient signals

(such as clapping) and in addition neitferexhibits a repetitive sound

character. 20 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 inventively generate
decorrelated signals. The swapping of individual channels is a simple
copy aperatieh@b=and requiresirio:additienal.computinc expenditurerentively
Optional sigpal-adaptation,and/or post-processing nethods also on _y

require an addition or a subtraction, respectively, l.e. opera ions that may
typically be taken over by already existing hardware. Therefore, only a

Aegy stmall amoomtsof 30 additionad menmonp isireguired farimplementmgentive
the delaying qneans-@n the-delay line. Same exists in many systems and

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

preferred embodiments of the present 35 invention are explained in

reater detaibrefersingtd tie reebmpanyibgdrawirgscimmwhich Riganeis for
shows an embediment-of .am inventiverdecosrelatgr; 10 Fig. 2 shows an
illustration of the inventively generated decorrelated signals; 5 Fig. 2a

shows a further embodiment of an inventive decorrelator; Fig. 2b shows
ehibodiment$8PPSssitile comEdltsighalsfor aféeeebrrelafor ofFig. Paveotive
Fig. 3 shows afuttheeembodiment of an inventive decorrelator Fig. 4

shows an example of an apparatus for generating 15 decorrelated

signals; Fig. 5 shows an example_of an inventive method for _
Fig. 4 shows an example of an apparatus for generating

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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generating output signals; 20 Fig. 6 shows an example of an inventive

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 an example of an inventive

decorrelator for generating a first output signal 50 (L") and a second 30

ouIpatisigral SPHR Ynbased 6 ad audiotinpat Sighat54 (M) Thehematically

idle:C@H@i@é%@JNWiiB@hﬂQ@ﬁ d&i%yirtge@ﬁ@m&@ S@:lrﬁscl%o Q;%E@fﬁé%éio input
e representation of the-audio input 35 signal 58 . The ,

Sde%%%‘er}gla%)r %?th%?%gr%%%ggé 3 rﬁ&%? 8(%3 for c‘b%nb“l%i%gﬁ%g de?éi/%‘aut signal

FeprientdtRnteidhé avdieririput sHmal 58 withIaeaudicipparsigas s 540 the

celas/tod ohtapr-she fitsd output signat B and thessecopdoutpugndl 55, The

r2I9R8 Sg0 The e GRU tormed Byihe e seaemabEall IGRLABEn that

,SW|tches¢ by means of which the audio input signal 54 is alternately !

Switdhed tothe left diput-Si§RdivEe and'the rig%%%ﬁ?put%ﬂ&ﬁé{%z Semal 50

Alsur appliesie theb delayedir@presenmtation af the audié inpahsignal $8.second

chhep mixer 60, of the decouslatertherefarg Junglions sych hat, inafist ., -

tt'gnee inter aclj, the first;roug)ut signal g% correspondsto the audio input '
signal B4 and thé 88cond “dlitput signal cOHsspdnbs to the délaywerond  time
represeatationt of 10fthesaudioufiputisignakss; whefeins it asepondiimec  the

detesvadthe dgstoutpuisignal 5@ eorrespondstodhe felayed: gnal and the

representation of the audio.input,signal and the second output signal 52 ,
Sc%%r%rggon%‘%’é  the audic ﬁ\lputgst%gn%ﬁ)gi.eféD Thats, %%co?d}])ﬁg t%qfﬁ? o topub

JhEHion> 4 decorrelation is

That 1is, ccording to the invention, a decorrelation is
achieved 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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achieved in that a time-delayed copy of the audio input signal 54 is

prepared and that then the audio inputlsigral 54 and the delayed
representation of the audio input signal 20 58 are alternately used as

output channels. l.e., the components forming the output signals (audio

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

Saré swapped e cloekedomannes ridere the léngth bethe itimee interealferl of

Whigh each swapRiRg isimads, ok for which=25-a3 inpyt Seﬂﬁl?cw@@m&d,s for
etg){ an q_uetput signal, is variable. In addition, the time intervals for which the
ndnauar components are swapped may have different lengths. This

means then that the ratio of those times in which the first output signal 50
ronsists efithe atwlic-8@ input signahdd anchthejdelayed represenationefog or
éﬂ%_aﬁg Inputs| “%23/ By bgcyf{l'at%'é_( d”écsate%"h'éergb%"é?ipge%eérsedof the
period of the time ntervals is longe tﬁant_e average period o transient
Poviics Ontdifed iRV 85 tHePaublidhpaiasigiat 58 -so Hetto @bty gsodes are
peproeluetiay ofthersignaln- 12nSuitahkle Aiae periods here ate in the tihe ms.
satenal of 10:msfo 200, ms, & ypical timg periad peing 100 ms, for » 15 oy

example. 5 In addition to the switching time intervals, the period of the
ﬁné“ﬁelay may be adjusted to the conditions of the signal or may even be
time variable. The delay times are preferably found in an interval from 2

The [0:30,m8: ikxamples of-suitable-delayfimes aresd, 6, 9112745 0L 10 thing
gr(l)ar,gf. 'ghe mgggg egecorreelators own in Fi Jf%! ong.thlng enablets

generating decorrelated si%nglg:[ﬁgt do not sieat“thia attAgk, i@CthdeT Smear
‘Pegiring, Of transtent Sighareand in 1% addifiot easgieca vesilighls and in
gegorelptiorgkthesighakery 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, 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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which results in the fact that a listener perceives a multi-channel signal
reconstructed by means of such a dedatrelated signal as a particularly
spatially extended signal. 20 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
afisdrete sarmplesi25BY megns bf SBch @ signstjiregentintdiscreteeration of

