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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

representation.Henee, ih@}pﬁsstm%tg@avea%@w f&@@ﬂ@k@iﬂi:&%a and in
ixed to a 5.1 channel backwards compatible signal, an

éﬁlggrl%%gjé\lggaﬁametre}?g 35'ena Bf—ﬁng a spa%3 al‘au gp eco&&go(%eproduce

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 parameterization of the surround signal

based on time and , , . ,
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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frequency variant ILD (Inter Channel Level Difference) 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 obtained by distributing the energy of the received

Tiowsmix chanaels i betweercalhthechanngl pait.asideseribedi By thendQ ise o

japsmitted LD,parameters. HoweHs!, Since ammuil.hanel 1908 Ble ang
ave equal power distribution between all ¢ ann%?s, while the signalsin

e aifereit channer are Wery HifeténtCEHVing iecistérirgerence) and
Impressioneof aCerynwideSouade thesqoriest wideness s ghtainreddyrameters

mixing 35 signals with, decorrelated versjons pfthe same..as descrbed by, o
the ICC parameéter. The decorrelated version of the signal, often also .

Pérefradto &S et br HitfiSe dighat is OMAIREd by 1a8Sihg the 28 Sigharoding
troogh 2 revérberator; stiehas anidlt-pass:ilter . Asimpkelfoim ofbtained by

deserrelation is;apphing.a spedific.delay, L0 the signal Gensrally: ther® annels
area lot of diffﬁrent Eeverb rators i(nown in the art, the precise
etween  a ‘h ?P)

mplemantation” of the Teverbarats- usBd i€ 6f midr infpoHancaSos5 The  the

BUftATORT e décoretdierhas adimelrsspoage that iswisaallyery flahannel
ttepce] a dirag inpltsignal gives a glecayingdioise-burst ok WheRween  all
DixingJhe degariglated and. the ariaingl sional, iis for some ransient, .
signal types, 30 like appqause ggna S, important to pefform some pos,r%-

Processing G signalh to avibid pefceplirality ‘ot tadditinalipistesdiiced of a
artefacts. that seaynresultlie aclargercpereeived seemisize and pre®€chg mixing
binerahartefagts, 35 Generally, thedavenyion elaes to asystgmthat ., . - 4

represents multi-channel audio as a combination of audio downmix data
(E.5°0nEBF twd chafinelSfaRd Téfed barametric multi-channel data. In

such a scheme (for

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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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 accompanied by a parametric multi-channel data
stream (side info). The side info comprises for example one or more of
dhepatameter types discyssedwbovedoideseribenthesspatial interetation data

inal N Tl o
ot fhe grigina ‘Ft?%g{%eﬁ%%@& ”Wﬁ%a%%%’?{‘elsﬂgr}{%g” 3SeNRe € pae tne

parametric mu nnel scheme acts as a pre ost;proc%ssor to the
SERirgfreceiiRg end of $RE WA m%@da?é%r%?gfyhaéiﬁﬁltﬁéf stfifsighaf ferent
angrtheé side infoemation It shakbeaioted thatathe sdmcdignal okthenal (sum

downmix data may.additionally be, cgded using any augio,orispeechne1 data

coder. 15 As transmission Q multl,-channe% signals over low-bandwidth

TaTErE is' BaSSmi bre ARE mMorepoputat theSE Sysiems. HsGkAGRNE °ne
endecispatidl dudio tedipgs UMPEG Bafrodad ;s usavechesrrwell to describe

developed recently.+20-The fellowing publications: arerknownrinthe context +re

of 1tlt1ese technologies: [& EI Faller and F. Baumg%ge, "Efficient . '
mul 1mcp%nne %1% . %n 4. sense e gmrameurlg.nmltl—
representation 25 of spatial’audio using perceptual parametrization,™ in

FEENEEE WASHEA, MERhénk, NY, Gct. POTL {PPE BavngaReand G0 the
Fatler, g gtimation ofiguditofy «spatinkcuesdomnbinadead £ue €odingiidiing the

g&&C-SJ%%%P a%odz‘él% %ﬁ%%d%@u_@é%ﬁ%% BLC Fakarand Focag cnas

aumgarte, "Binaural cue coding: a novel and efficient representation of
Sp&tiaf 2lidic}* T ProcCICASSP 2509 Brandt: L, May 2665 s5'@arelly e
Badmyarteiand € Faller] I'Whyrbirpaertcuecdding is

As transmission of multi-channel signals over low-bandwidth
carriers is becoming more and more popular these systems,
also known under “spatial audice coding”, “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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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 cue coding," in AES 113th
Conv., Los Angeles, CA, Oct. 2002. 10 [7] C. Faller and F. Baumgarte,

'Bli ral i lied to [0_compression with flexible ..
et P o AL 11300 Ea o Ao Sim, Gt 5005718 2.
HBeB&AT,EP HERE RS B R FMyb 1A dis SPigeRagion, ” in
Purohagers G.lHaoto, MhriNeysingeri K KjoringaWW: Oomen2MBEG
Spatial Audio Coding / MPEG Surround: Overview and Current Status”,
119th AES Convention, New_York 2005, Preprint 6599 20 [9] J. Herre, H.
nhagéts JBiE&adt € Falle? 135 bis h&%ﬁ@rliﬁ&%?géﬁﬁfﬁéoﬂ of
Hilpertr 1 Mybairg,otherRéferanéd Madel Birchitecture fooMPEG Spatial CA,
Awxdio [Geding”, 118th AES Convention, Barcelona 2005, Preprint 6477
25 [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 arid- CompatiBle” Cathng ef Miufti-ChBhnelXedio S ud 78v AES
LarvestionoSam 30 ransisee 2004nPreprint 6186 {Ll]a). Hefres G.-kaller,i n

%O%égtﬁé*ii%‘tﬁo?%@?? Eo§%@%8'ffé"éﬂp3c§‘f”§§:r§: Effigient and

e Coding Multi-Channel Audio”, 116th’A onvention,
Berlin 2004, 35 Preprint 6049. A related technique, focusing on

frahsmissior ebtreo tchafinelsada onedrarzaiitted mano signakis callediyburg,
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 2005, Preprint 6599

[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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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 Parametric Spatial Audio Coding at Low

Bitrates", AES 116th Convention, Berlin, Preprint 6072, May 2004 [13] E.

Schuijers, J. Breebaart, H. Purnhagen, J. 10 Engdegard, "Low Complexity

Pagametic StereosCeding”, AES:d16thdGonvention, BerlindBreprint 873,more
Y. I atial audio.de ulti-channel upmix is :

%ep%%gﬁ?r%ﬁ %%ir?cltg sig%ﬁﬁﬁ%ﬁd@ﬁ&s&eﬁ Eibﬁﬁf 15 part, which is

derived by means of decorrelation from the direct part, as already

mertionedraboyiea Fhas, in generalddhe diffuse parvhas-awifferent .

temperal envelope thap the direcbpart, Lhe terms temporal 6OvVeloper i1 4+

. describes in this context the variation of the energy or amplitude of the 20

Sighaf withtinte. The differing temporal Ehveldhe I8&ds td* artitagBTphe- 6072/

4ay pustéchoes, temporal "smearing"”) in the upmix signals for input

signals that have a wide stereo image and, at the same time, a transient
enyelope structure. Transjient signals generally are signals that are 25
{/g;ﬁngg étr%ﬁél%ﬁ' %rs%’ort%ltl‘mteB]f)geEﬁ%a hé p%r!dba iy Ff%bas?ﬁﬁpor{ant
eramplEsTfor thisetasswirsighalsaréapplatisellikeSSignals, Whichregé, AES

frequantly rpresentdn Jive secordings- 30 4n geder do avoigsartefagts caused
by introducing diffuse/decorrelated sound with an inappropriate temporal

envelope into the upmix signal, a number of techniques have been , .
PropBsedPss The U%%Bﬁ?ica‘?i%ﬁ?[‘i%’%,4@2%"5!1"%}§€Séﬁﬁdlgﬁépih§3%¥x 18
B@@ Schémésand Fheliiket)shevisthdt thespercepidal = 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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quality of critical transient signals can be improved by 6 shaping the

temporal envelope of the diffuse signal fo match the temporal envelope of

the direct signal. This approach has already been introduced into MPEG

5 surround technology by different tools, such as "temporal envelope

shaping” (TES) and the "temporal processing” (TP). Since the target

terapatad envietope ehtherdiffusersignalie derived frem dherenvelopgeidfnal to

e pnsmited downmix sinel. JRie method dags. ot fegyitg, gddiional
side 10 information to be transmitted. However, as a conseq%ence, the
temporal fine structure of the diffuse sound is the same for all output

