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WO 2007/009548 PCT/EP2006/005971 Concept for bridging the gap
between parametric multi-channel audio coding and matrixed-surround
multi-channel coding 5 Field of the invention The present invention

W 20070009548 . ) . N BCT/EP2066/003971
refates to"multi-channel audio coding and transmission, and in‘particular
to techniques to encode multi-channel audio in a manner that is fully
backwards com 10 patible with stereo devices and formats, allowing for an
ef- ficient coding of multi-channel audio. Background of the invention and

prior art 15 Parametric coding of multi-channel audio signals is an ongo-

CHRGERic T Fe SEHTALBINEPANTRR BEPEARREIS nebIa ittt Efammannel
auskel $i5) nadsidar berdiStiaguis ke -Ere- Mol ditkieshaprds Guding
(MPEG), a subgroup of the Interna- tional Organization for
Standardization (ISO), is currently 20 working on the standardization of
technology for the recorEisgaktion ditmgulticchempebaudio content from
stereo or even mono down-mix signals by adding only a small amount of
helper information to the down-mix signals. 25 In parallel stereo to _

TRRuIRERSRAEI UPLHHR &R0 dE Afe-B8ing CddVéidperivhithdo Aodidedcoding

ar&hﬂlydtﬁﬁ&m mﬁéﬁdﬁﬂnfczrmgti@ﬂ tﬂagi:tsm@tl@l&.:ad& (iﬂaaiﬂi@ﬂwai@@ﬂ;aﬂ&ﬁdeiﬂcode
t own-mix .signal in order to reconstruct the spatial image of the

R et B0 oA 30 Exfdith ramEHL oy backnasds con-

patéfebecompatilde amelti-chembet ranscmiSsiomewihoutlddditional for an ef-

£ Sidesinformation that gained prac: tical relevanee can mostly be
characterized as matrixed WO 2007/009548 PCT/EP2006/005971 2

Background of the invention and prior art

Parametric coding of multi-channel audio signals is an ongo-
ing topic of research. Generally two approaches to encode
multi-channel audio signals can be distinguished. The Moving
Pictures Experts Group (MPEG), a subgroup of the Interna-
tional Organization for Standardization (ISQO), is currently
working on the standardization of technology for the recon-
struction of multi-channel audio content from stereo or even
mono down-mix signals by adding only a small amount of helper

information to the down-mix signals.

In parallel sterec to multi-channel up-mix methods are being
developed which do not need any additional side-information
that is not already (implicitly} contained in the down-mix
signal in order to reconstruct the spatiazl image of the

original multi-channel audioc signal.

Existing methods for stereo-compatible multi-channel trans-
mission without additional side-information that gained prac-

tical relevance can mostly be characterized as matrixed-
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surround methods, such as Dolby Pro Logic (Dolby Pro Logic Il) and
Logic-7, as described in more detail in "Dolby Sur- round Pro Logic Il

- Principles of Operation”, 597
Wﬁt%g)(’:(:g}ﬂv:/eé/%/iﬁ/\‘/‘.%oIby.com/assets/pdf/tech_library/209_DoIby_S}l)J(r;r%tiJPE%GOﬁmb9 !

nd_Pro_Logic_ll_Decoder_Principles_pf Operation.pdf and in

"Multichannel Matrix Surround Decoders for Two-Eared Listen- ers",
sGresinger k2 + A0&st ARS Gonyentinsl hos Argelesg USA( DA, Preprintogic

4402. The_ common principle of thePse methods is ti&attthe¥ make“ﬁelgf Sur-
IdediBaRd YRS muRSCHARRET BPSR 10 rdB USvERTiging wittkre the Py Sur

remmdermzpliesq@iase ghiftsitedheesurreund channelsgariorad md)ﬁa@gétion”,
ht{‘%?% ff’@ﬁéﬁe i f'_r.oé‘énﬁt%% 8§9§?§1@§?€8W0£ PHP A SIP5YS dOWAL I ;- r oy

Ssig e generation of the down- X signal {Lt, Rt) is"depicted in the .
nfd||Bwing-egdatidrt 1%etriier_ReL[roriesal1GeRe@Iorheddft and  in

~dwRaiXsigRal (M consists, ot thedeftian sig-datk 0:),. the centresignalten-
(C) multiplied by a factor q, the 20 left-surround si%nal (Ls) phase rotated

BF G0 debtEsd (PF andscaldd byt Aittos i theMyht&tir St Sighal VS»-

168y, whiekris &30 phasge ratated bydfhdegreas gntkscated by se fastondds is
he right down-mix signal (R{) is.generated simi- larly. Typical down-mix _

ta%%orgg?é/ Om?d(f fo"?sqgaﬁé( ac,%\(g 8%0%31%? b° hrgﬁgggnaélﬁéafg?%e S ste

rdifferbmisigniseithevberreuhdchanneldsior gnelighsdolasrixSighsls Rty the

-6, leftgawnmix S}tg%éu)g_ié, that it ig,aduantaoeoystadix hen  front

surround channels in anti-phase in the down-mix pair (Lt, Rt) . This

BpeirheDs HEascdder 16 difeihinate Hefkgen down-mix signal. The

generation of the down-mix signal (Lt, Rt) is depicted in the

following equation:

Lf

B
[qu 6 ¢ aj w}é"
Rr Q1 g -b-j —aj Ls
Rs (1)

The left down-mix signal (Lt) consists of the left-front sig-
nal {Lf), the centre signal (C) multiplied by a factecr g, the
left-surround signal (Ls) phase rotated by 90 degrees (,]’)
and scaled by a factor a, and the right-surround signal (Rs)
which is also phase rotated by 90 degrees and scaled by a
factor b. The right down-mix signal (Rt} is generated simi-
larly. Typical down-mix factors are 0.707 for g and a, and
0.408 for b. The rationale for the different signs of the
surround channels for the right down-mix signal (Rt) and the
left down-mix signal (Lt) is, that it is advantageous to mix
the surround channels in anti-phase in the down-mix pair (L%,
Rt). This property helps the decoder to discriminate between

front and rear channels from the down-mix signal pair. Hence
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30 front and rear channels from the down-mix signal pair. Hence WO
2007/009548 PCT/EP2006/005971 3 the down-mix matrix allows for a

W azr&j]q}oré%g&nstruction of a multi-channel output signal out fm}rﬁ%ﬁg 89
q S

own-mix within the decoder by applying a de-matrixing operation.
close the re-created multi-channel siggal resembles the 5 original encoder
input signal, however, depends on the spe- cific properties of the

tl%‘%”'gb%hr@ﬂ%!;a%@?ﬁpﬁt%;l{}f}ﬂse’@é‘%p'gf ra%@?@f%@%@]?&%@g%m of a

helper Information, also ¢ ecf side information, is MPEG Surround audio
mgbHimfh a0 Tl effitiemttvayforparamietric AR cHdiMel HRIE eodiinys-mix

wiehexarpple descahed inyThe Reference MdelAehiledlyre, JeMREG . How

Spatial Audio Coding", Herre, J., Purnhagen, H., Breebaart, J., Faller, C.,
< Ei§éh, $IKjodrfinGg RS SthuiMjers, ‘£ CRAMBRL., MyBtiy, FLH1oRP 188t the
oARS Canvendddiion, Bascelosaghpain, 2otk aad in depdrafVakinghe spe-
Draft for Spatial Audig.Codin AC)". ISO/IEC JTC1/SC29/WG11
CPLE] BRARes: AT156 BUeaA R/ 3005 R chereic Buerview o
an encoder used in spatial audio cod- 20 ing is shown in Fig. 6. The

Aﬁh%ﬁiﬁits f@@"ﬁngc%iafﬂﬁtf 10 (nput ]addiir}péjt N)a-ﬁaé%paﬁltgormat ion,
time-frequency tiles by means of Quadrature Mirror Filters 12 (QMF) .

2ERQUPE of Bk TE8GtinG Fretiehtytiles haBEFareieréned t¢agio coding.

THparaaTEitel §ands/a fOF every-parasmeter band.ta numbes of spatialpa-23ing

;1a §£er§xldfﬂ are d%tgrmin d %y a par metgr %stimator 16 gwr\év describes

thé Broparties of the Spatialimage, e'g deva’” Gt e hemdeThairs oFure
fehaiRAES (Clid); £edss kodkta- fiod betfeerHpairs of channdls(iC@pen, H.,
pHYoHRalen o signal qnveloes (CR).These parameleiS A8 «., schui-
_subsequently quantized,
jers, E., Hilpert, J., Myburg, ¥., Proc. 118th AES Conven-
tien, Barcelona, Spain, 2005 and in “Text of Working Draft
for Spatial Audioc Coding (SAC)”, ISO/IEC J7C1/8C29/WGI1

(MPEG), Document NT7136, Busan, Korea, 2005.

A schematic overview of an encpder used in spatial auvdio cod-
ing is shown in Fig. 6. The encoder splits incoming signals
10 (input 1, .. input N) in separate time-frequency tiles by
means of Quadrature Mirror Filters 12 (QMF). Groups of the
resulting fregquency tiles (bands) are referred to as “parame-
ter bands”. For every parameter band, a number of spatial pa-
rameters 14 are determined by a parameter estimator 16 that
describes the properties of the spatial image, e.g. level
differences between pairs of channels (CLD), cross correla-
tion between pairs of channels (ICC) or information on signal
envelopes (CPC). These parameters are subseguently quantized,
encoded and compiled jointly into a bit-stream of spatial
data. Depending on the operation mode, this bit-stream can

cover a wide range of bit~rates, starting from a few kBit/s
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30 encoded and compiled jointly into a bit-stream of spatial data.
Depending on the operation mode, this bit-stream can cover a wide range

f bit-rates, starting from a few kBit/s WO 2007/009548
w é‘ﬁ“fé’ﬁ%%a/oosg?l 4 for good quality multi-channel audi]l())cl}"féE 3(![%6#% 53971

of kBit/s for near-transparent quality. Besides the extraction of
parameters, the encoder also gener- 5 ates a mono or stereo down-mix

from the multi-chapnel inpyt. signalYlorepyes, ingase okastereosr kait/
fo&ovﬁ?}r’r%x,qtﬁae ulseg has t%e choice %f a conventioI%aI (ITU-style) stereo ®
f afowRawixtora BB RO Nk 8 compatible with matrixed-surround sys-

tems. Finally, the stereo down-mix is transferred to the 10 time-domain by
means of QMF synthesjs banks 18. The resulting. down-mix can be

BepanigHittetrto HERGHC RcEsmpARRF by tfe s %%aFBgroan%é:te?s? oFtie oFT

atspatial parameser bit-stream dedwnPreferablygrthe tewmmmiikis @lgmnel input
encoded pefore transmission . (using ventio 0 r o

= ) WRICSHEES it Su AR SEnd o Eoor o HoHE o SEONEE has

tiparaefers might additivealtyiba abmbiféd ghtikiplexBEPISforfCY Bt ©F

o Pulpyt Ditstream, A.decoder, ag-skatehed ik k9. fahRRGIPISRSINNGS sys-
the 20 reverse process of the encoder. An input-stream is sglit into a

t e cotbitstreahiEndSt BARANSEM Bt Btrdant SThiS R ROESHSAN h°  ©he

+ Fig-Gopubseqentlyathe decousd dowrkmix 20 isrprecassedrby ar@ME t ing
analysis bank 22 to derive parameter bands_that are the same

AP T eﬁj@ooteﬁ?‘ﬁssr%atﬁ%a Se%)/nﬁmé%csotéaé ’24arcé§6%ﬁ§tar%§tési}?h5§y £he

spattiichapaeksignaldy meanbdeof covricl alhtar26 fRette tHsnikegar 14.

pSPalLR3- rameters). Finally the QMFdomairigaals a2 banstelraghios s son
(using a conventional mono or stereo core coder), while the
bit-streams of the core coder and the spatial parameters
might addit;onally be combined (mulitiplexed) to form a single

output bit-stream.