Samples,chg. 2-shows teoperation.of thedecowelajor ofFig. FiHEE ot put
StgelgyrjlloSprutosrl%nal 54 pres nt in the fng of a 30 sequence of discrete
samplas and fie de13yea TepreSentifior” of theeSudic fistit STyriF 58%s ©f the
LonbRleredPThe rfiiker80 is 58nlyampreserted sehematicallymstwas ignal 52
qossibie sennecting: pathspetween the- audighinputsignal 54 and the
delayed representation of the audio input signal 58 and the two 35 output
signals 50 and 52. In addition, a first time interval 70 is shown, in which
the Fifst otfiotR sRIMANB0 Eorfesponds td-the aubRFinpatsigRal 54 andithefirst
secendioutputsignal B2 cotrespongs tedhe delayedwepresentation - 132  are
: i0 INRUL Si 8..According to_th ration.of the mixer,in . .
ltqééiqé?gr%d%img%rﬁgcgjlc%ﬁ% %i)rgé%%tpat |%%%Igé Qéérlrg§;50naasé L
fayed representation of the audio input signal 58 and the second output

signal 52 5 corresponds to the audio input signal 54. In the case shown in

1rig. 2;1Hbe ti@k@s@eriQ%QfetQQI{iEgdymei"ﬂter\éﬁtlxczgrﬁﬁd th@oseCQH_g tin&%mporal
interval 72 are éc%entrical, while this is not a precondition, as explained 10

Sbove- I the case represetadbit aiounts tothé teriorgl  ciock of four

a
samples, a switch is made between the two signals 54 and 58

so as to form the first output signal 50 and the second
output signal 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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equivalent of four samples, so that at a clock of four samples, a switch is

made between the two signals 54 and15B 15 so as to form the first output

signal 50 and the second output signal 52. The inventive concept for
decorrelating signals may be employed in the time domain, i.e. with the
temporal 20 resolution given by the sample frequency. The concept may
Jostraswelibe appliediciafiltéibdnkuepiesentationof tasignakimewhlichbines
sthe sjignad Laudie sighadqs sphit iB@dﬁ%V?iﬁlggi%Cf%tﬁgfﬁ%queQ@y #398Rc by a
Wliereintthrgesig!f,n{a,é}Qer;grquegc;(/3 range is usuallxaﬁesegt with reduced beai
dﬁamgyZS résolution. Fig. 5a SHows atlitther emiso imertt, inWhich the” °°-&10
Thikef 6055 configtfedssuehathat th aTifst ik iseprilctheufiigbbutpuenal 52
wsigmal Shis 1& arfirstpropertiomX ) tormed S04temdhe aydio iBpytsignals angd

4 angd t co rtion.. (1-X(t)). formed from the delayed .

t?elz[e)recsglgrlltiiﬁji%?11 o.fEJ t%gggggégﬁﬁé%ﬁgnéﬁsSf %C&H%E?y, i th Tirst tire © ] >E.
HetePval theZetdnd bulptiRighal 57 1€tb-a proportiohs X (tP ForRied friona. S0
ithe flelayed, representatimrvafitheraudio 3 iput signabb& andtom the audio
iprgpertion (1:%(t)) formegkfrom, the audia input signal, 54,B9ssjble; 5 £orpeq,

implementations of the function X(t), which may be referred to as a

Soséfadet fithion 8re SHowR Rt Eig. 2B2R1l implémentdifShs Have indelaved
¥ comman thatitheorhixeh 60 funttionsisushithat'samse. cdmibings: aa  second

Jepresentation of the-audio-input signal 58:delayed by a glelay timewithy ¢ o
the audip.ingut s%gnal 54 S0,as to g&)&ain the first C#Jt%ut signal 50 and th{-} iy
Setond bﬁ?p'ut %lgngf)gze 5 I\_’/w%ntime-\ciar%:]gJE) rtions of the addie’ ﬁ%%?n ation
Sigridh 84 e theldelayed ispresentdtiorpofithé AtdivdapacsignalBser signal
Heresinm st imedntervalothefirstoutput signad 5Onisfommed,d@ ache audio
ig{%%%rtigg g% more than 50%, from the audio

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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input signal 54, and the second output signal 52 is formed, 10 to a

proportion of more than 50%, from theldelayed representation of the

audio input signal 58. In a second time interval, the first output signal 50

is formed of a proportion. of more than 50% of the delayed representation

of the audio input signal 58, and the second output signal 15 52 is formed
wife Bropoticn oEoES: thiah 30% of the addibeinpat sighal. &g, 2teshizierily
ipprssthile gontrol functions for the mixer 60 as represented in Fig. 2a. Time

t is plotted on the x axis 20 in the form of arbitrary units, and the function

X(t) exhibiting possible function values from zero to one is plotted on the
By &GS Othet Ritictions XAF ma§ralss b Lased WhidkPdd At Addessadiges not

cexhifiitawaluesrangetof OHe kiQthel value sangesasuehhas foax0 48 18- and
conceivable, Three examp f functi (t) determining the . .
5gjet(p%?tisignars Li{Jr‘lbtre1self(|$}ét%fi” r%e%n@te%%?()&é%d %@2 ésécgr%d Itﬁ?jé%%%é?val B4 © flme
%hre rbfresentsd Bt funttion BB, WhicHAis féftesBRIGH if 1He fompéf £ the
BOLbexcorespoadsid thel.case offswapping thedchannets;as desceribed 58,

