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Enhanced method for signal shaping in multi-channel audio
reconstruction 5 Description Field of the Invention 10 The present
invention relates to a concept of enhanced signal shaping in
multi-channel audio reconstruction and in particular to a new approach of
envelope shaping. Background of the Invention and Prior Art 15 Recent
development in audio coding enables recreation of a multi channel

repigsgia dgon o{:ﬁ\o G?L(Jflo signal bgLsed?]on a_stereo '(k'y‘ ﬁ')h gnal z:ma'(:iu dio
corresponding control data. se méthods anfer substantiafly romm o

matrix based 20 solutions, sucheRCBEBYFTERet, since additional control
data is transmitted to control the recreation, also referred to as up-mix, of

the surround channels based on gwsectﬂrﬂssmlggd mono or stereo

channels. Such parametric multrcharmeTHU‘dro decoders reconstruct N
channels based 25 on M transmitted channels, where N > M, and the
additional control data. Using the additional control data causes a
significantly lower data rate than transmitting,all N- channels, making the
coding very efficient, while at the same tifMée ensuring compatibility with

both M channel 30 devices and N channel devices. The M channels can
eltfer b4 SiHgleimuas thannek alstersd cliannel, orcanSdpshamrfel enhanced

sepresentation. Mgnee, ikisipossible to.bave.an 7.2 ﬁ@@ﬂ@lt%ﬂi:a@og and in
ixed to a 5.1 channel bac ards Lompatible signal, an

éﬁlggrl%%gjé\lggargamet%?g 35'ena Bf—ﬁng a spa%E al‘au gp eco&&go%produce

a closely resembling version of the original 7.2 channels, at a small

additional biteate ovetheadc 2 These parametsis suroupd coding -+

methods usually comprise a

Recent development In audio coding enables recreation of a
multi-channel representation of an audio signal based on a
sterec (or mono) signal and corresponding contreol data.
These methods differ substantially from older matrix based
solutions, such -as Dolby Prologic, since additional control
data dis transmitted to control the recreation, also
referred to as up-mix, £ the surround channels based on
the transmitted monoe or stereo channels. Such parametric
multi-channel audio decoders reconstruct N channels based
on M transmitted channels, where N > M, and the additional
control data. Using the additional control data causes a
significantly lower data rate than transmitting all N
channels, making the coding very efficient, while at the
same time ensuring compatibility with both M channel
devices and N channel devices. The M channels can either be
a single mono channel, a stereo channel, or a 5.1 channel
representation. Hence, it is possible +to have an 7.2
channel original signal, downmixed to a 5.1 channel
backwards compatible signal, and spatial audio parameters
enabliing a spatial audio decoder to reproduce a cleosely
resembling version of the original 7.2 channels, at a small

additional bit rate overhead.
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parameterization of the surround signal based on time and frequency

variant ILD (Inter Channel Level Differe%ce) and ICC (Inter Channel
Coherence) parameters. These parameters 5 describe e.g. power ratios

and correlations between channel pairs of the original multi-channel

signal. In the decoding process, the re-created multichannel signal is

Thiaiaeg by adistibuing ihe engty-efdha secpiveddewnmi channelsprise a
between all the channel pairs as described by the 10 trapsmitted ILD, . <
Earameters. However, since a multi-channe S|gr% can have equal power

itribRionbetiveer ™l chahnels! Wiile thé Bipalstif it diffeférrence) and
thanndlsare \/@rgadiﬁfetempﬁh@sgh\d@g th&alisiemrag_ﬂ"gpresis_@ﬁeof@yaﬁ)@ters
Mdde sound.Jhe coggctwideness is ghtained . mbing 15 signals with.y, .01
decorrelated versions of the same, as described by the ICC parameter.

RhbTdecotrelated Verdion Bt tHe sighal Brén SfsoTefétidd tdasWé gecoding
©iffusessignalis obtained: by passing thesighalsthmugh a s obtained by
aQ\éelrrE@aﬁ@ri ﬁg?ht@'%laré%-pr?§s _fJJt@rl : %@'mglﬁcf@ﬁ]m@éi d%‘%ﬁfﬁ%f NdBannels
a ing_ a specific delay to.the signal. Generally, there are a lot of
%%‘Fe‘%’%ﬁ% revaérq”erato(?rlse known 1K f ‘g art the Precise imgﬁﬁ?éﬁ%ﬁgn of ¥ the
e fevetbérate-ThSedois GHMiRBE impdHanese25s Thé oetput front the-channel
decouelaterhas atime respanse thadwis usualysverydflatidencesa-disas, a11
SRS OWES B (esaying noias Quisk Oyl WD BXINGIRE cpannes are
decorrelated and the original signal, it is'tor some fransient signa ":tlypes,
$B7ike ApplEtEdSignald ApSantts peHErm SSThEposE proseiigen ©f 2
the-signakio mtduﬁercte@&qitﬁ;mb@ddﬁbﬂamﬁmroﬂﬂcedmwaS Hhatmixing
mayresultina Jargenperceived room size and pre-echa-type of artgfagts. .

5 Generally, the invention relates to a system that represents

fichaRfelaldid &s A-ComBhalicn BF audio

The decorrelated version of the signal, often also referred
to as wet or diffuse signal, is cbtained by passing the
signal through a reverberator, such as an all-pass filter.
A simple form cf dececrrelation is applying a specific delay
to the signal. Generally, there are a lot of different
reverberators known in the art, the precise implementation

of the reverberator used is of minor importance.

The output from the decorrelator has a time response that
is usually very flat. Hence, a dirac input signal gives a
decaying noise burst ocut. When mixing the decorrelated and
the original signal, it is for some transient signal types,
like applause signals, important to perform some post-—
processing on the signal to avold perceptuality of
additionally introduced artefacts that may result in a

larger perceived room size and pre-echo type of artefacts.

Generally, the invention relates o a system that
represents mnmulti-channel audic as a combination of audio
downmix data f{(e.g. one or two channels) and related

parametric multi-channel data. In such a scheme (for
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downmix data (e.g. one or two channels) and related parametric

multi-channel data. In such a scheme (?or 3 example in binaural cue

coding) an audio downmix data stream is transmitted, wherein it may be

noted that the simplest form of downmix is simply adding the different

signals of a multi-channel signal. Such a signal (sum 5 signal) is

aceampaniec byra paramstricauulti-ehannel data: rstreard {sidedpig)mike data
ide: info compri -e‘@g&ole r.more of a rtypes . ..

%%%J%ge(? %%gggﬁ %Qé%érlbe 'thegggaﬁ%aT?nte$réla%§r{) ofg %P!]T;eérlt'g%l that the

, . , inal
THARER of ther ThultifchAersignal n & SBRSe! th%dﬁ%irﬁﬁ]eﬁ%&%ﬁtﬂrie@feﬂt
thannélsscheeactsias @ prekfposeproceissorfo. thessending/redeiviag  (sum

engrofthe dawnmixdatae gy hayng the . sumsignal apd the sideanney data

information. It shall be noted that the sum signal of the downmix data may

AtifBhally b coded dising Any Hitho oF SedtHEddet 55 AQr Sxamplé one
Fransission: ofihalticchamnel signalsiover bwsbasdwidits waykersds describe

besoming-mare ant more pepulas these systems; plse knowHAde: of the
Eé%&aéialégdic’ goding:, MPEG syrround,, have been well develoged. ;.3
fecently. 20 The follomﬁng publications aré knotn in the ontext of thesé

tcHetogies HIEGEFalitt 'ahd B Baudngdiies “EfieRht Fepreséntation 25 the
ot spatial arshie:using peeceptual parametsizatian;” WaPsQC.dEEE having the

WASEAds Mohank, NY, Qat,,2001, {21 F.Baumgarte and G Faller, o o g ¢pat

e
"Estimation of auditory spatial cues for binaural cue coding," in Proc.
TEASSPT3020022 Orlando FRE, M0 [37 25 Falltd and REOBAURYAMEY D
¢Bimadral cueccoding: axabveband gHieient cepiesentation of spatial
audio," in
As transmission of multi-channel signals over low-bandwidth
carriers is becoming more and more popular these systems,
alsc known under “spatial audie ceding”, “MPEG surround”,

have pbeen well developed recently.

The following publications are known in the context of

these technologies:

[1] C. Faller and F. Baumgarte, “Efficient representation
of spatial audioc using perceptual parametrization,” in
Proc. IEEE WASPAA, Mohonk, NY, Oct. Z001.

[2] F. Baumgarte and C. Faller, “Estimation of auditory
spatial cues for binaural cue coding,” in Proc. ICASSP
2002, Crlando, FL, May 2002.

[3] C. Faller and F. Baumgarte, “Binaural cue coding: a
novel and efficient representation of spatial audio,” in
Proc. ICASSP 2002, Orlando, ¥L, May 2002.

(4] F. Baumgarte and C. Faller, “Why binaural cue coding is
better than intensity stereo coding,” in Prcocc. AES 112th
Conv., Munich, Germany, May 2002.
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Proc. ICASSP 2002, Orlando, FL, May 2002. 35 [4] F. Baumgarte and C.
Faller, "Why binaural cue coding is better than intensity stereo coding," in
Proc. AES 112th Conv., Munich, Germany, May 2002. 4 [5] C. Faller and
F. Baumgarte, "Binaural cue coding applied to stereo and multi-channel
audio compression," in Proc. AES 112th Conv., Munich, Germany, May
2002. [6] F. Baumgarte and C. Faller, "Design and evaluation of binaural

eue qoding,} N AES 143in Cony,, Les. Angeles G, Oct. 2002, J071C.
aller and F. Baumgarte, "Binaural cue ¢oding “applied to audio” ‘
Fpr&Ssibh wWithEsGhle Rendering. ~ i ®roe ArsdistresRyeedson, ” in
AngelesiKFA,1Qet: B002:[8] J. Bieebaayt, detereyC. Hallerz J0Roden, F.
Myburg, 15 S. Disch, H. Purnhagen, G. Hoto, M. Neusinger, K. Kjorling,

W. Ogmen: "MPEG Spatial Audio Cading / MPEG Surround: Overview

ahd CurrEhtSERIs °1 8t AES ‘Convention, EwS ok 5065, Preprint™ OF
6599 20:[0] JuHemred H: Pufnhageis J. Biebaar € FallerS.ADisehe K, CA,
#derlingpipSchuijers, J. Hilpert, F. Myburg, "The Reference Model
Architecture for MPEG Spatial Audio Coding", 118th AES Convention,
Barcelona 2005, Preprint 6477 25 [10] J. Herre, C. Faller, S. Disch, C.
Ettel &3. Hifpleke TA aH6elZer, Beumeaméier, CESpenget . PcKroorrdSpatial
Auglic €oding: Next-Sensratien Efficient and Gampatible €edingrafing, © in

'-CI}@@ Tol h AES Convention, San, 30 Eranci 004,
%’%gﬁnt 18(;;i 11 i\? ﬁé%}g[c.li%ﬁer, E:é“ %%%,'J.%Ibeﬁ?i'Hgg)&gr', C.
Spenger: "MP3 Surround: Efficient and Compatible Coding

[8] J. Breebaart, J. Herre, C. Faller, J. Rddén, F. Myburg,
5. Disch, H. Purnhagen, G. Hoto, M. Neusinger, K. Kjdorling,
W. Oomen: “MPEG Spatial Audic Coding / MPEG Surround:
Overview and Current Status”, 119th ARS Convention, New
York Z005, Preprint 65029

[9] J. Herre, H. Purnhagen, J. Bresbaart, C. Faller, S.
Disch, K. Kjorling, E. Schuijers, J. Hilpert, F. Myburg,
“The Reference Mcdel Architecture for MPEG Spatial Audio
Coding”, 118th ARES Convention, Barcelona 2005, Preprint
6477

[10] J. Herre, C. Faller, S. Disch, C. Ertel, J. Hilpert,
A. Hoelzer, K. Linzmeier, C. Spenger, P. Kroon: "Spatial
Audio Coding: Next-Generation Efficient and Compatible
Coding of Multi-Channel Audio", 117th AES Convention, San
Francisco 2004, Preprint 6186

[11] J. Herre, C. Faller, C. Ertel, J. Hilpert, A Hoelzer,
C. Spenger: "MP3 Surrcund: Efficlent and Compatible Coding
of Multi-Channel Audio", 116th AES Convention, Berlin 2004,
Preprint 6049.