A decoder, as sketched in Fig. 7, in principle performs the
reverse process of the encoder. An input-stream is split into
a core coder bit-stream and a parameter bit-stream. This is
not shown in Fig. 7. Subsequently, the decoded down-mix 20 is
processed by a OMF analysis bank 22 to derive parameter bands
that are the same as those applied in the encoder. A spatial
synthesis stage 24 reconstructs the multi-channel signal by
means of control data 26 (i.e., the transmitted spatial pa-
rameters). Finally, the QMF-domain signals are transferred te
the time domain by means of a QMF synthesis bank 27 that de-

rives the final multi-channel output signals 28.

Fig. 8 shows a simple example of a QMF analysis, as it is
performed within the prior art encoder in Fig. 6 and the

prior art decoder in Fig. 7. An audic sample 30, sampled in
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the time domain by means of a QMF synthesis bank 27 that de- rives the
final multi-channel output signals 28. 30 Fig. 8 shows a simple example of

W%% %@Q&Iysis, as itis performed within the prior art encoggﬁf%l,:d&l&sm
and the [ pled

e prior art decoder in Fig. 7. An audio sample 30, sam in WO
2007/009545 PCT/EP2006/005971 5 the time domain and having four
sample values is input into a filter bank 32. The filter bank 32 derives

HhEee oMW SR PS8 34Ra 34R Aneh3dc bavipadovasample valugseactnto a

In an ideal case, the filter bank 32 derives_the output samples 34a 5 to
B34 ST the sa%ﬁ%s%&ﬁiﬁ%h@%ptﬁ%i&%&%%soﬁ%rc%em FrgPut sam-
pntsmation opddisciate freaquencyiianges ot theampilerlying weslicesighal In an

30. In the case shown.in Fig. 8, the mple 34a has information
. , 4
R L 5 Sy A abn e Balle, SATE Suas AT IO B o0 34
tthe fréd Ospumncy: rervald, f2pandele sarnpln34cisasinformaticn els do

dhe frequency dnteryad [£2, £3); Althgyah the frequepey JRLGIYISiAfiEsBor the

do not overlap, in a more general case the frequency intervals of the
HIRBELSANPIeRUBIRING Bl 3 aSfiteBarilaydRty "l Haveh Fig- 8, the
deaguency averap. 1% Aderareneadeeant asalesdy descebedl ranging

bove, deliver %ther %n ITU-style d%\gg-mix ora n}atrixe%-surrou

d
?ﬁ‘paﬁg bic°do r’1-mtrx,‘m“'whseél\‘*fn Wo-& annl’é‘f’1 oWh-nix & desite .r}ln tih}ée tre

dasenf aimatrixegisulundiedmpatible towssmid @usingfon26 exariptamation
%EZ“ fix (%B%rr‘?@ﬁh giyen,ip Fquation 1), one Rasa Il WA B¢ o guency

e encoder generates a matrixed- surround compatible down-mix
dieeryals in Fig. 8 do not overlap, in & more general case
the freguency intervals of the output samples coming out of a

filter bank may very well have a frequency overlap.

LA prior art‘encod@r can, as already described above, deliver
either an ITU-style down-mix or a matrixed-surround compati-
ble down-mix, when a two-channel down-mix 1s desired. In the
case of a matrixed-surround compatible down-mix (using for
example the matrixing appreoach given in Eguation 1), one pos-
sibility would be that the encoder generates a matrixed-

surround compatible down-mix directly.

Fig. 9 shows an alternative approach to generate a matrixed-
surround compatible down-mix using a down-mix post processing
unit 30 working on a regular stereo down-mix 32. The ma-
trixed~surround processor 30 (MTX encoder) modifies the regu-
lar stereo down-mix 32 to make it matrixed-surround compati-
ble guided by the spatial parameters 14 extracted by the pa-
rameter extraction stage 16. For transmission, a matrixed-
surround compatible down-mix 34 is transferred to the time

domain by a OMF synthesis using the QMF synthesis bank 18.
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Fig. 9 shows an alternative approach to generate a matrixed- 25 surround
compatible down-mix using a down-mix post processing unit 30 working

WW%Q%J?{ stereo down-mix 32. The ma- trixed-surround Q)%cé%%g%r 6%95 071

encoder) modifies the regu- lar stereo down-mix 32 to
matrixed-surround compati- ble guideg by the spatial parameters 14
extracted by the pa 30 rameter extraction stage 16. For transmission, a

p&Axed- spround. compatible downsmix %é&%e%_ffge%&qum@y post-
domain by a QMF synthesis using the QMF synthesis bank 18. WO
P DPOFAUIBA P CHRRZED06RITETA. YA tHedmattixed adivfiireee that

tgeMpatible.signal % Basid PrGRSsNGLA reayarssiemosdawg-nixhagshery1 1y
advantage that the matrixed-sur%)uno! com atibg%%l rocessing can be
|

TRARF PEverstd ot a dBE6AE side f the spatidl pa &fsar8 s Fahamie. 27e

awdthbaghdoth of the approaches are suited to transmit a multi-channel
signal, there are specific drawbacks of state of the art systems.
Matrixed-surround methods are very effi 10 cient (since no additional
Aphrerneterdaidreqiiretat thERIIRECHRE vty dimited vadlti-Efanhepnsmit  a

m{BRANSBUCHOD Uk, Haramedic mulisc | approashes ooithe ofhestate
hand require a higher bit-rate due to the side information, which becomes

% 5 HSrobidm SRR Timit1e Set 284 SGRURFaEIBIE LT Fard SOV tHe™ £~
cparametsgiepresentatieon. \Vbeatheenanded pa- rametersqetuseia at the

comparatively high amount fbit-{gte_, tp‘e only possible way to .stay within
PERGH acbit Pt it 5.5 HEcrdbee the CLAbTof A% SRESHed Cowmimi Y
channel by in 20 creasing the compression of the channel. Hence, the

pEESHILIS -a generalloss Inaudiogyality which pay ke wacceptab require
a higher bit-rate due tc the side information, which becomes
a problem when a limit is set as a maximum acceptable bit-
rate for the parametric representation. When the encoded pa-
rameters reguire a comparatively high amount of bit-rate, the
only possible way to stay within such a bit-rate limit is to
decrease the quality of an encoded down-mix channel by in-
creasing the compression of the channel. Hence, the result is
a general loss in audio quality, which may be unacceptably
high. In other words, for parametric multi-channel ap-
proaches, there is often a hard limit of the minimum bit-rate
that is required for the spatial parameter layer, which may

in some cases be unacceptably high.

Although principle backwards compatibility between matrixed-
surround methods and spatial audio methods can be achieved by
a prior art encoder as illustrated in Fig. 9, no additional
bit-rate can be saved with this approcach when only matrix-
based decoding is required. Even then the full set of spatial
parameters has to be transmitted, wasting transmission band-
width,
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high. In other words, for parametric multi-channel ap- proaches, there is

often a hard limit of the minimum bit-rate that is required for the spatial
W%?ﬁ%ﬁ gislgygr, which may 25 in some cases be unaccgq;elg}ﬂﬂg}amsgn

though principle backwards compatibility between matrixed- surround

methods and spatial audio methods can be achieved by a prior art

encoder as illustrated in Fig. 9, no additional 30 bit-rate can be saved with

this approach when only matrix- based decoding is required. Even then

the full set of spatial parameters has to be transmitted, wastin .
T S e L ok S the
piVaerens thenstiabe t_hat;hasetouwsp@m}hmh@n_aapg/ir@th@méme@mllca"
t%@ﬁhosdcg}?yr &0 *y(g% in,case.of gertain applicas R sgenafiognlieme thods

audio quality delivered by the methods 5 without transmission of )
wiieleomtorraRIMhRGHIGL BE sEifedmiPRRarS PadH I plRatore suffi-
~200%157883 is showing an apparatus for constructing a multi-channel

audio signal using an input 10 signal and parametric side information, the

input signal in cluding the first input channel and the second input channel
THerisl frammean ORginbl cutlti-chalidd Sigiid 8and thesparei myetdp sifwparatus

information describing interrelati tween, ehannels of the, . : £
f%rultﬁgﬁlgrt{' r?éllcgrf'grllﬁal%siénnuaﬁﬁ %%%ngrﬁary of tﬁe Inven%z)n llt?lsstjﬁréquﬁreictm?u
seithelpresséniayvengss icpoiitie 4 B6pTEestifon motdeffid@ntcotigget n-
<Mlfi-ghanpel audia signals, 20 whilskaing hackwards-conpatibigde channel

matrix-based coding solu- . _
derived from an original multi-channel signal, and the para-

metric side information describing interrelations between

channels of the multi-channel original signhal.

Summary of the Invention

It is the object of the present invention to provide a con-
cept for more efficient coding of multi-channel audio signals
while being backwards compatible to matrix-based coding solu-

tions.