HBRig<2, o1 the switching.without ay orpsssfading, awhich isschematically, ;-
re resj(_eng%d in Fig, 1. Considerinég‘the first output si nal 50 of Fi% 2a,

“same is comlpﬁétefyofo?mga By the i inpltdignal 58 inthé firdt 38 fife from

HAtervalleZ whérens the séesrd oufput sigral 52 is completety: formetiby also

Ape dedayedrepresentationioftheaudia inpid signal 58 in the first time
interval 62. In the second time interval 64, the same applies vice versa,
15 wherein the length of the time intervals is not mandatorily identical. A

FseeBhd furictioh B Fepfésehted rdayhet Tings 8868 notBtedkipléelypf such
sswitehr thessigifads oves and-generatesdistand imes 6% to 69c, which

correspond to the transient times between the first +ime
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 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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second output signals 50 and 52, which at no point in time are formed

completely from the audio input signali%4 er the delayed representation of

the audio input signal 58. However, in the first time interval 62, the first

output 10 signal 50 is, to a proportion of more than 50%, formed from the

audio input signal 54, which correspondingly also applies to the second
toatput signal 52.04 thirdfimetiom 69 fs7miplérmentetesutirthat itispisucri.gnal

535 @&%%ﬁeataat%%%fﬁg&%ﬁr&% GRato 696 whigh scogespond Qelayed
the transient times between the first time interval 62 %n%éhe se(gogﬁ time
00

TRbdvAFE4 WHIER therefots nisik thosd ifies St AARN the addid output® =S
osignals are yakied, Saneachienss a crossrfadé effacteThiseistbaay 50% of
that,d0 @ begin jnterval aad anend 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
Fddlayed represeiitatién of the afdio irffi QiGHEE S In%h infernfekifgterelator
itpe sntenal 69 between the begin: interval @nddbe end idewal, thestiisbnents
Quiput signal 50 corresponds;to the, gudi joput signal 54, apd.the second ¢y,
output signal 52 corresponds to the delayed representation 30 of the

Siftho Fip R SRR SBUFRE dlephiss Bf theFuRERGTE 6074t the SFes<Sfade

times 69a to 69c may be varied in far limits so as to adjust the perceived
epraduction qualjfy -af the audia signal to.the conditiong-Howeverytisery i re
ensured in any case that, in a first time interval, the 35 first output S_,I%]&d !
35 Lot S profortion of mErEHaN=E0% of he Hudié input sigr ar o4
fand-thieosecond claputosighalb Y contalissa proporticriefmorethams0%ls so
afdhe delayedsyepreseptation ofthe audio inpyt signad 58.apd =6  of  the
individual embodiments may be interchangeably applied to
crie ancther.

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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that, in a second time interval 64, the first output signal 50 contains a
proportion of more than 50% of the delayed representation of the audio

input signal 58 and the second output signal 52 contains a proportion of

more than 50% of 5 the audio input signal 54. Fig. 3 shows a further
embodiment of a decorrelator implementing the inventive concept. Here,
1orpoeitarits tideRtcal o Sinifey in fliktbadré desighaatedofithi tiee 4@l lowing
ssame seferance-nurerals;as 6@33&&@%@@ ng @%@%@i@ﬁ- an general whal, o sen

ies in the contex't of ntire . application is that components .

g%%%tica%ggﬁar in funlt(g%r% a efégggna%gd with the slanrr#)é* \rrejTglrleanlce signal
GHitRerts 86 15 that the description thereof in the context of the individual
embodiments may be interchangeably applied to one another. The
1degerrelator shown in Fig. 3 differs from the 20 deco--relator

schemgtically preésented in Fig. 1 in that the audio input signal 54 and the
Rel fapr8Séhitafion of the audio input signal 58 may be scaled by

means of optional scaling means 74, prior to being supplied to the mixer
H0-cThe-eptighalscaling means, 24 here comprises a fitst saler 25.76a .1
eannedra seclond sggler 763, th% first %%aler_ 76a being able to scale the audio
inpltsignal 54 and the second Scater 768 beiny ablé fo Scaté thedelayidy 2
Jepresehtation! of-thetausiginpabsigaal 58 30Trndelayiag mednsS6isgnal .
Ifﬁd bMéhe:als@H? ftftpUtE&igmaJwﬁ@mQE[m@@Iﬁéfébgéiést §§§:@f Z%af@@ﬁka;:ion,
the second scaler 76b may optionally vary the intensity of the audio ipput

ls'igg rial%%dcét % dge?fy%dor%p%élcs{g%%atfona&%%é a%ﬁéali%pgte Sighar, What én’ tor
SHrefErrety hefFe' R’ thad ik iftBASIBLST tHe=35 |agginy SR 1C lagling)hke. side
iofthedetayed representatienntthe asdiodnpusignal 8hedpereasedn the

andiqrthe intensity of the leading signal (G Jeading),

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

il

L M dand R = M in a second time interval.
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I.e. of the audio input signal 54, be decreased. The change 17 in intensity

may here be effected by means of the f@llowing simple multiplicative
operations, wherein a suitably chosen gain factor is multiplied to the

individual signal components: 5 L'=M*G leading R'=M_d*G_lagging.