A related technigue, focusing on transmission of two

channels via one transmitted mono signal 1s «called
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. decorréelation from

of Multi-Channel Audio", 116th AES Convention, Berlin 2004, 35 Preprint

6049. A related technique, focusing on tfransmission of two channels via

one transmitted mono signal is called 5 "parametric stereo" and for

example described more extensively in the following publications: [12] J.
Breebaart, S. van de Par, A. Kohlrausch, E. 5 Schuijers, "High-Quality
Reasametric-Spatiab AudiecCodinghat Low BitratesimAES 116th=Conyeitionnore
Sty eprigt 9072.,May 2004 L35, S6AYIers ), Aeebaart, H. |
Purnﬁagen, . 10 Engdegard, "Low oftﬁp eX|tyaParametr|c Stereo

Coding", AES 116th Convention, Berlin, Preprint 6073, May 2004. In a
spatialaudia deceder; thesmultkeharnet aipmix is Komptied: from & direct

§L9m19@@@%9%@@&@yl%aegmw@%a's dedved by means of, i n¢ at

It irect part, as already mentioned above. Thus, in
geRerat - TR Bffuse’art had S ifeteiERmpYtal &v/elopl thahths taite&®72
part. The4erm "temporal envelope" describes in this context the variation

of the energy or amplitude of the 20 signal with time. The differing

t oral epvelope leads t tifacts (pre- and past-echoes, temporal
'@Egaﬁig' Cfr?x Utfgé%%?ﬁix gi‘ga}%ls@%??ﬁ%u‘t’sig%'al%fh“a?}ﬁ%%%’w & stereo
Inageandat thesarretimes Altkahsientasivelope Stractare. Crrdasiefit AES

sipnats generally arg sigpalsithat ane- 25rviaxying strongly-in ashort time
period. The probably most important examples for this class of signals
are applause-like signals, which are frequently present in live recordings.

30 Inforddtab avbid arefdets Catised by introBuciiy! Biffusefdetorrelaidtl » 15
soupch wath anzinappeopdatestempstainal part and a diffuse signal

part, which is derived by means of decorrelation from the
direct part, as already mentioned above. Thus, in general,
the diffuse part has a different temporal envelope than the
direct part. The term “temporal envelope” describes in this
context the wvariation of the energy or amplitude of the
signal with time. The differing temporal envelope leads to
artifacts (pre- and post-echoes, temporal “smearing”) in
the upmix signals for input signals that have a wide zstereo
image and, at the same time, a ftransient envelope
structure. Translent signals generally are signals that are

varying strongly in a short time pericd.

The probably most important examples for this class of
signals are applause-like signals, which are frequently

present in live recordings.

In order to avoid artefacts <caused by introducing
diffuse/decorrelated sound with an inappropriate temporal
envelope Into the upmix signal, a number of technigues have

been proposed:

The US application 11/006,492 (“Diffuse Sound Shaping for
BCC Schemes and The Like”) shows that the perceptual

quality of critical transient signals can be improved by
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envelope into the upmix signal, a number of techniques have been
proposed: 35 The US application 11/00%,492 ("Diffuse Sound Shaping for
BCC Schemes and The Like") shows that the perceptual quality of critical
transient signals can be improved by 6 shaping the temporal envelope of
the diffuse signal to match the temporal envelope of the direct signal. This

appraach hasalreastydeenlintiodusedinto MPEGHS susrotnddechsolagy  to
Dy different tools, such-as_temparal envelope shaping” (TE3) and the

“temporal processing” (TP). Since the target temporal envefope of the
diffuse signal is derived from the envelope of the transmitted downmix
Stghal, thisgmethod does not edquirecadditienah siderifrinformation tmbe  MPEG

transmitied. HoweverAs,a consggyence,, the temporal fine structure.of, .7
the diffuse sound is the same for all output channels. As the direct signal’

BRIC tilien T ARGQLY dere frdtthe HanSTTE denfibe Sighat tbes (12 -
algevavdig sirafaraeniporalanvelopey thisns mdthodenal ifprovethgnal is
perceptaal q@hﬁ;}dﬂ'ﬂ/ C;:‘tmplam@@f@&;ﬁin terms ?Ehié%rm&%ﬁsédi-e-downmix
owever, as then the _direct signal and_diffuse signal have similar, .
fer Bgrg'l ers;cv%ospesmf%%&éﬁ%ha%%glg, s&&ttecﬁﬁi%ﬁég?nayaer%a%n]t%ntﬁ]é side

Stibjeetive duality of Asplaustuididigrals bbcesirot 20 #fiprovetiesequence,
shatiat distrihttion of single apptausecevents inthesigmalsas thisweuld s the

only.begossible, whenone reconstructed ﬁ_@aﬁéwgﬁ'geb%m%ch more are,

intense at the occurrence of the transient signal than the other cﬁgﬁlﬁe S, '
WiicH'is fpoSsibeHaving SialeshardigBasicafly the 58amesd  downmix
tsmperal emvelepes Arcalteenative: methotllte overeomerthe peobtemdse, this

seseribed by Usapelicationd 1/006,482 (individual Ghangel Shaping o 1 ; e
signals in terms of “crisp-ness”, i.e. However, as then the
direct signal and diffuse signal have similar temporal
envelopes for all channels, such technigues may enhance the
subjective quality of applause~like signals but cannot
impreve the spatial distribution of single applause events
in the signal, as this would only be possible, when one
reconstructed channel would be much more intense at the
occurrence of the transient signal than the other channels,
which 1s impossible having signals sharing basically the

same temporal envelope.

An alternative method to overcome the problem is described
by US application 11/006,482 (“individual Channel Shaping
for BCC Schemes and The Like”). This approach employs fine-
grain temporal brocad Dband side information that is
transmitted by the encoder to perform a fine temporal
shaping of both the direct and the diffuse signal.
Evidently, this approach allows a temporal fine structure
that is individual for each output channel and thus is able
to accommodate also signals for which transient events
occur in only a subset of the output channels. A further
variation of this approach i1s described in US 60/726,389

("Methods for Improved Tempcral and Spatial Shaping of
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for BCC Schemes and The Like"). This approach employs fine 30 grain

temporal broad band side information that is transmitted by the encoder

to perform a fine temporal shaping of Both the direct and the diffuse

signal. Evidently, this approach allows a temporal fine structure that is

individual for each output channel and thus is able 35 to accommodate

also signals for which transient events occur in only a subset of the output

channels. A further variation of this approach is described in US

BOLT26;838% r(tMéthbds for IBigowed Tempbrat and SpatialsSitapimpobrches to

Mﬂlgﬂ@nnsgée@@&ig@alséguﬁ% discussed-anpreaches toephances i gnal s

(gercep}ual quah%}_&)f tran |enhcoded signals comprise %ter‘ppor Iig‘aﬁplrggf A
PHRE 6 elGpet3THRE HfuSE " SGhRANTERded > MANGR LoESTrespording o1 fuse

dirgoesdignatst Seaporabervalope. VEhilebothemeonushdestribegt signals

pHRLsgrt Metbgds cap enhance the subjective quality of applause-like

signals in terms of crisp-ness, only the latter approach can also 10

improve the spatial redistribution of the reconstructed signal. Still, the

dobjeetiveoqidlity preieisyasiesizate applabse sighafsaemaliis methods can

HRsatisfacteny. begause-they ieraparakshaping of bethhthe-comhirationegfals in

doand difused sound leads to characieristio distodions (e 9 aftacks,, ) e

6fthe ind?V|d'ual*cjla|§Ds are either per:éeive “as not tlglﬁt" nonly a

lTRRBAEMPCrBISShaRAG isSperfofRed Tof Ldistertithhs &re intld8ucegfonstructed

shapiag witlsaivery high denspera respludiorgisadpplied wathe-signadyithisesized

%%%‘;_’HE% ee_V'dSE%-; (ED a EFH&"E&S ”ak{ﬁé_g%g'%? delayad copy9t20 5. the

the en, mixe

irect signal. the diffused signa to the diréct signal is _
GNP BT Rave & ufFRkER spettraPRbMposiidn tiRaFthe iietPlignQ- Thisy and
enertif shel envelope islscaled ta match dhe envetdpe oftheddisgotrtions  {the
attacks of the individual claps are sither perceived as not
“tight” when only a loose temporal shaping is performed, or
distortions are introduced if shaping with a wvery high
tempeoral resclution is applied to the signal). This becomes
evident, when a diffuse signal is simply a delayed copy of
the direct signal. Then, the diffused signal mixed to the

direct signal 1is 1likely to have a different spectral
composition than the direct signal. Thus, even 1f the
envelope is scaled to match the envelope of the direct

signal, different spectral contributicons, not originating
directly from the original signal will be present in the
reconstructed signal. The introduced distortions may become
even worse, whean the diffuse signal part 1s emphasized

{(made louder) during the reconstruction, when the di

bty
h

L8

1]

signal is scaled to match the envelope of the d

-

et

rec

signal.

Numerous publications reslate to the problem of properly

encoding and decoding multi-channels signals.

The interna

)

onal Patent Application WS 2004/0877%4 A2

i
relates to the advanced processing of multi~channel audico
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oS qbt;ggjdns_lganaxlbsltggggh.e‘_r 10 represent a decorrelation signal. T

modalling late reverber

BTy Ll - ~ ' - . e wm PR - “ 5 3 ~ —
W et al., December 2003, international standard ISO/IE

signal, different spectral contributions, not originating 25 directly from the
original signal will be present in the reconstructed signal. The introduced
distortions may become ever, worse,\khen the diffuse signal part is
emphasized (made louder) during the reconstruction, when the diffuse
signal is scaled to match the envelope of the direct 30 signal,. Numerous
publications relate to the problem of properly encoding and decoding
s 1 gneli-ehappelssignals, 3 nternafi Raten ication, L Fl e
. g§%4/097794 A2, relatgs%)%%%ga?ag%%]%#g?eéﬁgao@ n%%t%‘é 'agl?’nee 2=l “:e‘f
2 (idisTa PRI Tt BiF a Torpok dipoRErtfi nodulf¥a ihes bark for
gennd atiaptvestinte signating methhods i Asyathesizerdforn geagratingsa: signal
s degourelalionsigna) Based 00,20 iputsonal s gperalve gl a pluralitu of ;-
, s%babac_pdssi %@%, vyhg{ﬁm as subband signal Includes a sequence of at™
“REAE fvo dibband “SampPRES The SMEREIAT inchuds fikdratageser subband
sanp L¢ing ealisubbanuSigral using a ieverberation fiitel He obtaitages  fo-
£1 Phusality of steveresberaied: signajs, yiheiel 4, PUraliyALIBuaIgiergled ..
is

w

decorrelation signal -is Used for . ECORStRICTAG & Signat b35éd-6n avherein
Pl parkicttically Encorrdsstersdsigrat donsistibipsha monbsigaakand@ogether
regohasence measure: 151 Eha publication. ‘Parametricqaulti-channel aydia. ; . 5
i scoding;, synthesis of gghg%eggg cues”, Faller C., January 2006, IEEE -

transactions on audic, speech and tangtiage®procEssng IEEE %R Rfce °F
ParamBrE N T2 US, paRfesErto 3310 EXRE079902% age 3034 page8050f

[

moretategte ays do syrihesizeRfcaherenge £ues. For that c)uroose,

decorrelation filters modelling late reverberation with impulse responses

co-"responding to several 100 ms are used, resulting in. the
¢ publication “Parametric multi-channel audic cod

ng

synthesis of coherence cues”, Faller C., January 2008, IEEE

transactions on audio, speech and languags processing, IEBEE

service center, N.Y., US, mages 282 to 310, XP0O07900793,

page 303 Lo page 305, relates to ways to synthesize

ccherence cues. For that purpose, decorrelation filters

ation with impulse responses

corresponding to severazl 100 ms are used, resulting in ths

ability of the =schems to generats naturally sounding
diffuse sound.