Thamnelsphs thesdiredt signak partawhichoisairectly:derivad-ftem theto  MPEG

ranswitted dwnmix signal, does alsg,have a.sipilar temporal envelope, - 1
this 1 methqg ma% improve 3eaperceptual\qtuallty of applause-like
L

! PP A
SlyharRtereiot “Eispindss”, ré Howsver a8 HerftheP Greétsigna” (TF! -
ahy diffuseesighabisaves sintlar temporat lenvelopés forealticHanmels, ssughal is
teohnigues m@mnh@ﬁ@ﬁ tf@l@%&?@/g&@alitﬁ;@ a?@@ﬁ.@ﬂ{ﬂf@t%@niléqwnmix
Ut cannot improve the atl Istributjon of single applause even n
fghleg gllzé?\él, stsqlt Fgwgu 8%% 5 b§ %%gsibf]e?%vhe%eo Lﬁ?&c%ﬁ%#%lc o side
ehARAEIATGHE beMmdth i iRtehsE e theloreieenceddt the tRansi@Tuence,
signalihapdhe other akansels, avhiek isdmpassibleshaving sigralssharing the

ical e S p velgpe. rpative. metho 1o,
e o AL o R e o

Firndiliduaf Crantef Shipirtf forBEC SERBmes nd TheLike ). tfis downmix
approach empleysHinec30ngraim tempdral broad bamndsidel infermatiepshat this

IS thapgmitted by,the encoder toperfarm a fine temporal shapingofhoth - o

the direct and the diffuse signal, Evidently, this approach allows a i
temporal fine struetire that rsindRiduaF %;’ea%h utptEhafinel & g the

jlgllet 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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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 60/726,389 ("Methodg for Improved Temporal and

Spatial Shaping of 7 Multi-Channel Audio Signals") . Both discussed

approaches to enhance perceptual quality of transient coded signals

comprise a temporal shaping of the envelope of the diffuse signal

intended to match a corresponding direct signals S temporal envelope.
Mhitel botheprewidudly deschben plicr’art nisthiddsdcascenbatkeathproaches to
SHhiective quality of applauseslike fkgﬂals&@ terng Rf clisp-ness, Bl the s gnais
Iattergfr%roach can also 10 |m%ro,ve the %pq_tlal redistriution of € he diffuse
TESstritied SiGRECSH, tRE FobjeBit quaify GHRE syRResized e “rituse
applaase sighals demains unsatisfactery, dsecaase tne iem@pofdl shapingignals
ethoththe compination of dry and diffused sound leads to characteristic
distortions (the 15 attacks of the individual claps are either perceived as

not "tight" when only a loose temporal shaping is performed, or
disidrtion®akrdintdardd E shapingsdtra vey high tempert resohitiopds can
israpnlied te the signalk Jhis beepmas ©yident, whena.@ibfuseisignalignals in
§i€ranl% a d%layeg £opy % 29 the %irect s&ngl. g%ni tge déffusggas(i:%nal an
ixed to the difect ignaFis’Iike?y fo'have a différent Spectral composition
fHeprPBSiréc Sigriat EFHES: everfit fhier eRVEISRE s §’c£:1le8*i@ mateR e Tructed
gnvelape ofdhe direct tsignaudifferent specttalcoptriputiohs,met  synthesized
e&&%‘ﬂ%ﬂ'&% 25 diregtly from @&fé@k&a' signal yull be present nthg e cauge  the
rec I uce

onstructed signal- The introduced distortions may become ever, _
WORRE Ten tRE YIS sigifal paria en?ﬁh%siz‘é&“%‘ﬁéﬁaetlbaaler) Yaringtty and
thefrecersiructinmavherethediffuse sigaakis sealedta matdh thertions (the
envelope opthe.direct 30:99%a) -laps are either perceived as not

“tight” when only a loose temporal shaping is performed, or
g y I

also

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 th
direct signal 1is likely to have a different spectra
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

-t
1

1]

(made louder) during the reconstruction, when the diffus

signal is scaled to match the envelope of the di

et

[
H

e

signal.

Numerous publications reslate to the problem of properly
encoding and decoding multi-channels signals.
The international Patent Application WC 2004/0877%4 A2

i
relates to the advanced processing of multi~channel audico

)



—
n

o

n

[}

o

Numerous publications relate to the problem of properly encoding and

decoding multi-channels signals. 35 The international Patent Application

WO 2004/097794 A2 relates to the ad%anced processing of multi-channel

audio 7a signals based on a complex-exponentially-modulated filter bank

and adaptive time signaling methods. A synthesizer for generating a

decorrelation signal based on an input signal is operative on a plurality of
s 1 g4hand signals, wﬂergin&ﬁgq@%ﬂ%mwgﬁg-%ﬁgasﬂ%% faleiiter
h e}gst two subband gamples. The synthesizer |Qcﬁ1des ilter stages for T

20 _FiRg ARARubBENG ShihaP aSRg a @ RrBERRG flterttooftaingsizer for

gePRirality f_reverstberatéd signals,suhereld abphusalitybef reverererated : gnal
s Subbardsianalsioggthet 10 apresenta decaiielation Sigel IS neesn o
Sug%%onrgflati,on signal is.used for .reConstructing a Signa basedoha - -

Baranreticatly encolied S0 Sigha TORSISHNPSF & MohBaighaltanel ssubband
sapghigrénce Mdasure Y18 The publicatiom®Parametric flttelhannekautie fo:
£1codifensynibesis eliephsrence eyest FallerG. Januans 2006, JEEE, -, ..
+ ofransactions on HQIJ& quechFang langua egagoc_essmg,, IEEE1 service

center, W'Y 2 U3, pabes 299 %6 316 SP007866 70 Fags 383 %0 page'3652in &
PliaTatesd 1 wayrfto syAthsietzorecherence ol For that.Quedose, togethe
regeenreaiation iiliers /podeling Jate [eygeberation: withy pUISe FeSpoRses: ; o, 1
1 sCO-"Igsponding to seyeral 100 ms are used, resulting in. the ability of the

scheme to generate haturally sounding Zdiffe souna2s "MPEGEEXTSR &
P2 EEHfowsEomplexiBpadptetricsiereds, DOMEN: ? et abrBecembber  of &
- mo2663, dnteinationakstandarckheed B s =ELGHSC 29/WGil describes a
concept as to how the complexity in parametric stereo analysis and

synthesis can 30 be decreased by using QMF-Filt_erbanks instead of FT-
he” publiication “Parametfic multi-channel audic codi

i

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

modalling late  rev

H
£

rberation with impulse responses

3

b
fu

corresponding tfo s

12}
i

veral 100 ms are used, resulting in the

abilzity of the schemes <o genarate naturally sounding

el

diffuse sound.

T"MPEG4-EXTZ: CE on low complexity parametric stersc”, OOMEN

I ’

‘W et al., December 2003, international standard IS0 IEC,
JTCL/SC  25/WG11 describes & o©oncept 25 to  how  the
complexity in parametric sterso analysis and synthessis can
be  qecreased by using QMF-Fillterbanks instead of FPPT-
filters

The US patent application 2003/003583004 21 relates =o BOC-

coding and in particular to coding schemes, in which one or

more oI the input channels ars transmitted as unmodified
channels which are not downmixed at the BCC encoder and ne-

upmixed at the BCC decoder.



