WO 2010/149700PCT/EP2010/058906 Audio Signal Decoder, Method for Decoding an Audio Signal
and Computer Program using Cascaded Audio Object Processing Stages Description 5 Technical
Field Embodiments according to the invention are related to an audio signal decoder for providing an
upmix signal\yé)p%%]sf}é]rﬁ’gﬁ%n in dependence on a downmix signal 10repres ik G
object-related parametric information. Further embodiments according to the invention are related to a
method for providing an upmix signal representation in dependence on a downmix signal
representatidtidin$igmadfecodetaivdtbadaincDizadiognatibn dis Bigesiomd dlinprtar Foagicing to the
invention are related to a COW]@@QQ&M.QW@M%@M@Q to the invention are
related to an enhanced Karaoke/Solo SAOC system. Background of the Invention In modem audio
systems, it is desired to transfer and store audio information in a bitrate- efficient way. In addition, it is
often desired to reproduce an audio content us@@%—lﬁl@%ﬁty 25 of two or even more speakers, which
are spafially distributed in a room. In such cases, it is desired to exploit the capabilities of such a _
multi-speakeeatrangerarnt to allow for a user to spatially identify different audio contents or different
items of a single audio content. This may be achieved by individually distributing the different audio
contents to the different speakers. 30 In other words, in the art of audio processing, audio transmission
and audio stOFRGEIMsaI: REUNdE dasiy dusRETD REhdrkatatifiocRanFRlte ovigasls dacefseri®s improve
the hearing proprdssionnUsagexof sguiti-clearesedtaticio contlptitings adang sidmificaint isiprelvements
for thejgser ;&ReRXAIMHENR SnHHEATINBY B@ﬁgﬁ&jg}gfgﬁﬁ%&an be obtained, which 35 brings along
an improved user satisfaction in entertainment applications. However, multichannel audio contents are
also useful in professional environments, for example in telephone conferencing applications, because
the speakerGRTEIRGBRRYERRBE dR5pFIPEd DIPE G MR AR AR kIt ansthrs fagrowdipg an
2010/149700»G¥ /E220 161058806 dlowalepeniddscalsm dedirabieito e eepeechtitideaffbetween audio
quality and biffaderbpabirpanants-iD iareerdgoavoid an excessive resource load caused by multi-channel
applicqg'ons. 5 Recently, parametric techniques for the bitrate-efficient transmission and/or storage of
audio scenes containing multiple audio objects has been proposed, for example, Binaural Cue Coding
(Type 1) (se&UrBrEsarRiETersaeresdiprie theisiman fse ©8HHh i QeI RARBIE: reference [JSC)),
and MPEG Spatial Audio Object Coding (SAOC) (see, for 10 example, references [SA0CL1], [SA0C2]).

These techrigpRscaiBy&hRakseRBAY: FasonstiHctingihardesiied eytputavsiesoenadativithan by a
Waveform nﬁ% systcm.

20

Background of the Invention

In modern audio systems, it is desired to transfer and store audio information in a bitrate-
efficient way. In addition, it is often desired to reproduce an audio content using a plurality

25  of two or even more speakers, which are spatially distributed in a room. In such cases, it is
desired to exploit the capabilities of such a multi-speaker arrangement to allow for a user
to spatially identify different audio contents or different items of a single audio content.
This may be achieved by individually distributing the different audio contents to the
different speakers.

30
In other words, in the art of audio processing, audio transmission and audio storage, there
is an increasing desire to handle multi-channel contents in order to improve the hearing
impression. Usage of multi-channel audio content brings along significant improvements
for the user. For example, a 3-dimensional hearing impression can be obtained, which

35  brings along an improved user satisfaction in entertainment applications. However, multi-
channel audio contents are also useful in professional environments, for example in
telephone conferencing applications, because the speaker intelligibility can be improved by
using a multi-channel audio playback.



15 Fig. 8 shows a system overview of such a system (here: MPEG SAOC). The MPEG SAOC system
800 shown in Fig. 8 comprises an SAOC encoder 8]0 and an SAOC decoder 820. The SAOC encoder
810 receives‘goo%rgjllit 7%1;object signals x1 to xN, which may be represented, for example, as
time-domain signaﬂs or as time-frequency-domain signals (for example, in’fﬁg’%’ﬁw%?a 6t of
transform coefficients of a Fourier-type transform, or in the 20 form of QMF subband signals). The
SAOC encoder 810 typically also receives dowrunix coefficients d1 to dN, which are associated with
the object signals x1 to xN. Separate sets of downmix coefficients may be available for each channel
of the downkhixvsignalt Tshel SABGreicaddrn8d @ igoypicalyotd bigurad tadabtaialiaychanbitad the
downrnix signgliRy-cambiningithegbiesl signalzost iR ENJLAREOTIANCE NI ¥ AzseciRisLLdownmix

25 coefficients fj% t{.) dN. Typically, there are less downmix channels than object signals xI to xN. In
order to allo%\??é arel'é’tré%'approximately) for a separation (or separate treatment) of the object signals at
the side of the SAOC decoder 820, the SAOC encoder 810 provides both the one or more downmix
signals (designatéd, amtionenioixechaiueisid 1A abitraisielivdar mationi§ld Théaideciaiarmation 814
describes chasaciestics Atiheahisalpignala LB s IBRIISLIR AW aHRcofatasided
object-spec@c ﬁ%o%essm Tl—ﬁ %AO decodelr 820 is co ﬁg@ﬁd 0, re%elve bgélé,the one Qr more
downmix sign%s 810 ana-the €ide infShnTatioR 812 KRS E e ddET lflgtﬁﬁ%aﬂf configured
to receive aSieBIISteitBFORanOTRAtiond MERE Susbrl contiel Prireh Aishng2BARON(SB.d&scribes a
desired(rendesinglseaitfprebossgSamile], A€ Interaction information/user control information 822
may describe a speaker setup and the desired spatial placement of the objects provided by the object
signals x1 t ffN %9%2010/14971£00PCT/E§2010/0 8906 Tge F?AO decoder 820 is contg%ured to
provide, for x%?ﬁw%i%, DA BRTEEBEEE SRR EhaRE 'S %ﬁgé t58H T8 SRR EfiEhnel
signals maytkgp exarsrecieragagelated with individual speakers of a multi-speaker rendering
arrangement. The SAOC decoder 820 may, for example, comprise an object separator 820a, which is

configyied t6;6, §aHORSUGHEH BAS ARPERIRIE e Bblec Barpinnd 9 oM agiscof the one

or more downmix s 812 apd the side.inform , ther obtaining.reconstru object
Cignels 82080 ML AT B h RS SO ALy B0 e B e dhe orginal
object signald'| ¥4 XN, apesdeant plerasetsa e rheatittedhfobireitivarBI%s otgundishfasrhtfor a
perfect reconstrsetiad. dueeathpl hitatent Goansirdgtds thesSiaeGdpended828imaynhlstifer comprise
atmixer_82<?e?mf3; e @&ﬁ%ﬁ&gw@q {&ﬁ%@éﬂ%&&%ﬁ%ﬁ@gﬂ&%ﬁ t ﬁﬁ@ﬁ{%ﬁ%@?}?ﬁéj the user
ntera n mrorm ser coniral INto. 10, , and.to VAo [S e pasis thereo e upmix
v S, e S S sk e e Gt M S e
Juser controffsfaRsatoH 52 o0 diMb B ResIsE RS hUNS P RipthsignalvMUE 16 SeEHsFeised object
signals 820kide/tinexupoeificlatnalasigraty ARtk Sor. ddek whemnlesActionisvwanmatitpalserteontrol

information 822,May.4QE.CXPMBI8FURPUSEIANESINIMAIR D Sleradalsadenionalsd gskepdering
coefﬂments)é s/}/nmg:qndetﬁrmme (t:tge 1conglbutl%n gf the |nd|vc|19ual r%;gglségucted ob!egtﬁl%%%s 820b to
the upmix channel?_ s%na S gtfeto y?’r%nﬁ Howevel, iPsAdlt % Shoted thit i%s?ﬁ?alﬁf e BodMents, the
object $&parardhcigmiicth i©iduicataigaly thespiectess garasrg shennelsitias cbirgtrignalximgiowhich is
indicated bysthdmairder 826Ktqw Fgle8staneppaifosnigyl for anemingiengepcpatihisepmipadef cverall

parameters gaay.he campHied duch fleserbe adlives! Papping KM eRDELR TSR AR Signals
812 onto th%h%pmlx channel atl nals 91.t03{m. These %ﬁ\ram ters maﬁlbe (‘:?%3;1%1 ed an the 25 basis of
mformaéti

the side infoliatiSh B 1P AR AR, TSI RIFSG oo dup i o riRBP 'gﬁ@f?dleaking
reference ndW B Els: Skt dhasidowienmatontdipiestibe sohamnaimmisicant ik ety parppresentation
on the Xasistokg, dowdeaniv signalive présedtatitded ot abigsiciatapest8@iaigde information will be
described. Fig. 9a shows a block schematic diagram of an MPEG SAOC system 900 comprising an
SAOC decoder 920. The SAOC, decoder 920 comprises,.as, separate functional blocks, an object
e S S S R R
object signafsl D 2ndrilgepimbidprzeasani$e 4 dvisemibestgaCrépredraritation tyiwe dkampfiguredte form of
one or morergRMiX BignalseBbtitepigaemtabin de/sime damaishasiniifeHmrdireguengygomain) and
object-telategl, side informati > in;the f abj - ixer/ erer 926
receiveﬁgJl the%e%gﬁﬁgc%%jgﬁ?%%%% Argggsgmat éQW%%i%g% |t_§/ %%% %%%%éagr%%%gvides, on
the basis théRIE BRI GPHIGRe AP SR %@?&E@@%}Eﬁ?ﬁﬁ?&@%@%w placement of
2010114970bp chivee poied 89t dbirstieigd2e xiHe extraction of the object signals 924 is performed
separately from the mixing/rendering which allows for a separation of the object decoding functionality
from the mixing/rendering functionality but brings along a relatively high computational complexity.