Here the gain factors may be chosen such that the total 10 energy is
Igbtainedshcadditios, the gairsfaetbrs mayrbengefinéd suchthatisamete time
hangedn dependence-on thersionah ginthe cage of additianally,va1 or the

transferred side information, i.e. in the case of multi-channel audio _ |

S ESRATEOR ToF Exaniple, te GAIR 1R Hay Riso HERERd ofi e SRke oF
Usinferanttionsswihat sQme srevariéd i depgeridanteoh thieaapdustict ime or
SEePRLiado peresanstricted, Bysthe 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

TBtfect dhe effebfristiting Fromd thed tehforai\Edslayed Fepatitibh of theonal 52
rsamecsigraly nayibe compernsated bychanging:the éntensity, of she direstn in
omponent yith respect tofhe delaved;component such that 25 delayed., . ¢

components are boosted and/or the non-delayed component is

Hentad She FredBderive effdtt cAliSET BY thé TRy nfBatésdmays, of
atsopartly becompehsatedsfor iie volume adjustment$s éinténsityrrelator in

Bdjustments); whigh-are, important forspatialhearing, 30Asinthe above, . g
S asehthe CglrfLeEI%a,yed anci&th %og-dglaéeq_ signal comgonents the audio _
%‘&ﬁ Sighal B4 5h thé* delayed representation dftRe addio fput Siffal Second
B8yripg signal 52 so as to provide at its output a post-
processed output signal 82 and 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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swapped at a suitable rate, i.e.: 35L'=M and R' = M_d in a first time
interval and 71 =M d and R' = M in-a Sécend time interval. - 18 If the
signal is processed in frames, i.e. in discrete time segments of a constant
length, the time interval of the swapping (swap rate) is preferably an
integer multiple of the frame 'Length. One example of a typical swapping
hfmeé of Brswappingipeddnds 100 hise The fitstoutpstsignal 50 and theed for
5060 QYR SIGNal b2-May direqty, Be gutputas an.autputsignal,as, n 4

hown in Fig. 1. When the decorrelation gccurs on the basis of 10 .
Cf?ai“na c?r%]esdlqgi%%ai{:'/s,?ap%rlr?\iersﬁél?ra%gfbrrnr%%ti&? W bP Totirde, TegGiregted by

TR Yeborrdlation2 ThE HeéorFlatet intFiy. Badditiondlyeconspridesdmet  the
foptiopakpasi-proeesses 80 swhich combines-the firstoutputisignal 59 anteq as
dheseegnd BUPLLSiANALIZ 20 aslomgde AL IR OUPYLA POSLES o anpile,

processed output signa a second pos% g ocesse butﬁ‘u(%“%igﬁa{i a
A WeteiltRhe DBSEPrOCRESE Thay 6Mmplise Sevéral 8ddarEgeoussis for
teffects d<orrahe thing, tomay sepsd to prepare the 5@@1 fordartherhe post-
gpethod-steps,such-as a subsgguent.upgux in.a }S‘MS'C%Q”%!O ST-Processor

reconstruction such 20 that an already existing decorrelator may be _
HaBlacettby thenventive diTorreldtor WithSURasREto cRange the regtatrix
wiehd sighel-processingThaim T hereforestiie decorrelator shown miEigaZs in
tmay fily: 25 replace the decarglatges aceording Lo prorart or sfandard o
Jecorrelators 10 of gi s. £ a,p{gle& whereby the, §QVaQt3 es of the

inventive decorrelators may be integrated-into- alreddyExisting decoder

setups in a simple manner. 30 One example of a signal post-processing

Hisgit may ben perormedrhy the=post-precessor 804s gives by means-aitbgence

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

ps

he

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

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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following equations which describe a center-side (MS) coding: 35
M=0.707*(L'+R") D=0.707*(L',-R"). =12 dn-a further embodiment, the
post-processor 80 is used for reducing the degree of mixing of the direct
signal and the delayed signal. Here, the normal combination represented
by means of the above formula may be modified such that the 5 first
output signal 50 is substantially scaled and used as a first post-processed
output signal 82, for example, whereas the second output signal 52 is

used as a pasis for the secgnd posSt-prpcessed Quiput signaiga. The
leds?‘y,uma&m' ahd-the-miximatrix-describing-the-post-processor-10-may. 30

TG TIODUT

Gaere efthekbe fully bypaSséd or thie fatrix coefiitients confrolling @hé' 0.9

combination of the signals in the post-processor 80 may be varied such

at little oy no additional mixing of the signals will o¢cur. 15 Fig. 4 shows
TI';lgleurthsecr‘—i‘/\iaeygof 5\%(%8ﬁﬁgsthemf)';‘rgcet{e:|l e &fect by thednd ofd suﬁégﬁi\g’ for
scorratater. Herasthesirstt ard secdnEscaling ainits 76a afd TBhsshodisinribed

g3 are robligagory; wherngas themaixer 9 maysbe onaitfed 2 Herg 8crived
a%ng_\lr%gy 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 inténsity, of the delayed tepresentation ofhthe audios25 inpltssighaksB dence
ds increased.and/op the itensity of the, audig input.signal p4 is decreased, . ; 1,
as can be seen from the following equations; L'=M*G leading 30