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

channels are transmitted as unmodified channels which are not

downmixed at the BCC encoder and Rot upmixed at the BCC decoder. 7b

Summary o the invention St is the object of the present invention to

provide a concept o° enhanced signal shaping in multi-channel

reconstruction. 8 This object is achieved by an apparatus in accordance

with claims 1 or 29, a @etwerin acdordarscelwiteTiaimr?8 and a

computer program in accordance with claim 30. 5 The present invention is
rpasgd opthe finding that a_ reconstructed output channel, reconstructed =~
“With a milti- charmel recSHstrictsT uSing &t feast Shedowiix tharfisPvids &
CARRFET by downnsisingrecsitrality of veginal shapnels andrusinged © i ~channel
rpatarseten 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 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 occurs. When, as in prior art,

the wet signal part is
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25 scaled to match a desired envelope, it may very well be the case that

the original transient signal in the recoﬁstructed channel is masked by an
emphasized diffuse signal mixed to the direct signal, which will be more
extensively described below. 30 The present invention overcomes this
problem by only scaling the direct signal component, thus giving no
Tippertubity:tecintredues: addiionalartitactsoatdhe ©ost OfitransmittiBGce with

afdiional paramegers fo desgripe the g?»éctswgﬁ@eewﬂ%%wg@ﬂ B8 and a
side information. According to one embodiment of the present invention,

ERRIbpesdAliRg batamBtets are défvsd tdihg a9 d&Pretentation of the

direct and the diffuse signal with a whitened spectrum, i.e., where

tifferent spectral parta.of. the,signal haye almost identical engrgies; The .+ -
advantages %f u m&whltene%spectra are twofold. One the one hand, 5
CECONS %utc @8{3

STy & Whitened spectiin aS abakie for He CAIRIRHGH °6F a'sdaling ™1t~
FHEBF adedne SeaRiheddifact sighakallows feethe transmigsiorrdfonlyhannel

Qaeiparameterpertime:siot including dnforpation @M@E@mpceflﬁlamels and
ructure. As it is_usual in multi-channel audio coding that signals are, 10,

1% ng%ssea wit%?nrﬁﬂnr%%%us fFee&)ureenscflrb%an%js'?t%is T%a%ﬁ%gdsi%gl%s tg ddlgl?nal

Hetredsethehufibef of- &3HAGHAIly hebdied siier iftdrmiationfanPhencesinal

the: biteate incieaseder the ctransmission<ef thesadditianal parametesh  high

Jypically, other, paramglers sych as fgkﬁﬁ%ﬂ&?%ﬁrﬁéra&%@?&@CS ignal

er 15 time frame_and parameter band. e number of parameter

ARBS PFAY beHighePthah 26 NE R aTh&0F ddvaRTEge REVing B tRthsAiR  the
onlynone: single pacameter peysshannéle Generallyyin muilti-chaneelsentially
£ading- signalssare pigcessed dn adrame stiucture, bey, dn entities-haying 1 o4
Seygral g9.sampling yaes, for exammple 1024 per frame, FUMhermore. - icted
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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as already mentioned, the signals are split into several spectral portions
before being processed, such that finafly typically one ICC and ICLD
parameter is transmitted per frame and spectral portion of the signal. 25

The second advantage of using only one parameter is physically

motivated, since the transient signals in question naturally have broad
speetacThereiors, tor aceeu fertbe eneigy akthe transient sighads. with a

' 3Q.si annels_corregtly, jt is;t ropriate to_use
m%%%edsp%égﬁ%ﬁ the (r}élseu]éti&%(%/ft eéne%%éi;gs%c%a%%%tfasc‘?&%%ﬁ]aa ififers °F

EnthotABAtof IR Bredeibifiventisiithe" 35 irteffive 88nceptdf advantages
ododifyingdherdireetrsignat componentr-¢s anlybapplied fona speetrabne hand,

pottion of t%@g@ﬁg@boylgeeef{;&amggoegtr%ggﬁtgn hepresencefcuiarion
additional residual signals. This is because residual signals 10 together
'thathg%%mix%?& TRIGRTOr & Bigh qudity Peprodhtfion i allows
briginahehannelssSuasharizing, theinventive coacepeiseesigned toime slot
Provide 19, gnhanceghiemporal andspatialgyadibawith iespect ta-theaprior: ¢
art a proa%he%uaj;/gid_iré%g}% grobl%rlrll agsocc::iaggn W|thtt1tl10%e t%%h”r{%li%s-
ﬁ%%oré side information is tlransml ted to descriBe the fine time are
RhVERpestructlid ot the Wdividual charmelsant tHus sllow finB1® feature

tesbperal/spatiatshapiag oftbe upmix ehanneksignals af dhe deeedefed side
$ide, Lhe inyentive method described in,this d%cia%e.”ti'% basedonthe, .y
following findings/considerations: 15 A 51ause- Ike signals can be seen

LEooSetSt SihgleR BistiActietby tlapd &t Rdise TikB 1 ambishceother
psigiteding fronsvery dense farfoffalapsI dn aspatial audiondeceder,dhee per

beskapproXmalion Of 2 rameter band. As the number 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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the nearby claps in terms of temporal invelope is the 20 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 resolution is likely to introduce
distortion 25 and modulation artefacts (even though a certain subjective
enhancement ofapausecerisgness gt be achieveskbyasuchog quality
Jechnigue). Asa 8%”5&9@989%%%QES%‘%?SH%%@F'O”S’ thus the diffuse

signal is untouched (i.e. not subjected to a fine time shaping) 30 by the
inventive processing. Nevertheless the diffuse signal contributes to the
emergyrbalange ofthe upmized signalk: dhecipventive daethgdsatcounts farvide

this by calculating.a modified broadband scaling factor fromthe,e ot o <ne
trapsmitted 35 information that is to be applied solely to the direct signal

Bl This RlodifEE FEtsr 1S those Stigh that T ovBrTaridiGy if & gledi ==
tiieintéivabis thedahsamieawithinlestaif bognds as ifehe brifinahfdcton  is
hag-heen-applied o beth the directiand the, diffusenpa.of theslgnalinucture
(g%s in eé\éal. lem%igg tge hné/fntiv%}rlgethgg,sbest srygjectjélg asudio 5l %ality isfine
obtained if the specha resolution of the spatiaal Cues is chosen To bé Tow -

FETRSIaMESSRAT bardwiBid L idertire presetvation stispectal mishgrty s at
‘of thedeansients eantainedir thersignali a this-case; thesproposed in this

g&%ﬁgﬁi@es not nfg_essarily d0dncrease the average spatial side ¢ 4 ,.:n g

information bitrate, since spectral resolution is safely traded for temporal
ressldtior T sdsiedRieiqusity improvement is achieved by 15
amplifying or damping ("shaping”) the dry part of the
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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signal over time only and thus Enhancing transient quality by

strengthening the direct signal part at tHe transient location, while 20
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
transienseyent and dampingit relative,t0:25 thel diffuse partiaf famoff factor
panni itions. _Brief. ipti t rawi ig.. 1.shows a.block
diagrﬁ%??%n%ﬁi%%%ﬁﬁe %Sr?éé)dgg Lg% 2%(? a%i%?r%i’;i%é}]ﬁg %%?:o é-Lkrlrl TZLllgS.e

Ib showé Bfschientdtie sketdiof signatreBordtructibRusing decorrelated
signals; 35 Fig, 2 show. xample. for an inventive multi-channel .
rec%n;!r%é?o%; E ?Filgﬁgﬁﬁ%%vfea %:F%e?%ka%%% fos?ngr)\jiﬁ\%n Ve r%ﬁfillm
channél4@éenstrucio® B g% Shows ditexdtipie f8f paraniateir band of the
represeptatibns used 4o identificdifferent parameter-bands witBihzmce *full

multi-channgl:dgcoding ;sgheme;, 10 Fig.5 shows an.example for.an, ;

inventive multi-channel decoder; and Fig. 6 shows a block diagram

detailing aff Fxampl& for Al inveitive Fiethod O FecdHittudfing 8f oftpita® -
15 chabnel;Detaiteds Besctiptioprofithe ddrthertémbodiments: Fig. destoasar 11y

an example darseoding of puiti-ghannel audio 20.dataaccerding t9.pHAr: rate,
art, to more clearlé/ illustrate the problem solved %Z the inventive concept.
spectial d #