"MPEG4-EXTZ: CE on low complexity parametric sterec”, QOOMEN

ot

JTCL/8C  28/WE11  describes a Concept 23 O how  *he

complexity in parametric stersc analysis and synthesis can
be decrezsed by using QMF-Filterbanks instead of ©IT-
filters

The US patent application 2003/003583004 21 relates =o BOC-
coding and in particular to coding schemes, in which one or
more of the input channels are transmitted as ﬁnmodified
chann

D

ls wnich are not downmixed at ths BCCD encoder and no:

upmixed at the BCC decoder.

-



ability of the scheme to generate naturally sounding diffuse sound. 25
"MPEG4-EXT2: CE on low complexity parametric stereo”, DOMEN ? et
al., December 2003, international standard ISO/IEC, JTC1/SC 29/WGil
describes a concept as to how the ggmplexity in parametric stereo
analysis and synthesis can 30 be decreased by using QMF-Filt_erbanks
instead of FT- The US patent application 2005/00583004 Al relates to
BOC- coding and in particular to coding schemes, in which one or 35
more of the input chan@gigmze tramshitted ad umarodified channels which
are not downmixed at the BCC encoder and not upmixed at the BCC
- decoder, /b Sggmrgg_rqy o the invention St is the object of the present o
~ invéntion to ijVlaé"é"co%tepi’%eenﬁa'r?cséad"éignh’?gﬁ’éﬁﬁﬁﬁh “© provias a
CAiffehanret reconsiactoh. 8 sThisialject hachieved bynan apparatishannsl
ré#vaccordanceiwith claims 1 or 29, a method in accordance with claim 28
and a computer program in accordance with claim 30. 5 The present
invention is based on the finding that a reconstructed output channel,
reconstructed with a multi- channel reconstructor using at least one
downmix channel derived by downmixing a plurality of original channels
and using a parameter representation including additional 10 information
on a temporal (fine) structure of an original channel can be reconstructed
efficiently with high quality, when a generator for generating a direct
signal component and a diffuse signal component based on the downmix
channel is used. The quality can be essentially 15 enhanced, if only the
direct signal component is modified
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such that the temporal fine structure of the reconstructed output channel

is fitting a desired temporal fine structure, indicated by the additional
information on the temporal fine structure transmitted. 20 In other words,
scaling the direct signal parts directly derived from the downmix signal,

hardly introduces additional artifacts at the moment a transient signal
TccHrsoMlert, asdn papt arte theoyetssignalpartis 25 scaletdtoonatcha with
gesipg envelppaol meveridele The.gaseiitial e eRopaLugRaignt. g
signal in the reconstructed channel is masked by an emphasized diffuse

STy hiixed tothe’diredt sitfiiald WRIER vilf b& ndre2 éXtenSively described
below. 30 The present invention overcomes this problem by only scaling

the direckgighal campaenent, thus giving DO0PRATUNIYL 10 IFROYCE  that -
additional artifacts at the cost of transmitting additional parameters to _
Hoschise e FEtemBoral onoiBRe withirt e Stte o niatioN. AtcordiR =
¢ pneembbdimastciuhé present invertion L eavélope scaling patameteesine ]
ase derved using e irepresentationof the direet and:the-diffuse.signah s ang

3 whitened spectiu. i, yhete different spectal parts of thesional .,
ave almost |8ent|ca energles.%e a&lvan ages ofLusmg Wlhlt%nea

Epberaard fofol. Oné tHEeRe hand 5 ®sing BEWRitersd sPeckimoasiginal

basisfel thecatculatien of acsealing facteriused 16 Scalerthe @irectisignal nigh
lJows - for thevfransmissign.ot.anly one parameter per fime; siat. inclyding, .
%Jformai%n on the temsgoral staructure.,As itg?s usu%l inn%Iti-char%é%au%%gna

O RAE sigials afe 19 prbtESsed Within nuffereEE iBGueRey Bandsn  the

disfgatyrechannel is used. The guality can be essentially
enhanced, 1f only the direct signal component 1s moedified
such that the tempcral fine structure of the reconstructed
output channel 1s fitting a desired temporal fine
structure, indicated by the additional information on the

temporal fine structure transmitted.

In other words, scaling the direct signal parts directly
derived from the downmix signal, hardly introduces
additional artifacts at the moment a transient signal
occurs. When, as in prior art, the wet signal part is
scaled to match a desired envelope, it may very well be
the «case that ' the original <+transient signal in the
reconstructed channel 1is masked by an emphasized diffuse
signal mixed to the direct signal, which will be more

extensively described below.

The present invention overcomes this problem by only
scaling the direct signal component, thus giving no
opportunity to introduce additiconal artifacts at the cost
of transmitting additional parameters to describe the

temporal envelope within the side information.

According to one embodiment of the present invention,

envelope scaling parameiers are derived using a
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helps to decrease the number of additignally needed side information and
hence the bit rate increase for the trangmission of the additional

parameter. Typically, other parameters such as ICLD and ICC are

transmitted once per 15 time frame and parameter band. As the number

of parameter bands may be higher than 20, it is a major advantage
hayingsterttansinihonly oriecsingleparameter pee chamrels Senegallyl ifith a
! Li'{{écﬁﬁ@“_%b%@é%ri%'gnia.'%?‘f‘? %E?£$§5  in-g frame stuclre, e, 0, o ¢
entities having several 20 sampling values, for exampﬁe %gi_per rame.
Fiftherdbre: asdifeatlyMréttionea the Signate rdpiit intd Reverdrantages
spectralportions efere being-processed, suchrthat finalh:typically-ore hand,
JCEANAICL D parameter iz, fiansmitied per frame.and spectal RAHOR O ¢ ; o

(g%e signal. .25 Th% second advantage of using only one parameter Is

yEicaiPmotivatbdCSinte Hi& tranSieRtSigRalS i question natHamy have °7s
broadspectraaTharefererto adcount for thieeensrgyp oéthertransient ime  slot
sigmalzwithin the 30-sindle.chapnels coregtly, itds most-apprepratete j+ g
use whitened spectra for the gillcuall%t!%p of ener scaljE EaCthS'An a
firther embodiment of the present fnvention e 35%inventive concept o
ModiffRethe dirédtisignalesmpeient iseryrapplidebfod a spddtigl  feature
ipottion af sheisignalkahove na certaipspeetral imi in thenpresence:ebicd side

additignal {Sﬁdu%%gnl%' nIQ][S is becayse resdual Sigi”na;':%%%sttﬁge%hoe% the

are

with the downmix signal allow for a high quality reproduction o

ofigitE cRanhdls Surhhfarizigl e frventiie éoiiteptis dedidrisditey, other
provide thenhanced tempdral. ancispatiaCqualinewithreespecttosthe gprigs per
aitappreaches avoiding the problems asselatefle numper of parameter
bands may ke higher than 20, 1t 1s a major advantage
having to transmit only one single parameter per channel.
Generally, in multi-channel coding, signals are processed
in a frame structure, i.e., 1in entities having several
sampling values, for example 1024 per frame. Furthermore,
as already mentioned, the signals are split into several
spectral portions befcre being processed, such that
finally typlically one ICC and ICLD ©parameter is
transmitted per frame and spectral portion of the signal.

The second advantage of wusing only one parameter 1is
physically motivated, since the transient signals in
guestion naturally have Dbroad spectra. Therefore, to
account for the energy of the transient signals within the
single channels correctly, it is most appropriate to use
whitened spectra for the calculation of energy scaling
factors.

In a further embodiment of the present invention the
inventive concept of modifying the direct gignal component
is only applied for a spectral portion of the signal above
a certain spectral limit in the presence of additional

residual signals. This 1s TDbecause residual signals
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with those techniques. Therefore, side_information is transmitted to

describe the fine time envelope struct&rg of the individual channels and

thus allow fine 10 temporal/spatial shaping of the upmix channel signals at

the decoder side. The inventive method described in this document is

based on the following findings/considerations: 15 Applause-like signals
tcagdienseervas sornpesetbafusingles distintt nearby claps andiaingiserlika ity

Anbhienge.priginatiad fiom verydense fargffdlans. In a spatial audio

decoder, the best approximation of the nearby claps in terms of temporal
envelope is the 20 direct signal. Therefore, only the direct signal is
Progessedibysthe imeentive arethod. Sincedhe diffuselsighahrepresentsrovide

mailythe %’&'H't%‘f_g Paétrﬁ t%é@ﬁéh aawﬁgc@ﬁsmg@@ arg@?)@_ct to the
tem$oral resolution is |Ike|% to mtroducgef,’\(illstortl%% 25 ang modulation
heqenﬁ C

RFtefacts TBVen IREUdiT & S ftain &b eMERCorAbplatisg cc+ated
wérigpnessomighttbe hehieved by SUchra fechhiqued As a conSequendeto is
E&%’%ﬁsﬁ@éﬁi@@?@ﬂ?d@@ﬁﬁﬂ%@iﬁggi sighma_leis wiieuched £:@, 0t st ructure
S ect to a.fine.time s N e Inventlve processing. .

R s L o oo Smarid b, £ine
UPRRLEE Sighiaf Trelinveriivé "Methbd BREounEsTfor thisByeakulatifgals at
medifies: breadband scalinigfactar ami the transmittedB35sinfamationn this

that is to be applied solely to ggsgfige(_:t signal part. Thig modified fagfaris, . g

chosen such that the overall energy in a given time interval is the 11
SARTERARINCCE SN BOAADSES  the original factor had been applied to
both the direct and the diffuse

e Applause-like signals can be seen as composed of
single, distinct nearby claps and a noise-like

ambience originating from very dense far-off claps.

e In a spatial audic deccder, the best approximation of
the nearby claps in terms of tempcral envelope is the
direct signal. Therefore, only the direct signal is
processed by the inventive method.

¢ Since the diffuse signal represents mainly the

ambience part of the signal, any processing on a fine
temporal resoluticon is likely to introduce distortion
and modulation artefacts (even though a certain
subjective enhancement of applause ‘crispness’ might
be achieved by such a technigue). As a conseguence to
these considerations, thus the diffuse signal is
untouched (i.e. not subiected to a fine time shaping)

by the inventive processing.

e Nevertheless the diffuse signal contributes to the
egnergy bhalance of the upmixed signal. The inventive
method accounts for this by calculating a modified
broadband scaling factor frcm the transmitted
information that is to be applied solely to the direct
signal part. This modified factor is chosen such that

the overall energy in a given time interval 1s the
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part of the signal in this interval. Using the inventive method, best

subjective audio 5 quality is obtained ifthe spectral resolution of the

spatial cues is chosen to be low - for instance “full bandwidth' - to ensure
preservation of spectral integrity of the transients contained in the signal.

In this case, the proposed method does not necessarily 10 increase the
averageaspatial sigderintormadion bitraied since spectiakresoluion:s sately o r
traded,far; t r lytion. T bjective ity improvement.is.. -
achievte{%%y%%%)gn%%%?%g% %?%gm%;?r? lill(‘"gﬁa%pir?fgjl” the g%ynpc?arﬁﬁg?th%lf;use
signal BF&time orhy afid s E%’Fha%ﬁﬁ trdnentauality by

stsnathening the. direct.signalparLat he rapsient logation. while 20,
avoiding additional distortion originating froma diffuse s%gna with
inappropyidte mpdradrivelspe 11ﬁmp?%@inar@%ﬁéﬁéca%%ﬁé%ym of the
emphasizing tlie direst part whokdhe diffuse pastvat-the spatials osgineof Bru L1

transient evgnt.and damping.it telative 1025 the diffuse part at far-off |

panning positions. Brief Description of the Drawings Fig. 1 shows a block
diagram' 5% friutt.cRannél enco a8 Sordrid & Bresp6rting detdér &g -
Ib shows atdcheniatiessketdieobsignalredonstivctiondusing Weconelatedarily

signals; 36-igs2 shewsan-examplefar ap inventive multichannel, nitrate,
reconsfructor; 12 FiQEB hows a further example fo antinve t:%ye ulti
channél teconstrictor; 5 Fig-4 SHows dh exa leSor parafisier b&id
repres&RARORS LsEE 36 Identifndifferent

The subjective guality improvement is achieved by
amplifying or damping (“shaping”) the dry part of the

signal over time only and thus

¢ Enhancing transient guality by strengthening the
direct signal part at the transient location, while
avoiding additional distortion originating from a

diffuse signal with inappropriate temporal envelope

¢ Improving spatial localisation by emphasizing the
direct part w.r.t. the diffuse part at the spatial
origin of a transient event and damping it relative to

the diffuse part at far-off panning positions.