R UFE L lagding HHEre, the FREnsity is prefetabRAvaied ing@epé;rﬁibe?fé@te a

opnal, by means of mixing, which does not temporally smear
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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the delay time of the delaying means 56 so that a larger decrease of the
intensity of the audio input signal 54 nmay 35 be achieved with shorter

delay time. Advantageous combinations of delay times and the pertaining

gain factors are summarized in the following table: - 20 Delay(ms) 3 6 9

12 15 30 Gain factor 0.5 0.65 0.651 0.7 0.8 0.9 The scaled signals may
ctherbe ambitearily mixed, for5lekampte by imeans:sfcone bbarcenteresidéarily
ancoder desglibedraboue ar.anyf the ather mixing algorithms.described ;5 5
aebnogealhgre%)r%,@%y th% scaling_of éhe signal, the pr,ecedinci %O effect is
Svoided; by redticing the tefporally feading componghin its ihtengiy.chr  as
STy Bened o Genérafeacsighan by means of hiixidg rwhidh doesmottor 102
dempesalyrsipearothe HeansieBbperioas certainad imthe signakand iBr+, and

addtign foes ot sause 30y yndesired, equplion otthe 3oyl oo ara
impression by means of the precedence effec aF"lgj5 schematica ﬁ/ sﬁows

FreXfipRIG an mventivé methat-6riEHeratiMpPestput Sigrakebaseedsn and
san-audie inputl signal . e comshination step 90,14 representaiont@fiz2(ient
4he pudio ipﬂﬁgggnalsg%gg@yedgyga_ delaﬁtjggeris cappined with the , ..+

audio input signal 54 so’as to obtain a first output signal 52 and a secon
roﬁﬁﬁﬁss%)&% B WhEFSHT iR Bofitst fithe infeFval? kst OGP Signal B2 2150
feorreShbonds Yo tecdudivdnpatsigimal SAanthe secend 25wapstisignal input
scogrespends, to the delayed Lepresentatian; ok the audio 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
TBiRpstisigital 54i¢orréshonesdo thagaadio iApLred0 sighal.1s  to use the

inventive decorrelators when strongly decorrelated and

ransient signals are to be processed. If there is the
chance of recognizing transient signals, the inventive
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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Fig. 6 shows the application of the inventive concept in an audio decoder.

An audio decoder 100 comprises a-staridard decorrelator 102 and a

decorrelator 104 corresponding to 35 one of the inventive decorrelators

described above. The audio decoder 100 serves for generating a

multi-channel 21 output signal 106 which in the case shown exemplarily
rnexhibitstoiehannets: Fheanultichanreldritput Signal isegbperatets already

ased op ap Audin.inpytsignah1Q8which, ag shovwn, may,Re 8 MARO e xample
si_jgngI? The standard decorrelator, 102 5 corres%onds to the decorrelators

Knoin I B8 aftarid 1RE autht'asgoder fs mabe sudh that fUsesThE ttoned
cstandant detorrelator $0R 4 arstandard heodetsfoperation énd signal. In

alternatirely usesihe decogsieliator 104 yathia-transient audia inputsignale of
408 Thus. the,mullichannel 10 represetation generated by he qudio, _ ;¢
ecoder is also feasibfe in goodsdua |tr§/ m%hé)presence of ransient input
§ignals-andF trarsiemtdowhniix sighals. Treretsre 4ttis the Bdsicche output
dhtentionds teHse te=d5 inventive decorrelators when strongly
decorrelated and transient signals are to be processed. If there is the
chance of re%%?nizin transient signals, the inventive decorrelator may

EXifePRAfRrely B useliifsteatPsf a Stand&rtRebitelaff i8¢ g detection
edeporretation ifformatiomis iagditionalynavailabledforiEB@ntpleandt€€, where

Harameter describing the.correlatign oftwo augput signalsofagyirapnie for
A;neultl-ch,annel downmix in MPEG Surroun]d standard), same ma

defitiorfy ba'tsed 48 a dedi&ive 5 ctiterionor dgciamgitien s -s5s  (1EC)
IgecorelatoF sl useigi the thse ORSMAlLICC valags actasvalues both on
sealler thened:5, fo @xample)lautputs otthe danentive decorrelatars dsuehrme r
5.9 the decorrelatorqf.Figss 1 and 3) maybe used. 1o 1o ¢ ransmitred,
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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example. For non-transient signals (such as tonal signals) 30 standard
decorrelators are therefore used so-asto ensure the optimum
reproduction quality at any time. l.e., the application of the inventive
decorrelators in the audio decoder 100 is signal-dependent. As
mentioned above, 35 there are ways of detecting transient signal portions
(such as LPC prediction in the signal spectrum or a comparison of the

renergiescontained in thelew-fregueney spectrakdamain,imthe signald@ ot i on

heihl h specérgj_zggmsaln). In - 22 many %gcoder scenario

those in t s, these
p&é’t‘é%ﬁgr?%e%%énisms already exisfnc?rymay be i(r:np*lemen‘fegli’ln a sif?Tp‘refse}rent
dPanKREE Briesgample BFalfeady existing indicators are the

above-mentioned correlation or coherence parameters of a signal. In 5

7addition i‘%]the sinplg !’:%%9913?” ot fne presence of ransientsignal .. ;¢
portions, these parameters may be used to control the intensity of the

GO Gthe itp G tRanheIs Geheraiéd. 16 EXRfiplesicrthé ise wide”
sefialrbady ekisting detectitrwratgoriéhms fdrtransient signals ase- MPEG anount

ceuoud, yhere the canfrgl informationof the STP toolis suitable for ., 1 o
detection and the inter-channel coherence parameters (ICC) may be