5 Taking reference now to Fig. 9b, another MPEG SAOC system 930 will be briefly discussed, which
comprises an SAOC decoder 950. The SAOC decaoder 950 provides a plurality of uptnix channel
signals 958 in dependence on a downmix signal reBresentation (for example, in the form of one or
more dowiun\‘x’oslzgﬁ%éy’jéﬂﬂd an object-related side 10 information (for exa SFéFTﬁ%’?B??ﬁ of object
meta data). The SAOC decoder 950 comprises a combined object decoder and mixer/renderer, which
is configured to obtain the upmix channel signals 958 in a joint mixing process without a separation of
the object débeodindgndetrdanifiiyisecuidring; dvivepeinithe faraxastels fopsaidijpint Wemideprocess are
dependent ephitbhihgePbigtiN glaie g sidndniprmationnditisenserngtatapmalionsdathe joint
upmix procepslagdaendR arils cownmbs IR ANAR- WIIGN B cRURIdsiedda e L gline
object-related side information. To summarize the above, the provision of the upmix channel signals
928, 958 cafrBe PBHOIh et TR BN & LhEB 5 e Q0I5F R $6R31ateh Britesdich taiarfiersize now to
Fig. 9c,5an MPESISACC leysitenp@80nsithelldesbithbsigitle SAQ Gusysttn 1966 obmhprisescan SAOC to
MPEG Surraisne deanssadar 280 siathen thanias SARGEscede REANe AR RMRER S mound
o U SR80 deabHDANOR AecRestRta e <SRl U0 Ser e
object-related side ifffgrmation (for example, in_the form of object meta data andt,nc}(ptlona‘ ,
information HFEBh &8P niBFe YRR REGhAISR ThelPelidefly SHIGHRLIBR 1R @?ﬁéiﬁ\éormation
transcoder im&isvationfifjlfed tmoprowidesaffiMeE ®Sarmpufidisidevinfortiationd 84 (for exastple, in the
- fo;m of@n Mﬁ’lﬁﬁfaﬁtéﬂ%dg@_ﬁ@)@f&éﬁ%a@?)s% m%}me@fc@éf@%%%ﬁﬁéa-mmgly%é%%@ide _
information franscoder. is configured ta transform an_object-gelated (parametric) side information,
which s el COTIon Tne sty B bercnslEe B e ot e e e B o,
taking into CBHSTABHARGFhEPFAH dRIRERATSIH AT ATk, BiStidiRay! thie bATHHSiRSH HSot e content of
the one or mbendbwigimlx gigieafs:. SEhOptiveradl)cheadAO Cotdi jiRE GoSuerthmdstiaitsedar®80 may be

Cani%ured t&mﬂa&d@t@s&h@mﬁ)mﬂ@%ﬁ&m%&iwﬁﬁ ?ﬁ@%ﬁ&ﬂ%ﬁfﬁ@%%ﬁnﬁﬁ%ﬂ Otern mgx
Sigha resen | (S rnix_si r ese 10 . wever, the
WO 20L0/ 1SS D A0 o BeH bR IR eI G o o orkRod uch th

the output dBHFFHRSTY RLUSFRARBI S SEBTHES A5 ey NP S BRlARPHESEIEEr®80 is
identical to treeaimpigti@isnchixi sigial 2 predentatoelifiting 5 AGiChtdeMPES Sarconmidhttmnsdoder. The
downmix signalsiamanins atesR8amayHetexamRrie: hewseddbihe abanselisataied MPEG Surround 5

side information 984 would not allow to provide a desired hearing impression on the basis of the input
downmix srﬁénal representation of the SAOC to MPEG Surround transcoder 980, which may be the '

case in'SomBPERMRSriHg oM R RURL. Ao ALYy S SREE (PR PR e SEPRSRRP RSO ter 980
provides therdaseieh by slyneihie ot ispaesien 0By .dhdatehv PEGIS wwiocn g bitbueadb98esuch that a
pl;Jrality of upRix shaRetsiagnals, y&fr@ﬂl@nmﬁﬁg@@t@i%bﬁﬁ%@%@%w@mgm&m rendering
information | 0 rr S can enerated using.an MPEG
Surmound deiics e stk Qe SR S RERER: e, Shac)

representatidh? S840 3 FBBENThISL S88AhEVE BrreRiERRRAE P B RTERS KO e dRtoded
audio gignalsasiandietbsetidénistomeatase s 4naShGE deendetcisaised infinchtjprovide scopmix channel
signals (for examplesgmix channel signals 928, 958) in dependence on the downmix signal
representation and the object-related parametric side information. Examples for this 20 concept can be
seen in Figs. 9a and 9b. Alternatively, the SAOC-encoded audio information may be transcoded to

obtain a dowfiiie SRFSPFEpIRNEiRAEh Morbxait pie, diEEm ARRErHalre SREBMEMNOBEY and a
channel-relatigdasichpriedoratationm fiecxaim pie 2 thevoinaimne knel atgdeMPE® S anb ubjedvitstaedm 984),

which gan bgasseebbvARMRE G, decosiesioRro WHRKRedasHe ddpRi shannaisignals. 25
SAOC system 900 comprising an SAOC decoder 920. The SAOC decoder 920 comprises,
as separate functional blocks, an object decoder 922 and a mixer/renderer 926. The object
decoder 922 provides a plurality of reconstructed object signals 924 in dependence on the
downmix signal representation (for example, in the form of one or more downmix signals
35 represented in the time domain or in the time-frequency-domain) and object-related side
information (for example, in the form of object meta data). The mixer/renderer 926
receives the reconstructed object signals 924 associated with a plurality of N objects and
provides, on the basis thereof, one or more upmix channel signals 928. In the SAQOC



In the MPEG SAOC system 800, a system overview of which is given in Fig. 8, the general processing
is carried out in a frequency selective way and can§e described as follows within each frequency
band: 30 N input audio object signals x1 to xN are dowrunixed as part of the SAOC encoder
processing. I’—”@? 50i’rq8ﬁ%79i)ownmix, the downmix coefficients are denoted bWiEﬁ?‘HN‘?q?P%dition, the
SAOC encoder 810 extracts side information 814 describing the characteristics of the input audio
objects. For MPEG SAOC, the relations of the object powers with respect to each other are the most
basic form clesodér &2fdéhinformation. §5h6 whjcR0 53119 P06 RE TEEP20L0 058988y plooe phaal audio

coders suchrasiMREGedingayarch endi{alsodkapuniis MREG hidvansedint dindiesing (A4&), or any
other audio godgri, 0 rgﬂge[i%‘?'Wtﬁﬂ;q{i{gebﬁﬁg&gste%?&%i%é%g%&%ﬁéﬂ%y _Ué%?sa i sigre the

original 5 object signal ("object separation™) using the trans rmation and, naturally,
the one or riBRPESWHmix signals 812). These approximated object signals (also designated as
reconstPucted object signals 820b) are then mixed into a target scene represented by M audio output

channels (whighgateforicexample [FRgepbesebtae: YREGUPADCChpaaal STNaSISEtRIM) using a
rendering mglyix, fQr @Hﬁﬂ%ﬁg%& theshsengeiing: may i roiAeN B S Oyey é}XJf&é)s N

Effectively, the separﬁtlon_of e object sjgnals.is rarely executed (or even never executed), since both

|
the separatiol &ty tindhedte élgﬁ?é%?géﬂ}éﬂfﬂaﬁ“ 58 B AR THRI EREL BeRRIROE Dy the
mixer 820c)(fre wembined itho foengleanarycodiregdoSatep; wibichspied resobisdnralatedoidsous
reductign inigimRaiaiiqiel cRmRXIt: thbapheerT hjad thetsuehya FeBesREIS taepaandossly efficient,
both in termg of fransmission, fél\éfed&t éz%c%ﬁ'é’rb%ﬁﬁe riQdL ?%‘i&af_?swcg &QH&S*‘&R@%‘S plus
some side m?orpnat_lon instead of Iscrete object audio signals or a discrete System) and 20

i
computatioriaf CEMBIERAT R s da8ity TIRh KIS SRS MRS 7B SF SFaRRIsEt channels
rather than theeadiimsiyex chewefiomijendsyinEy Mibercin Viam tagsclorstifer vest mmnthepreiseprirsgsend include

the freedomuef ebnaging nrepeieHiRgIRiUPahite/HeE aifolea(BIOR] Siereadstfobmckvirbalized
headpfigne ﬁ%vgﬁq%pgnQ gl%é’é% gﬁg r{féggﬁﬁzﬁg%fré%f Wﬁ@%ﬁbm%‘? _fé%%ﬁ?{éﬁ%@”d thus

the output sceng, can be set an a the user according to will, personal
preference 5F Bﬂﬁ%?féhﬁe?m?ﬁi’é?lé%ﬁ‘ﬁ%ef‘m?ﬁgﬁ’&ble to locate the talkers from one group together in

one spatial area to maximize discrimination from other remaining talkers. This interactivity is achieved
by providingra despsierdsee iaterfacthe3phelsercbitrapsipiiadsaund ejedt Isgetatveaewel and (for
non-mono r;@ﬂﬁﬂﬁ‘&? shasial Q&?%@%@egg @rgqgfgngeg%?otggsg_djusted. This may happen in real-time as

the user changes the position of the associated graphical user interface (GUI) sliders (for example:
object%gvel = +5dB, object position = -30deg). 35However, it has been found that it is difficult to handle
audio objectEasingiffefernerudivvosiddgtyRresin Mt asyoteray sispatfeual hendesordend fdined that it is
difficult to prosexs sudia objesimprishifencsih audie MPECE Sypesniph-axebRples sy dithebiraisdo which
different 7 SAOC decoder.

25  The SAOC to MPEG Surround transcoder comprises a side information transcoder 982,
which is configured to receive the object-related side information (for example, in the form
of object meta data) and, optionally, information on the one or more downmix signals and -
the rendering information. The side information transcoder is also configured to provide an
MPEG Surround side information 984 (for example, in the form of an MPEG Surround

30  bitstream) on the basis of a received data. Accordingly, the side information transcoder 982
is configured to transform an object-related (parametric) side information, which is
relieved from the object encoder, into a channel-related (parametric) side information 984,
taking into consideration the rendering information and, optionally, the information about
the content of the one or more downmix signals.