Brief Description of the Drawings

Fig. 1 shows a block diagram of a multi~channel encoder

and a corresponding decoder;

Fig. 1b shows a schematic sketch of signal reconstruction

using decorrelated signals;

Fig. 2 shows an example for an inventive multi-channel

reconstructor;
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parameter bands within a multi-channel decoding scheme; 10 Fig. 5
shows an example for an inventive muttEchannel decoder; and Fig. 6
shows a block diagram detailing an example for an inventive method of
reconstructing an output 15 channel; Detailed Description of the further
embodiments Fig. 1 shows an example for coding of multi-channel audio
20 data according to prior art, to more clearly illustrate the problem solved

pydne ipventiyg soncept Genelally Snafeacodst side, angriginalye s

ti-channel” signal 10 is input into the multi-channe encoder
deriving side f¥BFAStort $4 ditdtitg the spatial distribution of the
various channels of the original multi-channel signals with respect to one

angther. Apadyfrom the generatian of side information 1‘%%&'&@ band

channel encoder 12 generates one or more sum signals 16, 30 being ,
downmixed frork fife RGiAaMRURI-chalifet signat. Fa%mtédfrﬁigurgﬁdfrﬁex ent
widely used aremsuacdlier 5-B5&hd w3-205 sonfigurafions: ¢h&ahsl  decoding
configuration $he eneeder generates one single monophonic sum signal

16 from five input channels and hence, a corresponding decoder 18 has

35 to generate five reconstructed channels of a reconstructed
Fidlti-cRanneFsighal 280 Inake A8 coAfigurdtiohntier bhsdergbhéragasnnel
two downmixd&hanaels;fremdive input channels, the first channel of the
downmixed channels 13 typically holding information on a left side or a

right side and the second channel of the downmixed channels holding
fnt8rmétion ofi the dtifer3lde’s Sdmpletpardfieters’deschbingthgispatidior an
distribution ofithe:otiginal chanretsiare; s farexampledndicated ian  cutput

channel;

Detailed Description of the further embodiments

-

Fig. 1 shows an example for coding of multi-channel audio
data according to pricr art, to more clearly i1llustrate

the problem scolved by the inventive concept.

Generally, on an encoder side, an original multi-channel
signal 10 1is input into the multi-channel enceder 12,
deriving side information 14 indicating the spatial
distribution of the various channels of the original
multi-channel signals with respect to one another. Apart
from the generation of side information 14, a multi-
channel encoder 12 generates one or more sum signals 16,
being downmixed from the original multi-channel signal.
Famous configurations widely used are so-called 5-1-5 and
5-2-5 configurations. In 5-1-5 configuration the encoder
generates one single monophonic sum signal 16 from five
input channels and hence, a corresponding decoder 18 has
to generate five reconstructed channels of a reconstructed
multi-channel signal 20. In the 5-2-5 configuration, the
encoder generates two downmix channels from five input

channels, the first channel of the downmixed channels
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Fig. 1, the previously introduced parameters ICLD and ICC. It may be

noted that within the analysis deriving the side 10 information 14, the

samples of the original channels of the multi-channel signal 10 are

typically processed in subband domains representing a specific frequency
interval of the original channels. A single frequency interval is indicated

by da somerapplicationsntherinputiclianoels 45 mayibediteseddy aa  right

nggd fgtr% ba{%epefgé%gﬁ% pr, ﬁ%%%%q i'%fth%f?gra@g&%ﬁ%@g Kg%r]e neLs

be further subdivided, each subdivision denoted with k. Furthermore,
Brocedsthg- ofthE"intiIE valties 80 deleribiiig&h-original channel, is

done in a frame-wise manner within each single parameter band, i.e.

several conseciive samples form g.frame, of finite. duratiog; ThesBCC o o
arameters mentioned abovye typically describe a full frame. 25 A_, ,
Parama i ke i Fefaid (56 pRert vertiTENg aféatyated in
khownin thérartds ¢hel [IC1ED patarmeters descrilsing thve: emergyContaindd I1CC.

within a signal frame of a channel with respect to the corresponding

framesof ather, 30.channels of the original mult channel ot signal .
ommonly, the generation of addifional channels 16 derive a

radonstuEHeN of & mulitéhafd@sigial frdm bRE trahbsiitted supharprls of

only israchieveshwith 4he helpat35 decoreatated:signals) beingderivesked in
lo! ' lators. or. herato typical

pa e i e L %?%%%ﬁﬁ%.l%%%ﬁfh haa 7ot

Single’$anfple Pepraseris aiiftefval 6f 11 Fifité lehgifbeasoUt DpEmEal 1s

ofidn oxiginal thanrel. knmaybe netedlthat usingsfiltet bankisathe sighalnne 1 s

issplitjpto pumerous:sigpgl parts, each rapresenting a finitey,  pefore the
processing, i.e., the parameter bands x may be further

subdivided, each subdivision denoted with k.

Furthermore, the processing of the sample values
describing an original channel, is dene in a frame-wise
manner within each single parameter band, i.e. several
consecutive samples form a frame of finite duration. The
BCC parameters mentioned above typically describe a full

frame.

A parameter in some way related to the present invention
and already known in the art 1s the ICLD parameter,
describing the energy contained within a signal frame of a
channel with respect to the corresponding frames of other

channels of the original multi-channel or signal.

Commonly, the generation of additional channels to derive
a reconstruction of a multi-channel signal from one
transmitted sum signal only 1s achieved with the help of
decorrelated signals, being derived from the sum signal
using decorrelators or reverberators. For a typical
application, the discrete sample freguency may be 44.100

kH, such that a single sample represents an interval of
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frequency interval of the original signal, To compensate 5 for a possible

increase in parameters describing the 1cﬂ‘nannel, the time resolution is

normally decreased, such that a finite length time portion described by a
single sample within a filter bank domain may increase to more than 0.5

ms. Typical frame length may vary between 10 and 10 15 ms. Deriving

the deeorielatecksigrial may:make tse o different filter strueturesrandien. . 1t

felaysor.comhinatans theragf witout limiting,the scope of fhe Invention.; 5
It may be 15 furthermore noted%hat not necessarily the wholespectrum

Has %o BTSSP defivE e decdfrefted Signals "EEF eXampiédnly Tinite
Specrairportionstabovela spectraldoweri pounad (spegifie valuBof xofithesate

sym signal(downmix signal)dmay.be psedtq derive the degareelated: g the
sjgnals Ousm% dela?és and/or |Iters.AdecorreIated§36r;al thus generally

&CYise ag'if;l al defived fo M the ddvnrrix g%ﬁ%‘? nﬁwelfﬁﬁgﬁﬁeﬂ) such
shels that & corvékatiors iepefficientsvhenderived dsing thédécdriclateds ingle
signal -and the dewamix chaapelisignificapiisdeviates framaunitys254er nore
example by .2 Fig, | gives an.extremely. simpifisd example.glfhe , 10 ana

own- mix and rec ruction process during muRt.chanmel audio coding
& eXlain the great benefit of the inventive 30 concept of scaling only the
direct signal component during reconstruction of a channel of a

pulti-channelisignal For [he follgwing description., some Simplif Eatg{géf erent

o] o T

are assumed. The first simplification is that the down-mix of a left and a

fightGranfieiig aimple atfdftionrof ('35 Empstitudes Withir thedaniélg reo
Wwhelsscondlstrangt simplifieationag;dhat the tCorrelatior is-assumedto bey be
ausimpledlelay of the whele-signal+1%.ccessarily the whole spectrum
has to be used to derive the decorrelated signals. For
exampie, only spectral portions above a spectral lower
bound (specific wvalue of k) of the sum signal (downmix
signal) may be used to derive the decorrelated signals
using delays and/or filters. A decorrelated signal thus
generally describes a signal derived from the downmix
signal {downmilx channel) such that a correlation
coefficient, when derived using the decorrelated signal
and the downmix channel significantly deviates from unity,

for example by 0.2.

Fig. 1lb gives an extremely simplified example of the down-
mix and reconstruction process during multi-channel audio
coding to explain the great benefit of the inventive
concept of scaling only the direct signal component during
reconstruction of a channel of a multi-channel signal. For
the following description, some simplifications are
assumed. The first simplificaticn is that the down-mix of a
left and & right channel 1s a simple addition of the
amplitudes  within  the channels. The second strong
simplification is, that the correlation is assumed to be a

simple delay of the whole signal.
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Under these assumptions, a frame of g left channel 21a and a right

channel 21b shall be encoded. As indicated on the x-axis of the shown
windows, in multi-channel audio coding, the processing is typically

performed on sample values, 5 sampled with a fixed sample frequency.

This shall, for ease of explanation, be furthermore neglected in the

foltbsving rshost sunsmapy. Asalreadydnentionetl, an therencodenside, @ a and
e ig npelis ined (d -mixed) i - down-mi
Snael 2 et o be itanamied 6 e otster, On tho Sensaer Sidg e
 @etorretatel iy rdt 9%s Gehivad from thé " trahdmittsthdswnaHixt © coding,
thannel 22awhithds the sumimof the llgft chranfiek2&al andthesghtiechanmdlues,

23hdn dhis example.£15.As already explaingd, the recgnstruction of theJeft. . o
channel is theg,perforrged Ero?mtagiggal frames derived from the down-mix
Chaniel 22 shd the’detorrélated SigRa23. R 7fay b Fotet that Bach ©1 +0Wing
Syl freEisLndergoing a 20 global scaling before the combination, as
indicated by the ICLD parameter, which relates the energies within the

indivi | f single .channels to the energy of the correspondin .
%r%jn\é e?s%(%fﬁéa&%%(ﬁéclhoa%%%fs of aercr?lu?ti-e&%%(r%?giaﬁ ar 25aAsf|£f %;% =il o ght

GREUMBY in the PrESERE ExaMpla! el ierefgias dpeeoRtainggrannel 22
within the framelof therleftsohanrel 2ta and thedeame of thecright skanet oder
21Bcthe Wansqilied dowleuix changl22 agd ing,decprielajed SOsighal 1
23 are scaled by roughly the factor of 0.5 before the combination. That is,

wheh - rikifig RGNy Sinihle"as dowhmitiig Sle. simmify Githef the
w6 sigriads the recenstruttioneofthelotiginakleftechahhel 2ta isithe summple.
eithe:scaled; downspix-chanpel 24g and the scaled,; 35 degorrglated e et

signal 24b. - . ,
cggnneﬂ is then performed from signal frames derived from

the down-mix channel 22 and the decorrelated signal 23.

It may be noted that each single frame 18 undergoing a
gleobal scaling before the combination, as indicated by the
ICLD parameter, which relates the energles within the
individual frames of single channels to the energy of the
corresponding frames of the other channels of a multi-
channel signal.

As it is assumed in the present example, that egual
energies are contained within the frame of the left
channel 2la and the frame of the right channel 21b, the
transmitted down-mix channel 22 and the decorrelated
signal 23 are scaled by roughly the factor of 0.5 before
the combination. That is, when up-mixing is egually simple
as down-mixing, i.e. summing up the two signals, the
reconstruction of the original left channel Z2ia is the sum
of the scaled down-mix <channel 24a and the scaled

decorrelated signal Z4b.

Because of the summation for transmission and the scaling

due to the ICLD parameter, the signal to background ratio
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Because of the summation for transmigsion and the scaling due to the

ICLD parameter, the signal to backgro%]ﬁd ratio 16 of the transient signal

would be decreased by a factor of roughly 2. Furthermore, when simply

adding the two signals, , an additional echo type of artefact would be

introduced at the position of the delayed transient structure in the 5

scaled«deconalated sigral24b. Asdndicated iniEig: 4% prior Bit tiesi@ctor of
e lem. by in plit t cale .