Generdlly. oh an shcoder side. an“originarmulticchanhel sighar 109¢ input

into thé FIE-ERaNAGISEhcodern2,

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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25 deriving side information 14 indicati(?i%the spatial distribution of the
various channels of the original multi-ctfannel 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, 30 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

figuration cader generate ingle-monaophonic sum signal .
%% r‘orlr%‘r five iér?p%‘t%;hfnng S andé %er%:%?@%%ergr’esf&%dm% dlezrcl:gggl;C 18 Fas' wlti
35 to generafe i fetonsrattéd ERERAES of a reconstructed
multi-channel signal 20. In the 5-2-5 configuration, the encoder generates

two downmixghappels from five i@gg}nﬁpgnnelsfmﬁe first 5Q§%@§g ofthe .4

downmixed channels 13 typically holding information on a left side or a ,
right side and tH& SEEGYE E&ithel of #7& downhfixed th&RfEIS Yholditig ferent
information ondhetiarsides 5 Gample parameters: déderibirg thelspataloding
distribution of; the.gHginal channels are, as for example indicated in 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
thddoriginal clantiels 61 theatlchafnel siyhal Tvaettypieallyel ti-channel
processed in ceubhand;damains representing a specific frequency interval

of the original channels. A single frequency interval is indicated by K. In

some applications, the input channels 15 may be filtered by a hybrid filter

-

bafk before tABOPdCcBsSIhG Site. StedgarantéterandsK mny e fitfer for an
subdivided, eachsubdivisiomdenatéd with k. faurthesmore; theprocessingutput
of the sample.yalygs 120 describing an original channel, is done in a
frame-wise manner within each single parameter band, i.e. several

consecutive samples form a frame of finite duration. The
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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BCC parameters mentioned above typically describe a full frame. 25 A

parameter in some way related to the f%sent invention and already

known in the art is the ICLD parameter, describing the energy contained

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

frames of other 30 channels of the original multi-channel or signal.

Gammoblyy thecgenetationrof additional.channels to.darive ide or a right
stryction of a multi-channel signal from-ong, transmi Si .

%gn%giqs e%llélhgi{evnég%vitrf?%{%ohe p 08;}113% egciorrélmgtec? }sl%nag?g}ﬁgg%g% %@rivgg %Lmew

Front tiesurm ‘Sigid TdSiRg dRcorElatoraor révéiBerators. For a typical

application, the discrete sample frequency may be 44.100 kH, such that a

single sarpplesepresents andntervalof 14 finitg length of abaut P;02.ms.., ¢
of an original c%;lanrgﬁl. It m; be noted that, using filter banks, the signal d i
*fé@&n?ﬁ%% erdus Sigh %paﬁseeeacﬁﬁepf‘e%mﬁﬁaaﬂ%?e fogsmyed in

friterval of thecoriginalisigal yTo compensate Bforaanpossilslelifiéreasedn ICC.
parameters describing the channel, the time resolution is normally

creased, such_that a finite length time portion.described by a singl :
fsjgm%fé/ within'a }‘Tlét;:(-:-c“\fl b%q ncdg“‘rﬁg‘l%lrﬁaf %%reaa%% 8%8@@%%%%%? © side

Typrearrametength meyagetveen ©6 ard 40 a5Ed BérivitighiesLs  of

tseorreldted signah may makeruise of diffesent filtep sttuctuies apdigissed in
deipys,0s camhinations pereol wihait Iming e seope ob e EWeRION. va)
It may be 15 furthermore noted that not necessarily the whote spettrum

has fo'be Gedtd derivetRg tecsmelted Sihbis. FoF Bxaffple, ohhpval is
spedtral tpodtiong abovela spectral lowet 1oeunidb(specifit waluepiix) aftthenel s

SY signal (downmix signal) may beysed to derye the decarrelated, .o e
ggggﬁ%sing, 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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20 using delays and/or filters. A decorrelated signal thus generally

describes a signal derived from the do%v mix signal (downmix channel)

such that a correlation coefficient, when derived using the decorrelated

signal and the downmix channel significantly deviates from unity, 25 for
example by 0.2. Fig. Ib gives an extremely simplified example of the

owin= nix andrecatstraictian process during: matti-channeh audieheodiag . 1t
40 explain the great henefit of the inyentive 30 concent of scaling.anly they . ; +
direct signal component during “reconstruction of a channel of'a o
TAIB-cHAHRET Sighal SEG° e féifbwitg desRfption SStifié Sithpiftationst 111 te
are caassumed: . The fivst sinedlification ds-that thel dowinrmix of & defrangansate

#ight channel is a;simple; additian of the35 amplitudes withip the chanpgls. 1o
The secgnd strongﬁ}slmpllflcatl n is, that the correlaﬂgg Is assumed to be
u

%lh%l;ﬁll1 e’del%?/eof B \Whdi& Signal 15" Under 1H&SE ‘?fﬁﬁ%?&‘ﬁ%’megum
‘otatlefechanneltZl a g Aright thanpek2ilp shafldecaidodedbAs @ single

indigated on the x-axisafthe sheywm wingdews: in mut-channel agdioto more
coding,, the processing is typically pertformed on sample values, 5
1—égﬁln%leod'v?/itkﬁ%a'fixzEf}%(:ﬁgfr:napﬁle #gaégnc%??ﬁ%%sh%ﬂ}/for 84 e%oef%ﬁeerl 10 end
eXplafation, be furthermore neglected in the following short summary. As

already mentioned, on the encoder side, a left and right 10 channel is

sambined, (down-mixed) nto.a down-mix chapne) 2¢. fhatisto Be 4, crorant
transmitted to the decoder. On the decoder side, a decorrelated signal 23

fs'ddrived fromtthe™ fahsmfted YownlTrlig Chanmiel 220RidHistReSum Bereot
thie: heft chahbeli2 iz and-the rightclrannédl 2ibdn thisvexamiple.. 15TAs may boe

already. explained thereepnstrugtion akthedeft ,channelis then.perfarmed: .

from signal frames derived from, the down-mc'!x chann(il 22 %nd the
%%éoﬁ%&u §%Kﬁ%$§3tx> derive the ecorrelated signals. Fox
example, 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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it may be noted that each single frame_is undergoing a 20 global scaling

before the combination, as indicated b§7 he ICLD parameter, which

relates the energies within the individual frames of single channels to the
energy of the corresponding frames of the other channels of a multi-

channel signal. 25 As it is assumed in the present example, that equal
energies Areseortainedowithin $he framepidheleftacharmel 2da.andithe1a and

frame gfithe fight channgl 21h, the %%”SQHE%%Qh Wn;{@inCHaeg%tge%a%% the

the decorrelated 30 signal 23 are scaled by roughly the factor o

befdreStHe combin&fieH  THat s\ Wiken Up-ixing!is SetalF siniplg14s coding,
down-mixing gise. rsummsingoup thestivg sigralst shewerécomstruction of thea 1ues,

oxiginal left.ghannel 21ads;the.sum-ofthe sealed down-mix ghannel 24a. . 5o
and the scaled .35 decorrelated signal 24b. Because of the summation for
iy LSl T IR TOLI5 Barheter, the SigRalts ) 10Wing

Transiitsion and the scalingu due
paekGrounttatiy 16 of the transient signal would be decreased by a
factor of roughly 2. Furthermore, when simply adding the two signals, ,

itional echo type of artefact would be introduced at th ition of
%Qe%ﬁaigﬁra%%fé% %ﬁﬁg?u (e in %1\%?5 %&ﬁgg E(e:iI(::-cSrlrgd ated s%%gﬁzf&%smght
THtREABY int i o Art! fred ooV ROmMe- tHe® eBh8 prdbldibyhannel 22

sbalingithe amplitude of thendeated: decortelated signad 24b thmake it decoder
maich the envglope,of 10 the scaled fransmitted ghanngl. 243, as 'né'ggtﬁg the

by the dashed lines in frame 24b. Due to the scaling, the amplitude at t
B%@fﬁﬁﬁjo??ﬁgorﬁ?ﬁﬁ"ﬁﬁ%ieﬁF@@ﬁ%ﬂ i the Ié’ﬁﬁﬁﬁg‘nnjefzﬁlﬁlaﬁﬁ@ of the

irctéased: Howevel athen dpécteal conipositiomnofthe Hecorrelatéd signakmple.
Atthe;15 pasition of the: scaling indrame 24b s differentfrgmthe w1 et
channel 1is 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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spectral composition of the original transient signal. Therefore, audible
artefacts are introduced into the signat,even though the general intensity

of the signal may be reproduced well. 20 The great advantage of the

present invention is that the present invention does only scale a direct

signal component of reconstructed. As this channel does have a signal

compeaenteairespendingdndhe quginal ttansient signak a5 baviag thestor of
i tral iti d the right timi scaling only.,the down-mix