35
Optionally, the SAOC to MPEG Surround transcoder 980 may be configured to manipuiate
the one or more downmix signals, described, for example, by the downmix signal
representation, to obtain a manipulated downmix signal representation 988. However, the



WO 2010/149700PCT/EP2010/058906 side information is associated, if the total number of audio
objects to be processed is not predetermined. In yiew of this situation, it is an objective of the
present invention to create a concept, 5which allows for a computationally-efficient and flexible
decoding of AW YNl comprising a dowmnix signal representation difd 4 BijéE ¥ ated
parametric info' 'nation, wherein the object-related parametric information describes audio objects of
two or more different audio object types. 10 Summary of the Invention This objective is achieved by an
audio signalidevodsrsdgngrovidipgaer Biihirnsighaloeiiiebenictidmnirntdependedewonia dgwehmix signal
representatigprasshanebiegloralaled paranarrdrigrmativnaadreshosofar insamiding aR wpmix signal

representati QEF L X, signal i object-related parametric
information,%n a ggﬁ%%ﬁ:geﬁﬂ ‘?%%%ﬁ%%% %ﬁh@ﬁﬁiﬁﬁ%ﬁrﬁ%ﬁn@e 'njﬁé?n%)o |m1exﬁt
according S MR e O b it ARTRS ST R Rl fB7 phavadiigtatsd PR S eapund
represehtatiifci inaprtideidé vioedosiativ sigpavidpredenitztiberring iaprégiobjentie loss!
parametric ipfapnaiian. doheraudingsidnabaesedabsIMpESSA a0 ebRIiHmE FARheaniigwed to

decompose XSl fi i jrst audio information describing a first set
J86 Mﬂ%&éﬁ&gﬂ% Egg ‘ﬁ??&hﬁ% k%gaé% QXﬁ%?ega{lo%ts.

of one or more audio objécts of a first audio object type and a second audio information describing a
second set of one or more audio objects of a second audio object type in dependence on the downmix
signal representadiog! anthe 2500y MREGSupamdftthsobisctde pted gartmduvminiorigatbn. The
audio signakgeesenRSOTDINAre MIEHdigSigabRipcassIcaRiiomR G toirtRiverthgrsecond audio
information g o Praggss g sesend.andip nfarmation in dependence.onfie aRlackiglaled
parametric informatjon, to’obtaln a grocessed version the second audio mformation. The audio

signal decoddPHRY ¥o BSOS 4t fdfo CighEF CornBmidcdamigerien 88 cradin srs et gudio
information withViNEp FaressdddeerdimnvdfithasetoydEultE it omatiod foisbtan f15d apdnikesignal
representatigaHnisxasiay ilpaainagdresent invention that an efficient processing of different types of
audio ?Qjects can be obtained in a cascaded structure, which allows for a separation of the 35

different types of audio ohjects-using_ at least a part of the gbject-related parametric information in a

first processifg EPAEFEMTRE 5y tHEBBanse P STt caing it R QrdwRdrs i digneia sFepatial
processing ireaswcdmdopro cessingnstédpetimniedinsidpaddenpe vdeatipast ahpanebsignals
object-relatgebpasametsicipharmationdpsihe R ustie, sigsnhpragrssehcd MY Ghe downmix signal

2010/ 1'4970%%%%‘&%0%191{‘%?%%O%L%@fﬁ?ﬁf‘g Qundhat ?é‘eral%ﬁ*gk%%t?o%‘?oﬁga%rﬁ

%9 i%glormg\tion, which
comprises au ects of the seco I gect type, from a_ dowmnix signal representation can be

C P ]
performad WithSRhSaRrde SEhplexitjesvelt itfiterdbis AlSraabmbR: orabisBRdsfiPe second
audio objectnfpaaioaddiyore itanasoled tofobiinth thdpwupitisigprbeasshvgtaithd br axmiplobjects of the
second audidtypaisaiche pefesned affmentioncaiiesrtand agdiainianmationiesepaeated from

the first audig nfprafion feeaibing %Mob%%%sgy%ﬁ}? listpudie ghisglipe, fAdgnally. It has

been found that the processing algqrithm performe the'object 10 separator for separating the first
audio infornEHAA AR LR BRI S ITE LTI K AhaBRS 8B red with comparatively small

compléfity if the object-individual processing of the audio objects of the second audio object type is
postponed tinthig: AUMBGIIRA OraGesE0s AN NetRAT feraolat dhevnamestisieeasithe gepaidion of the
first audio '”é%@?—éi“BFbé‘e%%&Ee;ss ggrorﬂzg %ﬂgll%lgf%% tﬁ%?'seiective way and can be described as

foliows within each frequency band:

30 e N input audio object signals x; to xy are downmixed as part of the SAOC encoder
processing. For a mono downmix, the downmix coefficients are denoted by d; to dy. In
addition, the SAQC ‘encoder 810 extracts side information 814 describing the
characteristics of the input audio objects, For MPEG SAQC, the relations of the object
powers with respect to each other are the most basic form of such a side information.

35

 Downmix signal (or signals) 812 and side information 8§14 are transmitted and/or
stored. To this end, the downmix audio signal may be compressed using well-known



15 In a preferred embodiment, the audio signal decoder is configured to provide the upmix signal
representation in dependence on the downmix signal representation, the object-related parametric
information and a residual information associated t®a sub-set of audio objects represented by the
downmix sigha? dpTe&etition. In this case, the object separator 20 is cojﬁﬁ'grfﬁ%@’t‘aoéﬁ?%mpose the
dowmnix signal representation to provide the first audio information describing the first set of one or
more audio objects (for example, foreground objects FGO) of the first audio object type to which
residual informptiespmdssafiatesiancsticn aeqardaLdiDirdonmatiall dekeribig thesseggiihset of one
or more audio Rjeats {fRLLXAMPIGRESKIEUNAgbIR R, BEQ.Qfihesgc0nd audio object type to
which no residual 25 information is associated in'dependence on the dovvnmix signal representation
and using at least part of the object-related parametric information and the residual information. This
embodiment is Badbel SreikB iRt hh 0L pattrasder §elcancsriudiydritida bstarsdhetiveigined audio
informasion desdijbingithel firsitsedt ofepuditoab)jectis ofibbenfishateio sobjcerathAipe angd thelsecond
audio '”fOfmat'HQtQ%ﬁy“Bi@%ﬁ@%?"ﬁﬁﬁ@%&x%ﬁfﬁﬁ%@f?aﬁ%%s ?ﬁéE@ Qﬂqlg}éele HRIECthyRe can be
obtained by US{;% eésidual information mdi dltlonﬁ@?ﬁ?g‘ﬂfa r ametrlc information. It has
been found that’the FRERIEL S THe S BRsk e REah® Hﬁfﬂ%%%ﬁ fif&&tortions in
many cases, wmeww@éyé‘dwéhpsm&hmhe(mmwf@mﬁﬁﬁaré@ by teressatod fasidual
information. Thix3hpreisidialrdefetgnalion deschbemndarexadsiplematrasitunbdisiastionpuwias is
expectgg to req@l@gw -Qbieckafthe Ef%@wj&o Qk}@ct type is isolated merely using the
object-related parametric information. The residual’in formation is typically estimated by an audio signal
encoder. By applying the residual information, the separation between the audio 9 WO
2010/149700P T PEi.0hs sopBasisie 15 Hretibinest Sgrils dbjeely premitbth éoationobEets of the
second audio ayjestttdpestan barlinty vpaatitssalfolisiionaldtain thredijstaugiadnforraliamand the
second audio iarmRtan U ARIGURHy @19qﬂ&&ﬂ@i@ég&ws&%ﬁ-@&hﬁtetﬁd&&&g@%%&Icfﬁ g first audio

object type and the aydio g cts the Second audi ject type, which, |n turn, allows to achieve a
igh-atanty spaiF SHAELSLING BriE BaA OB IR La SR U EEE] B Wnen processing
the second audio information in the audio signal processor. 10In a preferred embodiment, the object
separator isithaseferecofpligurechiospehvidedhenfy slsatrdinciforshatidficeah tak andieraljests of the

first audio Ok&lﬁfsﬁﬁﬂ%ﬁzﬁ”ﬁ@ﬂ&o@@%%%&%% Q&@ﬁ%‘iﬁ:@f t?@ﬁ&&%ﬂﬁ‘@i&nﬂ@ﬂ?ﬁdﬁ’%ﬁ{é the first
audio information. The object s aﬁ .also coE ure ro !get cond auglo nfor ation
Guich that At CHERRE B ERD h S e Bt C e A eA s ot B %%&%SSBL of the first
audio i@objé@w&qmég@mmm@ RIRSITHAND FOmPiesiaTarlage mBsbine thaambeiEignal
decoder is canfiguchaniepetihemtitafinthesiempeo ot asitig obeisihitahprogkasingeofithelsagend audio

information g, the aueliQ;sional E&E&‘ﬁ%é%ﬁé %@5&9@%@1 quenibyie %e’i&};ﬁ’%ﬁﬂ%&%@@ the first

audio information 20 describing the flrs e.0r mo jects he first_ audio opject type
i the sechRERadIS TroT R dESRAEe, h%é'a@&egﬁa’%é?%% 3% 1Bt BBRoSRETS Of the
second audebjeetagpetinthegrararias Baiosdame HLTtBe ARy sierE SRocesssraadcdifigeded to
procesxsthe iseganively audibdnfeemadianding epeniicnessonadhprefejentd edatechparamretichaformation

associated ‘@QMB% %‘E’é%@é@l@&t% fo@é%e%ﬁ@‘%&ﬁe%‘@@n?@f‘ec ééaﬂ&dﬁp&{%d Lilomihg
object-related parametric informatiq as%q iated with th e?udlc?]_géfjects of the flrst ydio Eecttype
t

Accordingly SEN4FatE FHBLRULR FEBHRGS UK fiFdt SRIGTACEIBCL YR 8HE tRe audio
objects of thereegsHkalsedwhjeetnipéaean be obtained. 30 In a preferred embodiment, the object
separator is configured to obtain the first audio information and the second audio information using a

inear apmbipglioi 1RGNS APYEEX EDARNRIS RIG N8 BoMRIE IR El ARSI this case.
the object separator is confi red %%Ga%’rlﬁ ?ﬁpfbmaﬂ aramete for performing_thie linear

combinationPii* 35 4EHERAER P TR ARREL (418 Wﬁ%@%ﬂ%ﬁb‘%ﬁ?@&fs“&f the first
audio objectgpicanef ihdeiseridedawhietamseipraiistitildo eliilsisrivoethapiodibiobéetel of the first
audio object=tyjiB[ bB;eapRiiation.afdbg) channel prediction coefficients of the audio objects of the
first audio object type may, for example, take into consideration the audio