%gegorre ate% s‘ggg?%g%pg%a'keﬁg %Illétc lﬂtﬁpé%"reg}nv(lﬁe%ogp‘?i-:-]%) f%%%st gc%alésd" gnals,

traRBmitted-charmel2 AL 4 indiested by dfd dhibd RES th fRgme papoduced

£uettbahesedlingy thec Amplitudeé <t 4lve posittem efi thetoriginal transient.n  the

signal 4n the. left channel 21a may be increased. However, the spectral

composition of the decorrelated signal at the 15 position of the scaling in

frame 24b is different from the spectral composition of the original

Mansivnt signald Therefore; addiblerartefacts are introguceddnto teecome  the

signal, eventhengh the general injensityof the signalmay be repraduced s 1eq

Jiell, 20 The, reat advantage, of the present invention s that he present

invention does onlfil Stale a‘direct S|gna‘?com|cj)"o“nenfEL of reconstructed, A ©

hig chirriner doesiaved Sighal compaRentchiresponding ¥ ticerginay the

srapsient signak2b having therightspectrabcempesitiortaad the-ightng, the

1iming. sealing.only, the down-mix CQ%T"%%!%""&%‘?% recQnstiueted . s ignal

signal reconstructing the original transient event wit ﬁlgh accuracy. This

i€kthé Case Shide ohkASiRAl parts AFéemPRasizedifthescalfgiRaer. the

rave the: B0 same spéctialcomposition asithecariginaltkansientgignal. at  the

Figs 2-shows,a black diagram, gf 3 gxample.ofaninventiver e ront from the

spectral composition of the original transient signal.

+

Therefore, audible artefacts are Introduced into the
signal, even though the general intensity of the signal may
be reproduced well.

The great advantage cof the present invention i1s that the
present invention does only scale a direct signal component
of reconstructed. As this channel does have a signal
component corresponding toe the original transient signal
having the right spectral composition and the right timing,
scaling only the down-mix channel will vield a
reconstructed signal reconstructing the original transient
event with high accuracy. This 1s the case since only
signal parts are emphasized by the scaling that have the

same spectral composition as the original transient signal.

Fig. 2 shows a block diagram of a example of an inventive
multi-channel reconstructor, to detail the principal of

the inventive concept.

Fig. 2 shows a multi-channel reconstructor 30, having a
generator 32, a direct signal modifisr and a combiner 36.

The generator 32 receives a downmix channel 38 downmixed
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multi-channel reconstructor, to detail tq% principal of the inventive

concept. 35 Fig. 2 shows a multi-channel reconstructor 30, having a

generator 32, a direct signal modifier and a combiner 36. The generator

32 receives a downmix channel 38 downmixed 17 from a plurality of

original channels and a parameter representation 40 including information
Hrcantemparal: striidtuye of &in erdinabehiannetotbe genetatorgenerateseter

Adlirect signal compopgnt 42 and & (liffuse signgl.component 44ab33§e%nporal

on the downmix channel. The direct signal modifier 34 receives as we
e UEEE Sighhl 28mBbnant 42 aS théBffuse signal component 44 and

10 in addition the parameter representation 40 having the information on

Biemparahstructureof dhe odginal ghannel. Aceerdingtodhe presents and »
CIPV?&EIQQ, the %lg ct ngn%lnrgg(glflgﬁﬁ arl'nodc’!lflesnonlx the dgectﬂ,agn%l 1
c%mponen? 22 using t%epparameter reprg’s%ntacilonttoede?ﬁ/enﬁﬁ%1 modified™ -
direct signal component 46. The modified direct signal component 46 and

the: diffuse csigral esiponent 44 «whigh isreotaltered bysthgddirect signal rect
ifier 34 i into the c iner 36 that 2Q combines the maodifi
5%%%%25%5@0%%%& e SHLs O ol SR B i and
HrecHictrbéed ouisut BIiHEr 50 By Gilly ATGHifymgithe difdct Sighding  the
tompaonent 42 detived 25 fremihe dransaittecd-doawamixcchantiee38 criginal

without revegheratign (decorelation), it.is possible 1o Jeconsiruct a ime; o .

envelope for the reconsiructed output, channel matching closely a time

heBiope dRHE- Gnderlyiny’ oriGMat chétel Rithdut intfGuucingadditionst 9nal
artefactse 30 did audible distertions,casingrrioramttechmiqudsion to derive

a modified direct signal component 46.

The modified direct signal component 46 and the diffuse
signal component 44, which is not altered by the direct
signal modifier 34, are input into the combiner 36 that
combines the modified direct signal component 46 and the
diffuse signal component 44 to obtalin a reconstructed

output channel 50.

By only modifying the direct signal component 42 derived
from the transmitted cdownmizx channel 38 without
reverberation {decorrelation), it is possible to
reconstruct a time envelcope for the reconstructed output
channel matching clesely a time envelope of the underlying
criginal channel without introducing additional artefacts

and audible distortions, as in prior art technigues.

As will be discussed in more detall in the description of
fig. 3, the inventive envelope shaping restores the broad
band envelope of the synthesized output signal. It
comprises a modified upmix procedure, followed by envelope
flattening and reshaping of the direct signal portion of
each output channel. For reshaping, parametric broad band

envelope side information contained in the bit stream of
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As will be discussed in more detail in ttgg description of Fig. 3, the

inventive envelope shaping restores thie"broad band envelope of the
synthesized output signal. It 35 comprises a modified upmix procedure,
followed by envelope flattening and reshaping of the direct signal portion

of each output channel. For reshaping, parametric broad band envelope

side infermatien-eontaineddm ¢he:hit stream of 18 the paraineterthis  side
fepreseniation is.used. Jhis side. dntoxmation consists, %‘%{Qﬁge%:‘;”Sf the

embodiment of the present invention, of ratios (envRatio) relating

Rigfidfiitted 4BWARIX Signal'Sénveldpe the iyl Slifiput cifakmetne  the
sigmats envetbpeddnvtirel decodeppgdin sfactors atederived froomhtheser iginal

1atios to be applied tq the, direct signal eneach timme slatdn aframgofa gain
given output channel. gevglffuse %(%und portign of eacqochanne isnot N
Aleréd Scéording T the thvehiive CoRcept 0 THE prétettad odienf the

Gf IR preséntiigvention sHown i ithe bioeR diagrameof FigpBds @f a given

FHchannel reconstructo:B8q moslifieg te-fit inthedecederrsignalnflow 8fine 1
a MPECG sg%tial d§coder. 15, The @ultjﬂ-ghannel re%onstructor 60

18 nhor altere cC in O e 1nventive concept
comprises’a generator 85 or gqeneratmg a drllrecpggnal compor?en’t 64

and a diffuse signal component 66 using a downmix channel 68 derived
hydowrimixingzal plunality oheriginakchannefsrand:20 aiparametem shown in
fepresenation 70£aavér}%}gforrg§tionﬂrb spatial _pr%ertieg of %ﬂ%iggl_ channel
channels of the multi- channel signal, as used within MPEG coding. The
TROIGE Srarifet PecohétruBer 66 Grthel Comprised B dird& si@ﬁ&l"??‘?oﬂifiéllgnal
B8y vecriving the directzsigraal compohent 64, the 25 diffuse signal

component 66, the downmix signal 69 and

The multi-channel reconstructor 60 comprises a generator
62 for generating a direct signal component 64 and a
diffuse signal compconent 66 using a downmix channel 68
derived by downmixing a plurality of original channels and
a parameter representation 70  having information on
spatial properties of original channels of the multi-
channel signal, as used within MPEG coding. The multi-
channel reconstructor 60 further comprises a direct signal
modifier €8, receiving the direct signal component 64, the
diffuse signal component 66, the downmix signal 69 and

additional envelope side information 72 as input.

The direct signal modifier provides at its modifier output
73 the modified direct signal component, modified as

described in more detaill below.

The combiner 74 receives the modified direct signal
compenent and the diffuse signal component to obtain the
reconstructed output channel 76.

As shown 1in the Figure, the present invention may be
easily implemented in already existing multi-channel

environments. CGeneral application of the inventive concept
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additional envelope side information 7% as input. The direct signal modifier
provides at its modifier output 73 the modified direct signal component,
modified as 30.described in more detail below. The combiner 74 receives

the modified direct signal component and the diffuse signal component to
obtain the reconstructed output channel 76. 35 As shown in the Figure,

the priesentinventionardy be seasiydmplenienteckin alreéady existing and off

fuli-channel egviranments. Gengral applicatign of e, ventive Concept . o o

19 within such a coding scheme could be switched on and off according

t3 56 pafatfieteReddditioridly trirdmittéd ¥GitHin the Pafamétépbiee,  an

atiéami For exahple, ark sttt ed habdepShapéEnable could beduced,
introduced, 5 whichdndicates, whep setfo 1, usagg of thg inventive; nyentive
concept.is required. Furthermore, an additional flag could be introduced,

%838 wE’g éﬁeaﬁ%@rt%e'need of. the application of the 10 inventive

concept on a channel by channel basis. Therefore, an additional flag may
besedrealied for sexample bsEsnShapeChannetoliis flageavailablefonc=d,
.indivi hannel hen indicate the.use of the_inventive
e e L T et s aeg ™ ©7e
presantatich, o & W6 chdithel configitalicieis deSctibed PRIt 8. dpasis.
Thatsef theepresent invehtiohdis bt idteadedriape dimitecstoda twoalled for

chappel configiralian gaky, Margqver any.20. channel configuration may o, o,

be used in connection wijth the inventive concept. For example, five or

SBGen iR lohamiid ey b&'A¥ed if EBNneQtioh it the hventige ©f the

inventive concept, when set to 1.

It may furthermore be noted that for ease of presentation,
only a two channel ceonfiguration is described in Fig. 3.
Q0f course, the present invention i1is not intended to be
limited to a two channel configuration only. Moreover, any
channel configuration may be used in connection with the
inventive concept. For example, five or seven input
channels may be used in connection with the inventive

advanced envelope shaping.

When the inventive concept is applied within an MPEG
coding scheme, as indicated in Fig. 3, and the application
of the inventive concept is signailed by setting
bsTempShapeEnable equal tc 1, direct and diffuse signal
components are synthesized separately by generator 62
using a modified post-mixing in the hybrid subband domain

according to the following formula:

nk nk . mk
ydlrscf - M Wd.'recl 0= k <K

nk - wk__.nk
ya’tﬁuse =M Wa'('ﬁﬁ.vse 0k <K

Here and in the following paragraphs, vector wgx describes

the wvector of n hybrid subband parameters for the k’th
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advanced envelope shaping. 25 When the inventive concept is applied

within an MPEG coding scheme, as in%l?cated in Fig. 3, and the

application of the inventive concept is signaled by setting
bsTempShapeEnable equal to Ii, direct and diffuse signal components

are synthesized separately by generator 62 30 using a modified

postaixingih the dyhridsublanddomain aceording testbedollowinghe above
é‘%{(ﬁ&ﬂ%&z‘f nkpks Yd., =M Wdiree/ Q k<K Yt se -p“%ﬂe%g&o “yK are
<K 35 Here and in the following paragraphs, vector Wm,k describes the

VEERF BF AhybritfSuttithd pRramafersdor i Rth-20 TSbbaHd 6Fthe outputs
subbandrdomaine As indicated bytheabeve egudtiamalireesandidiffusegnal,

signahparametersyy afe sgparately dedvedin:theypmixing., Thedirect ., yerg
outputs hold.the direct S|%nal component and er%f,J%ﬁslgnal,walch |

RO hal R (45 o Sl BreeHE n MIBE G ot DT on -
Bupurs pravidecthel diffase’ sighalvenly o Aeesrding tolthe ilventiveect signal
congeptconly the direct signal gormpenantds furtherprecessadibyithenvelope

guided,envelope shaping;(the inventjve enyelope shaping). 10 The
env Iopg shaping process emp?oys an gnveﬁop extraction operation on
different signals. The envelopes extraction process taking place within

titect sighak mqgifi_er 68 isodescribeshindarhker d@tfaﬁlrdaghe 155@”0Wiﬁ@ve}_ope
paragraphs as this.is.a mandalgry step-before application of e nventive .

modlficalion to the direct signal component. As already mentioned, within
e Ayirid - Sibbanaddimiain, 20fsubbantls Aré defioted K} Severfct signal
sobbdnidsrtk may alsicsbe described in  further detail in the

following paragraphs as this is a mandatory step before
application of the inventive modification to the direct

signal component.

As already mentioned, within the hybrid subband domain,
subbands are denoted k. Several subbands k may also be

organized in parameter bands x.