In accordance with a first aspect of the present invention,
this object is achieved by a multi-channel audio decoder for
processing an audio signal and for processing first paramet-
ric data describing a first portion of a multi-channel sig-
nal, wherein for a second portion of the multi-channel signal
no parametric data or second parametric data is processed,
the second parametric data requiring less information units
than the first parametric dataz when describing an identical
portion of the multi-channel signal, comprising: a processor
for deriving an intermediate signal from the audio signal,

using a first deriving rule for deriving & first portion of
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tions. In accordance with a first aspect of the present invention, this
object is achieved by a multi-channel audio decoder for 25 processing an

audio si%nal and for processing first paramet ric data describing a first
WQ&PHQHO % multi-channel sig- nal, wherein for a second po?ffg B ip0ss71

multi-channel signal no parametric data or second parametric data is

processed, the second parametric data requiring less information units 30

than the first garametrip datiwht%ged%scribin an identical_ portion, of the
ising

BRI REAR k&I, BoRR protEESorPRY TPRintfart ierfefaneci-

E
asignal foail thecaudie sigrlngising acfirst derhsng pule faoderodng-adirsiulti-
RORtQn oL WE 2007/000548 RPCTIER2006/00397], 8 the intgrmediate _
Csig_n_fjlgfr,l thg first ptn%g}r.\i%fsthe %%tésrﬁgd%atéé %lséﬁgjltcocﬁ?e%%%%ﬂwg%@ﬁem de
PHRSHRTIOF of T fhbltE thaaRalreldidsigt awhendn urd st defgingnd de-

r {Wlerg den nenging aa 1he first paramedicdaiey andlsiRg arsecondd6@d: ate

riving rule for deriving a second portion of the intermediate signal, the
5%888%@ dERGingSER Hsiflg Mo pARNTEtE dBELES tRE sBEsRIBarafetiRta or
tdlatadn@etopdaneewith @ sedand aspect of the present invention, 10 this

object is achieved by a multi-channel encoder for gener- ating a

parametric representation describing spatial proper- ties of a multi-channel

13 uBRFEERaN the MiUcRaffOXME RBREEEMPRisIHYE aRkRafitterinvention,
tigbsesaigetor genesating ¢pa- Byl pammaierscRAREPULtRIdRGE [Yr gener-

generatin the 15 parametric representation, wherein the parameter
Rrdlor s s

ge G IS bhtdut TTBHAES S RHASRR A6 HerErARIHERRT AftrbtrRE OPer -
tkgpreséntatior$aéhtiratrthe parrdétic seégreskptativa imulti-channel en-

coder comprising: a parameter generator for generating spa-
tial parémeters; an output interface for generating the
parametric representation, wherein the parameter generator or
the output énterface is adapted to generate the parametric
representation such that the parametric representation in-
cludes first parametric data for a £first portion of the
multi-channel signal and wherein for a second portion of the
multi-channel signal no parametric data or second parametric
data is included in the parametric representation, the second
parametric data requiring leés information units than the
first parametric data when describing an identical portion of

the multi-channel signal,

In accordance with a third aspect of the present invention,
this object is achieved by a method for processing an audio
signal and for processing first parametric data describing a
first portien of a multi-~channel signal, wherein for a second
portion of the multi-~channel signal no parametric data or
second parametric data is processed, the second parametric
data requiring less information units than the first paramet-
ric data when describing an identical portion of the multi-

channel signal, the method comprising: deriving an interme-



10

15

20

25

30

cludes first parametric data for a first portion of the multi-channel signal
and wherein for a second portion of the 20 multi-channel signal no
arametric data or second parametric data is included in t P/ﬁl@ 5 rig
. . (15971
W eﬁg%@g?ﬁ%gtion, the second parametric data requiring less tflnsforma%)]o
units than the first parametric data when describing an identical portion of
the multi-channel signal. 25 In accordance with a third aspect of the

dipéféée@iﬁB}é‘%’iﬂOf‘roﬂﬁist%@e‘d‘piér?%i%é’e& %F%@?%é%??f?é%ir.‘g%a{‘iving
audio signal and for processing first paranmietric data describing a firs
IpticHEerRA RS- cREnrd 8ighAK SthePaindBcA Bheosti 88 pbrtondsftheing a

£ edlti-Ghepnebsigral noRarameligdatan ek seeyh parappelrie data isy o rt 1 on
rocessed, the second parametric data requiring less information units

O%h&R thé RS PR ARES S dERAVhERTRRERBRG AT identiEAfpdribRtofAEt Lon
ofintiltie channel-sigpaintie methed eOgEBiNc: Sleridg: &l ifeEmeddehd por-

7 8 PCT/EP2006/005971 9.diate.signal from the down-mix
C A UETHE Lo LEh2g00re eldn2 CRCIN LUdE TG pte.
thirerivfrpadirdepdtionof whé intemhediaté sigaal; tre! figst partoir iof tieta or

ndntespgdiate signal corresponding to the first portion 5 of the multi-channel
audio signal; and deriving a second por- tion of the intermediate signal

using a second deriving rule, the second deriving rule using the second
Ipaaeretisdat orihd pardwetitdatap20tin afcarilanpeawtna famtention,

cipapeshabihe preseatinvention,, thisahigelds aghieyed y.a meshod for . _
generating a paramet- ric repreSentation describing spatla? properties of a
rifyiepresentation describing spatial properties of a multi-
channel audio signal, the method comprising: generating spa-
tial parameters; and generating the parametric representation
such that the parametric representation includes first para-
metric data for a first portion of the multi-channel signal
and wherein for a secend portion of the multi-channel signal
no parametric data or second parametric data is included in
the parametric representation, the second parametric data re-
quiring less information units than the first parametric data
when describing an identical portion of the multi-channel

signal.

In accordance with a fifth aspect o©f the present invention,
this object is achieved by a parametric representation de-
scribing spatial properties of a multi-channel audio signal,
the parametric representation including first parametric data
for a2 first portion of the multi-channel signal and wherein
the parametric representation is including no parametric data
or second parametric data for a second portion of the multi-
channel signal, the second parametric data requiring less in-
formation units than the first parametric data for an identi-

cal portion of the multi-channel signal.
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channel audio signal, the method comprising: generating spa- tial
parameters; and generating the parametric representation 15 such that
r tric representation includes first para- metric d LSt .
W%hcz)%? |o%ﬁo%g1 e multi-channel signal and wherein for a secoar%g%p%ﬁggé%t?atﬁé
multi-channel signal no parametric datg or second parametric data is
included in the parametric representation, the second parametric data re
20 quiring less information units than the first parametric data_when .
IRe &S HTGaRSGettich? pBribh orthé ﬁﬁﬁﬁ:-%ha%%;msﬁgﬁééfneggcolr ahce Ton
thith sofifiteaspdct of tid preskrbINVRNEETRP RS ¢His BERETIT aB%iEVEE b§ aPTo~
gRaraMelireFesernatia ae: sgrbinghapatiaipropagiesof amultiehanael 2
nBUAIG.SI008L: (e BALYLRHIC rapresialiondngding i pargimepicialgs ing
f!or a first portion of the mul |-channetljs|19naga Whﬁ?relgr%h.eoplarapetnc 11~
i B s EREABR ¢ eI RNG ndaRRIAE ddta 3T 81 sécond paranetric. >
cHatnfol asbeoad porivrEsithe FRdlti-SchafRensgmarthecdecofid the multi-
cRaraaetrie dgia leguiringelessdnrformatian urits thandhe first pavametkic data
iga?JBEégé%‘?ﬂt" cabrartion pf the muli-channel signal Q) ring less in-
f20 7/009548 PCT/EP2006/0059/1 19 In accorq;ance v(viithta si>g[h aspect. .1 _
BFPRrRReHIhbENtdIR thid Bbjett Rradhiaved by A computer program - -
inavirna prerfaredodB st peForfingtitheMrditing RAratomphtEiad, the
meetaer fnprecedsing aniavdiai signalrantiforproséssing Sfigtal from the
JRFrametic daia describing a.first partion Of spli- eheBngksignaking on the
fv,vhe%eln for a Second ortlocr]}éofcthg rpu‘l;u.- chann Ii§:iggal n?:@aégmggi he in-
FEE PR BRA P ENENE daTA IS Prdcessed® the §8cond parametric g'ata 0
tregpmthplesssignal, the first portion of the intermediate sig-

nal corresponding to the first portion of the multi-channel

ot

audio signal; and deriving a second portion of the intermedi-
ate signal using a second deriving rule, the second deriving
rule using the second parametric data or no parametric data.

In accordance with a seventh aspect of the present invention,
this object is achieved by a computer program having a pro-
gram code for performing, when running on a computer, a
method for generating a parametric representation describing
spatial properties of a multi-channel audio signal, the
method comprising: generating spatial parameters; and gener-
ating the parametric representation such that the parametric
representation includes £irst parametric datz for a first
portion of the multi-channel signal and wherein for a second
portion of the multi-channel signal no parametric data or
second parametric data is included in the parametric repre-
sentation, the second parametric data reguiring less informa-
tion units than the first parametric data when describing an
identical portion of the multi-channel signal.

In accordance with an eighth aspect of the present invention,
this object is achieved by a transcoder for generating z pa-

rametric representation of a multi-channel audio signal using



10

15

20

25

30

35

formation units than the first parametric data when describ 10 ing an
identical portion of the multi-channel signal, the method comprising:

deriving an intermediate signal from the down-mix signal using a first
Wﬁé?ﬂ]l’ﬂ%?fﬁe depending on the first parametric data for deﬁﬁﬁ%%‘ﬁrﬁé?ﬁsgn

portion of the in- termediate signal, the first portion of the intermediate sig
15 nal corresponding to the first portion of the multi-channel audio signal;

spHdideriving arsecond p@é@@!}%ﬁ]‘?‘gm‘@ﬁ@e@?é&é@” L43IA9.& SeCONH 110
deriving rule, the second deriving rule using the second parametric data

Mk i GRS CARAA 026 19 BR Lor AR TAE BBevBnIPAIE tREnerator
tgresestdaventior Pis abiact it agbisyed iyt EQRUIRIIN OgFT ft?]}@g%rav
ro: gram code for performing, whep running on a computer, a metho .
mef%F égnelfngﬁ)r}fg 3865%%@%0 rj(g%%lésuéﬁn%gtio%l SEerifiRg 285ata proptiestiing
dex it cliamiel bdio sigrial athe PSnamttottconforsing: §énetating:spadial of

tmramﬁarsaang@ﬁeg-;@@{;&t%&a@n@ggﬁﬁe%?@%%é};&h é@%&t{‘& of
parametric representation includes first parametric data for a first portion

S g Mt Channetsi§idnnd WRereArRirtSdeondafortion offisend para-

netultiechanel signat ooaanielrie flata or 3Rsec0Rd PARARSLIS JaIS, the
Sér&glgged in the g‘arametric repre- sentation, the second parametric data

reqUITING 16 SR H6 rTa-R0iT URTSH T he fﬁ&sﬁaré%?ﬁ@ﬁgfé’%héﬁits than
thdeséribing are iderrical portiahzof tie multe sharinslsignah 3bdentical por-

t BGcoLdaNGe With ﬁpigiggg}lgg@eg%r}gei present invention, this object is

achieved by a transcoder for generating a pa- rametric representation of a
multi-channel audio signal using WO 2007/009548 PCT/EP2006/005971

Thiel %.@éf?@r%{ﬁ%ﬁ%ggﬁc@gn%gﬁapa&@l E??é)egﬁ'?dgfntg Cthat a multi-
channel audio signal can be efficiently represented by a pa-
rametric representation, when a first deriving rule is used
for deriving first parametric data of the parametric repre-~
sentation describing a first portion of the multi-channel
signal, and when for a second portion of the multi-channel
signal second parametric data or no parametric data is in-
cluded in the parametric representation, whereas the second
parametric data is requiring less information units than the
first parametric data when describing an identical portion of
the multi-channel signal.