35  However, it has been found that it 1s difficult to handle audio objects of different audio
object types in such a system. In particular, it has been found that it is difficult to process
audio objects of different audio object types, for example, audio objects to which different



10 WO 2010/149700PCT/EP2010/058906 objects of the second audio object type as a single,
common audio object. Accordingly, a separation process can be performed with sufficiently smaill
computational complexity, which may, for example, be almost independent from the number of audio
objects of the" R Ao object type. 5 In a preferred embodiment, the%%Té%?@é%&sr%r is
configured to apply a rendering matrix to the first audio information to map object signals of the first
audio information onto audio channels of the upmix audio signal representation. This can be done,
because theigbjedesapaPattr ariayitedcapHisidotil axmaiaimf segiarabdeaisdio igmatsssmfividuelly 10
representingitdziatdiesdbjects of the first audio object type. Accordingly, it is possible to map the
object signals of the first audio information directly onto the audio channels of the upmix audio signal
representation. Jn a preferred embaodiment, the audio_processor is configured to perform a stereo 15
processing 6t tHEE&EoRE ATHR Rt Hafid? HeaR e RGSC TG AaN B Hy hiSFAEfor PGPt
object-relatethidy aHaneefonferavapriatinoet elinienk pbrivailin, decodizinofuaicaoiansighslof the

upmix audicsighadirenieneniatiosisAticedinglyaibe aareo recessing ohthnatdimpbissisnf the
second audighahieCliyRe;is2Q srRgatgd ramheseparalion;palueen Hig.audie qhjegtg,gfhe first

audio object type and 5he udio objécts of the second audio object type. Thus, the efficient separation
between au81§%8?é8& ¢ (ﬁrtg?gﬁdio object type and audio objects of the second audio object type
is not affected (or degraded) by the stereo processing, which typically leads to a distribution of audio
objects @vesSamhualint ofedudiatahiannels without providing the high 25 degree of object separation,
which can be obtained in the object separator, for example, using the residual information. In another
preferred embodiment, the audio processor is configured to perform a pqst- processing of the second
Pt nfol BB N STaSE UL G 4 o adhHS HER 650 e 36 BURCLTE Ao 0o e
information EaREcscHBHANIX fsltAsienO Bisiforhmaf pesebropwseitfialicws for abipratislagidcement of
the audio ohjsetaafithérsesanibaudionaiiedt tpeprtitinn audigssengdieveplaassioduamto the
cascaqd coBsaRtedbe sampuiRiaRako ARG AU RIOGR SeICAR Atk eBballiglenty small
because the audio roc%%for does not need to Cﬁ%ﬁld the object-rela eq paramedtric information
associated SRS SHREAS O BE T I3 O TE Rs BReP TGS s
2010/149700PCT/EP2010/058906 In addition, different types of processing can be performed by the
audio proceaspeplikelifioenexacoplen gattrhe Grieiina Wb ROae 28tig , stzd dectokatese prprodiagsing, a
stereo-to-bingurg mggﬁ-i%&5&@%&%&&%@&@9&%&&&& adueiened cmpgdiment, the object
separai ris con %égﬁ to treat agjdlo 1g)t!)é]ebcts of the S?‘@?d augftcj) ob(gctt e, o whlch ’1§ regldual info'
Inatiorfs asXYEHTEIES RURRFE SO TRIERE: 11 BudGS. HEay RS Sgh SOBIResSs 8P i€ ¥6HFigured to
consider objEgasecHn e ivgdpermprse fhaciavjusikcaatibmigaspRting.obaceyidethdisicond
audio objectayfie tefsheatpmii sigbiakrepiesentafion: Ihusréhadudigebjests ffthagecsmeaudio

object type 1{,ar6,§anSidered A% 4G RO ORIRE hxdbe, QRISCSeRATAILWRIEH %’g@_&' antly
reduces the complexity of the object separg%g)%{%%d also %2'5%\,‘%3 to have a unique residual information,
a

which is indEpént&hit rSH S BERLERE D © SO B ASHRR HEAULE BRI DAE second
audio @bjectusjpe at Bastp pestadrEie ohipduniséet rereretifecidenartiosr Ehedwfiiusiziabdsbedin a common
object- levelathiffesengeivaluafondiplusighity ofracdioohiestizebihesasasideasio Rbiedt ke The object

separator is;ganfigired fouse the conan ohiegileyshaifferense yalue far 2 compitation of channel
prediction coe1ff|C| nts. In addi |ofn, the objectégparator IS conﬂ(?ured.t use the channel prediction

coefficients 15 3B RAHREIGWBISTREMhalth&Rtam & processed version of the second audio

information. The audio signal decoder also comprises an andio signal combiner configured

30 to combine the first audio information with the processed version of the second audio
information to obtain the upmix signal representation.

It is a key idea of the present invention that an efficient processing of different types of
audio objects can be obtained in a cascaded structure, which allows for a separation of the
35 different types of audio objects using at least a part of the object-relaied parameiric
information in a first processing step performed by the object separator, and which allows
for an additional spatial processing in a second processing step performed in dependence
on at least a part of the object-related parametric information by the audio signal processor,



20 representing the second audio information. For obtaining a common object-level difference value,
the audio objects of the second audio object type can be handled efficiently as a single audio object by
the object separator. In a preferred embodiment, th€ object separator is configured to obtain a
common obj Pfglfgv‘é’%‘ﬁference value for a plurality of audio objects of el d8Hitatdfo object type
and the object separator is configured to use the common object-level difference value for a
computation of entries of an energy-mode mapping matrix. The object separator is configured to use
the energy-fidthe megpphogndidbex txiodstdng theowed e oreHudicithmnvkish epresdntingattie second
a]yfdio informaiass Again, §b1§b§@r5!ﬁaw1 &i})&@@&ﬁ?ﬂfﬁ@n @ftﬁic;&ﬁﬁngﬁ%ﬁxa%ét?{a%@%@%@“ona”y
efficient co gg{in@ i ' of the.second audio object typ the, object separator.
Ina preferr@g} gm 0 imlentg, t@%?é}gc%os p%%é%t_ o?vl%hclgn |§]4:ﬁr1esc§l '#Sr Eféﬁéicl:lflr'\c/%%%?bat%%iﬁca?}é]g#ﬁ?n%i
inter-object ErrEReRG IR QBRI RS f9dF OB idiaRe BreadonndHER acistah mamsesssfé chey pe in
depend&ncewhctiodjottfeef - stedisbradietyiosivhorbeatifoibit isdificird Hiyatriheile: asedwdoradidio objects
of the secongdfasshig abieckipaand e Bt Medairiobiesheaiss aliomyalienassesialeshia the audio
objects of tt}gesgﬁgggd%@ggegﬁ'ecétype to zero if it is found that there are more or less than two audio
objects of the second audio object type. 12 WO 2010/149700PCT/EP2010/058906 The object
separator is configured to use the common inter-object correlation value associated to the audio
objects of thedéibomdlnudibasbiect tipedotbistain theensigr algrethmdjedhannelsyrépreseéating the
SECQnd{SudBéﬂﬁigﬂ?l@éioﬁbp%mttﬂé %@@"z&@%‘ iﬁhﬁ&;ﬁﬁ&@&&ﬁ%@%ﬁﬁﬁ%&éé'ﬁ&dﬁﬁi@@&% ifdit iSd,
obtainable wji atio cienc i.e. if there.are two audia.objects of the second audio
object type%é&%%%é%ﬁéu%&%%@é&%ﬁtﬁa %ﬁqgﬁm ieer}f?gﬁé? ﬁ%etg%%%%}ﬁ%fﬁfgr-gB}re%(ieésc}ﬁ%%%on values.
Accordingly!e ﬁ&@%@éﬁ%ﬁ%ss@a%@&é&mse/&m%@ RetBOREIdP R RRa%ipraLRIBPEERE
computatiorraonrhpéeiityned stththeaimteinobjacheomelation vhthe fissaciiveid torthei@uahd tisjects of the
second audig@biest b entezRiRH there are more or less than two audio objects of the 10second
object fype. In a preferred embodiment, the audio signal processor is configured to render the second
audio information in dependence on (at least a part of) the object-related parametric information, to
obtain a rendefe¥ FEFTEs embREmeTiiBeARES St Leeortrusditeieniéethyiermiza
processed \egsirrafrtyensdoen thadipienilziornatiahe |ddisidass gtk renckeritgoanthe shxde
independentdraga fheaaudie %&%&tﬁfﬂ@ﬁcﬁé&k@ﬂ@&%&ﬁaﬁ&?aﬂ&%&ﬁ@fﬁf@%ﬁwgﬁimﬁmg tfhe object
separator is I t i information that the second audio information
describes m@?ﬁ#gﬁvﬁ%ﬁyﬁﬁéﬁ%ﬁﬁﬁé%ggglﬁrgﬁ%é% 'oI%E{eﬁé %?Beé - m‘&%ﬁ?ﬁ%‘g Jltfgl)%r:cording to
the invehtiolt SRBREHES e LrsRpdRTstrelnvartie HembarpseniidBoRere HftHaS a8 mdiadio object
type, which isfeigrificaniéychaniigatiediipst e dostadethsteuntdicedidtts (frocassinly, fragooeferred
embodimenbHjaerObieoh seRw Het maerigaied 10 ebiainhasths.sanend-audia 3sifounation, a
one-channel,3udg, sional episseniation.or A ehanneh audie sianal epreseptation fepresenting
more than two augdio objects of t e Second audro oﬁbjec?l%ype._ EX racﬁng one or two ) l0°signal
channels cafBERer QB R SH RE S8 4 o Peprpdi i ARistaliBR 4P B tEsidBArticular,
the codfplexityoohtimnbjesteipeddtodarnderdeapt Sigdificamtly sgnallepwhenadompat editg a case in
which the oliget separatebyiesic3R-09aehie-ARaNHRh Merethan-we audiaehiesisof the second
audio object type. Nevertheless, it has been found that it is a computationally efficient representation
of the audio_ghjects of the second audio otg;ect. type to use one or two channels of an audio signal. In a

preferred erfBEoRHBAT IS S diBsesyiaithy Justivg heta mrgirdarty recumie treasaighietween

the first audio information describing the first set of audic objects of the first audio object
30 type and the second audio information describing the second set of audio objects of the
second audio object type can be obtained by using a residual information in addition to the
object-related parameiric information. It has been found that the mere use of the obeci-
related parametric information would result in distortions in many cases, which can be
reduced significantly or even entirely eliminated by the use of residual information. The
35  residual information describes, for example, a residual distortion, which is expected to
remain if an audio object of the first audio object type is isolated merely using the object-
related parametric information. The residual information is typically estimated by an audic
signal encoder. By applying the residual information, the separation between the audio