%ﬁgéﬁgﬁvﬁa i?i a r(‘alzc%ﬂ%%f[r%fztgﬁl1 él%ngtl relggﬁ/st%%%}% he¥ %%gi%’é sighals,

trafBieACeventiRt hightstchrky. Phis RtheiGsk sifiteshly Sigraf roduced
parts laee emphasized by thenscalingdhatthavedhe 36rsamecspectrtate in the

composition.as theyoriginal 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. 35 Fig. 2 shows a multi-channel

Aeconsttuctor 80, Havingiar geleratprr32,ra dirsct signalsmadifier apd@me the

£embines 34,1 the geperatern3? seceivesa dowpmix 6RaNNQIB8 the  scaled

dovnmixed A7 from & pluraly of oriina) ghannels and,a parameter. ., . ¢
presentation 40 including information on"a temporal “structure of an

Brigindchanfel 5 FReHeheratorgererstes Aldirectssignalnedmponent 8z the
andraedliffusersignal component44 based ondhe dewnmiechannel.ithe  the

drset signal rE‘Edifé%feypgescf{‘&eénaso%e'%%‘ee %§9%i '%’%a' £OMPONENL 42, ; 111
as the diffuse signal component 44 and 10 in a .él ion the parameter

tepresehtatiGit 0 FAAAG te 1rfornTaiivn 6/ a teMpGraPQfuctUf@BElffer .  the
grigimat channehpAccording tocthie priesentiwventiend, dhe direct cgigrial at  the
ﬁ%%%%%é%lWPd@§§OQBQ@§ﬂ&“%$S@9§he 24b 1s different 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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component 42 using the parameter reeufsentation to derive 15 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 20 combines the modified
direct signal component 46 and the diffuse signal component 44 to obtain
frreconstrycied 0utput chahnel 50y By=dnly chedifyiigstheaditectsignalameter

?Q é@fE%WeQ025Eﬁ@lﬂﬁ%ﬁ%“$EH@Q£MH@HB%‘*%@”6538;emporal

without reverberation (decorrelation),’it is_possible to reconstruct a time
BhuBlopeTor te AELoRSrEctEd outhit BRiarmel matching closely a time

envelope of the underlying original channel without introducing additional
Bhefacts 30 and aydible-distortions, asdn-prigr grt fechnigues. Aswillbe. g o
glisg:yssed in more detail in the deziri%t)ion cg Firg;. Bhthe inventjve 1
ejﬁvef(l)%% s%%%ﬁlr?g reSTOreS e broad ‘bandenvelo eeofctllg‘]’é‘7 %Meg}}%ﬁne )

output signal. It 35 comprises a modified upmix procedure, followed by

ehvelepe -fatteninghand reshaping-ofihe disectsignal pertipp of each direct
t-chanpel. For reshaping, parametric broad band -envelope sid

%; r%afti%oggr?tg%é% ig;l 2?hé31 git gfgr%archlé i@s?hesﬁg%?nletgp re presen .at%}n and

i useaSThisEide HRformatioHESifsistst BESSHafy ® Iorigentodifht 8¢ the

thef cpreseritdnvention, ef ratiesenvRatic) relating the trafsmitted criginal

downmix sigpals.envelopedg theoriginal a input chapnel signal'sy . g5 yect
e.nvelo(fe. In the decoder, gain factors are derived from these ratios to be

appliéd to AR Hireétsignif on BAEH tihfE slotiR Bfram@®f a given© butphit 9nal
chapneleThe diffuse Sognd pertionoirack chametdsaot altersd to derive

acgergding tosthe:inwentive cancept J0-Fhe prefersed embodiment of the
present invention shown in

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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the block diagram of Fig. 3 is a multi-channel reconstructor 60 modified to

fit in the decoder signal flow of a MPEG spatial decoder. 15 The

multi-channel reconstructor 60 comprises a generator 62 for generating a
direct signal component 64 and a diffuse signal component 66 using a
downmix channel 68 derived by downmixing a plurality of original
channelszandh2@ arparameteraeprasentation 7Q bavingdaformatioghof  side

spatialpropsrties of gtigipal chanpels gffhe myltiz. changel signal. as used .
within MPEG coding, The multi- channel reconstructor 60 further

RbRTsHEes a-ditédt sighal mGdifier6s; regeivingtHB diréte sigh@tating  the
‘component 64, thio25idiffuse sigmad tompaorene 66pthe downmixesignaliG nal

Bnd,additional,envelopg.side information 72.as input. The dirget signal 5555
0(%|f|er proylde§ at jts modifier output 73 the modified direct S|gJ2§I ,
component modifiéd 830 HeScribedn maredetait Befdw. THe contbifigr t7e
F4rreeeivesthearhodified Thirelt sigieg componeint anrd the diffuse Sigaal given
@fﬂ}ﬂ@ﬁ eab%h@lbjtai.n tmﬁere@@rﬁmecg@u&p@tl ehanneb | ﬁ6&c’15 %%FHO\Sé'ﬁaiﬂmel
the Figure, the present invention may be easily implemented in already
%?(is?icr% r%&ﬁﬁ?cr%a%ngf%%{:/%ﬁ elﬁ?s. eenelréll\%p%%gﬁor? ot t%%p%\'/entive

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

%meO@mufﬁﬁﬁmﬁe@ﬁhﬂﬁ&ﬁﬁ&ﬁddmom&@/@amﬁ@ﬁedﬂNMQﬂﬁhﬁn shown in
Patameter bit stream, Farexargple, ap additiopal flag . 01 +5 —channel

bsTempShapeEnable could be introduced, 5 which indicates, when set to
1©GRAGE bR tHe hventiverebnceptds reGuired “Furfheritie, ARGRItitonaR 9nal
flagvcoufd belrtictuced): specilying specifically the need of. the

application of the

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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10 inventive concept on a channel by %tbannel basis. Therefore, an

additional flag may be used, called for "éxample bsEnvShapeChannel.

This flag, available for each individual channel, may then indicate the use

of the inventive concept, when set to 1. 15 It may furthermore be noted

that for ease of presentation, only a two channel configuration is
westribedsind¥ig.23. cofidourse; thepeesentiinventionds hotintended tahe off

Jmitedde.atwochannel configupation anly. Mareeyvet, any;3Q channgl ;¢ 1o g

configuration may be used in connection with the inventive concept. For

Ekample, five'Br sev@h U Ehanfidls may B dled in CoRnectiéiWiththe 30
fmehtive radvantegenveidesiMpipgE2ERWhen theudventive cancepbiduced,
applied within an-MPEG, ceding:sgheme, as indicated infHg. 3,andi theent i ve
agggceat'oni gf the@invggtive concept is signaled by setting

B3 em% hapeJIAEena%iLe‘eqUal to li, direct and diffuse signal components

are synthesized separately by generator 62 30 using a modified

post-mixing 1 the hybrid-subband gdomaim 1ageording teithefollowingr cduced,
rmula: n.k n.k nk < .Xd....= irec/ 0 k<K Yett'se - Mn,k eQ<
ég)l%“#%é%r?ﬁ ienct g %Ifo%m%%%agégehs,%gc%% r%?l?rgéascc%i es the the

VBERP bt HhybiPEGEEEENd pafameters folthekkh 20 %ublaii 6fthe basis.
Subharid demaianAs:zdndicatedriay thefabove requation, direetiandddiffusel for

signal parapetersanals. SaRaRALElY derived i%ﬁ*gegqp@%siggllmg"%ﬁr each

%{;P‘Uts hold the direct signal component and the residual signal, 5 which

sighal thiat iy beadditidtaly pré§ént inMPES" Todinyf: Difii§e ©F  the
obutpents provide theediffuse signab enlyt AAdcording to the inventive
concept, only the direct signal

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 0<k<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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component is further processed by the guided envelope shaping (the

inventive envelope shaping). 10 The efivelope shaping process employs

an envelope extraction operation on different signals. The envelopes
extraction process taking place within direct signal modifier 68 is

described in further detail in the 15 following paragraphs as this is a
masiskatery steptheforeubpplicatioohthe.inventive modification {0 thee above
direct: signal campopent. £y5already-mentio C!%e{ﬂﬁ“n g@eﬁgm%de s are
subband domain, 20 subbands are denoted k. Several subbands IE may