Thus, a first portion of the multi channel signal is repre-
sented by first parameters allowing for a reconstruction of
the muliti channel signal with higher quality and a second
portion can be represented by second parameters allowing for
a reconstruction with slighﬁly lower quality. The bit-rate
consumed by the first parametric data is consegquently higher
than the bit rate consumed by the second parametric data when
both parametric data is to describe the same portion of a
multi~channel signal. In other words, the first parameters
require more bit rate per signal portion than the second pa-
rameters.
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multi-channel audio signal, comprising: a parameter generator to
generate the parametric representation such that the para- metric

W(l;%g%&rgggtlon includes first parametric data being 5 de”V%{r/EH}J&%ossm

spatial parameters for a first portion of the multi-channel signal and
wherein for a second portion of the mufti-channel signal no parametric
data or second para- metric data is included in the parametric

epresentatlon t@e sttlecond @gg ic gtatrgqtg% %J;%Ssﬂﬂfgrn&%%o%etween

unltgﬁmpn i8 the flrst parametric data when describing an identical por-

babh dﬁﬁ@’fnél%‘tcrféﬁlﬁ%?%lgiﬂél SHRFPRELHt mﬁﬁaﬁf@baé’sd %‘ﬁ”tﬂ% of the
ufindiing theitgn aiultivbhdrnelkadgioreignihean beteffisientl\cepsegetedly the
s 8cRa- 1 1 FAMEHICHRPEASLPERNAN, e anifﬁbdeb/iﬁQi@ﬂ%i&UQ%i&H of the

derlvm@ first par e&rlc d . qg‘t e pare gr_r%%% se%a\;m%gicngﬂgs at

a]%II’S'[ por]flon O? e mult| -Channe S|gna en for a secon pOI’tIOﬂ

bat - RiItRRa AR égnalsfecsﬁaep%réﬁ]%tr&e&&%%&p&%ﬁﬁéﬁ.% fgvesn

fislihy? (elueiedtim thre parancetsic zoprepehtativadwheraasitie sedomerds. More

spatameticdata is keopirpgilass informatinpanissthandhe Hfirst pajemelfig an

~gaauben deg?“bﬁ -anddgny Pé’”'%%@wé?ﬁ mpliiechannel signal2a  (no
us, anll’gt tion of the multi channe signal |s repre- sented by first

sejsﬁamef‘qu%mtam for HrkteRsftictch GFared hlit ThannBLignBARARE X 4C
rhighwes trratibiand aldbcbhd podtor sdriearepresettetidy seavided, good
qRanameters attondngdee patecagstistian widaslightly leweegualigydaeically
%t éateé?’% g%zgumfﬁ %gsbf'rS&R&raﬂhetr&%?}@ﬂvz&O%%eqes%@t'yp@gm%slme

an th rate consume the second parametric data when

speRTheTRI%E ST e % éatmelﬁorﬁdﬁ%?s%uﬁr‘zch%fh%erlﬂaﬁé{ﬁdual
appather wiords, the first parameters

By dynamically choosing the size of the first portion of the
multi-channel audio signal which is the part of the multi-
channel audio signal that is represented by the spatial audio
parameters, the demanded bit-rate can be wvaried within a
broad range. Representing major parts of a multi-channel sig-
nal by the spatial audio parameters will consume a compara-
tively high bit-rate at the benefit of a good perceptual
quality. Since for the second portion of the multi-channel
audio éignal a parameter deriving rule is chosen that results
in parameters consuming less bit-rate, the resulting total
bit~rate can be decreased by increasing the size of the sec-
ond portion of the multi-channel signal. In a preferred en-
bodiment of the present invention, no parametric data at all
is transmitted for the second portion of the multi-channel
signal, which is of course most bit-saving. Therefore, by dy-
namically shifting the size of the first portion with respect
to the size of the second portion, the bit-rate (or the per-

ceptual guality) can be dynamically adjusted to the needs.
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require more bit rate per signal portion than the second pa- 35 rameters.
WO 2007/009548 PCT/EP2006/005971 12 The purpose of the invention
is to bridge the gap between both prior art worlds by gradually improvin
W%@@Bﬁ%%f the up-mix signal while raising the bit-rate coh&Tks %Wﬁ !
side-information starting from O up tq the bit-rates of the 5 parametric
methods. That is, the present invention aims at bridging the gap in

bit-rates and perceptual quality between fully parametric. methods and _
I RERE ST S n FRRATORS rﬁ%o r%gl\slg'z"ceiﬁc%%e%i? rpi),?:‘gv:l'"d1 es a %&%‘]bd Bt Goun
miftexdhlyretioasingiam i, oparatinggoiatt somevdmre hdndeeway. Therefore,
enZagbecesuroundno g sdenprmation, Ined audin gualigrand b e
fic °r ull side- d

parame econstruction Information rate required, goo

regualitykerhiv bperatrghpsint 688 besdnsBenldyrantisahg (FBevaRATE Mt au-
ailimelLand in Lespopse torthe PeuRissiblgsida-iHorartionatauas it-ighannel
_dictated by the individual 15 application. Béggnamicall% cho sitng the Sizrefqi
sigrgk frafpdPforf SRRRIRRRR CHEIE aldicvaifnaARRch T8 pRoF the >
almeNfls chapnal aurio signal thay isreapresentedday thé spatialsauctio 20e sig-
arameters, the demanded bit-rate can.he varied_within.a. broadran
nagtsaprre%%%ﬁﬁbnrﬂaj%?’%ﬁg oggan%ﬁiyéha%ne\%ieg- ﬁ\g yt er%bat(gl@au%%oerall
bigaraateterswillecorsaintsia epmpakaitngelphigh Meke &t ES pRnefPSPAuC
¢ i990dpercepiiial; qualify.Singe forthesecegd parion;akthe-ubchanngiro-

25 audio signal a parameter deriving rule is chosen that results in
dusSAnfet8RE tonsuming less bit-rate, the resulting total bit-rate can be
decreased by increasing the size of the sec-

In a further preferred embodiment of the present invention,
the inventive concept is applied on the decoder side within a
QMF representation of a received down-mix signal. The up-
mixing process can principally be sub-divided into three

steps:

Pre-processing of the input signals (down-mix signals
received in the OMF domain) by application of a pre-de-

correlator matrix;
de~correlation of part of the pre-processed signals; and

mixing the thus derived signals (pre-processed signals
and de-correlated signals) within a mix matrix, the out-
put of the mixing being the channels of the up-mix sig=-

nal.

Both, the pre-de-correlator matrix as well as the mixsd-
matrix are two-dimensional matrices with the dimensions “num-
ber of time slots” on the one hand and “number of parameter

bands” on the other hand. Within a decoding process, the ele-
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ond portion of the multi-channel signal. In a preferred em- bodiment of the
present invention, no parametric data at all 30 is transmitted for the

tion of the multi-channel signal, which is of cou be/603671
w3 RaA

saving. Therefore, by dy- namically shifting the size of the first portion
with respect to the size of the secong portion, the bit-rate (or the per-
ceptual quality) can be dynamically adjusted to the needs. 35 WO

merP0 71989548 ECTIER20Q6/0039Z1 éﬁlj@pr\%ger@dcﬁmbggm%ntﬁglﬂe are

present invention, a down- mix signal is derived in a matrix compatible

degiNp S hEreBré D th ArA PR FRG of BRAMERREN Il SRR &g nt Eafd eeam
i . éepregueed With-high perceptyaliqualic usingibe spatal Birstligarametric

arameters ﬁnd the secongl pgrtion of tgg m%lti-channel si%hr}al ¢an be

da @prdtﬁjcé’(ﬁ1 giné?r?a“:’t?iy%ase(fé‘olﬁions.rlshls gﬁgv%/%?&a |gh-qL‘?aIi’tT§/ultiw

cha.epr@tluciitgnaﬂpartscﬁfythé:lstgz nalswquiringﬁiqt}erqgamytA@dté samef a
mu i 206 yeralls bitrate '§aq$%%asggﬂm%y'ugﬂ&ba_m?é%?@é@dparametw

_reproduc 10 tion for signal parts less vital for the quality of a repro- duced
r igjgrif3n HRinier gRefefRRl BRbBHIMEIETTAREDrésentifveNtidy e sec-

onlivestive conceplds apphisd epdhe gdegodar sideswighin i 16r@Mfz1 signal
representation of a received down-mix signal. The up mjxing process can

& 7 inGRAN DS Bivicel RESBTEE. SIAReD P BroARdh iy of HRpDe Hix

cowmmmmsigeahe@@sece?mm tine Q¥ doreaia) by apphcatioare-

fog;%; §r§§e§é cpurelaton mafrix, de-corelation,af RAL.of Mg RreRIAGESSEd £ rom

the down-mix signal or be replaced by pre-defined values.

In a preferred embodiment, a multi-channel audio decoder ac-
cording to the present invention recognizes by the amount of
the transmitted first paramétric data, which part of the ma-
trix or which part of the multi~channel audio signal is to be
processed by the rule depending on the spatial parameters and

which part is to be processed by the matrix based solution.

In another embodiment of the present invention, an audio en-
coder creates window information, indicating which parts of a
multi-channel signal are being processed by the matrix based
solution or by the spatial audio compatible approach. The
window information is included in the parametric representa-

tion of a multi-channel signal.

An inventive decoder, therefore, is able to receive and to
process the window information created to apply the appropri-
ate up-mixing rules on the portions of the multi-channel au-

dio signal indicated by the window information.
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25 mixing the thus derived signals (pre-processed signals and

de-correlated signals) within a mix matrix, the out- put of the mixing being

the channels of the up-mix sig- nal. 30 Both, the pre-de-correlator matrix
WR2RENE¥%he mixed- matrix are two-dimensional matrices Withthe c¢/005971

dimensions "num- ber of time slots" onthe one hand and "number of

parameter bands" on the other hand. Within a decoding process, the ele

WO 2007/009548 PCT/ER2006/002971 14 ments of these malrices are, . _
I%)&d ﬁﬁ%ﬁﬁ;ﬁ e?ﬂ?a%grgeﬁeriv%%gfgohrﬁ ti%rsgﬁaz%et%%s ?e{;ggl#orh t%ee o
vepatizkbitstieamt ijs byrhé fiest paratetrictEtadwisdmruiispg the sig-
nRRrApslic, daja is qnly reggived for.a first.anction of the mullh behannelopre -

sigrial, orﬁy that"portion of a reconstruction of a multi-channel signal can

septgstiver USHE HelfrsEERERTE0 TR I:RA Subfftled aEESRREEtion hold-

i Rlements das denvingrthg sesroagipart-etiienegopatiyction of the
multi-channel signal are, according to the present invention, derived using
matrix 10 compatible coding schemes. These matrix elements can there-

1fore eitherbe depved based orlymaniknentedgs athieved épantthénvention,

t 8Wg- I%(—Snlgxr%%lr(?nr l?ce [)erpl geb%%rgﬁg%ﬂn?gé@iﬁ%s' ﬂ}é&&ef%;?%acm is
embo'alment, ahufti-channel audio decoder ac- 15 cording to the present
apwehtion recbynizes Bthe ahIG@T of IRGHARSHItRATHE panRtriRPP1Ying
(datay whieh payt ok fha: Mae trixearavhish pawt of the mukthehapnekaudihcoding
signal is to be processed by the rule depending on the spatial parameters
aﬁfgd JRFOEHRR iSO préfésséd Wﬁfgeﬁlatﬁ %%gﬂcsrg]rﬁﬁlon.oéo? & Jow-

saaethen emhadiment ohthe presentvaventienen audio en- the property of
the human hearing to notice small deviations of two similar
signals (e.g. phase deviations) a lot easier for low freguen-

cies than for high frequencies.

B great benefit of the present invention is that a backwards
compatibility of a spatial audic encoding and decoding scheme
with matrix based sclutions is achieved without having to in-
troduce additional hard- or software when the encoding and
decoding rules of the spatial audio coders are chosen appro-

priately.