35 audio information and to process the second audio infoimation in dependence on (at least a part of)
the object-related parametric information, taking in';? consideration object-related parametric
information associated with more than two audio objects of the second audio object type. Accordingly,
an object-indW/%a‘Ef}ﬂl%’g%sing is performed by the audio 13 WO 2010/1&5:716%%;&1?% 10/058906
processor, while such an object-individual processing is not performed for audio objects of the second
audio object type by the object separator. In a preferred embodiment, the audio decoder is configured
to extract a ebigFelieanfiriradbintireh stivrradhtha forég duedsciijdet swenmderuidifontiatiotyfeom a
configuratiogainfermatievetelated to the object-related parametric information. The audio decoder is
also configured to deteimine a number of audio objects of the second audio object type by forming a
difference between the total object number information and the foreground object number infoimation.

Accordingly { BHIGBAYSidh SRR JReHEr st are rifostrarrp Bt b reredetistin TONTRABBLIEE type is
achievell. Irpadigitiory tbvo € ormeepiqn bvivesfreadihodayte o fohé dxiduindireoidedingpthandtimber of
aud;o objzcmfotmjsa@mnm@ki@o@bjaﬁaﬂa/@@géa evpecienicr, embedimeis the LB %eﬁ@hat?rri]s f
configured t ohjectyr ic_informati [ it a i0 objects of the first
audio object u)%ge% tpgl%ggb%%%? %SSH%:%’?%% a&h, %_in %%a%ﬁ%%%ggﬁi&%ﬁggng)@%@p seer%?}%l
(preferably, FReAGSIRSI AP dreqd ppditd omatden 4t the sde Siahd 8HELS/pe, and to obtain, as the
second audio information, one or two audio signals representing the N-Neac audio objects of the
seconr?(audi@ @Qiﬁ;‘féz’fﬁéﬂ&arﬂfﬁﬁﬁﬂ.l ingrihenBlodRaudiarehies t&?fe%@e%@i‘@dx@&'@ﬁ%ﬁh]ﬁﬁtgi@ﬁr%s adsinﬁle
one-channe] or. ' iect. T iQ. Si is.confiqured to_ individually
render the LA Wﬁﬁ%@%{%ﬁ%é%???ﬁ%’é%%%@ﬁ?ﬁh%‘%ﬁ?%?ﬁﬁ%d;’é%?%%i?ééz%%ﬁ%%ggéﬁi%udio

information BEHR PisTH AL RSP SrRethieshibmh dhdhsSss crutie) WHRTRTEe: N br RIS objects of
the second agmintobjecklypeoAiguringl\prthedaudio sisiost separdtitmbatneenchéhatidiaivbjects of
the first audighbieet tipeRbEtheialsipahjertsefibsrascendaudigiphisrly pe dsJapesatad from the

255ub§<§que&- gg&g\gﬁm@o&t&%@%&%qE}gﬁs‘ﬁ%ﬁ[he second audio object type. An embodiment

according to the invention creates a method for providing an upmix signal representation in
dependence on a downinix signal representation and an object-related parametric information. Another
embodimenimegurdimgdosthleocitiventichecavdie signebdnsatisr pregrdignfod pe roriorimgasiid-stethod. Brief
Description pidtgshigs sutf WD 201643 A8E00P G /RRA (RS A6rhigidshowe aklackisshiematic

diagram of apRUAG SIBRAARFAnal AGeaAN e AErBAERLRNHeARYSIURN g asagws a block

schematic Invention;

iagram of her audjo signal decoder, 5according to an embodjment

il iy St St g i A A L R g
second audio information describing the second set of one or more audio objects of the
second audio object type.

In a preferred embodifnent, the audio signal processor is configured to process the second

25  audio information in dependence on the object-related parametric information associated
with the audio objects of the second audio object type and independent from the object-
related parametric information associated with the audio objects of the first audio object
type. Accordingly, a separate processing of the audio objects of the first audio object type
and the audio objects of the second audio object type can be obtained.

30
In a preferred embodiment, the object separator is configured to obtain the first audio
information and the second audio information using a linear combination of one or more
downmix channels and one or more residual channels. In this case, the object separator is
configured to obtain combination parameters for performing the linear combination in

35  dependence on downmix parameters associated with the audio objects of the first audio
object type and in dependence on channel prediction coefficients of the audio objects of the
first audio object type. The computation of the channel prediction coefficients of the audio
objects of the first audio object type may, for example, take into consideration the audio



be used as an object separator in an embodiment of the invention; 10 Figs. 4a to 4e show block
schematic diagrams of audio signal processors, which can be used in an audio signal decoder
according to an embodiment of the invention: Fig. 4hows a block diagram of an SAOC transcoder
processing modé*Fi§* 78 hows a block diagram of an SAOC decoder proREE&iR HBHEOFig. Sashows
a block schematic diagram of an audio signal decoder, according to an embodiment of the invention;
Fig. 5bshows a block schematic diagram of another audio signal decoder, according to an
embodimentgktiredhtentmonigidashiwstapd able siepiesantingadigtendibietesh desitingiescription;
Fig. 6bshowgguhable srrkasentingesysiemsanirh testdiddfcshavs Apalif rapiasgntngthe

listening test tems andyendering matrices:; 30.Fig. 6d
M RS I R

MUSHRA scores
representation

ws a graphical representation of average
en(fnmggxe% ; |g€.:r6%¥s#5§\'/:)s°ab e%spﬂ?ctgle
SGBIRFUSPARA scores for a classic rendering listening test; 35 Fig. 7shows a flow

chart of3a method for providing an upmix signal representation, according to an embodiment of the

invention; 15 WQAMQY LABRARGT AEE 3610/ A5836Hig . Sshawsi allppk sehaimaticdiagiam of a

reference VPR SAOG, ystey £, 9ashaws a biack schemetle diagram o g eference SAOC

system using a separate
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audio channels of the upmix audio signal representation. This can be done, because the

object separator may be capable of exfracting separate audio signals individually
representing the audio objects of the first audio object type. Accordingly, it is possibie to
map the object signals of the first audio information directly onto the audio channels of the
upmix audio signal representation.

In a preferred embodiment, the audio processor is configured to perform a stereo
processing of the second audio information in dependence on a rendering information, an
object-related covariance information and a downmix information, to obtain audio
channels of the upmix audio signal representation.

Accordingly, the stereo processing of the audio objects of the second audio object type is
separated from the separation between the audio objects of the first audio object type and
the audio objects of the second audio object type. Thus, the efficient separation between
audio objects of the first audio object type and audio objects of the second audio object
type is not affected (or degraded) by the stereo processing, which typically leads to a
distribution of audio objects over a plurality of audio channels without providing the high
degree of object separation, which can be obtained in the object separator, for example,
using the residual information.

In another preferred embodiment, the audio processor is configured to perform a post-
processing of the second andio information in dependence on a rendering information, an
object-related covariance information and a downmix information. This form of post-
processing allows for a spatial placement of the audio objects of the second audio object
type within an audio scene. Nevertheless, due to the cascaded concept, the computational
complexity of the audio processor can be kept sufficiently smail, because the audio
processor does not need to consider the object-related parametric information associated
with the audio objects of the first audio object type.



Fig. 9bshows a block schematic diagram of a reference SAOC system using an integrated decoder
and mixer; and Fig. 9cshows a block schematic diagram of a reference SAOC system using an
10SAOC-to-MPEG transcoder. Detailed Descriptiohlof the Embodiments |. Audio signal decoder
according to ¥y 241445 %fy. 1 shows a block schematic diagram of an audi& SEFRHRESEEr 100
according to an embodiment of the invention. The audio signal decoder 100 is configured to receive an
object-related parametric 20 information 110 and a downmix signal representation 112. The audio
signal deco@teadd¥fids, diffiguresbta pf pvidesdngupambe pigfiahiepastntalifio didddrdepradence on the
downmix signglrepreseaiation and-ine.oRisghrelaiad parameli¢iptermation 10, Ehg.audip signal
decoder 100 comprises an object separator 130, which is configured to décompose the downmix
signal repreglé)ﬁ?éﬁgﬁ ‘i‘ﬁ%%#bﬂ?ﬂ%e & TiPEP At information 132 describing a 25 first set of one or
more audio objects of a first audio object type and a second audio information 134 describing a
secondset tf apecstirrad renbudinah)ebisobfsatsepanthaidiomdhjecidtypedat dapirnsddace ontiide dowiunix

signal fe,pfe&%e@'am%ﬁaﬂtyﬁw%wﬁ&%@ RahAl theaRisshelaledRrameligipformagon 110.
The audio signal decoder.100 ?SO gﬁmrgrlgas an audm,agn%o essor 140, which'is configured to
receive the SBEShd B iRE HVRN 3 ZERFE Rl DR R BneP RIS ARSFARRISH
dependencéesheane astanpiars ¢ asiushijentrieticng phihediketsribthiaternd prdip ejesinteprocessed
version 142toftke:se60 sighaill tiprintemtiio ThidthEhadudisisignd e cesterd Hidialshaampeases an