LS. HEtR e dRtsCtdn T4 BE effeCtetBbth Bf 4% the Bheddér-dide ©F the
carv or tHe decodersidman the foreher rcaser Asignaiflagorbitavouldf  the

davertedetragsmitiedinwhich is,evajuated by the.audio decoder 109:50: 5+ e g
[asto aviiich to d%'ldefr% lbgggeenttgg dlffgg%{]égecorgelatgrs. If theO nd  field
“é@naﬁfpro(y,_esarfg"scﬁemei of the atidio decoder 100 is ba%%d 25 on T
FRISTRpPITG WiRBE6WS foF Thée resemsiracicindfihefindl haudio signaleandiik are
the ioverlapping-efihe adiacent windows dmmes)islargeepaugBod relation
Simale. swiehing Amang.the, giffergnl Agconeaiors May.hs eectst aneters.
“without the result of the introduction of audible artefacts. .
Therefors, pricr 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 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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25 If this is not the case, several measures may be taken to enable an
approximately inaudible transition amanyg the different decorrelators. For

one thing, a cross-fading technique may be used, wherein both

decorrelators are first 30 used in parallel. The signal of the standard
decorrelator 102 is in the transition to the decorrelator 104 slowly faded
igutan itsamtensity, sthereas theysignal aftthe rdecondlator 64 iglers and may

shawitapeouslyfaded i Ip addition.,Bysietesis:switch.curvesimay ben  these
used jn the to-and-fro 35 switc |nvq, ngh ensure that a ecorr%ator,, after

RE SFitching théreto™ & UREH 16T 2 pretteriiined WinimahT amvsuntef °F 2@
stire 36 as praveptmutipletdirect to-amdfes Switching-amonigrthe existing

Aerigys degorrelators«23 Hr addiier tg thesvolume effegisyetherin the form
derqeplion. pevchological sffects,may oecut when diferent, decomglators
are USEd 5 This'is péﬁiéul%rly the casé as the inventive decorrelators are -
dbie 16 §EfRerafe & SPécifictily Iritle ™ Sobrdfiald e InFEEoWASHed Afix making
dnatpix, @ certaim=amounimaf a decesrelated signal isaddeddtorapditecty power
Alanal ip the 10 four-ghannel audig,reconstryction, Her, the amount gt the .
decorrelated signal and/or the dominance of the decorrelated signal in the

Butphie Sighar Genérated Spicafty det&imine§ e witth of fieesound figfdr  the
garceived.aThe matnix wpefficientsrof whis mixmatrixcere 15 typically inventive

Lonyrolied by the abevementioped.correlation parameters 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
Iattificialhintreased<ycaltatingdhe coefficiontsioftheainly been presented

with respect to discrete signals, i.e. audio signals, which
are represented by a seguence of discrete samples, this
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.



20 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. 25 Of
course, the above-described switch#ig scenarios may also be combined

to achieve a particularly smooth transitien between different

decorrelators. 30 To summarize, the inventive decorrelators have a

. number of advantages as compared to the prior art, which particularly

- comefoBéarinthe réconsttiition of applatisElike *Sighals’ i.esigHals™ 2»
havimgda highhtransient'sighal portiori.<Ondhe one hand, an extremely
wide sound field is 35 generated without the introduction of additional
artefactHsli iq"é@c.'}' ios Ipaétg}cwtﬁ%rzlpégdvagta equs isnet[‘;cea%%soeﬁof.Otpnggeent,
applause-like signals. As has repeatedly been shown, the inventive .
decortBlators hiaPeasil§ bavirtegratedt- 24 i BirdaldiFexisting plybadkdic
chaihsrard/or decoders and:may cevety beicontrolléd bytparameters second
already presentdn these;-decoderssa as:to achigvethe QpIiMUM-ne zud:o
reprg)dulcl'gjonSo}!c a a§'gn<'3&tllhgxa‘£ntﬁ__;!es (Ec)gltge é@egﬁ%ﬂ%ﬂein}% §ggh existinj? 5 .
decoggr‘s“trqctu?es ave previously eenyglven inthe form ‘of Parantetric
Stergbarid MPEG Suféand. IHRIERich, the inventive concept manages
to provide decorrelators making only extremely small demands on the
computing power -available, 50 that, for.ane thing, no expensive,investing, .1
10 in hardware is required and, for the other thing, the additional energy
consumption 'of thé thventive” decorrélators i§“ﬁ§gling73f*Alﬁ1“ou@ﬁliﬁ§ - of
preceding &istussiohias hiEikly beeipresentéd 15 With respectto cutput
discrete signalszie. audiosignalsawhichoportion of more than 50

percent of the delaved representation of the audio

audio

o

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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are represented by a sequence of discrete samples, this only serves for
better understanding. The inventive concept is also applicable to
continuous audio signals, as well as to other representations of audio
signals, such as 20 parameter representations in frequency-transformed
spaces of representation. Dependigg on the conditions, the inventive
methodof 1 generating-oiiputsignals may be implementeschin hardware or
25 in software. The implementation may be effected on a digital storage
medium, in particular a floppy disk or a CD, with electronically readable