The association of subbands to parameter bands underlying
the embodiment of the present invention discussed below,

is glven in the tabular of Fig. 4.

First, for each slct in a frame, the energies Ef

slat

of certain

parameter bands wxare calculated with »™ being a hybrid

subband input signal.

ELm=2y" 0" k={k|R)=x} VYK, <x<x
k

S10p

with x,_ =10 and x, _ =18

starl stop
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organized in parameter bands K. The association of subbands to
parameter bands underlying the embddiment of the present invention
discussed below, 25 is given in the tabular of Fig. 4. First, for each slot in
a frame, the energies E;,of certain parameter bands K are calculated with
y"k being a hybrid subband input signal. 30 E:,,,(n)=Y,y" k(y".k) k={kl
WHEK) = Gidrix 1, oex <69 K@Eswith K9B"'530apd+ k82l The one
Symmation ingludes all k being attribyted to pne  parameter band K
according to Table A.l. Subsequently, aTong-term energy average E~,for
each 5 parameter band is calculated as Esm,(n)=I1-a)E 01(n)+aEia,(n-1)
aclrp 6420444160 1©10-Withra Iseing avweiyghtirg tactdy, corresponiding
i afirst: order IR loypass-(approx. 409 ms time constant) and nis
denoting the time slot index. The smoothed total average 15 (broadband)
energy E,,,,, is calculated to be E,o,ar(n)=(1 a)E'mral(n)+akE,,,0,(n-1) with
1KnwE,,,,(n)_Y, Esm,(n) 20 K1Tap - K 10,, + 1 K=ice: 64 a=exp

E; (m=(1-a)Es, (n)+aEy, (n-1)

siot

o =ex [ 64 }
P 0.4-44100

With o being a weighting factor corresponding to a first
crder IIR lowpass (approx. 400 ms time constant) and n is

denoting the time slot index. The smoothed total average

(broadband) energy E_,1s calculated to be

E;U"a" (ﬂ) = (} - a)EImg.’ (ﬂ) + a‘_E—'rom! (?2 - 1)

with
E . (n)=————— M)E? n
mm}( ) KSI(JP - K.s‘iarf +1 LS :;/mm l\]m( )
o =ex 64
Pl 04 44100 )

As can be seen from the above formulas, the temporal
envelope 1is smoothed before the gain factors are derived
from the smoothed representation of the channels. Smoothing
generally means deriving a smoothed representation from an

original channel having decreased gradients.

As can be seen from the above formulas, the subsequently
described whitening operation is based on temporally
smoothed total energy estimates and smoothed energy
estimates in the subbands, thus ensuring greater stability

cf the final envelope estimates.
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0.4-44100 As can be seen from the al% ve formulas, the temporal

envelope is smoothed before the gain Tactors are derived from the

smoothed representation of the channels. Smoothing 25 generally means
deriving a smoothed representation from an original channel having

decreased gradients. As can be seen from the above formulas, the
Bubsequenilyo descerited whitening ©pegatidpds basaed ontdemperally3deights

§Qloo§h%%gqgglr%rlergx jgg,gm%s gg% smopthed energy estimates in the

subbands, thus ensuring greatér stability” of the final envelope estimates.

22 The ratio of these energies is determined to obtain weights for a

ﬁp%g ral Whitdiiihg operation: wx(n)= E~a~Qi(n) Eslov (n)+c 5 The
roadbahy emvelope estimate is obtained by summation of the weighted

contributions of the parameter bands, normalizing on a long-term energy

average and calculation of the square root 10 EnvAbs(n) Env(n) _ Env(n)

With EawRsEiand veorg LEsD, 9EAVAE= (- BYEmvAlss{np¥ /3Bmv(mt-1pn of
®d" = expigB:04:44100 15 (ista wieightingrfacter eorrespondingde a firstngs,
88%%5!529%’a%%ﬂagp%%nég@3%%“%§8Q%§”Qwerage and calculation

of the square root

Ehﬂﬁ)z/g%%%ggﬂ

with
Envdbs(n)= 3, w"(m)- £],,(n)

K= Kstarr

m(n) = (] - ﬁ) Envdbs(n)+ [)’m(n -1

fB=ex [____l%L___}
P 0.04-44100

£ 1s a weighting factor corresponding to a first order

IIR lowpass (approx. 40 ms time constant).

Spectrally whitened energy or amplitude measures are usad
as the basis for the calculation of the scaling factors. As
can be seen from the above formulas, spectrally whitening
means altering the spectrum such, that the same energy or
mean amplitude 1s contained within each spectral band of
the representation of the audic channels. This is most
advantagecus since tThe transient signals in guestion have
very broad spectra such that it is necessary to use full
information on the whole available spectrum for the
calculation of the gain factors to not suppress the
transient signals with respect to other non-transient

signals. In cther words, spectrally whitened signals are



10

20

25

30

35

20 Spectrally whitened energy or ampl%t de measures are used as the
basis for the calculation of the scaling Tfactors. As can be seen from the
above formulas, spectrally whitening means altering the spectrum such,
that the same energy or mean amplitude is contained within each spectral
band of 25 the representation of the audio channels. This is most

adyantageaus: sintathe tegnsientisignads in question bave oreryibrodd £ ferent
Spectra such thatdt ignecessarydpuse,fiull infgrmpation onithe whole

available spectrum for the calculation of the gain factors to not suppress

the 30 transient signals with respect to other non-transient signals. In

Otiser words, tspeetrallyrwhitenetsignalsrae 23 signatlsdthat kavethe direct
anpreximataly.edualenergy in different spegtral bands gttheirspecral .y pe
ggg@sgg%aéign. E%e |n\S/e¥1ntéve cg{l%c}%g}%lal moglfler modlfltg—as t@e direct 5

signal component. As a?ready mentioned, pjfgcés%?nsg mgy%]é rstrictdd 1+ @
ToATE-dhshand fifdices Startiitpwithta sstaging inflext; e tienpresefdcensfs idual
srapsanitted residual nsignalse Furthermoenes pracessingspay geserallyibe,  ve
f%%%'.%’f&tcgc?ué’ga@%%‘é{%‘?f fﬁ%%‘i%ésth%‘?%g%'g index, 10,1 ne envelope
shaping process consists of a flattening of the direct soun enveiLope for

each output channel followed by a reshaping towards a target envelope.

Tiis resultsliseee galmegurve being@applied-torthe directsignal afieachelbng of

@uéptﬁfp@e@e'4%%@1@@@%@@%@'%1@%@ﬂngﬂﬁ%WEht@ia%@fekigl1owed

the side information. The processing is done for certain ¥bnd '
HibSsubbanas K Bniy° 6 k37 i presefice BPFanSHRftted resRIuAS Sigrials, i1 @
kdschosenve being applied to the direct signal of each

cutput channel 1f bsEnvShapeChannel=l is signalled for this

channel in the side information.

The processing is done for certain hybrid sub-subbands k

oniv:
k>7

in presence of transmitted residual signals, &k is chosen
to start above the highest residual band inveolved in the

upmix of the channel in question.

For 5-1-5 configuration the target envelope 1s obtained by
estimating the envelope of the transmitted downmix Eav,, ,
as described in the previous section, and subseguently

scaling it with encoder transmitted and re-guantized
envelope ratios envRatio, .

Then, a gain curve g, ,(n) for all slots in a frame 1is
calculated for each output channel by estimating its
enveicpe fEnv, and relate it to the target envelope.
Finally, this gain curve 1s converted into an effective
gain curve for sclely scaling the direct part of the

upmixed channel:
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to start above the highest residual bang involved in the 25 upmix of the
channel in question. For 5-1-5 configura4tion the target envelope is
obtained by estimating the envelope of the transmitted downmix Env",,,,
as described in the previous section, and subsequently 30 scaling it with
encoder transmitted and re-quantized envelope ratios envRatioCh . Then,
a gain curve gh(n) for all slots in a frame is calculated for each output

£hannel-byiesumalgitse 35 enyrleps Enveh-ang relate it to the target
envelope. Finally, this gain curve is converted into an effective gain curve
for solely scaling the direct part of the upmixed channel: 24 ratio, (n)=
ymihi(4, max (0.25,9,h +antnRatio,(n)-(gh -1))) with 5 envRatio,,h (n) -
E'nvon,, (n) 5~~,(n)= Env,, (n) n,P /~.yhdIffll, ampRatio, (n) _k (+E

Ych,dfrgg/}é;poe(“__,ﬁln , C,,R, Rs } For 5-2-5 configuration the target
entelo -an L i$*16 derived from the left channel transmitted
downmix signaf?s“”é velope Env,,,,,,,, for R and Rs the right channel

transmitted do%]ﬁ‘f& avelope is used EnvlJ 1i. The center channel is
geriei siontersumoffeft and right transmitted downmix signal's
envelopes. jr Lyﬁﬁ’i‘ﬁ curve is calculated for each output channel by

che {L,LS,C,R,RS}

For 5-2-5 configuration the target envelope for L and Ls is

derived from the left channel transmitted downmix signal’s
enveliope FEnv,.,, for R and Rs the right channel transmitted

dewnmix envelope 1s wused Env,, ,. The center channel 1is

derived from the sum of left and right transmitted downmix

signal’s envelopes.

The gain curve is calculated for each output channel by
estimating its envelope En™*°%* and relate it to the

target envelope. In a second step this gain curve is
converted into an effective gain curve for solely scaling

the direct part of the upmixed channel:

ratic , {n) = min (4, max(0.25, g, +ampRatio, (n) (g, — 1)))

with
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estimating its envelope Env’,”",C"u and relate it to the target envelope. In
a second step this gain curve is converted into an effective gain curve for
solely scaling 20 the direct part of the upmixed channel: raiioCh(n)=min
(4,max 0.25,g, +ampRatio,,(n)(gch-1))) 25 with 25 ~jYchefh ampRatio.
(n)=the{L Ls,C,R,Rs} Yd~ dire envRatio,,(n) Envrmxi(n) gc, (n) = Envch
(n) , the{L,Ls} @iﬁ&"a&m&:h (n) Env,,,,, (n) gch(n)= Envch (n) , the{R,Rs} g
¢remRiRialiooh (a)-0- ., &0 @HERVR, Ra)) {C} n) Enoch (n) ch e For
all channels, t ‘}éhﬂ*fe'lgbfé adjustment gain curve is applied if

bsEnvShapeChanneglz1. chdireci (n) = ratio,,, (n) . )) direct (32), Ch e
I, (1S ﬁﬁﬁ%ﬁﬁéﬂé—ﬁreéﬁﬁ@hﬁk simply copied 10y h.d,,.ecr (n)
=y~drec En), C céz,L, Ls! C, R, Rs} Finally, the modified direct signal

a, o :

gompoiit | chanfrgkiias to be combined with the
diffuse signal %‘fmﬁ@nent of the corresponding individual channel 15
Wit(lgiiﬂxthe/hqtbridféu@béﬁmvmmaiﬁ@o@gmm&; toc%lhe llowing equation: Y
i 2Y7i; eireci +YCi, envemngh e {L,Ls,C, R,’'Rs ({) S can be seen from
the above paragraphs, the inventive concept teaches improving the
perceptual quality and spatial distribution of applause-like signals in a
spatial audio decoder. The enhancement is accomplished by deriving
bain fattors it fide scdle temporal Ypandiaitytosesle gain curve is
applied if bsEnvShapeChannel=l.