ARIOHE Grdni Adn Pafanidter baRds ¥ rHe 8&ociatith of $tbandStgruts
paramdteebandsundestyingg thecembodiment afithetpresertdiventionsignal,

discussed;below; 2n.is given inthe tabulatef:Fig 4. fifst, toreach slotin yprg
a frame, the energies E;,ch ce{tam lgara,rgg%[er l%ands K.are calculated with |
FCBeiG 2 hybHE-SLEBARH TapUt BIGRAL 0 £57 ()Y 4 KB I kaEF. o1V
PRy e A "k x&R9, "1k B8WillV K942t aRd Kenhi=18%l dheect signal
summeal ; &mtinCLﬁeSfa?lkk@fing @tﬂd{ag@?é@lonﬁypa@f@et%bﬁﬂ@l' K e?velope

ording to, Table A.l. Subsequently, a long-term energy average E~,for
o et LTS Lot aten S5 Eomh LR O1(ry- e (-1
a=exp 64 0.4-44100 C 10

The envelope shaping Drocess employs an envelope
extraction operation on different signals. The envelopes
extraction ©process taking place within direct signal
modifier 68 1s 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.
STop

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

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

starl stop
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With a being a weighting factor corresponding to a first order IIR lowpass
(approx. 400 ms time constant) and n %1denoting 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)+aE,,,0,(n-1) with 1 Knw E,,,,,(n)_Y, Esm,(n) 20
KiTap - K 10,, + 1 K=ice: 64 a=exp 0.4-44100 As can be seen from the
abeve tatmitasthetemperal envelapeds smoaihed before the gair.e
adlois.are detiyed fom e smpothed yepreseniation of the channels.
moothing 25 generally means deriving a smoothed representation from
an original channel having decreased gradients. As can be seen from the
abbve foranilag) the subseqiiemly dnscrihedewhiterting Spefationsis Based
2R temporally 30, smoothed, total energy. estimates and smoothed energy
estimates in the subbands, thus ensuring greater stability of the final
envelope estimates. 22 The ratio of these energies is determined to
obtain weights for a spectral whitening operation: wx(n)= E~a~Qi(n)
ESlow) én)ieo Thebroddhénd ignvelope estimate is obtained by
summation ofsthe ﬁeighted contributions of the parameter bands,

AorA&lizing T g-term energy average and calculation of the square
root 10'EnvAbs(n

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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Env(n) _ Env(n) with EnvAbs(n) _ wx g@ Es,o, (n) Env(n) =(] -

/3)EnvAbs(n) + /3Env(n -1) 64 /' = exp-'0.04.44100 15 /3 is a weighting

factor corresponding to a first order IIR lowpass (approx. 40 ms time

constant). 20 Spectrally whitened energy or amplitude measures are used

as the basis for the calculation of the scaling factors. As can be seen from

The abave formulasspectrally whiening meassmlieeng the speciitmyeights

§th,ath§{)g1§t§aﬂem§£%%cgn% amplitude is contained within each

spectral band of 25 the representation of the audio channels. This is most

advantageous since the transient signals in question have very broad

spega stich that it is necessary to use full information on the whole

availablg spestrum for the calculation of the gain factors to not suppress

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

other words, spectrally whitened signals are 23 signals that have

Epproximatiiy eguakerergy in diffeir@mtt spectrabbaads ofitieir spestration of

tepreseptation: dde inventive wirectsignal modifienmodifies-thesdieect Spands,
' omponent. As already mentioned, processing may be_ restricted {0, .

Iz%%nn%ésgulbzb%ﬁ indices s%gfﬁ%éiﬁﬁma %rt}aér |ﬁ5 in%g?(,gi%@{ e %Pe%eﬁgg 8Piatmn

transhfiterEsTdual Signals. Furthermore, processing may generally be

restricted to subband indices above a threshold index. 10 The envelope

shaping process consists of a flattening of the direct sound envelope for

each OUW| followed
Ei’lV(f’I)ﬁ e
Env(n)

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
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by a reshaping towards a target enveI%%e. This results in a gain curve
being applied to the direct signal of each 15 output channel if
bsEnvShapeChannel=1 is signalled for this channel in the side
information. The processing is done for certain hybrid sub-subbands k
only: 20 k>7 In presence of transmitted residua’- signals, k is chosen to

start abevecthethighest residuab band imioveddn dhe 2beamix D_ﬁth@i fferent
Shanpnelin questian. Jror5:1;5 canfiguration the farget envelope is

obtained by estimating the envelope of the transmitted downmix Env",,,,

as described in the previous section, and subsequently 30 scaling it with

Bneodertrarsmittedidnt: re-quaintized emvelopeaatiosemRatioChhelhdnrect
£ gain cunve i nkfor allslots in-a framejs realeplated foreach.qutpyt 2y pe
chgl nel bty %stimcating its 35 envel ogg;nvChGﬁmd rSeIate g to the target, h
%%veﬁ)b%. Elnally,cythissg%xlxlr? curveis’éonverted intsan efFec?i% Jﬁaﬁn CW\/% a
f6egolelyBcalingatlie diréct phrt ofthe sepmixedEhahner 241 raties (nyesidual
migr(4;] max (0r25:9 heranBatio, (Bl (ghed ) nwith SrenyRatigeR(Plily  be
£ 0 DT (VR 1{'@}@ deeYdifll amnRato. () sk (e .
Ych,dfrec~che{L, Ls, C, R, Rs

The envelope shaping process consists of a flattening of
the direct sound envelope for each output channel followed
by a reshaping towards a target envelope. This results in a
gain curve 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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For 5-2-5 configuration the target enveﬂpe for L and Ls is 10 derived
from the left channel transmitted downmix signal's envelope Env,,,,,,,, for
R and Rs the right channel transmitted downmix envelope is used Env1J
1i. The center channel is derived from the sum of left and right
transmitted downmix signal's envelopes. jr The gain curve is calculated
for each output channel by estimating its envelope Env',”',C™"u and relate
iR 1he J@{g&{ﬁgﬁg{,@d@gg.glcp %Wgch%p(@L&gg)ﬁ 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)))
wbtwith 25 ~jYchefh ampRatio. (n)= the{L Ls,C,R,Rs} Yd~ dire
envRatio,,(n) Envrmxi(n) gc, (n) = Envch (n) , the{L,Ls} envRatioch (n)
Env,..,, fRgsH(R)T. Egyc%p) , the{R,Rs} g ( envRatioch (n) .0. 5 (Env,,,,,,
)™ Env;; Kicim Ehoch (n) ch e For all channels, the envelope
adjustment gain ¢urve is applied if bsEnvShapeChannel=1. 5 .Ychdireci
(n) = ratio,,, (n) 2))éireet (32), Che JL, LS, C, R, RS} Else the direct
%Wﬁ@:éﬁimmmedk mied10 y h.d,,.ecr (n) =y~drec (n), che{L,Ls, C, R,
Rs} Finally, th gified direct signal component of each individual
%@pﬂ%lsr@%gﬁéqe combined with the diffuse signal component of the
corresponding individual channel 15 within the hybrid subband domain
according to the

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



10

20

25

 linder{ing tagodémnmixchannerh e IThe Gufti

following equation: Y h" =Y i; eireci +Y2%i, etr,..e>ch e {L,Ls,C, R, Rs} 20
As can be seen from the above paragfaphs, 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 gain factors with fine scale temporal granularity
to scale 25 the ﬁiﬁeﬁ:ﬁ@aﬁ of the spatial upmix signal only. These gain
fagtBrs e detvedessentially:frdim trafistkigd side information and level
or energy me erfrents of the direct and diffuse signal in the encoder.
26 As \/=X<) [ rticularly describes the calculation based on
&Mplim%ﬁg%%%ﬁgf%&h%ﬁ%é%oted that the inventive method is
not restricted to tHis_but could also calculate with, for example energy 5
g@gﬁﬁﬂféﬁi@ﬂ&&&bﬁ%@?ﬁﬁtiti@ﬁ@mmb}e to describe a temporal
envelope of a g@ﬂéﬁ)The above example describes the calculation for
51%3 andFE42.8 ohamiélrconiigurdions, gtura |y,t§j above 10 outlined
principle could be appkrd amalogously for e.9. 519 %nd 7-5-7 channel
configurations. Fig. 5 shows an example of an inventive multi-channel
audio decoder 100, receiving a downmix channel 102 derived 15 by
downmixing a plurality of channels of one original multi-channel signal and
Bparametéradpiesentaticit 164 VifidlbEmgrifformation ondetemporare is
stroctiee of thés sEigirsh apanhalaflei-fiiant, right front, left rear and right
rear) of the original multi-channel signal. The 20 multi-channel decoder
100 is having a generator 106 for generating a direct signal component
and a diffuse signal component for each of the original channels