Furthermore, the compatibility is achieved without having to
transmit additional data, as it is the case in other prior
art attempts. The coding scheme according to the present in-
vention is furthermore extremely flexible, as it allows a
seamless adjustment of the bit-rate or the gquality, i.e. a
smooth transition between full matrix based coding to full
spatial audio coding of a given signal. That is, the coding .
scheme applied can be adjusted to the actual needs, either
with respect to the required bit-rate or with respect to the

desired quality.
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coder creates window information, indicating which parts of a
multi-channel signal are being processed by the matrix based solution or
W%yzw(sj;/ﬂ%g%tgal audio compatible approach. The 25 window '9%91%‘?569&6(?5971

In the parametric representa- tion of a multi-channel signal. An
inventive decoder, therefore, is able togreceive and to process the window
information created to apply the appropri- 30 ate up-mixing rules on the
portions of the multi-channel au- dio signal indicated by the window
information. WO _2007 009548 PCT/EP206/005971 1] in a preferred

P tis applied in

embodiment of thept i GHEED
the QMF domain during the S|g nal processmg i.e. in a domain where the

Prﬁ%(%ﬁ?lg are [ r%%rg asented by r@ult% ql%r%se %n g@gg presentatiq

Ing information on a certain ency In a further pre erre
guembbiimens et tesgredant iﬁ@éﬁm%e §idle- Wﬁ@rmﬁ@@iﬂ‘é@%e‘#ﬁ@d’ ings,
whdnatrix based approach) is applied only to the higher frequency parts

while applying 10 (explicit) parametric information (i.e. the first encoding

and decoding rule) for a proper reproduction of the low- frequency parts.
FiBhis is advantageous dusrtntheweroprtydd rthe human hearing to notice

small deviations of two similar signals (e.g. phase deviations) a lot easier

for low frequen- 15 cies than for high frequencies. A great benefit of the
Figresént inveintivh i thae savackevards onfpatibilitg of & Spatislraudio created

encoding and decoding sgheme with mgtrix based solutions is achieved

without having to in 20 troduce additional hard- or software when the
encoding and decoding rules of the spatial audio coders are chosen

Fidproa shows an inventive transcoder;
Fig. 3 shows an inventive decoder;

Fig. 4 shows an example of a spatial audio decoder imple-

menting the inventive concept;

Fig. 5 illustrates the use of the different coding schemes

on a decoder side;

Fig. 6 shows a prior art encoder;

Fig. 7 shows a prior art decoder;

Fig.8 shows a block diagram of a filterbank; and

Fig. 9 shows a further example of a prior art encoder.
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priately. Furthermore, the compatibility is achieved without having to 25

transmit additional data, as it is the case in other prior art attempts. The
W%o%ion%&[%qﬁem'e according to the present in- vgntion is furth%%%ﬁ%?o@aosgn

extremely tlexible, as it allows a seamless adjustment of the bit-rate or

the quality, i.e. a smooth transition between full matrix based coding to

full 30 spatial audio coding of a given signal. That is, the coding scheme

applied can be adjusted to the actual needs, either with respect to the

required te or with [

embodiments of the present invention are subse- 5 quently described by

r{F/erMnodp dne englosed drawings . ereity EILL SMWS BRIDVEHHE v -
eﬂco er, Elsg. % shows an example or a parameter it-stream created
chygnhe inventivdeonddpt; Rig. Pa shows anppvaivedrargeddsrtes Fi@ 8 and

a8hQWwsan-inygrtive-decodey; Fig. 4 shows an example of a spatial audio
decoder imple- menting the inventive concept; 20 Fig. 5 illustrates the use

of the different coding schemes on a decoder side; Fig. 6 shows a prior
parhepneader 225 &1g. Lishowssa granart decogler; fig8tshomisca hloek encoder

Jporamore febanki and Fig 9o Al empe daRigat o o
the multi-channel signal 106 are processed. The parameter
generator 102 receives the first portion 108 and the second
portion 110 and derives spatial parameters describing spatial

properties of the multi-channel signal 106,

The spatial parameters are transferred to the ocutput inter-
face 104 that derives a parametric representation 112 of the
multi-channel signal 106 such that the parametric representa-
tion 112 includes £first parametric data for a first portion
108 of the multi-channel signal and wherein for a second por-
tion 110 of the multi-channel signal 106 second parametric
data reguiring less information than the first parametric
data or no parametric data is included in the parametric rep-

resentation 112.

Several variations of the multi-channel encoder 100 are pos-
sible to achieve the same goal. For example, the parameter
generator 102 can apply two different parameter deriving
rules on the first portion 108 and on the second portion 110
that result in different parameter sets that are then trans-
ferred to the output interface 104 that combines the differ-
ent parameter sets into the parametric representation 112. A
special and preferred case is that for the second portion 110

no parameters are included in the parametric representation
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30 WO 2007/009548 PCT/EP2006/005971 17 Detailed description of the
preferred embodiments Fig. 1 shows an inventive multi-channel encoder.

The multi- 5 channel encoder 100 is having a parameter g r ‘E?Q-
Wgﬁaﬂgﬁ}%ﬁput interface 104. A multi-channel audio signal %}%&%ﬁéﬁ |?19tg1

the encoder 100, where a first portiopgl08 and a second portion 110 of
10 the multi-channel signal 106 are processed. The parameter generator

(api%f, [ERENERCRE NSt porien el the secqnad AN LI ABEAR S 02)
spatialhparaméiers escribing spatial” properties of the multi-channel
s isigralct06: 18ckaigpatianl parametcls ape aanSRFETED thBOUiStint&d ce-

<dasg d 4-that detives g pagametiic.[gpresentatigndd 2 of the

multi-channel signal 106 such that the parametric representa- tion 112
includes first parametric data for a first portion 108 of the multi-channel
Arsighalrangoyberein fara secondior 2Rdiopabifreftne mueltiecharmel 102 de-

Signal 10 cong arametric data requiring less. in ormatig tu fh%gEStth
rlﬁ’e%imaetrg:ﬁgatas o} nS%a?g%Q%ﬁ%dgt%%é?n%l%g ?n %%Spargmegt?lc rep- ©
firesentation 1d2. 26 Beweraf varidtivnsssfahadnuitiehannellditoddenog, the

oﬂswsiﬁ@éer%@%hi%\@éthﬁﬁf&e gorlFrexgmple dhe parameleriay  pa-

generator 102 can apply two different parameter deriving rules on the first

T JRR1GH 108 4R ORItAE SEEENASFSTABA 126 TRAE Fdskft ifdiffereauire less

b Rasameter sels thatare thendrans-3Q fersed to the output interface 104

that combines the differ- ent parameter sets into the parametric

representation 112. A special and preferred case is that for the second
FportierddBe, the output interface 104 could add an additional

window signal to the parametric representation 112 that shall
signal tc a decoder, how the multi-channel signal 106 was
split into the first portion 108 and into the second portion
110 during the encoding. In a modification of the preferred
embodiment of a multi-channel encoder 100, the multi-channel
encoder 100 may additionally have a portion decider for de-
ciding, which part of the multi-channel signal 106 is used as
the first portion 108 and which part is used as the second

portion 110, the decision being based on a quality criterion.

The quality criterion can be derived with respect to a re-
sulting total bit-rate of the parametric representation 112
or with respect to guality aspects, taking into account the
perceptual quality of a reproduction of the multi-channel

signal 106 based on the parametric representation 112.

A major advantage is that the bit-rate consumed by the para-
metric representation can thus be varied in time, assuring
that the quality criterion is met at any time during the en-
coding while allowing for an overall reduction of the re-

guired bit-rate compared to prior art methods.
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no parameters are included in the parametric representation WO
2007/009548 PCT/EP2006/005971 18 (and therefore not derived by the

- azr[ﬁ%tg%gsgenerator 102) since on a decoder side the decﬁ’@ﬁk%ﬂ(\’/ﬁ%s}n

the required de- coding parameters by some heuristic rules. 5 Another

possibility is that the parameter genergtpr 102 de- rives a full set of spatial

audio parameters as well for the first portion 108 as for the second

portion 110. Hence, the output interface 104 would have to process the

spatial pa- rameters such that the second parametric data require less 10
Fbis tHan IHEYifst Phranf@fiR it Furtheiare e GutpePRrsie togn 112
crealdead d an additonah tare osnsigaalk-to the parametric representation

112 that shall signal to a decoder, how the multi-channel signal 106 was

15 split into the first portion 108 and into the second portion 110 during
Athemaidoomg.dn abmvdification afthegsefenedodmbbdimentidba signals is

dauéﬂﬁm@e@eu¥¥%PeElQQJQe&Wﬂﬂé@aB@dsﬁﬁg¥Hﬂé%¥)@QM les of the

additionally have a portion decider for de- ciding, which part of the
it cPRARBELigRAPTEE istisdd 8s DHheIRBEPotioR OB AR whiG parl Led
fisneed dsthpseeengdeportion bR, the decisipndeing bassd Hn A Gdlitheter
cgt“_er'%on. The quality criterion can be derived with respect to a re- sulting

fotal Bit-rate’ of the parametic representHtivh Y55 b WithrespBet fePrsecu-
t jualityzaspects, Takingdmaradcount the stereeptunk guaktyrof &2 representa-
+ feproduction;of the mult-chan ignal,106_hased on the parametric

representation 12.%&?? a(rj}\?aar%ggg i%%?hgt%(aﬂ&e %it-?ae e%%%%ﬁ?ﬁetdl B? °of a

LG pardv 30 ihEtrié FepreseationteE ius besvafseg adting, afsuting high-
gthatithe geradieCriteion i et 2V Me AUrpgthe efkat the first por-
tion 108 , which is being represented by parametric data has
to be big compared to the second portion, which may for exanm-
ple be the case if the audio scene to encode is rather com-
plex. The parameter bit-stream of Fig. 2 is furthermore cre-
ated under the assumption that a preferred embodiment of an
inventive encoder is used that does not derive any parametric
data for the second portion 110 of the multi-channel signal
106. As can be seen in Fig. 2, 28 spatial parameters ICC and
ICLD are included in the parametric representation to de-
scribe the high-quality frame 120. For example, the 28 spa-
tial parameters describe the lower frequency bands of a OMF

representation of the multi-channel signal.

The lower gquality frame 122 comprises only 21 spatial parame-
ter sets having ICC and ICLD parameters as this was found to

be sufficient for the desired perceptual guality.