j/i;%,Mrecr (H) = raﬁoch (n) ' yich,direcr (n)’ Ch € {L’ LS’ C’ R’ RS}

Else the direct signal is simply copied

j}fhtdimcr (n) = yfh,d!recr (ﬁ), Ch = {L9 LS’ Cﬂ ‘R!‘ RS}

Finally, the modified direct signal component of eéch
individual channel has tc be combined with the diffuse
signal component of the corresponding individual channel
within the  hybrid subband domain according to the
following eguation:

ni ~ni

nk o)
ych = ym’:l‘direcz + ydi,d{'[fu.s’e + che {L'J LSD C L Rs RS}

As can be seen from the abecve paragraphs, the inventive
concept teaches improving the perceptual quality and
spatial distribution of applause~like signals in a spatial
audio decoder. The enhancement is accomplished by deriving
galn factors with fine scale temporal granularity to scale
the direct part of the spatial upmix signal only. These
gain factors are derived essentially from transmitted side
information and level or energy measurements of the direct

and diffuse signal in the encodsr.
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25 the direct part of the spatial upmix %i%nal only. These gain factors are
derived essentially from transmitted side information and level or energy
measurements of the direct and diffuse signal in the encoder. 26 As the
above example particularly describes the calculation based on amplitude
measurements, it should be noted that the inventive method is not
Aestrictetkto thisobutcould:aisgtalculate with-for example esergyides the
measyiements erather quaniiiies syifable }9@%%%9£'Qﬁ&ﬁ§gﬁg§nsmm be

envelope of a signal. The above examzlle describes the ca for

BOEBCand 5525 thanfdi YontigGrations Nataflly “the Bdve +£0-8Gtingd this
prihcipleccoldd berapplied@nkdogousty fowe.gh ,7-2-Tand 7e&ahghannelenergy

cenfigurations.-Fig, S shews an gxample ot.an invantiveault-chanpel. 1o 5

audio decloder 100, receiv%'n a .OWI‘II’EiX channel 102 derived 15 by
dow %Qingee{lgﬁrﬁﬁﬁ of channels 6f one original multi-channel signal and

a parameter representation 104 including information on a temporal

sHycture otthexeriginal chaspels(eft front, rightdtontlefirearandsrighty ang
rear of the.priginal muiti channel, signa, The 2Qmulfichannel deggder
100 is having afgenleratorli 6 for enerating a diréct S|gn§1/l’component
%ﬂ%‘aJalaﬁﬁﬁs%i@ﬂsﬁreéﬁ]p@ﬁéﬁa‘lﬁogﬁ&\cﬁw%ﬁ@@riw thdAREISY for e.g.
underlyiagdhe -dewnmixachasinet 202 1 The atdi-cbannel decoder 100

further comprises four inventive direct signal modifiers 108a to 25 108d

for each of the channels to be reconstructed, such that the multi-channel

teBoder outhitY fouPButtit *EharnelS flefeffont: HGREHONE leftedriar annel

#ighiti yeary ondesroutflts 1l S0 Althoughdheimventivé arult-Chadriel derived

decodsihag begn detailed ysing ap example-configutation-of folr origingl; 151
multi-channel signal and a parameter representation 104
including information on a temporal structure of the
original channels {left front, right front, left rear and
right rear) of <the original multi-channel signal. The
multi-channel decoder 100 1is having a generator 106 for
generating a direct signal component and a diffuse signal
compenent for each of the original channels underlying the
downmix channel 102, The multi~channel decoder 100 further
comprises four inventive direct signal modifiers 108a to
108d for each of the channels to be reconstructed, such
that the multi-channel decoder outputs four output
channels (left front, right front, left rear and right
rear) on its outputs 112.

Although the inventive multi-channel decoder has been
detailed using an example configuration of four original
channels to be reconstructed, the inventive concept may be
implemented in multi-channel audio schemes having

arbitrary numbers of channels.

Fig. & shows a block diagram, detailling the inventive

method of generating a reconstructed cutput channel.
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channels to be reconstructed, the invegly've concept may be implemented

in multi-channel audio schemes having "arbitrary numbers of channels. 35

Fig. 6 shows a block diagram, detailing the inventive method of

generating a reconstructed output channel. 27 In a generation step 110, a
direct signal component and a diffuse signal component is derived from

the dowmmix channelsined modificationi stepdtl 2¢herdirectsigpalnent and a

&omponent Is modified using parameters ofINS:RATAMESr 3 the  downmix

representation"having information on a temporal_structure of an original . .
néremat

ThANAEL tn a'Combindtish-<tepA1Hthe Fidtitied direct Egnatt‘do
andrthe eiffuse signalktonmpohentaneccombinentoe 10 obthinahe parameter

f%%ﬂj@%&%%%&?%%%%'- Q?Q%QH&%C%@ﬁ%i”%%[ﬁ@@@ﬂo%tructure
r%quwements of tiie |Hvent|ve methods, the inventive methods can be
Ci)mp%rﬁwégn%gjiﬁl%ardzwaar%noer in software. The implementation 15 can be

performed using a digital storage medium, in particular a disk, DVD or a

6D havirg electronically radable Ttontrot signalsstorad:thergepewhichsignal
erate ,with a programmable computer, system such that the inventive

D e S oA TS thoaee €0

aGktputer 6?6@?5%?36116%15@%???%%195%@‘5%%-stored on a machine

readable carrier, the program code being operative for performing the

Huentive methads when.the compulerRrogram,product iynsPNA s of the

computer. In other words, the inventive methods are, 25 therefore, a

tBifiptiter Brograifi Havitity a progtam code o tpeiformifiG at st on6dt P©
theibwentive tethodsawhen tie confputerqpfograns runsen argohfputer:ation

While the forpgainghas begp:pasticyarly showg andst orage  medium, in
particular a disk, DVD or a CD having electronically
readable control signals stored thereon, which cooperate
with a programmable computer system such that the
inventive methods are performed. Generally, the present
invention 1is, therefore, a computer program product with a
program code stcred on a machine readable carrier, the
program code being coperative for performing the inventive
methods when the computer program product runs on a
computer. In other words, the Inventive methods are,
therefore, a computer program having a program code for
performing at least one of the inventive methods when the

computer program runs on a computer.

While the foregoing has been particularly shown and
described With reference To particular embodiments
thereof, 1t will be understood by those skilled in the art
that wvariocus other changes in the form and detalils may be
made without departing from The spirit and scope thereof.
It is to be understcood tThat various changes may be made in
adapting to different embodiments without departing from
the brcader concepts discloessd herein and comprehended by
the claims that follow.
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30 described with reference to particular.embodiments thereof, it will be
understood by those skilled in the art that various other changes in the

form and details may be made without departing from the spirit and scope
thereof. Itis to be understood that various changes may be made in 35
adapting to different embodiments without departing from the broader
concepts disclosed herein afdacomiprehéaded:hy ithe claims that follow.

28 What is claimed is 1. Multi-channel reconstructor for generating a 5
reconstructed output channel using at least one downmix channel derived

by downmixing a plurality of original channels and using a parameter
represémation therparameter tepreséntatior includibgr informatiem oniay a

temporaé stiuciure; of ag origingh 10 channel compyisingsa ggreratorfor ¢

generaéicr)lg amdigec(tjgi nr% org%%nenetda da (éi#']fof%se si}gnal comp(;?ent o,rt -
the reconstructed “output channel- based on the dBwrmBchanfel“ {55+ =y ©

direct $igrd médifier for iGdIfAfy the difskt sigiel totponent usingdhemeter
parametep represeatation , witheutgnedifang therdiffuse sighat eempenent:ding
using thednformation on the te | strycture of the 20 original .
channel; and a_.combiner fpr%o%%%ﬁ%%ﬁ% m%%ﬁiléahcdﬁeect s(lbg%nalfMl original
compoﬁéﬁfl%thecafﬁﬁgé Sigttal component to obtain the reconstructed
output channel. 25 2. Multi-channel reconstructor in accordance with claim

1, in whicly fhe.generator is operative to; generate the, direct:signal o onent

component using.anly components of the
P ang a glfé&se glgnal component for The reconstructed

output channel, based on the downmix channel;

a direct signal modifier for modifying the direct
signal component using the parameter representation
without modifying the diffuse signal component using
the information on the temporal structure of the

original channel; and

a combiner for combining the modified direct signal
compeonent and the diffuse signal component to obtain

the reconstructed output channel.

2. Multi-channel reconstructor in accordance with claim
1, in which the generator is operative to generate the
direct signal component using only components of the

downmix channel.

3. Multi-channel reconstructor in accordance with claims
1 or 2 in which the generator 1ls operative to generate
the diffuse signal component using a filtered and/or

delayed portion of the downmix channel.
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downmix channel. 30 3. Multi-channel reconstructor in accordance with

claims 1 or 2 in which the generator is‘operative to generate the diffuse

signal component using a filtered and/or delayed portion of the downmix
channel. 35 29 4. Multi-channel reconstructor in accordance with any of

claims 1 to 3, in which the direct signal modifier is operative to use
informatiar: an the: tereporakstouciune: of the ariginat chanaeldadieating they or
energy5 goptained.p the originglchannel within afinite, '%1%'1 UMSaifier is
portion of the original channel, 5. Multi-channel reconstructorin

accorddREE With'any-6f Sfims 103 4 whith the difect STHAAF Aoditer i ture
10 opetative té:aise inforgriatioh on the temporal striictire 0f the orlginal energy
channeldrdisatingia mgan-amplitude of nthe original-channel withip afinite, ;¢ .
length tii[anqe portion of thg?otrij%nalocga@fpgl. ég_ﬁ. yulﬂ-caﬁnnel :
reconstructoF in accordance with any of claithd b 5 in Which e

combiner is operative to add the modified direct signal component and

the diffuse:signalcoraponent e ebtait-the-reeansiruected; signal..20-% any of
Multi-chagnel reconstrugtor jn accardance with any of claims 1t06.in.. . .
which the multi-channel” reconstructor is operative to use & first downmix
channél#iAtg ihforhtativhton:& I Bide 6t the 25 Piidrality 8t ofiyinaf tructure
channel$ andsa secanddéwnimea:channelhaying informatioaroneasight ude of
side ofthe plyrality of originalchannelg, Wherein @ firgt s+ o Jengtn  time

pertiecn of the original channel.

G. Multi-channel reconstructor in accordance with any of
claims 1 to 5, in which the combiner 1s operative to
add the modified direct signal component and <the

diffuse signal component to obtain the reconstrucied

signal.
7. Multi-channel reconstructor in accordance with any of
claims 1 TO 6, in which the multi-channel

reconstructor 1s operative fo use a first downmix
channel having information on a left side of the
plurality of original channels and a second downmix
channel having Information on a right side of the
pluraiity of original channels, wherein a first
reconstructed output channel for a left side is
combined using only direct and diffuse signal
components generated from the first downmix channel
and wherein a second reconstructed output channel for
a right side 1is combined using direct and diffuse
zignal components generated only from the second

downmix signal.
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reconstructed output channel for a left side is combined using only direct
and diffuse signal 30 components generated from the first downmix
channel and wherein a second reconstructed output channel for a right
side is combined using direct and diffuse signal components generated
only from the second downmix signal. 35 30 8. Multi-channel generator

fn accohdahce withrarylof claims 4 to 7, inwhicthctherdireot signal nfodifiery  of
is operative-to modify the direct,signal forfinite; length time-portipnsibeing, 5 ¢
shorter than f{@@g time 5 pnoorg'ogs of addltlogal parametric inf rmation

within he paramster raprésentation, Wiereiithe Additiortdl “parahfetric * 7+ &

informagien istuséd by thecgenierator for igeherating tse direceandithame  time
diffuse signaloeempanents: 10:%: Multi-ghannel generator in ageerdancesithin
with claim 8, in. which the generator is operative tg.use addiional ;i; 5 021
parametric ||$format|on‘ havin m?prmatpon on the energy of the origina
channERwitH féspett tobiRef a5 Pranndls oftRe plarality'of ofigingrator for
channelsnt@.aMultischannel recanstedcior ireaccordance with. anyie¢ thesignal
previog%ﬁ@ggg,nigé/\{hich the direct signal modifier is operative to use
information on a temporal 20 structure of the original channel that is

relating a temporal structure of the original channel to a temporal

Structude of thecdewnmix glrarmesitbl. Multischanndkrecenstiuctocinaim &, in

accordanee with ay ofs 28-the previous ¢laims, 4n which the information: ; ona 1
on the temaporgl structure of the Qr.lglnal %hannel and the ,
parametric 1nformatidn having information on  the
energy of the original channel with respect to other

channels of the plurality of original channels.

16. Multi-channel reconstructor in accordance with any of
the previous claims, in which <the direct signal
modifier is operative to use information on a temporal
structure of the original channel that is relating a
temporal structure of the original channel to a

temporal structure of the downmix channel.

11. Multi-channel reconstructor in accordance with any of
the previous claims, 1in which the information on the
temporal structure of the original channel and the
information on the temporal structure of the downmix

channel 1s having an energy or an amplitude measure.