Rﬂgannel decoder 100
further comprises four inventive direct signal modifiers 108a to

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
signél compenent of the corresponding individual channel
within the  hybrid subband domain according to the

following eguation:
nk _ ~1r,k nk o)
Y = ym’:l‘direcz + ydi,d{'[fu.s’e b che {L'J LSD C Ll 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 108d for each of the channels to be reconstructed, such that the
multi-channel decoder outputs four oul?pﬁt channels (left front, right front,

left rear and right rear) on its outputs 112. 30 Although the inventive
multi-channel decoder has been detailed using an example configuration

of four original channels to be reconstructed, the inventive concept may

ke implementeddvenulti-channalaudip schemes baving athitaryibes  the

aumbers of ghannels. 35Fig-.8.5hqws ablock diagram, detailing the, .14 e

inventive method of generating'a reconstructed output channel. 27 In a .
'y8h&fatibhstep 1£0, H'difddt Sighal B5mpdnertt ahda Hfftise s to this
ltomporentlid dervedbfronstiedownmix ehahnel. if amodificativhesteperergy
Ad24he direst signal compopent s modified.using:parameters,of e cripe a
parameteﬁ 5 repr sentatlog havin mfgrmatlon on a temporal structure of
‘a%rré?%jfr?a channefl’ 1T a‘combifat Iqn‘—istiap 114, the modified direct signal
component and the diffuse signal component are combined to 10 obtain a
Tegonsiiycted ouipytichanael: Dependipgoncertain inplementation -1 -5 ang
equiements g he invenfiye methads, he inveqive methods canpe ...
implemented In hardware or in software. The imp?ementa i0f 15 can be
perormed uBihgHdighal stotadge mediuft i iFEticiist PEiskDYD bra &-9-
T haviagelgettoriicallya readabte edntsel:signals stored thereon, which
cooperate with a programmable computer system such that the inventive
methods are performed. Generally, the present 20 invention is, therefore,

S'dmputeriolramBrodittiith @ $togram code’&Bred n &athineannel

teatablelcarrige rthe Oprogramecodertipirg dpenative farrperformingthederived

inventivenmetheds when,the.compuyter program preduct ryes oha  original
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.



10

15

20

25

30

35

computer. In other words, the inventive methods are, 25 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 30 described with
reference to particular embodiments thereof, it will be understood by

those skillecrintthe rarts that varioys ether changes inthel fotmmgnchdetailsand a

Mayepe madeguithout departing from.the spirit and scope theref.c 1§10, »
be understoodthat various changes may be made in 35 adapting to

AFerBAtembdtinfen@ithbtt 88 pating™ 6l the-broddit cohicepts s+onal
discloseehtierein and dompeehended by the claihs tivat foflow.I28 Wiratisster

§£%£'B@9é§tlaM@E‘Cﬁ%%eﬂéecﬂ@%%{@{ I@@eﬂﬁragn&ém%é%”%'ﬂgﬁgture
o%ltput channel uiln%gt Ieasi one downmix channel derived by
Q ATl FUI’a“ ne. .

downmi%ﬁbga%% y%li‘l original channels and using a parameter
representation, the parameter representation including information on a
temporak-siructuee-okan osigingl 10 chanpek comprising @ generater forignal
generating,a direct,signal compo e%&%ﬁgf‘ %‘éf 38,2908l componentfor. i
the reconstructed output channel, based on the downmix channel; 15 a

tiedisigAalihoaitier FotThaaifying e difé@ si§hal component using the
parameter representation without modifying the diffuse signal component

ysing, the, infopmatiop.an.the teporal structyre of the, 20.01ginaly s o the

channel; and a combiner for combining the modified direct signal
tBifipdneREand B¢ Bitfide sigridlGomponEntio dbtain Tfie Fecohstrutidy P°

outplerchangel. in hardware or in software. The implementation
can be performed using a digital storage 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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25 2. Multi-channel reconstructor in ac%%rdance with claim 1, in which the
generator is operative to generate the direct signal component using only
components of the 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 charfieh.t35 29 4.aMultischasanel reconstructor in
accordance with any of claims 1 to 3, in which the direct signal modifier is
operative to use information on the temporal structure of the original

channel indicating the energy 5 contained in the original channel within a

finite |¥Adthitméportion of theeorginalrchanmel. 5. Malti-chaprelerating a

reconstrueton it ageardance with any of ralaims 1 tq,3ingvhich theyditect ¢

signal modifier is 10 operative to use information on, the tem oralL ,
s.tructu%;?‘lc.\ﬁ1 {%%Xorfﬁgr?a ¢ ﬁanngeﬁrﬁfgact%in%ya rﬁtlé)gﬁl %%nxpjﬁﬁ%e%ffi grality of
originaP&h&nriel Within &lfimitedergth tinféPortiorHefithe origiral chanaekmeter
15 6. Mult-chasnekreconstrucier in-aceaedancerwithapy of LlaIMSs 110,51 uding
in which the combiner is gperative to add-the modified direct signal .
component and the diffﬁse s.ignaletgz%jmpor%entS It?oréjl:g:tgi%rt%e Pe%onasl%ru&gé ginal
signal. 277 biti- et Fddghstructor in accordance with any of claims

1 to 6, in which the multi-channel reconstructor is operative to use a first
down”@(&Qﬁ@@%@gwwﬁng@@ﬁggéQﬂﬁ@e%S@?fgg%asignal component

and a diffuse signal 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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25 plurality of original channels and a second downmix channel having
information on a right side of the plurality of original channels, wherein a

first 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 isitoinbired asingldireetand diffusecsignal companents-generatedany of
only fromthe; segond, dewnmix gignal, 3530 §; Multi-channs G‘Age%%gl@r is

in accordance with any of claims 1 to 7, in which the direct’signal mo

is ope?ﬁ%‘%lrﬁ(?dlﬁfthéstﬁrelc?gfbﬁ%f‘fo]rcﬁ’ﬁlt@ Nehfth tﬁﬁ@%%?ﬁ’onssﬁah&tur e
shortercthan frame tin1el§ pottions ofadditional paraimetticinformation energy

within &g, patarmeterrgpresantation,jvherein H}%ﬂ%@ﬁonah PREGMEYIC - r e
mformﬁtlon |§ used bey thewgceneraR/iE f(%r generatm gect and the

diffuse S|gr(1;a‘1 compongnts 16'9. Multi-¢ anneﬂ%en%ratg tordance

with claim 8, in which the generator is operative to use additional
parametricinformatian haviagdnformation on the epergyeitbe ofignal any of

channel with respect t toytheir 1%19t_1§plneﬁﬁof the p Iurallt .of ori glna

channels. 10. Multi-channel reconstructor in accor%lance W%ﬁ any It Jh' ter is
previoG& Eafhhs, iR wifichiife diré& Sifral MRodfiel lRfoperBfGE folugd ructure

information:bre atemponal 1 20-stauctare afitheé osiginal chamrelthakis 1 itude of
relating g.terparal siycture of the original channel tg-a, temporal ) o1, ¢ 5ye

structure of the downmix channe|. 11. Multi-channel reconstructor |n
accord%ﬁgéb\ﬁfﬁ éhymhe 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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25 the previous claims, in which the infgrmation on the temporal structure