Fig. 2a shows an inventive transcoder 150. The inventive
transcoder receives as an input an input bit stream 152 hav-

ing a full set of spatial parameters describing a first
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coding while allowing for an overall reduction of the re- quired bit-rate
compared to prior art methods. WO 2007/009548 PCT/EP20061005971
9 6: ows an example of a parametric representation
971
y arlﬁ?nventlve encoder. 5 As mentioned above, the processing g‘&}(ﬁh
audio signals is done block-wise, i.e. aghnumber of subsequent samples of
the multi-channel signal in the time domain, building a so-called frame, is

sRrgressed inQne steps Eig, pashewsia pasameter Rit-sifgam @®adnel audio
parametric representation for two consecu 10 tive frames. The parameter

SBigRfream is having a representa- tion of a high-quality frame 120 and a
representatlon of a lower quality frame 122. During the encodlng of the

uality fr the decision was 1aken that the 0y~ tion 108 _
|c%g|s %%/r?j‘iepreézg 3By par%smgtrlc atd asa]‘.% fo be }&g jCompared o
r:t@tthecsecepdmmmtwmh ey fos@Xahroplé he thozase if theepslig ies of

£SRENG,I0 encodle j5 rather coms plex. ;e parameterfit-stieam OE Fig2 i in
furthermore cre- ated under the assumptlon that a preferred embodiment

Egfcan dAveritive encderrAgded tHat 8884 1P dEhGe RAY PARIERICTSPTesen-

datadar esecond portion Jséthof fhe grult-ebarnet signalidiOsy Aﬁﬂaﬁarame—
be seen ﬁn Fig. 2, 28 sp ame ers ICC and ICLD aremgclude inthe
Shan& ?e%régéjrﬁ'atl% SHRE RigA:quANE FAE 202 parame

texanplé? thie 28 sjiai tigl MQMemdeithdowm@q@mgyﬂmnme in-

p%f Mr%m%%e%f%%@am 0&@1%@1%9%@}%;@@' mq_kqwe;ewl@s the

frame 122 comprises only 21 spatial parame- ter sets havmg ICC and
LW parsméters a8 fifis Wesdednd Yo e sufisieht idrth@teafegric repre-

REeaptUhayalityi ficantly. Such an inventive transcoder 150 can
therefore be used to post-process an already existing bit
stream of spatial parameters to derive an inventive paramet-
ric representation regquiring less bit rate during transmis-
sion or less storage space when stored on a computer-readable
medium. It should be noted here that it is of ccurse ailso
possible to implement a transcoder for transcoding in the
other direction, i.e. using the parametric representation to

generate spatial parameters.

The inventive transcoder 150 can be implemented in various
different ways, as for example by reducing the amount of pa-
rameters with a given rule or by additionally receiving the
multi-channel audio signal to analyze the reduction of bit
rate possible without disturbing the perceptual gquality be-

yond an acceptable limit.

Fig. 3 shows an inventive multi-channel audio decoder 200

having a processor 202.
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30 Fig. 2a shows an inventive transcoder 150. The inventive transcoder
receives as an input an input bit stream 152 hav- ing a full set of spatial

W?ﬂ%ﬁ%& describing a first WO 2007/009548 PCT/EPZOOI%(}%%@?P.&% 1
rame . The

and a second frame 156 of a multi-channel audio sigha
transcoder 150 generates a it stream-,%58 holding a para- 5 metric
representation representing the spatial properties of the multi-channel

rifd 42 sl Jp the CXAPIG, 2RAVD 41 o9 Adilie drasEAdar ko0 GEHYSS 204
the ‘parametric represen- tation such that for the first frame the number of
degyaaRme- (12160 IS8R slighiprRErcts@HOTHE Bfber bf-p&fankatemetric

aders 262 dessubingithg secend frame cotresperdingdothe #-annel sig-
parameters 156 are strongly decreased, which reduc%s the amount of bit

NHiteTitdedy the RETHIY FEPAMSAc Rpre:SeniBtibhsighiAaitly. S*anal,
oBucinan inentive transenderit danathetsforeshe tised 4o pestspriocess than

130 glieady existing bit 15 stream BgPaﬁeDafaf”aSteé%é% dSH¥e 80 yeriving
inveritive paprame - rIC representation requmnéD ess bit rate during '
anrahishsismsidhadiclesd storagd Space whdr stored onaigompaierreadables ing

a medium. dEshouldbengtedhsgrepat it is.9f coursealsq, POSEPIS - tion 212

implement a transcoder for transcoding in the 20 other direction, i.e. using
Ofhe pPararéftiepiedentaicidr gelBritE tPafiipaiaetersathey portion
2 inventive: trangaogerid s icarebesimpiementerl in yareus-siffereat wayso the

as fgr‘exam le b\é Eed%cinqnt%e amount of pa- 25, rameters with argiven
firs 'qgrt 8? & Jnu tﬁrchaﬂne au?lo sagna . e proces-
rulé or'by additionally feceiving the ' multi-Channel audio signal to anaI)Pze

sthye Eductionwfbits & second deriving rule for a second portion
214 of the intermediate signal 210, wherein the second deriv-
ing rule is using the second parametric data or no parametric
data and wherein the first deriving rule is depending on the

first parametric data 206.

The intermediate signal 210 derived by the processor 202 is
built from a combination of the high-quality portion 212 and

of the second portion 214.

The multi-channel audio decoder 200 may derive by itself,
which portions of the down-mix signal 204 are to be processed
with the first parametric data 206 by applying some appropri-
ate rules, for example counting the pumber of spatial parame-
ters included in the first parametric data 206. Alterna-
tively, the processor 202 may be signalled the fractions of
the high-quality portion 212 and of the second portion 214
within the down-mix signal 204 by some additional window in-
formation which is derived on an encoder side and that is ad-
ditionally transmitted to the multi-channel audio decoder
200.
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rate possible without disturbing the perceptual quality be- yond an
acceptable limit. 30 Fig. 3 shows an inventive multi-channel audio decoder

W 02(3{};)630\6@% a processor 202. WO 2007/009548 PCT/EP20Q6/0Pp34dicd71
he processor is receiving as an input a down-mix signal 204 derived

from a multi-channel audio signal, firsp parametric data 206 describing a

first portion of the multi-channel sig- nal and, for a second portion of the
Tulti-sharaehsignakBopligaat second paramelicdaanas e uiing lesss is

bits than the first parametric data 2%6. The processor 202 is deriving L& oy
ORMENREIZRSIgHE 2 BF REAFHR o %Zmiif%@h‘éﬁof USing & ﬁ&é eriving

rdedvingduleifor derivinDea highrepsalipy portiomi2isi of thetinvterduediateix sig-
nsi ng&wherein the high-quality portion 10 212 of the intermediate signal
2°is corresponding to the first portion of the multi-channel audio signal.
The proces- sor 202 is using a second deriving rule for a second portion

r244 ofithgdptermediate signal 230 whereinthe secand derivs g rulgisent ion
using the second parametric data or no parametric 15 data and wherein

tRREAirSCARIARG riiRSs dOY&THing On 1HE tHEEpRamBiic ddta SHBPTheP1 11ty
s itermegliate signal @16 desived &y thepeocessari 2@ isnbeilt faomia decoder
mbination of the high-quality portion 212 and 20 of the second portion
6%%4.%%@%hﬁﬁcszhaann Irég“u“(%g dé)cc)g eerrif(%(? Ir”:na%oée’rivea bydi?seﬁﬁr}\fv%?c#gr 602
apadrtinsiof the thoiwn-Aiix signal 204 are to be processed with the first

parametric data 206 by applying some appropri 25 ate rules, for example

counting the number of spatial parame- ters included in the first .
Tﬂ%aﬁﬂﬁﬁét%@&@@%@Aﬁ@ﬁ%@ decoder 600 is a flexible device al-

lowing to operate in different modi depending on the configu-
ration of input signals 605 input into the pre-de-correlator
601. Generally, the pre-de-correlator 601 derives intermedi-
ate signals 607 that serve as input for the de-correlator 602
and that are partiaslly transmitted unaltered to Iform, to-
gether with decorrelated signals calculated by the de-
correlator 602, input signals 608. The input signals 608 are
the signals input into the mix-matrix 603 that derives output
channel configurations 610a or 610b, depending on the input

channel configuration 605.

In a 1-to-5 configuration, a down-mix signal and an optional
residual signal is supplied to the pre-de-correlator 01,
that derives four intermediate signals (e; to eg} that are
used as an input of the de-correlator, which derives four de-
correlated signals (d; to d4) that form the input parameters
608 together with a directly transmitted signal m derived

from the input signal.

It may be noted, that in the case where an additional resid-

ual signal is supplied as input, the de-correlator 602 that
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tively, the processor 202 may be signalled the fractions of the high-quality
portion 212 and of the second portion 214 within the down-mix signal 204

“}%y 3%@9;%(§ditional window in 30 formation which is derive%%/%%ﬁ&g&g%

side and that is ad- ditionally transmitted to the multi-channel audi
decoder 200. WO 2007/009548 PCT/EP2006/005971 22 In a preferred
embodiment, the second parametric data 208 is omitted and the

. processor 202 derives the second deriving rule from informatiqp alr :
AT o e A . R A0 P SN o P epe EEbacive
teniodirhentofthensiesérst imvenitidna ihat tonbindsntpedadernivedestiydng a
oL mattix coppatibifity, 49 a spatial audio decader,Thednultichannet audigney
decoder 600 comprises a pre-de-correlator 601, a de-correlator 602 10
S @hRICE HHR- AR B0 3L TheSRtiftRARarfét HARS de E5AEr B0 %Ya flexible
device al- lowing to operate in different modi depending on the configu-

ratign of_input signals 605 input into the pre-de-correlatot 15 : .
T eHSal}, 116 pré TR AR B01 DeeeRm o el Shd i oegpiee @
1¢Hfat sememasinput foitietdebenektor8Cl epdithntdteypartighypidual sig-
ndgnsmltted unaliered 19 form.,; g, gether with decorrelatedisignals wa s rix 601

calculated by the de- correlator 602, input signals 608. The input signals
dgpByse 20 thefignals Mt int®fe ikshaRix GUTPRAE HeAlEs dipiidition

+whannelcandigurationsildsear6 10b, depgnding:aadhe inpet the@belsignals
configuration 605. In a 1-to-5 configuration, a down-mix signal and an

t%pﬁgﬁalmix~matrix 603 are ggormed. by the fé%t channel, the

right channel, the centre channel, and two de-correlated sig-

nals {(d; and ds).

In a further modification, the pre-de-correlator matrix may
derive an additional intermediate signal (es) that is used as
an input for a de-~correlator (Ds) whose output is a combina-
tion of the de-correlated signal (ds) derived from the signal
{es} and the de-~correlated signals (d; and dz}). In this case,
an additional de-correlation can be guaranteed between the

centre channel and the left and the right channel.

The inventive audio decoder 600 implements the inventive con-
cept in the 2-to-5 configuration. The transmitted parametric
representation is used in the pre-de-correlation matrix 601
and in the mix-matrix 603. There, the inventive concept can
be implemented in different ways as shown in more detail in
Fig. 5.