audio signal.rormhinerd Pl capiaaio sambinelbe st sudiodiiarmatiandFeai i pupcessed
version 14221%1‘7the§§$0nd2%91d|0 mf%rmatlon 134, to bgmn tgg%?g)mlx a%g{na 35re@e5en1€t|?§n 120. 16
WO 2010/1587G8PBFREP 15658 G%tﬁ‘fgaé%}alioaéign PRetode? 80THIPIEMENES L ted
processing dttiaasnniichigriafeppréaddianohe wandtringpesmtisagdrooppecrs Bithseaidir audio
object type abiasdialelyectsicfidie seeong@udio object type in a combined manner. 5In a first
processing step, which is performed by the object separator 130, the second audio information
describing a second set of audio objects of the second .audig.object type is separated from the first
o TomAto 35 S TG T CE S5 ST Oy R Ll b BEE B LG the
object-relatdeVphstiinemmice intbrerfatiorp ity elvendip, dhisaie b Her seeiod itshn ahissi 132eis Bipically an
audio informagien dgnexamplesafinesd @o cranhel autitosigitgdaravtivaditiRannel allgtofsignal)
describing the.gudingpisetspfile secardaudipprisrilyre inacambinedmanneslathe;second
processing st??}% thegatudlo Sé%]ab roclaess%r l40§rr%JgesseEs %he second audio mfgé.lmafrlon ]134 in
dependencé Objeltyelaté QBB? R GRS S,A\&%IFEﬁWg?ﬁel%ﬁ@ AU SIGRAT processor
140 is Sapalbteresepéns thesecardobdietinammaien gioceysingep ronyarmngutchie v disfospséts of the
second audie:ipjeht typdiovbiebtared desetitoad bydibeosreonehaudio bafbamiibeiE3dnancwhich is
typically notperformgd %@f@g%ﬁg&gﬂtgﬁo. 20Thus, while the audio objects of the second
audio object type are preterably not processed in an object-individual manner by the object separator
130, the audio objects of the second audio object type are, indeed, processed in an object-individual
manner (for Bxanipferredrraebedimnrah &sjebicridRRAEAI D APRIEWEthE SEHAM HRIBSsIRGIstép, which is
performgd biethiedaffietion sigrah g focassaralidd oll hudo thie eepafatio scbetd aedidhshpudigpehisdts of the

the object separator is configured to use the common object-leve] difference value for a

computation of entries of an energy-mode mapping matrix. The object separator is
configured to use the energy-mode mapping matrix to obtain the one or more audio
channels representing the second audio information. Again, the common object level

30  difference value allows for a computationally efficient common treating of the audio
objects of the second audio object type by the object separator.

In a preferred embodiment, the object separator is configured to selectively obtain a
common inter-object correlation value associated to the audio objects of the second audio
35  obiect type in dependence on the object-related parametric information if it is found that
there are two audio objects of the second audio object type and to set the inter-object
correlation value associated to the audio objects of the second audio object type to zero if it
is found that there are more or less than two audio objects of the second audio object type.



25 first audio object type and the audio objects of the second audio object type, which is performed by
the object separator 130, is separated from the object-individual processing of the audio objects of the
second audio object type, which is performed afterifards by the audio signal processor 140.
Accordingly,%%%ﬂfl%gg%g which is performed by the object separator 1?&@@?8%?@5?%
independent from a number of audio objects of the second 30 audio object type. In addition, the format
(for example, one-channel audio signal or the two-channel audio signal) of the second audio
information 1B higgicriwraide pendefirfrod theiswthbecwafmudiconsbiebiswof theestonddudio object
type. Thus, theaumber akaudie objestsiitRa:spanadydis;ehiesldypo tam i vatiest without having

th dt ' ' In ofh th 10, Qbjects of the 35
socond auc s B A L e R R o

.+

object for wATFEASSHAISH SHELS ERB L HaaiiB PRTHISHIR A B Ut eABmEEoBPLSFRFBISY
object-levelidifi¢rdareavalve asdorictpdwvithtbnecortd ewdinichsleatyrels)ibcottatna@duoyplthbeobject

‘separator 14Qmphuf- W1 R0 HIAIRARL R CIRR2MA/658806NeracinahnNenausliasignat degoder 100

according tqj&ig.f%uiﬁdcgpgble to handle a variabl%%gn(pfeﬁ of audig ob'gcts of the sec%plg apdio object

type without a structura m%éiﬁggtlocr? oft réng%jglc_t separatoerar 130, T addition, different audio object

processing SCHIGBHHRMS eirilise BisHRb By OTEcBbRt a5 ASRSAieH tﬁn‘é‘?f?@‘%\ﬁcﬂ@%‘i&n‘éﬁ Brocessor
140. Accordiegiyd fardexaimpté titis jpossibld thepedisrman auttiss dhjedivee padatiobjeringf ahesidual
informagion Qy.dhe abigetgrparator 130, which allows for a particularly good separation of different
audio objects, making use of the residual information, which constitutes a side information for
improving the quali%iof an object separation. In contrast, 10 the audio signal processor 140 may

perform an Gbfetsfiareioembpioeetsity it Haneinkros et it mineditn rendeeibisnigiendhe audio
signal processie idfdmmasidneivoddigudedds per{atrieasiconpantighdhe patjadiaetitdipetetiing (SAOC)
tpre_ audilo s&qa?{h@ﬁ@ﬁ%maagd@efuﬂﬁeﬁéﬁﬁ@ﬁ%ﬁaw& q&%@ﬁtﬁol&ge&wgptm_ laRabReseder acqordinﬁ
to 1g. n the WIin Nn_audal n ec ording t oal 1 of the.lnvention wi
be des@ribeg\.} J&%I%’@I?—Eé%rﬂ?ﬁé%%%ﬁ?ﬁ%q t%??é%%%%%n%& eélg@%‘gﬁ%nsg%%%‘n"é?é]ﬁ E.‘e‘l'he audio

decoder 2065REBRAGAPRT BAKCERRP PN T Btk pBIcss SIdBndasEREe Whistidurf 212,

rendering matrix information 214 and, optionally, head-related-transferfunction (HRTF) parameters
216. The augia pighatdesasesirRBdS WD eoNfigerad: e Riiigderante WIS drommixdsignal 220
and (optionalh AMERURIEEN 2e2. AR LRIt ALCk e SanalS olDe. Al plggal decoder

200 _In the following, varigus details regarding_ input signals,and output signals of the ‘audio

30decdller SHARFiPBEHe oA P He RINVHMRSITHA 2 6RTANEIP RENTHIETHIE £EM-Eafinel audio
signal or a tiexitandiestaivodigratuiberddendiixobigeial o 1eraeopnib rediaraipiet bepdentisd from an
encoded repsesgiriianohiredennmbe sigoal.Sorhbertnatiab-audiasghiect-coding bitstream (SAOC

bitstream) 212 may, for example, comprise object-related parametric information. For example, the
SAOC bitstream 212 may comprise object-level-difference information, for example, in the form of

object-level PIBNHTEI L1 1AG RGP EF /RBHO FTOBES 06 HLARITC DA Eitefer SO P4 fudio
inter-oBfect-odnmiation infonnatiomdoredansigaalirebrssforiatiof inte p-dbjechenrrélatidn ségasheters |I0C.

representation representing more than two audio objects of the second audio object type.

Extracting one or two audio signal channels can be performed by the object separator with

low computational complexity. In particular, the complexity of the object separator can be

kept significantly smaller when compared to a case in which the object separator would

30  need to deal with more than two audio objects of the second audio object type.

Nevertheless, it has been found that it is a computationally efficient representation of the

audio objects of the second audio object type to use one or two channels of an audio signal.

In a preferred embodiment, the audio signal processor is configured fo receive the second
35 audio information and 1o process the second audio information in dependence on (at least a
part of) the object-related parametric information, taking into consideration object-related
parametric information associated with more than two audio objects of the second audio
object type. Accordingly, an object-individual processing is performed by the audio



In addition, the SAOC bitstream 212 may comprise a downmix information describing 5 how the
downmix signals have been provided on the basis of a plurality of audio object signals using a
downmix process. For example, the SAOC bitstreah may comprise a downmix gain parameter DMG
and (optional¥f 8RRt Rchannel-level difference parameters DCLD. 10 W’Fé’ﬁ&&’&é%ﬁatrix
information 214 may, for example, describe how the different audio objects should be rendered by the
audio decoder. For example, the rendering matrix information 214 may describe an allocation of an
audio objecptocesseromhitrreuchanndpafithiévotgdytMBESItDWwnmigesignat @ 26 difichebizptonal
head-relategdstransterfunstingtrRdd) pammeptarsipnamation 216 may further describe a transfer
function for deriving a binaural headphone signal. The output/ MPEG-Surround downmix signal (also
briefly designated with "output/MPS downmix signal”) 220 represents one or more audio channels, for
example, inlthe st ambrdimstioamdadieraigna repigurt s ar gl Rhies R audio
signal répresdmtatioon Atdrefargraomhbhationawittr thévopsidmalive ECxSiguaaiie bifstreamn(MPS
bitsheam) 228, highrespRuSESME BR:amuiRUNG RAMAMCTERS deasrtkingis MapRingfdhePutput/MPS
downmix signal 220,000 3 plualit of o channels, anupmix 3ina) represeniatan i fomed. 25
2.2. Structur(é and functionafity of the audio |gnalodeco er 200" In thé Tolatin ?ft 8 stricture of the
audio signaPHEEseRs: RIS tHiE ORI w@mmmﬁgﬁw@ﬂéh#mﬁ@%&&épwm
functionalityiafharBAGCAdecating|witlfecde signbBtigpfiibecdetait. of hecho digesig ndltdesmded 200
compriges g aWniR:-PI9EeSs LRI highirisRAligHre ddRsBEPNR 1R dowilnixsignat 0 and to
provide, on H%e'gﬁﬁ'sr%h%r&Of %16&3 %%%rt/é\flPScﬁ%S EO%‘QE%%?I rggn%%{(l)di'g%%.gqvgnrglx processor 230 is
also configure’c(i1 oreCERE arlllgleas a part of the SASE Bitstream Information 212:and at least a part of
the rendering matrix information 214. In addition, the downmix processor 230 may also receive a
processed $AQGCpHeattentnitimeatioth2 4thfeomseppartamétecquitpesdor2ste 2B @elated
2010/149700RC T/ER 2 AINGBI0RFhR BRANGLE!, RIRES SHcRD0FcANTOMIER (hfaseiyR the SAOC
bltstre:il in %i{natlon 2%2, I[het rengerl? (@n%tca% Anfg{matlo igl4i and, 9 tlr%gearuy th%)mcﬁr 1
head-relate§ransfer- %u?lcjiibsn Slaira{)me er m?orm’auﬁ??’zgﬁ, and o provide, on R%e asis ?ﬁgr’eof, the

MPEG 5 SubeliiPitridsnag audierpbigthe MbEBreupHiim aRisrahiate rofifttneaisEe ffround
parameters sxenéguitedinfinichtis:. fonexamym eutivesipitie teprescatihigdgimdtdlaf epbradigegtsin addition,
thlg parametgr f?f@%@&g:ﬁfl%ﬁlﬁopﬁ%)’%@ﬁ%gb‘? Reasessed SAQE a?masmji% 240u5¥ WRisoposeased SAOC
piometon SUERLIGD O Clpngy e $6n1e 00 Fonl e oo
which ?socorﬂrﬁﬁ?é?ﬂ’rtés configured to individually render the N-Ng, audio objects represented by the

one or two audio signals of the second audio information using the object-related

parametric information associated with the N-Ng,, andio objects of the second audio object

type. Accordingly, the audio object separation between the audio objects of the first audio

object type and the audio objects of the second audio object type is separated from the

25  subsequent processing of the audio objects of the second audio object type.