- ~

- contrBF§iGRaIE Whick iag “éddperate CUthWith a pfogiamibie 7 terval

computerssysterm thatthe inveativé nsethod of generatimg audic Bignalsdisof
effected. 3Q in genargl, the invention thereforejalse censiststn aignal and
computer program product with a program code forperforming the, s
inventive method stored on a mac me;rea&alb ecarrier whenthe
COMPRRET prografit prodiét rundfon aschiptter: fF otier WweldsCthe ot  the
inveationamay.cthiereforeibe redlized as a 35 computer program with a
program code for performing the method when the computer program

runs on a computer, 25 Claims, Decor relator for generating. output signals,
baséd of'an™ audio mpu? §|”gnaﬁ comprising: a mixer for comginl‘ng*a e
représéntatién 6fthe &ilefo Taput SignalGelayed by a ditay!timé With-the =2
audipi inpaut signakso asitorobtainca firstsand-ai second. toutputsignal inpuc
having fime-varying portions.of.the audia -input signal.and the, delayed, 1.

repre,srintagiqn of thre audio input sigpalﬂ\{vher‘eirclwin a first theSi%(-%rvql_, and
the fir's ‘8ﬁtpcbt Signat “Contains Aproportion of More thah 50 pércent of =
the atidiognput signal and the second output

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
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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signal contains a proportion of more than 50 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 than 50
percent of the delayed representation of the audio input signal, and the
second output signal contains a proportion of more than 50 percent of the
audioy input signal. 22: Decotretatenaf claimnly whegeign uithe firstimede 1 ay
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, wherein in the second time interval, the first output

- Signéf corresponds tocthe dalayedrepresentationof the atidio dnpufurther

signaband the secend DUt 26 nsigpal correspandsde the audicmput y of
signal, 3. Degoryelator gf claim, 1, wherein, in & begin interval and an.end .

interval at the beginning and at thﬂe end of the III’St time interval, the first
outpUt Right ahd - e s&lorid Gufpiit SiyrHi coitain BBRions of the audio

input signal and the delayed representation of the audio input signal,

.wherein i an:intermediate intervakbetweendhe begin intesvalnandithe.s s

end jnigpeal of the first time interval, the, first autput siang) gorieagonds fg,,
the audio input signal, and the second output signal corresponds to the

delayed tépreséntatioifoftheaudiofinput Sighalt and WhkTeif iTa bégint @
intervakard incarrend drterval atithe begiming andodt thénendiofthe input
second.time interval 2ineg with a shorter delay time.

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 (L” + R"™)
G6.707 ® (L' - R").

]
It
b

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



the first output signal and the second output signal contain portions of the
audio input signal and the delayed 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 repres@@tation of the audio input signal, and
the cselcondicutputcsignalicatresponds 3a ¢the audio idputssignal. 4ess than
Decggrelator 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 so as to

11 genBrate the délayed fepresthtationéfehe audic inpik signal 27e bynounts

L2 the Bl inpufsighal. 7 Detbtrel & of ciaim 6. Whetein the Staling

[

[

time-delaying, the,audio inputsignal kysthe delay time. 6. Decorrelator of
any one of claims 7. to 5, further comprising scaling means so as to alter
an intensity of the audiq input signal and/or the delayed repr,esentatE)ani%fs
mearissiseéonfighfed td seale the iRfENGIY W He audiotiBPaL Eignahin audio
dependerce ondhe delay tiniessuchithat & larger deceeaseinthedntensity =
of the.audignput. signal |s.ohtained with ashorter. delay time, 8, . gnay

Decorrelator of any one of the preceding claims, further comprisinga =
postprotessorfor ContbimingIhé Marand the SecontFdutpht Sighal¥5'as ©°
to obtain @ firstand a secandtpostigrotessed dutpaEsighalibotly thetfirsthe
anddbe secand pos=processedrouputsigNsudic input signal.

Decorrelator of any onsz of the preceding 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 audic input signal and the delaved
representation of the audio input signal for & sequence

of pairs of temporally adjacent first and second time

intervals.

Decorrelator  of  claim 15, wherein the mixer

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.
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17

18.

19.

comprising signal contributions from the first and second output signals.

9. Decorrelator of claim 8, wherein the post-processor is configured to

form the first post-processed output signal M and the second
post-processed output signal D from the first output signal L' and the
second output signal R’ such that thé following conditions are met: M =
0.702xdkre R, @andob =0407=x (i'+ RY). 105 Decarekator of anyronesaf is

the preceding claims, whereinthe mixer is,configured to use-a delgyed .
representation of the ugljo input &gpa{ztgh?@ 28 delay tlm%,qlc which is. ¢

gre&t}eﬁhé)neﬁ s an Ie§r§ethéﬁmgo Trﬁls.‘rf gcorfelator of &laim 77 - © ‘i
whetéirsthe delayatingé apisunts e 31 8- 9T T2 1156980 s 1psquence of
Demr@at@h@fe@w oRe @iﬂf@pﬁgcedm czlaimsme_/vi;_&we'trbﬂa_emixem time
configuigglocombing aLaudiy Inpul signal censising.of dSCLeteong +ime

samples and a delayed representation of the audio input signa
consisting 6t discrete samples by swapping the samples of the audio

input signal and the samples of the delayed representation of the audio
inputsignal=13.-ecoreglaterof any-ene efthe:precegding.claims;, whereins,

the mixr.is configured fo combing the audig, input signal, and the delayed,
representation of the “audio input signal such that the first and second .
time" i rvals RaVé-fife same ferfith. 14 Pecbielatisi-brany o fthe ™ 7e
preceding clainds, whereirethie mixeris.copfigurethto performithed 1in the
combination; of-the audie input signal and the delayed representation of

the audio input signal for a sequence

Decorrelator of any one o©f 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



of pairs of temporally adjacent first and second time intervals. 15.
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 pair in the first and sétond time intervals, the first output
signal cerresponds torthecaudiotinputiSignatiand thersecond: tgutput signad L
correspends fo the delayed representation. of-theaudio inputsignal 29 « 1.
16. Delcorcnel_ator of _cmlaims,C 14Jorﬁ15 Wh%ein thedmixe_r, is cgnfigyr%q Eo na
perform the combination stch Hat the tinte period of the time intervals i

a first:paif Of & first @k '\ sedorthtme Ghtervdl fro BHeCseGuerite ofitimere
intervals differsdror attime periodaafihe timeintesvalsan a second pair of
a first and a second time interval. 17. Decorrelator of any one of the
precedip%élaimg wherein the time period of the first and the second .