Fig. 5 shows the pre~de-correlator, implemented as pre-

decorrelator-matrix 601 and the mix-matrix 603 in a principle

sketch, wherein the other components of the multi-channel au-

dio decoder 600 are omitted.
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25 residual signal is supplied to the pre-de-correlator 601, that derives
four intermediate signals (el to e4) that are used as an input of the

W%eﬂﬁ)g%@ggr, which derives four de- correlated signals (di to-44)ghak ipesr;
t

e Input parameters 608 together with a directly transmitted signal m
derived 30 from the input signal. It may be noted, that in the case where
an additional resid- ual signal is supplied as input, the de-correlator 602
that WO 2007/009548 PCT/EP2006/005971 23 is generally working in a
sub-band domain, may be operative to simply forward the residual signal

ThtstdRrtdideriviteth B8-cBREERER siGREl. PHiS RS SRE1S 86/ETM &nd the
mireggnay sselectivervannanfor epraetiequensy hansisonly..z In thee indi-

2-to-5 configuration the input signals 605 comprise a left channel, a right
v%ﬁ%ﬁ%el%alnr%o&ﬁ)mr%ﬁﬁsa r%ltéjid‘?ﬂalss}“la-n %g. ant(liﬁoafr 8(‘)qr?fig%u?§tt€onlf?ﬁé: esgnt the
d pfé-eieceurratatormedteix 60anderives.® lefteagightand aceatsyahionnett with

oABd4n addiion 19 twa infermediate chapngls{el, €2) . Hence, the input
signals to the mix-matrix 603 are formed By the left channel, the right
channel, the centre channel, and two de-correlated sig- nals (dl and d2).

Adbdpd fusthes nedifieatioisthe pre-te-cerrelatar imatixaNay ofer@iaNmat rix
dditiopal intermediate signal (e5) that is.used as an input for a ,
eg%r-nceonr%lat%% (DB W%%Eé:%%?psutglgj % &b %8 tiGH Bf f?fgilé’e-%ﬁg fYedierived
f signakB) geiiveddropa trensignat (eBtand theas:dorrelatedsigrals {dy ma-
£ 20d d2) o L 5 cgse, 2831 pdgitigpal eé"‘g{é‘?!%%@ Fa%g’ge‘%}‘af%@tesgample
between the centre channel and the left and the right channel.
on knowledge of the down-mix signal. Fig. 5 shows one example
where below a given frequency border line 622 the elements of
the pre-de-correlator matrix 601 and the mix-matrix 603 are
derived from parameters 620 that are read from the bit-
stream, i.e. based on information transmitted from the en-
coderx. ARbove the freguency borderline 622 the matrix elements
are derived in the decoder based on knowledge of the down-mix

signal only.

The border frequency (or in general: the amount of matrix
elements derived from transmitted data) can be freely adapted
according to the quality and/or bit-rate constraints that

have to be met for the particular application scenario.

It is preferred for the novel coding method outlined here
that a side~information free up-mix process may be performed
with the same structure that has been outlined in the MPEG
Spatial Audic Coding Reference Model 0. This invention may
consist in describing a method for side~information free up-
mix, but preferably provides a method for seamless and advan-
tageous combination of such concepts with methods for side-

information assisted up~mix.
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The inventive audio decoder 600 implements the inventive con- cept in the
2-to-5 configuration. The transmitted parametric 25 representation is used

Wig zt&g {Mges:ge-correlation matrix 601 and in the mix-matrix 69@?&9%&/&5@71

Inventive concept can be implemented in different ways as shown in more
detail in Fig. 5. 30 Fig. 5 shows the presde-correlator, implemented as
pre- decorrelator-matrix 601 and the mix-matrix 603 in a principle sketch,
wherein the other components of the multi-channel au- dio decoder 600
are omitted. WO 2007/009548 PCT/EP2006/005971 24 The matrix used

R SO ie pr-ddtottBitionRtdithe THAG HaRtolgmA§ tgEnce Model
Orepﬁesenhﬁmejsi@ts;i.i;e"otheaiﬁdibrvidﬂﬁéﬁme;sampde$mbaes§ginattia@d ¢0wlBent s
Jbatyepresent e & diferepp prrameterhands e, each fuls assaciated o
with one parameter band of an audio signal. Accordingto the conc%ptnof
rthegste§enmindentort: Tha stk egleiients biitheshagiiesB0l &yd g03ferent

rRIg-QNY, pertbuderived 10:fpom dranspuitied parametricndata, whergin the ¢ ing
remaining ma trix elements are derived by the decoder, based for

& file’ on kHORRedlE BF theUbwh- Pk SKGIRTLERTS sREWE DRFexhnffle the

awherenbelowi a:given frequency border line 622 the elements of the
pre-de-correlator matrix 601 and the mix-matrix 603 are 15 derived from
parameters 620 that are read from the bit- stream, i.e. based on

Tinformiationacansmitied fpomstblelen- todechibve the fregdenty scaling be-

thrderlips:s22 bedpalixslements arederived in,the degoder baged pn. s in
knowled% of the down-mix signal only. 20

terms of sound quality - by acquiring only parts of the ma-
trices based on the transmitted parameters and applying the
rules of the method without side-information o £ill up the
remaining parts. Conceptually speaking, this corresponds to
transmitting for certain parts of the matrices the spatial
parameters and for other parts generating them at the de-

coder.

The determination of the parts of matrices that are to be de-
rived from either the one ore the other method can be done in

a lot of different ways, such as

¢ deriving the parts of the matrices below a given hori-
zontal border line by one method and above this border

line by the other method;

e deriving the parts of the matrices left of a given ver-
tical border line by one method and right from this bor-

der line by the other method:;

¢ determining arbitrary time-frequency tiles within both
matrices the elements of which are derived by one method
and deriving the elements of the remaining time~

frequency tiles by means of the other method.
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The border frequency (or in general: the amount of matrix elements
derived from transmitted data) can be freely adapted according to the

W%%H% ggor bit-rate constraints that have to be met for t%@%ﬁ?‘dlﬁ%@%gﬂ
0

application scenario. 25 It is preferred for the novel coding meth

outlined here that a side-informationZgee up-mix process may be

performed with the same structure that has been outlined in the MPEG

Spatial Audio Coding Reference Model 0. This invention may 30 consist in

describing a method for side-informatjon free up- mix, but prefetab, .
Itpr%ﬁegﬁ%eﬁw%ﬁafbﬁ'%gsarﬁ?es%%fnqa z!l)é)\yaen- fg:eao%%ég%rﬁkﬂﬁﬁt%gn g:s&c% ad-
vaoneepts:withaneihods foesigel ifformatos asgistetsue-ig. WA ti-channel

s;f\%%oogggi‘g% F;%LEE’@QWBQ%%@; %@gaa%@;@yw the MRES SRatidleters

g rence Model O, in the side-information free up-mix
Winrseess thaeleprasnénmie FTAABES M (601 ehd M2(60S) dpylti-channel

s Pugterably ot de Sdyad om datadvanssaitted in phitasleeapduttyis takes
different means without the help of side-information, e. .r?y aEPlplyéiﬂgt has a

I HeRIri8FEANBE baREd ORRF BT KRBWIEGE altievad FroHTR  83%n mix

bsighal. Ilndbisway it isf pdssikle tf achieve aigradudlstaling be-aeen fre-
bottechniques - I erdis of RUTAIEASNE! 35 RIS of pOURY AYalibhieans

q%y acquiring only par]fs of the ma-‘trices ﬁased on the transmitte

1 patameters andiappiyping thé nalexfofihe rethbd vl Sidesittaiidation=© 2

£19.fill upghe 15 remainingparts CoRCRAWAIN SPeaking yihis orrespefitanta -

to transmitting for certain parts of the matrices the spatial parameters

g%ﬁaﬁmQﬁhéﬁﬁﬁﬁpﬁéﬁy%ﬂﬁ?ﬂﬁﬁﬁ@fﬂﬂ§d§pgher frequency parts of

the signal with better accuracy. This may especially be the
case when in the lower frequency region only little energy is
contained in the signal since most of the energy is contained
in a high-frequency domain of the audio signal. Due to mask-
ing effects the low-frequency part will be mostly dominated
by the high fregquency parts then and it may be advantageous
to provide the possibility for a high-quality reproduction of

the high-frequency part of the signal.

Depending on certain implementation reguirements of the in-
ventive methods, the inventive methods can be implemented 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 iInvention is, therefore, a computer program product
with a program code stored on a machine readable carrier, the
program code being operative for performing the inventive
methods when the computer program product runs on a computer.
In other words, the inventive methods are, therefore, a com-
puter program having a program code for performing at least
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coder. 20 The determination of the parts of matrices that are to be de-
rived from either the one ore the other method can be done in a lot of
i ys, such as deriving the parts of the matrices b '

W%cg{ﬁ@ z%%tal border line by one method and above this boﬁ%ﬁ%ﬁgﬁgﬁﬂ

the other method; deriving the parts2f the matrices left of a given ver-

tical border line by one method and right from this bor- der line by the

other.method; 30 determinin ifrary. time-frequ ' ithi s
O hatbes tho SETRE T vt B AOras By one e anel deping ="
Onthe S1eRIBHEE Bf the remaining time- frequency tiles by means of the other

method. WO 2007/009548 PCT/EP2006/005971 26 It has been detailed
wHY the @hoveparagraphsithat iféeadpyantegends 1g deseribe afidredpiencybed
w Rl fulilehenngl, sonal e o asilain oRtder figduegey bysnaial e

parameters S whereas the remaining frequency parts of the multi-channel
unggastrechobrepkdttedXy Sp&thl bﬁram?ergr ithkEs YRbSCHouRt e r
cithegharactetistics of-theanumdn eat Yhatlaas RebatestpetéEpaoTt of RRFeTt 1ng
sfigpueneies than ef higher fecrierties0f course, ihe present invedtiontood
w2 Pyo. means 40, imited {a hig Snlting gting sayiischanps! SIgRRLINAR en-

Irst porflon andca second portion as it may also be advanta- geous or, dis-
begbirepiiate Yo HoebibeIFGREF BGuercy haits Bf %{eoglg%ﬁl with befter  °*°
¢ aosuate fdis: maydespeuatisadrs dasetiliterrirrtfsofer frebpehty -

region only little energy is 15 contained in the signal since most of the

energy is contained
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in a high-frequency domain of the audio signal. Due to mask- ing effects

the low-frequency part will be mostly dominated by the high frequency

parts then and it may be advantage@$s to provide the possibility for a
high-quality reproduction of 20 the high-frequency part of the signal.
Depending on certain implementation requirements of the in- ventive

methods, the inventive methods &&¥@3&#nplemented in hardware or in
software. The implementation can be performed 25 using a digital storage
medium, in particular a disk, DVD or a CD having electronically readable
coMidltsigRarrAGEdaitIcorieAnele Bodperar AR ardgranmanfio sig-
cogpuiterRysie syehdaatdhe inventive methogs.are:periginedyescribing

Generally, the present invention is, therefore, a computer program
préduct BOWEIP & pESgr aRt cSdd&tbrdd 6R aPM8ehifié $8adabl¥ kaRfMIhEeT 2

pPregrapheogds beingronsrativedfonpeerning dhe inventive imathods Mhen »i ¢

. the computer program product runs on a computer. In other words, the.

inddtife MetiGICRR, BRFefs: H ot SGter SrogFaRtRtfty a pisyrascond

coge femparfarmingzat dease W 2004002548 PGIFEPRA06/0059%4L: 24 than

one of the inventive methods when the computer program runs on

a
corpiitet “Whie B RIASTOING h&S bBen S tc AR Showh and BeddbRbical
5 withrreferense telpartoularisrabedinentsthereaf, it valhpe : undeystood

by those skilled in the art that various other changes in the form and

details may be made without departing from the spirit and scope thereof.