of the original channel and the information on the temporal structure of

the downmix channel is having an energy or an amplitude measure. 30

12. Multi-channel reconstructor in accordance with any of the previous

claims, in which the direct signal modifier is further operative to derive
downniix Ltemporabinformatiorean: thertemporas stractdesiofther townmixy  of
channeh 39,31 13..Mulii-channgl,reconstructer;inaccordance with-claim o 1 ¢
12, in which tlee direc%signal Q.ogifierg}g ope&ative_ to derjve dgwn%nix Fini
tempo?apf formation m%licéﬁ?nglt% ene‘r@gy Cortained if tH Gownhtix  TH0EEE
channélagitiin a Bifitite length time intériabior ahamglitudemeastreter time
the finite length ime intervak 440 Multi-ghannekrecopstiucteriRation within
accordance with claims._ 12 or 13, in which the direct signal modifier is. .10, .
e D R adalyonel
downnRiR ERERREFGSIng e B6ARiX téfporafhformatiditangtherator for
informatiore :on-thedemporal stractose of the atiginat ehanngl, 454:  signal
Multi-cg&%glr{gﬁggs_tructor 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.spedthal lower hound L 2Q 416 Multb-channel ceconstructorn @ccorfdaice s, in

with anyraf-glaims:124a 15 in which the gdirect-signal modifigrs ds further: i onai

operativae lo gg@gtf@lly VXQIL%F}: %heg_?ﬂ%vr\(nmqa %bannel and to derive the R fhe
downriiX Témporal information’ 25'Using the ‘speétrally Whitéled ownriik
channénergy 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,
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17. Multi-channel reconstructor in accargance with any of claims 12 to 16,

in which the direct signal 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 cl=im 17 ;- mhwhich therdirect signat tmodifien is aperativen teederiverthe: 1aim
smoothed representation by filtering the downmix channel with afirste o+ 4 ve

order lowpass filter. 5 19. Multi-channel reconstructor in accordance with
any of the prévidis SrAIMEH WHItH the'dirett Sighlr Matifier'ts fariterd The
operativestogierivednforiiation om a tenspordbstructure of'@sombinationhin 2

of the directi10 signalcempanent and dhe diffuse-signal componente 2Qseasure
Multi-cpggn%lnrgc nistgg_céorlieg agcor%al@ﬂcee v:\L/itr% glgirg 19, in which the

direct sighal modifier f‘s“operaﬂ\?e“nto spectraﬁly whitén the combination of

the direct 15 signal and the diffuse signal components and to derive the
informatiar: oR e feraporaksirucivre.ofithe cambinationietibe direet, clzims

signal agd the difyse signay,gomponagls usinade snechially whitenegl e,
. i OLCE - . ,he L iiier 1S

direct and diffuse signal components. 20 21. Multi-chan reconstructor
in accordanéé with CRME M9 8r 207 fh wiHBH thediredt sidrial Addifiek fgporal
furtherxoperativerto derive @smoethed sepresentationwofthe combinationus ing

of the dirgct gnd the diffuse 23;signal comppnents,and to denive the ¢ yat i on
information on the temporal structure of the combination of the direct and

the diffdiSe Sighal SBRpONENTS from the smothel ©fioinal chafinel

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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representation of the combination of th;ja direct and the diffuse signal
components. 30 22. Multi-channel reconzstructor 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
témpanentsi with arfirst order-tovepassiter. 5i23. Mulibehanrel with claim

reconsructor i acordANCRANIANO hiequeyioys glaptis,in WhIChIe, ¢ ;v
direct signal modifier is operative to use information on the temporal

structuré of te Sitgindfchahngt 1epresBhtifg At oPthe®@hdrgy ofring the
amplitydeforaxl @ finiter kehgth timezinterval tof thelerigihalvcharmet idnd: r .

the energy or amplitude for the finite length time interval of the downmix
r_;l@ann\%L 24. I\_/Iuﬁiﬁ-chan]nel regorqs%rgctol in accordance with any of, 15 the .
brevious claims, inwhich the-direct signal “madifiét 35 Sperative 8 defivé'gY ©
target tetfiporal strletife forthelteconstructediogiput ehgnnel Using: theignal
downmaix €hanael ang tf‘@ﬂlﬂf@émaﬂgaMttbee;eﬁlp%@gﬁ[wtligﬁffgngétion on
Multi-cha onstryctor, in accordance with claim 23, in which the , N
direct gg%%néc%gﬁﬁgfr is%%gélr%\%:eto modi tﬁgmc}fr%%fs“ié%gl c%ﬁpb%gntdlrec“
such tFtE Iemperat StrEitturé of the fecOhstFiGBd DLESR EhapRBPZZN T -

equals the target temporal structure within a tolerance range. 26.

Muylti-chanpel recgnstructor dn.accordapeg with glaim. .. - gance with claim
19, in which the direct 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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24, in which the direct signal modifier i% perative 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 channel 35 is combined using the direct signal
compohbatsdacateds withithe 84 intenmediatesscalingrfactornanekthene direct

diffuse signa} ;compopent scaled with the intermediate ﬁ%@h&ngafa%t]ggg- order

Multi-channel reconstructor in accordance with claim 5 25, in which t
direct sigialHiSdifiéris¥arther operative to derive a final scaling factor
using the intermediate scaling factor and the direct and diffuse signal

gempongnisisuch:that the,temporalstructure of the reconstiucted qutput, ¢

channeﬂl eéqualsrtggitgxrgqet 19 tejr,_nnporal structure within the tolerance , |

range, When %ﬁe reclo"h”structle% Sutput channélisCombingd usirgtthe Siona

diffuse™§hial €dpaorent ake thé direct signalveésmpondntsealedousingn the

the finalsseabng factors15-28: Method fergenerating a regonstiucted channe’

outputgg_ggg%le}{@mgat éeaﬂgg]g dg%/n%)éch%%nrel deg\J/:edc_ir][l;T)nTyé9 iude for a
I n%/ a parameter

downmixing a plurality of original channels and usi W
represéntatibh, thépardmeter  feptédeitition indudinginformatiss on ahannel
temporah 20 strecture 10f ancorigimal thandel, thermethods compsisingigth time

generatinga-direct signal component.and a diffuse signal component for
the reconstructed output channel, 25 based on the downmix channel,

modifying the direct signal component using the parameter representation

withoutimbdifyingahe diffusecsigaalrcorhponent usingahiednformatiororeny of

the temperal previous claims, in which +the direct signal
modifier 1is operative to derive a target temporal
structure for the reconstructed output channel using
the downmix channel and the informaticn 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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30 structure of the original channel; ang combining the modified direct

signal component and the diffuse signaflcomponent to obtain the
reconstructed output channel. 35 29. Multi-channel audio decoder for
generating a reconstruction of a multi-channel signal using at 35 least

one downmix channel derived by downmixing a plurality of original

channels andusing aparametengepresentation ribe parameteffuse signal

representatign dncluding - ipformation.gn.a temporal strueture, egﬁﬁﬁgg;qaaém .

5 channel, the multi-channel audio decoder, comprising a multi-channe
reconstructor in accordance with claims 1 to 27. 30. A computer program
with a Programcéadefor runaing thier 10 methed:of olaimr 2B, wisenwihhing 1 aim

on a computer, 3¢rErhaneed method for signal shapingiin-multi-channgl rtne v
audio recons(%uction,_Abséract 5A rechnrlsgrfcted output channel,

reconstiucted with a “mufticchannefreconstructor using at 1645t ohe 15 +19 the
downmiik teaHel defved-By doWnhdigingla plutality:of origiralt channels ffuse
and usingyapararpetes iepresentation inchiding10 addiiepalinformationre of
onat oral fi # an_ original channel can be generated .
using Z%%n:%aétgrgégsz%é%%éerg'% g%ire%?%flg%% co?n%%?féﬁt (Efﬁl)eana Arget
a diffus8™ggHat compérnérit{4%) baset dh the Bowrimik chiafifiel @8y’  when
used. Onhly thedirest signakcompanent (42 pisrkbl modifiec(B4hsdchuthiatg the

the temparal, (40) fine stryeture, of the reconstrycted qufput chappelis o4 .

fitting a desired temporal fine structure, indicated by the additional
component scaled using the final Scaiing factor.

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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information on the temporal fine structLérg transmitted. 20 Fig. 2

30.

least one downmix channel derived by downmixing a
plurality of original channels and using a parameter
representation, the parameter representation incliuding
information on a temporal structure of an original
channel, the multi-channel audic decoder, comprising a
multi-channel reconstructor in accordance with claims
1 to 27.

A computer program with a program code for running the

method of claim 28, when running on a computer.