An embodiment according to the invention creates a method for providing an upmix signal
representation in dependence on a downmix signal representation and an object-related

parametric information.

30
Another embodiment according to the invention creates a computer program for
performing said method.
Brief Description of the Figs.

35

Embodiments according to the invention will subsequently be described taking reference to
the enclosed Figs., in which:



15 receive the downrnix signal 210 and to provide, on the basis thereof, a first audio object signal 262
describing so-called enhanced audio objects (EA0S), which may be considered as audio objects of a
first audio ob{gctzgéggag'[]he first audio object signal may comprise one or mare audio channels and
may be considered as A first audio infolmation. The residual processor 268%’5&281%’3%3&% to
provide a second audio object signal 264, which 20 describes audio objects of a second audio object
type and may be considered as a second audio information. The second audio object signal 264 may
comprise odégol more chiaawels blvglnsabempicafiizeamprise ondiosisrslaifgisieh aspedinkirribing a
plurality of audio objectsad ypibadimihecseeohdatidiq object signal may describe even more than two
audio objects of the second audio object type, 25 The dovvnmix processor 230 also comprises an
SAOC downmix pre-processor 270, which.is configured to receive the second audjo pbject signal 264
and 0 proviiE: 2 the AL heredIO8ko BUEEELE (PR 75 B Letbt BB B Snal 264,
which rhay be considereécasraipgdeesseebodrsion of fifeiseeding:audio information, 30 The downmix
processor 230 also comprises an audio signal combiner 280, which is configured to receive the first

audio objeckgignal asgnd theproresradl VERSInNe G ofe Seconshandin,oies! Sighgl4f4, and to
provide, on the basis theyeof, té1e output/MPS downmix suBgtﬁ%.zzo wg ch,ma}ébe considered, alone or
; 5 e

together with the (option3§ $5E&T 8 BIFEHGRBLRET Fheéﬁ‘f ©%n upmix signal
representation. 20 WO 2010/149700PCT/EP2010/058906 The residual processor 260 is configured to
separatgly [rigvida thadirsicu tiodkbjestsighralidgranthiha:secapshhpeioehjectsigaakapde For this
purpose the residual pragessq 260 may RE.aN LR aARRINA! 1695 SRR AL SAQE bitstream
information 212. For 5 example, the residual’processor 260 may be configured to evaluate an
object-related parametri¢ TfGH ition associated with the audio objects of the first audio object type,
i.e. the so-called "enhanced audio objects" EAO. In addition, the residual processor 260 may be
configured tpightain an osteral Afexpdignaesch iygtlaausicdebirctseiithamsegond audio object
type, for example, the so-called "non-enhanced audio objects”, commonly. 10 The residual processor

260 may alsQ be configured to evaluate a resicg\JFg\)Ie' farmation, which is roviged in the SAOC
bitstream infdfmktion Zlﬁ?‘?éﬁsa? ?g%%r & Bet %&@%ﬁ%@f%’?ﬁ% &P t8udio objects of the first
audio object type) and non-enhanced audio objects (audio objects of the second audio object type).

The residuaFigfaemation shewys fobrxanlieretcaiigatime gomdin sgsiauddeignabosidhdsapplied to

obtain a 15 particularly cleag,sepatatiopmheiwasndhg enhanced audio objects and the non-enhanced
audio gbjects. In addition, the residual processor 260 may, optionally, evaluate at least a part of the

rendering matrix information 214, for example, in order to determine a distribution of the enhanced
audio objectgifothe audishersntelblerinacheseaisdidiemiaset sigrarisy. polivnsignbdwedimmix
pre-processor 270 comprisesdirghannedmbddistdhusdiiz idyekiiah is configured to receive the one or
more audio channels of the second audio object signal 264 and to provide, on the basis thereof, one or

more (typicil%t 0) audio channgls of the processed second audio object signal 272. In addition, the
SAOC dowrirHxBre. proctesbr 25 Ay LS S CLH et L A BB 276, which i
configdfed to receive the one or more audio channels of the second audio object signal 264 and to

provide, on #ig.lsasis thegpolvonTHlanere deday ejsiadsagialse{8a, 278b, which are added to the
signals provided by the channel re-distributor 274 in order to obtain the processed version 272 of the

second audig, object signal 264. 30 Further details, regarding the.SAOC downmix processor will be

ciscussed bEIBASThe audie Sighaf S BTAE 588 LS HRG R A N GBS EREs? with the

processed version 272 of the second audio object signal. For this purpose, a channel-wise 35

combirztionFiagde perferaed. Aceasaing|yrdhesontmsdMETS AewpmiMBISHRIAL 2@ ¢scobfained.
Karaoke/Solo type rendering listening test;

Fig. 6e shows a graphical representation of average MUSHRA scores for a classic
: rendering listening test;
33
Fig. 7 shows a flow chart of a method for providing an upmix signal
representation, according to an embodiment of the invention;



21 WO 2010/149700PCPEP2010/058906 The parameter processor 250 is configured to obtain the
(optional) MPEG-Surround parameters, which make up the MPEG-Surround bitstream 222 of the
upmix signal representation, on the basis of the SAOC bitstrearn, taking onto consideration the
rendering m%ﬁ%ﬁf%tﬁ% Pon 214 and, optionally, the HRTF parameter infdrralibH 2183 other 5
words, the SAOC parameter processor 252 is configured to translate the object-related parameter
information, which is described by the SAOC bitstream infoiniation 212, into a channel-related
parametric ikfgrfhation, vehiotsis deskcriethbycdadPES Suitoend MPEFeATZ28:s10hn the following, a
short overview of the structure of the SAOC transcoder/decoder architecture shown in Fig. 2 will be
given. Spatig) aydio objegf coding, (S é%%%tﬁa%%@ %”%%‘Mé?éf f?é’é%k%%’ rs%] gehniguye, Itis
designed to transmit a ndmber of au ctsina audlo signa e('or examplethe down |x audio
signal 210) that comprise€RiAR4RFRSE {K&% with this backward compatible downmix signal,

object garameters are 15 transmitted (for example, using the SAOC bitstream information 212) that
allow for regrgaygn and mmtﬂasie&ot&t&@ﬂeiamg@meemg@%&rb@ SAQE sReadekiKoLshown
here) produces a downml oft i d%bé c? gﬁé}rﬁ)gtr |t£_lgtput and extracts these object parameters. The
number of objects that can IS In principle not limited. The object parameters are quantized
and coded efficiently into the SAOC bitstream 212. The 20 downmix signal 210 can be compressed
and transmifted Wwithout thleweed libdpddiemstistiigecaders andiinérast@isfdiresysidre objeceparameters,
or SAQg side informatiorsase Jansrpitiegiiadew bit rate side channel, for example, the ancillary data
portion of the downmix bitstream. 250n the decoder side, the input objects are reconstructed and
rendered to a certarn number of playback channels The rendering information containing reproduction
level and pareRiEhis SR Q541 SERCSEIEEEr-supplied or can be extracted from the SAOC
bitstream (for example asa preset information). The rendering information can be time-variant. Output
scenarios can Aangesfran e Aa-patingha el (for example, 5.1) and are 30 independent from both,
the number of input objects and the number of downmix channels. Binaural rendering of objects is
possible including azimuth and elevation of virtual object positions. An optional effect interface allows
for advanceglﬁtefrat Boi8 P OrbRR SR sleckr gt anensio siEra srrgith At estRSHiREs P RS objects
themselves eahddéreand Signalsntstereophonic signals, as well as a multi- channel signals (for
example 5.1 channels) Typical downmix configurations are mono and stereo. 22 WO

2010/149709P %{3291@“/9508%9&!“ 1t9§ f?”?é%ﬂ%aé ! t%a?é%eé%‘%ﬂ%”% ?éctg%ﬁﬁ? (%af%‘"m"

transcoder/ eco er whr is shown in transc ecoder

aine
modulébes&HoEnaten: A i A doaipmix 5%&&5%%?%08é&&u@%%@étﬁ&ﬁkﬁ%ﬁf&?t#&% 'an SAOC to
an MPEG-sundigwieditst rearid dlapepaigsignahepmemditbn gt Aepemdbrenfig thatiomvnmi first mode

of 5 operatiafigrthier v%tﬁt%ﬁéﬁpfﬁ?@ﬁb?&@ﬂdﬁ@@t%aﬁ@fm&bﬁﬂh@@@h r@nqmwetﬂrﬁmﬂgmannels are
used. In th'sd [Rlaed %otQ 9 QO& %?@J %‘%ﬂ "rxﬂ%‘lﬁc‘%d%&t‘“@% ‘%ﬁdaéhgm% Od“'e

output is a pu se- co e- mo ate out ut & first cas Froun decoder is

not required JRuTHBH W%Wt%d E’nﬂiﬂo’r‘t% féhW%BrHHﬁ%@%&ér%&Fi‘t&hﬁtgﬁo while
the prafsiodict thet MREG sumotmdiuditstizacts ki 228rshaydie obpitietiTin andexoechodswdihe output

sigr(;lalI configyratiRn;isna mu!tés@ttemgei @@éﬁmg%zti@flaﬁr&%m@wetma\@ejww &raeémleulia% SﬁOC
moaule may e eratron transc The e both a
downmix srgna“:él N ﬁ'g es(ﬂnrroun It slt}r(esél % (r%sgt Eé%sg&jg%é ovélng n@ga&