1Z2. Multi-channel reconstructoer in accordance with any of
the previous c¢laims, In which the direct signal
moedifier is further operative to derive downmix
temporal information on the temporal structure of the

downmix channel,



10

15

20

30

35

information on the temporal structure of the downmix channel is having

an energy or an amplitude measure. 3012. Multi-channel reconstructor in
accordance with any of the previous claims, in which the direct signal

modifier is further operative to derive downmix temporal information on

the temporal structure of the downmix channel. 35 31 13. Multi-channel
réconstwictar-nlaccordance withsctainr12:n which theodidectsignal th claim

modifier,is opgrajjue to derjye downmix temporal ipformation indicating , - + 5 o
the energy contained in the downmix channel within a 5 finite length time
interval Or 8 amplit e HEAEure T8I HE finite fengliffimeineRvat “fF -9 the
Multi-chaanetreconstractoeih accordahee withvataims 126t 8; in whidh in 2
the direct;sigral modifier is: 1Qdurther operative,to derive.atargetde measure
temporal strjﬁlgtéjr% for.the rgconsij[ructed downmixv%g%n‘nel using the

o inice Jlengnn Lime Inter
downmlxﬁempora nformation and the information’ on the temporal

structure of the original channel. 15 15. Multi-channel reconstructor in
accordance witthamy.ef. clansA2dedl4; irwhieh the-directrsignal madifier z ims
s opersfivedp darive the downmiy temporalinfgupatian Jor.a spechialy o o
portion of the downmix channel above a spectral lower bound. 20 16.
Multi-chRhEreconSHEERT Y ccordancé With dny of clafrAd ¥8%to 15.8RPOral
which therdirect signabmodifier is further opetativedosprctiallyhwhiteri using

the downmix;channe! and;io dedve thedownmixfemporal information 25+ ; oy,
using the spectrally whitened downmix channel, 17. Multi-channel|

reconstfuctorin acebrdance With-any'sf ©F the original channel.

15. Multi-channel reconstructor in accordance with any of
claims 12 to 14, in which the direct signal modifier
is operative to derive the downmix temporal
information for a spectral portion of the downmix

channel above a spectral lower bound.

16. Multi-channel reconstructor in accordance with any of
claims 1Z te 15, in which the direct signal modifier
is further operative to spectrally whiten the downmix
channel and to derive the downmix temporal information

using the spectrally whitened downmix channel.

17. Multi-channel reccnstructer in accordance with any of
claims 12 to 1¢, in which the direct signal modifier
is further cperative TOo derive a smoothed
representation of the downmix channel and to derive
the downmix temporal information from the smoothed

representation of the downmix channel.
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claims 12 to 16, in which the direct sigr%aél modifier is further operative to
derive a smoothed 30 representation of the downmix channel and to

derive the downmix temporal information from the smoothed

representation of the downmix channel. 35 32 18. Multi-channel

reconstructor in accordance with claim 17, in which the direct signal

irodifienis operativen to dervedhe smoathed representatian bydilteringithe 1a1im
downmpx channel,with;a firgtorder lowpass filter; 5 &8&@1%&“%'%?' perative
reconstructor in accordance with any of theprevious claims, in w ich tf'le

direct ign&F Modffier 1€ fuiliet opertatha o thFve Hiforhafisn bhizering the
tempordbstructare bf: arcebinatioreofitheadirect- 8@ sighab pamponént-and

the diffuse signal component. 20. Multi-channel reconstructor in

agcorq%rg ‘gj.\/\iitr%c_\laim 19, in \évgic@rthe%dirgct,signal mqﬁcgfierﬁis operative ¢
0 $pectrally whitsh the combination of the“direct 15 Sigharasd thédiffugd™y ©
signal E8mpoRéfRtsidittto derfalthe inférmatioh®@n theltempstalect  signal
structure ©f the: combirratiortefthe gliregt signakand the difuse, sighal+ i on on

compogents ysing the soeqtialy.whiteped direct, and difuse signaly oo
components. 1. Multi-channel reconstructor in"accordance Wlth claims

19 or 20- W whid e diEet sjindl madlifitt i Yartherisharat o rraene-a
smoothed representation of the combination of the direct and the diffuse

28 signal componenis.and.to derive,the information op the temporal. .. 1.5,

structure of the combination of the direct and the diffuse signal | '
compo%%hm%ﬂnﬁﬁﬁﬁﬁn&ﬁﬁe@lZQCt signal modifier is operative
to spectrally whiten the combination of the direct

signal and the diffuse signal components and to derive
the information on the temporal structure of the
compination of the direct signal and the diffuse
signal components using the spectrally whitened direct

and diffuse signal components.

21. Multi-channel reconstructor in accordance with claims
19 or 20, in which the direct signal modifier 1is
further operative to derive & smoothed representation
of the combination of the direct and the diffuse
signal components and to derive the information on the
temporal structure of the combination of the direct
and the diffuse signal components from the smocothed
representation of the combination of the direct and

the diffuse signal components.

22. Multi=-channel reconstructor in accordance with claim
21, 1n which the direct signal modifier 1is operative
to derive the smoothed repregentation of the

combination of the direct and
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representation of the combination of the direct and the diffuse signal
components. 30 22. Multi-channel reconstructor in accordance with claim

21, in which the direct signal modifier is operative to derive the smoothed
representation of the combination of the direct and 35 33 the diffuse

signal components by filtering the direct and the diffuse signal
compohgntsauiftt a fiest oidera lowpassditten 5: 23 Multixchapnel; the direct

reconsiyelo in-acsprdance with.any of.tedievious claim, ig whighhe, oo,
direct gl%nal modi ier is operativé to use information on the tempora
structuré 8P & ortgindichannel representing a ratio of the energy or

amplitude for a 10 finite length time interval of the original channel and

the, energy-or-amplitude fordhe finite-length-time interval of the downmig .y ¢
channeﬂlh%4. Mggk}%hqpqnel reconstructor in atv:\;l:ﬂ_(),rcozl?alncet ¥glth any of 15the |
previous clairﬁé, in' Which the &recﬁ’sign‘af méditisr is op e?ati\(fe‘flf)e&érivegég“a
target t&PRPorak Struefure $61the féeenstiucted:eatput oharmel using ther  the
downmixehanael andshe-information onrthe temporal sFueture: 20 25:hanne
Mu|t|-CEgBQ%|§gﬁEE§}5UC£OI’£g@ESOI’Q?H% &wtg rg:lallm Z%Tm vyﬂhlﬁq %@%e for a
direct signal modifier is operative to modify the irect S|gnafic§mponent

such tHat™ témpdiaPstruciuldor the re&dRstrueted bifutehahhet25 channel
equalszhé taiget teraporal structurel withita tolerance rangéte length time

interval of the downmix channel.

24. Multi-channel reccnstructor in accordance with any of
the vprevious c¢laims, 1in wnich the direct signal
modifier 1is operative to derive a target temporal
structure for the reconstructed output channel using
the downmix channel and the information on the

tempcecral structure.

25. Multi-channel reconstructor in accordance with claim
23, in which the direct signal modifier is operative
to modify the direct signal component such that a
temporal structure of the reconstructed output channel
sguals the target temporal structure within =&

tolerance range.

26. Multi-channel reconstructor in accordance with claim
24, in which the direct signal modifier is operative
to derive an intermediate scaling factor, the
intermediate scaling factor being such that the
temporal structure of the reconstructed output channel
eguals the target temporal structure within the
tolerance range, when the reconstructed output channel
is combined using the direct signal components scaled
with the
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26. Multi-channel reconstructor in accoﬁance with claim 24, in which the
direct signal modifier is operative 30 to derive an intermediate scaling

factor, the intermediate scaling factor being such that the temporal

structure of the reconstructed output channel equals the target temporal
structure within the tolerance range, when the reconstructed output
channelr85cisneatibined using. thesdiréetcsignal components scateth swithsignal

the 34 dptermediate scaling;factor.and,the, diffuse, signal. Component, caceor,
scaled with the intermediate scaling factor. 27. Multi-channel reconstructor

in accordance with claim 5 25, in which the direct signal modifier is further
operatie tb detiversnfinal sealivgfactor using the mtermetliatesscaling: claim
factor and the direef-and diffuse signal copepents suchithatthe s s rurcher
temporal s'g:rg%tﬂrre of. (t)he regopfstructetd_.:oqtjy:‘)ut chanpel eqyalsirthe target h
10 temp%ral structure Witﬁi{?ﬁ tﬁe%olgranéélCfangse?%vhlerﬁgthéar%égﬁstﬁj e “"°
output EhBRRBIEE EoRired Lsing the Cdiffisesignalbcorfiperetit andthel ffuse
direct siggal= compapentscaledsusing thesfinal sealingfpetos.115:28.ucture of
Method for g i r str utp nnel using-at least on .
down r%é%ha%%%%gg\%jggg gdov%rﬁtn%%%g agp}ﬁ%?gfi?&of %ﬁ&%&ﬁchgﬂﬁels%arge -

and ushigiRPparaméter tepresdntdtic the paramétet Sepresentafigns, when
including énformation on @tetponalk20 strticture=af ansorigimatchannelithe the

method ;comprising; generating adirect signal.component angd a diffuse . ; - )
signal component for the reconstructed output channel, 25 based on the

downmiXERZRREIT mivditying tha diect SgnardsmpSiént Udthg the=o" -

28. Method for generating a reconstructed output channel
using at least one downmix channel derived by
downmixing a plurality of original channels and using
a parametcer representation, the parameter
representation including information on a temporal
structure of an original channel, the method

comprising:

generating a direct signal component and a diffuse
signal component for the reconstructed output channel,

based on the downmix channel;

modifying the direct =signal component using the
parameter representation without modifying the diffuse
signal component using the information on the temporal

structure of the original channel; and

combining the modified direct signal component and the
diffuse signal component to obtain the reconstructed

output channel.

29. Multi-channel audio decoder for generating a

-

reconstruction ¢f a multi-channel signal using at
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parameter representation without modig/é'ng the diffuse signal component

using the information on the temporal structure of the original channel;

and combining the modified direct signal component and the diffuse

signal component to obtain the reconstructed output channel. 35 29.
Multi-channel audio decoder for generating a reconstruction of a

multi-chaamseél signal usingrat 35 |edastoneidowirmixvelannet defivedyxing a
downmixing 2 pluraliy oforiginal.chanpels,andusing a pArameter oo rapeter

representation, thgé)+arameter representation including informationona_
temporaf Striicttire FAR Dtiginaf 5RhaRKEL THe MTltCfiaHe! andRdy trciuding
decodeméomiprisSingra miulti<hanirep recohstrictordn aceorddnce witlhriginal

claims ok t22130.tA somputer-pragraia with aiprogram cade forpINingG i ng a
the 10 mg@ngcglfacl%igILZSfé/\C/:%en qiupgéncg)gn acomguterd% Enha c1~e1d -
method for signal shaping’in multi-channel audio reconatriction Abstract - ™s
5 A reconSftuéted output channel, reconstructed with a multi-channel
reconstructor using at least one downmix channel derived by downmixing
spluraltyofariang ghannelsand teing @ pRramater fepresentalion s ng tne
including 10 additional information on a temporal fine structure of an

origindl Efd&Mel tanbgdherated iing BigeneratoP(32) foigenkfdting a
direct signal component (42) and a diffuse signal component (44) based

on the downmix channel (38) is used. Only the direct signal component

(42) is
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15 modified (34) such that the temporag é40) fine structure of the
reconstructed output channel is fitting & desired temporal fine structure,
indicated by the additional information on the temporal fine structure
transmitted. 20 Fig. 2

Enhanced method for signal shaping in multi-channel audio

reconstruction
Abstract

A reconstructed output channel, reconstructed with a
multi-channel reconstructor using at least one downmix
channel derived by downmixing a plurality of original
channels and wusing a parameter representatibn including
additicnal information on a temporal fine structure of an
original channel can be generated using a generator (32)
for generating a direct signal component (42) and a
diffuse signal component (44) based on the downmix channel
(38) 1is used. Only the direct signal component (42) 1is
modified (34) such that the tfemporal (40} fine structure
of the reconstructed output channel 1is fitting a desired
tempcral fine structure, indicated by the additicnal

information on the temporzl fine structure transmitted.

Fig. 2