2V timé'mtéRials igarger thah the doubie alerabe timB period of trafsient ~
signial perticns conlidingdlinsthe caudio inpeit Sighal. T8rDeesweldtor of afy:e
onezpfdhe preegding claimss \whetein the: time periaghef thefirstiand signal

second fime, intervals is larger thag 10 mgand Jess than 200 ms, 19. 45 ¢

Method of generating output signals based on an audio input signal.,
compHisig: ToMGining"a Téfresentation 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 havdng ime: yarying-porions of-the apdiosinput signal andyna 1
thecorresponds T.0o The delaved representation of 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



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 of the audio input signal, and the second output signal contains a
proportion of more than 50 percent of the delayed representation of the
audio input signal, and wherein 30 “ih a second time interval, the first
outpuirsignah€ontains-g=propestion of mareithan 50 peteent efithec  input
delayed repregeniation of the audio input signal, and  the second output
signal contains a proportion of more than 50 percent of the audio input
signal. 20. Method of claim 19, wherein, in the first time interval, the first
output signal cofrespends fo thet audiolinpatsigaal, ahd thesecond:terval
outputsignal correspands o thecdelayed representationeofitheaudia , <he
input signal, wherejn in the second t@%%i%@g&kdge fitst, outpyt signal; ;e q

corresponds to the delayed representation o the audio input signal, and
the SEEG1E DUt sighal Correshonds 1o the atdidtinpit Sighar. 22 the
Methodof¢laim 19y whereimda a begireiservdktanddn ahcend intervalbaput
the beginning and at the end of the first time interval, the first output
signal and the second output signal contain portions of the audio input
signal and the delayed representation of the audio input signal, wherein in
22an ilternediate-intevVal bétiveé the1Gegis intefval and the eridntervafof ¥
the firsatimes interval, the first output signal corresponds to the audio input
signal, and the second output signal corresponds to the

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

signal.

3]
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.

24, Method 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.

[
It

Audio decoder for generating & multi-channel ocutput

signali based on an audio input signal, comprlsing:



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 signal
contain portions of the audio input signal 31 and the delayed
representation of the audio input sighal, wherein in an intermediate
interval between the begin interval and the end interval of the second
time.interval, the .first oytput signal correspands to the.delayed ;g
representation of the audio input signal, and the second output signal
corresponds to the audio input signal. 22. Method of any one of claims 19
to 2%, additionaly CorprisiAgTdelayifgethe dudio input signal by the delay
time so as to obtain the delayed representation of the audio input signal.

23. Methad, of any,one of clainas 19 to 22, additiopally, comprising:altering.

the intensity of the audio input signal and/or the delayed representation of
the 80415 input SighaT “22 ethdd of aiy ohe‘of Claims 19023, = =°
additionally:rcomprising ccorhbinig #ie fisst anduié Seebid tutdutsignal - e
S0 asnin:-abtair afirstband assecond post-processed output signal, both

the first and the second post-processed output signals containing
contributions of the first and the second output signals. 25. Audio decoder

Z Sfor g%‘?f%%ﬂt"’n‘?&aprﬁaffilféﬁ%ﬁﬁe%ufplﬁf&%ﬁ%i“b@oﬁ Ah alidio fipute R
signak comiprisingeny one o©f claims 19 to 24 when the program

runs on a computer.
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20

32 a decorrelator of any one of claims ', to 18; and a standard
decorrelator, wherein the audio decoderis-configured to use, in a
standard mode of operation, the standard decorrelator, and to use, in the
case of a transient audio input signal, the inventive decorrelator. 26.
Computer program with a program code for performing the method of any
one of claims 19deriérevhénthe prapsapr rarisatied Riepitds
Generation of Decorrelated Signals Abstract In a case of transient audio
input signals, in a multi- channel audio reconstruction, uncorrelated output
signals are generated from an audio input signal in that the audio input
signal is mixed with a representatidh ©f tize&udio input signal delayed by a
delay time such that, in a first time interval, a first output signal
orresponds to the , audio input signal, and a second.output signal s
EREonaROE 16 the ASATFoprebhtion oF o ALt pe Sighay2 Lt~
Wieram! insatdécondinee Fitenval; 1he firstBLRPUTSigRAFcbrrespongs toignals

ihe delayed sepresentation of thejaudio nipput signalaand thersecondhe audic
Quput signgl, correspopds o, the; aydio input SIgnal, FIg-2, ¢ the audio
input signal delaved by a delay time such that, in a first
time interval, a first cutput signal ccorresponds o the
audic input signal, and a second output signal corresponds
to the delayed representation of the audio input signal,
wherein, in a second time interval, the first cutput signal
corresponds to the delayed representation of the audio
input signal, and the second output signal corresponds to
the audio input signal.

Fig. Z