It iztphe cederstodd thatamiolischanges ke nade is aglepling tom the
different em 10 b%diments without departing from the broader concepts
disg%f"({)%%dsnle?lél% dnd comprehended by the claims that follow.

using a first deriving rule for deriving a first
portion of the intermediate signal, the first por-
tion of the intermediate signal corresponding to
the first portion of the multi-channel audic sig-
nal, wherein the first deriving rule is depending

on the first parametric data; and

using a second deriving rule for deriving a second
pertion of the intermediate signal, the second de-
riving rule using no parametric data or the second
parametric data, wherein the processor is operative
to calculate the second deriving rule from informa-
tion on the audio signal or from the second para-

metric data.

Multi~channel audio decoder in accordance with claim 1,
which is operative to process first parametric data that
is describing a time portion or a frequency portion of

the multi-channel signal.



i0

15

20

25

30

28 Claims 1. Multi-channel audio decoder for processing an audio sig- nal

and for processing first parametric data describing 5 a first portion of a
multi-channel signal, wherein for a s€8ond portion of the multi-channel

signal no parametric data or second parametric data is processed, the

second parametric data requiring less information units than the first
parametric data when describing an identical 10 portion of the

multi-channe] signal, Garaprsing: & R0Ee3sor frdariving.an plermediaten 1,
signal from the audio signal, 15 using a first deriving rule for deriving a
firsthpdition Bf AREFISHTEIIAR SGRFRS fikdtiftr- BéF8hferic cata that
int%réneéiﬁﬁ%wﬁh@oréesa@@@@qgﬁ316%firékspoatioaiqﬁéh uktisehianpel  the
audio sig- nal, wherein the first deriving rule is depending 20 on the first -
paPiiitiic REDN GG a sBEBRE deriVRG Fifte Torderilingf s S8 on  on
pogiop ef e ktermediatersignalnthe sesaad de- AHRY fule tsingMitinel au-
parametric data or. the second 25 parametric data, wherein the processor

is GPetafVeE 18 talctiI 8T8 SBEGn K d&fviflg FIE AT ffoRTa-on on the

audio signal or from the second para- metric data. 30 2. Multi-channel

- oA AR Ut e RERRG & 1 FrBA et ScfodUhhy £ 21 L/

pordinnwi ithie muld-cheswelsignal 29cperative to use the first de-
riving rule for dériving a freguency portion of the in-
termediate signal ranging from a low-freguency l1imit to

a high-freguency limit.

Multi-~channel audio decoder in accordance with claim 4,
which 1s operative to additionally process a window in-

formation signalling at least the high-freguency limit.

Multi~channel audio decoder in accordance with claim 4,
which is operative to derive at least the high-freguency
limit from the first parametric data using a window es-

timation rule.

Multi-channel audio decoder in accordance with c¢laim 6,
in which the window estimation :ule includes counting
the amount of parametric data submitted for & signal
portion of the down-mix signal and comparing the counted
amount of parametric data with a nominal amount of para-

metric data.

Multi-channel audioc decoder in accordance with claim 1,

which 1s operative to process parametric data that is
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3. Multi-channel audio decoder in accordance with claim 1, which is
operative to process first parametric data that is comprising a description
of a time portion of the 5 multi-chanAél audio signal, wherein only
information on a predetermined frequency band of the multi-channel au-
dio signal is contained within the description. 4. Multi-channel audio
deEIER TR BEBErdaREe Rith BRNE 1526 1 dhicRURe proeesadigsers chosen
operatiye g usedhe fyste- 1iving ryle fopderiving afraquency pratiqngaf;
the in- termediate signal ranging from a low-frequency limitto a
high-frequency limit. 15 S. Multi-channel audio decoder in accordance
with €taimi4,+ whichispperative-to.additionally process a window in-
formation signalling at least the high-frequency limit. 6. Multi-channel
audib’detoBarRracdotdancévith TREFT 28 )20 which is operative to derive
at least therhighrdrequeney dimibkowdhe fisst parametric data using a
window es- timation rule. 7. Multi-channel audio decoder in accordance
with claim 6, 25 in which the window estimation rule includes counting

. therameurtnfnatametiicidata submitted fora sigpakporien efithe claim 1,

down-mix signal and comparing the counted amount of parametric data
witft AIcH el BB B Bdra. TefiE datE HoE Wbl anfsodn = 9o
decosler #1 aceatdariemwith claom 1z dichris eperativeie prrcgssal using a

parggg%%%g%?a@fég %g&]%oerprpnsmg one or more spatl_al audio .
parameterschosen froni the Tollowing list of spatial audio parameters:

Multi-channel audio decoder in accordance with claim 1
further comprising an up-mixer for calculating a recon--
struction of the multi-channel signal based on the in-

termediate signal,

using a first up-mixing rule for calculating a first
portion of the reconstruction of the multi~channel sig-
nal corresponding to the first portion of the multi-
channel signal, wherein the first upmixing rule is de-

pending on the first parametric data; and

using a second up-mixing rule for calculating a second .
portion cof the reconstruction of the multi-channel sig-
nal, the second up-mixing rule using no parametric data

or the second parametric data.

Multi-channel encoder for generating a paramefric repre-
sentation describing spatial properties* of a multi-
channel audio siqnal,'theumﬁltimchannel enbodér compris-

ing:
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ICC (inter-channel correlation) 5 CLD (channel level difference) CPC
(channel prediction coefficient) 9. Multi-channel audio decoder in

accordance with claim 1, further co?hjprising a de'-correlator to derive a

de- 10 correlated signal from the intermediate signal using a

de-correlation filter. 10. Multi-channel audio decoder in accordance with
clafimB2 Faidredoniisising AR Upike P fot Caftuldtihg?a fetbh- §5% ©F spa-
strugtion of the multi-channet signafbased andheiBnternediate signalsecond
using a first up-mixing rule for calculating a first portion of the

redomstriielior? 6f P mMURECHam 8E 05a¥88irésponding to the first
portion of the multi channel signal, wherein the first upmixing rule is de-

pending on the first parametric data; and using a second u -mix;ang §ule b
foralcTgting Hsdeond 25 Pottion Gfthére Fittisn Sffgat — trom the
mutti-channrel sigraial, she secondsupraixingsrulel using nerpatametricudata de -
or the second ar%%letrl'f ggta. 11. ijlti-chatlzr%neJr encoder for generating a
pa%?ﬁl&ﬁf}?eﬁpfé Ssentation Gescribing Spatiat properties of a malt
channel audio signal, the multi-channel encoder compris- ing: 31 a
parameter_generatqr for.generating a full set of spa-,tial parameters for a _
firs?Boﬁ%%gélntd fb?%;lege%%%% §Sﬁioﬂeol}?ﬁea %nlu ‘f?ﬁ%ﬁnﬁas%ﬁ“ﬁt 5a P
dowemixer for denitinfra downemixtsigal fiom deeyrmultixchanmedsignal

using a full down-mixing rule de-

wherein the parameter generator or the output interface
is adapted to generate the parametric representation
such that the parametric representation includes first
parametric data for a first portion of the multi-channel
signal and wherein for a second portion of the multi-
channel signal no parametric data or second parametric
data 1s included in the parametric representation, the
second parametric data reguiring less informaticon units
than the first parametric data when describing an iden-

tical portion of the multi-channel signal.

Method for processing an audio signal and for processing
first parametric data describing a first portion of a
multi-channel signal, wherein for a second portion of
the multi-channel signal no parametric data or second
parametric data 1s processed, the second parametric data
requiring less information units than the first paramet-
ric data when describing an identical portion of the

multi-channel signal, the method comprising:

deriving an intermediate signal from a down-mix signal

using a first deriving rule depending on the first para-
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pending on the full set of spatial parameters; and an output interface for
generating the parametric repre- 10 sentation and for outputting the

down-mix signal; wherein the paraméter generator or the output interface

is adapted to generate the parametric representation such that the
parametric representation includes first 15 parametric data for a first.
poftfnrdfth@ahalti EhanAsK sigHat afd WHetéindor & SeBolfd pbRoONGIHRE™S -

multi--channel signal no, parametricdata or secand paramatiendaldds e sig-
included in the parametric representation, the second parametric data

redtifngdess rtEIPRtiorcunits 20-iftan the first Rtametiic dita whén multi-

deserihing anjden-dical padion efifhe multi-channel signal. 12. Method for
processing an audio signal and for processing first parametric data

describing a first portion of a 25 multi-channel signal, wherein for a
second pegiomafithe muliehannebsignabRo paramelric daterel-second sig-

parametric data is, processed, the second parametric data requiring less _,
omaticr TSGR e FRS RGeS Gita i SN AR Jeriv-

identical pergoref they 30rmuliirchanwebsignak thenmetiiad camprisingho pa-
deriving an intermediate signal from a.down-mix signal using a first :

deriving rﬁl%nl?etp%jncdinae%%gthe ‘ﬁ%s?rp%'}& 32 etﬁéqag?asfso?%erjl‘\ﬁngcgeﬁ?sattlve
portion oftthe intermd-zdiate:signale thenfirstipariohrof the: iterimediatengigrma -

nal Corresjpggglngﬁo 4 eeflrgﬁi%%rgor%(l)%'@&m%g- channe| audiq signal, para-
and 5 deriving a Second portion of the ntermediate sig-

metric data.

Computer program having a program code for performing,
when running on a computer, a method for processing an
audio signal and for processing first parametric data
describing a first portion of a multi-channel signal,
wherein for a second portion of the multi-channel signal
no parametric data or second parametric data 1s proc-
essed, the second parametric data requiring less infor-
mation units than the first parametric data when de-
scribing an identical portion of the multi-channel sig-

nal, the method comprising:

deriving an intermediate signal from a down-mix signal
using a first deriving rule depending on the first para-
metric data for deriving & first portion of the interme-
diate signal, the first portion of the intermediate sig-
nal corresponding to the first portion of the multi-

channel audio signal; and

deriving a second portion of the intermediate sig-

nal using a second deriving rule, the second deriv-



nal using a second deriving rule, the second deriv- ing rule using the

“second parametric data or no pa- rametric data, wherein the processor is
operative 10 to calculate the second3deriving rule from informa- tion on the
audio signal or from the second para- metric data. 13. Computer program
having a program code for performing, 15 when running on a computer, a
method fémgrotessing ahngudibsigret and fersprenessing fick parametric pa-
data descuing a firstgarion ol a mulichanne! signal, WISTEIIOLR oo oy
second portion of the multi-channel signal 'no parametric data or second
parametritadta ishroc20esdedieig vécandpatemétricrdatan@epidigion on
less infor=matiqnunits hag-be fis! parametds daiauben dszsellig a0 .-
identical portion of the multi-channel sig- nal, the method comprising: 25 :
deriving drintermediate signal from a down-mix signal using a first
deriving rule depending on the first para- metric data for deriving a first
portion of the interme- diate signal, the first portion of the intermediate sig-
nal corresponding to the first portion of the multi- 30 channel audio signal;
and deriving a second portion of the intermediate sig- nal using a second
deriving rule, the second der--'v 33 ing rule using the second parametric
data or no pa- rametric data, the processor is operative to calcu- late the
second deriving rule from information on the audio signal or from the
second parametric da- 5 ta.