Accordingly P4ft wfﬁmefﬁbtme&é&%@rt% rréatwota%rtéeoﬂfﬁrﬁ sianahidseRATsl aﬂgatl
representatiomdisierscutpudioystpmb prakers. 1?4@ wishbwscthidipasicistreciinetbé teeoBdadio

transcoder/dgeqdaiare tlﬁte@tttteo Phedeasidvatpracassr Ribexiacts Hpoabances audie abject from

the mcommg& aﬁ?wpt%"x 9{%3 %ugrzg%eﬁecrle |dua{]|nfor1r12att(t,oD contalnreg in tﬁ‘%&&f‘}&'t@%ﬂeam 212.
The downmix 20° prep FOCESsor rocesses the reg Ular éudlo 0 are, for example,

non-enhancéf éﬁ%ﬁ@%ﬁ}é&gnt@%arblé&e% eﬁwmw&r&taaip%r&mm@ﬁwmed in the
SAOC bit stégml 24 biee Efthancbdwmetlio a@e@airémdﬁenmnﬁbyﬁferﬁr&imdﬁﬁom&cttm nal 262)
and the pfO%@@%&@%@{oﬁuﬁ@ ebigstslaRresapadidohSamale. RydhsiR ecessac @saipn 272 of
the secﬁnd audio o § Ct sll%ral 264) are combined to the 25 output signal 220 for the SAOC decoder
mode 67 to the MPEG surround downmix signal 220 for the SAOC transcoder mode. Detailed
descriptions of the processing blocks are given below.




3. Architecture and functionality of Residual Processor and Energy Mode Processor 30 In the
following, details regarding a residual processor will be described, which may, for example, take over
the functionality of the object separator 130 of the ddio signal decoder 100 or of the residual
processor 26‘8%1‘?’%%(]3&@{% signal decoder 200. For this purpose, Figs. 3a HEBYAGH Bock
schematic diagrams of such a residual processor 300, which 35 may take the place of the object
separator 130 or of the residual processor 260. Fig. 3a shows less details than Fig. 3b, However, the
following desheipiidio applidsitedte rexidual greaessansidaicsareiagnto ifigha3doananatsaidasthe residual

processor 3RQ,accarding tQHg- rﬁ;}e\ﬁéﬁi@%%lé%w@%@?ﬂ%F%&Mi@f@%@%Q&J@%%&@C@SSO(
300 is conf%%red to %celvel?é_]g%ql%%gg%mx signal 310, which may be equivalent to the dowrunix
ig. L or the

signal repre SEAIShHa e 7rhix (s)lranlgF e%?@ggntation 210 of Fig. 2. The residual

processor 300 is configured to provide, on 5 the basis thereof, a first audio information 320 describing
one or horelarhdncechatssiigeahjpctehivihichenfayndd bexbemplecheeautival 801 fiee thee s tadidio
information ﬂ-@&ﬂ%@%ﬁh@eglﬁfiBi%(?diosQ@ﬁ@tsﬁig&aBg@3-cﬁ%%%@tsﬂé? fiRsidual Proces SR Qymay provide a
second audio infor %élon %2 escr bln%rtrf])ne r m%&? herbaudlo'fob!ectsgor%xar%ple, %%m-enhanced
audio objectgf?l%?’te iAo Fedidualitornmaton s avai 35?8),1%% ditt tive YelbHA QUETE fifformation
322 may beftgunidientiistheeessng Hisdbirtorpratibnargancsiqsinenseishd 1 udlevebidetignal 264.
The residuajqaarkssoio3Gdeomprisesa - oo dN undi¢ORNARENbH N3 3Ramtlichureaeives the

SAOC,downmix sionak319,aa0dwhich AlsareoeiNes, SARS) I and s esiduals, L R3R- Jhee
1-to-N/2-to-N unléBB%?I(%g provides an er%f%??réced-audlo-object signal 334, which describes the
S

enhanced atfdfit 05j& KOY BB HEI SR THTRE"ERET downmix signal 310. Also, the 1-to-N12-to-N

unit 330 provides the second audio information 322. The residual processor 300 also comprises a
rendering umit 8d¢Geadhichprecsiies e, ahbanded:audigobjesisignanhid4and hdeadadnmdiatrix
information 342, and ¥ides«QRihePasIs ROt EeRfethedipst.audie information 3204018 following,
the e\rllvl??nceiz# audio ot%?aﬁr:%processup% FAOp@?CG?SI%%Z, which %per{prg]e%b%i the residual processor
300, wilf be HESCHBRE FIBIE TarAIr 253 TRATSH BN RIS $E OPETalion Bt RESHTAI Processor
300 Regardifgdgiensupicthsriaity obirdsrebiaa spprodaysisr Joectitaro it dear tedomkadiis HAOC
technology adawd toidih énifeetiviel uali3vgaipiNetiioh @ ftgpivdthbest pksutiedbjetis objterRepahdheir level
amplification/ggtenuation without significant decrease in the resulting sound 30 quality only in a very

limited way. A special "karaoke-type" application scenario requires a total (or almost total) suppression
of the specific objects, typically the lead vocal, keeping the perceptional %ualit of the background
A

sound tend tittharedhe s nbigappliditnt s aveineRnest BprtorFs i 8ot RRAG B ects
(EAO) signails a8 wivieichicindicd examipley tbprdsentstpoinddionteniugiordsehjedth¢farcoxdmple, two
independent siesepabieqisanbich arepreparedde be semouedialihesidashibe frcodaie,
rendered in an object-individual manner) in the second processing step, which is performed
by the audio signal processor 140. Thus, the separation between the audio objects of the
25 first audio object type and the audio objects of the second audio object type, which is
performed by the object separator 130, is separated from the object-individual processing
of the audio objects of the second audio object type, which is performed afterwards by the
audio signal processor 140. Accordingly, the processing which is performed by the object
separator 130 is substantially independent from a number of audio objects of the second
30  audio object type. In addition, the format (for example, one-channel audio signal or the
two-channel audio signal) of the second audio information 134 is typically independent
from the number of andio objects of the second audio object type. Thus, the number of
audio objects of the second audio object type can be varied without having the need tfo
modify the structure of the object separator 130. In other words, the audio objects of the
35  second audio object type are treated as a single (for example, one-channel or two-channel)
audio object for which a common object-related parametric information (for example, a
common object-level-difference value associated with one or two audio channels) is
obtained by the object separator 140,



24 WO 2010/149700PCT/EP2010/058906 It should be noted that the (one or more) quality enhanced
audio objects (or, more precisely, the audio signal contributions associated with the enhanced audio
objects) are included in the SAOC downmix signal 310. Typically, the audio signal contributions
associated with 9&° ﬁ)"ﬁ% Br more) enhanced audio objects are mixed, by theT 6%%% i %9 rocessmg
performed by the audio signal encoder, with audio signal contributions of other audio objects, which
are not enhanced audio objects. Also, it should be noted that audio signal contributions of a plurality of
enhanced audio objects are also typically overlapped or mixed by the dowrunix processing performed

by the audi%@&ﬁ&h@}eoﬂ@raa&l&Q@@A&@ﬂaﬁthﬁ&&uﬂ@ow@@mwa@@mw@ Khjgets In the
following, d%@lh%fee%ﬁmﬂéﬁ H%ea{ﬁ%d OSF%RQrs il ‘Podc%ﬁgé'cb@ %ﬁﬁ&?%’ M&%QPJW

processing incorporates the 1-to-N - fo-N units, depending on't ownmix mode. T

1-to-N proc Wlé’ﬁg&ﬁcﬁgﬁt@eﬁ%&ﬁo 38\/\%1%%?%%%(% LIS _RPIREhRICEESIRG un|t is
dedicated telgmsitres covwhembpignat SEoiButhstitesdonnidd regrdsentdivgegralapnasdsardl éhhanced
modificationsebagizt- 2dp @k &hple,bioX}: KRRt Mot @n23003-dbR00 departiioenenges, regular

and BAO siual A Rambiagchin RN Aovaupitkhe T IWHH Mikacqssing it uhich gre inverse

one-to-N processing UnItS Qr inverse 2 processing Unlt are emp O produce nd encode

the 20corre$PRSHHIYG 6’6’3‘1*%@5@%@%&&0 ’gﬁlﬂnﬁggﬁ?ﬁr dﬁﬁl?ﬁ?‘éﬁ ﬁt‘ﬁ‘ﬁm ‘é}blownmlx
310 by the ©FNITIE anits BF0rmeine:the SAQCidbdwisHatbanakiciicoppatinadirasidiritsignals.

;ge reg@ve@g &ﬁ@g‘l@»ﬂm(ﬁao@@s@emm @yrth&nesmasj@@ﬂla&dia@biﬂ@b&gaghﬁﬁ@@ﬁgﬁe@ into the
renaerin r | ring matrix
gy t’% 340 &'&Qt{gﬁ’ ?8? [ep 'Ry Qg’ ﬁ%&%ﬁgg&éﬁéﬁ%%ﬁo ! tr@ﬂg@%@&“?oe 9

(described & ren erln matrix in | tlo ng outpu N/TTN unit. The
regular audiFEBELE ‘(W?EH‘%’P@ ofaéfeﬁbﬁéﬁhswma%ée@m& SeiofdGnfERM DN SEBF aPEGE R ed to the
SAQOC dowrimisndes thectsson, fudiexbingke, the SAOC downmix preprocessor 270, for further
processing. Figs. 3a and 3b depict the 30general structure of the residual processor, i.e., the

archit ure fthe}gg |gl§! ggpﬁ%&?&r; égg%égggqg%g rgcessor output signals 320,322 are computed as
X08.1 - JX re WO 2010/149700PCT/EP2010/058906 where
XOthe downrnlx signal of the regular audio objects (i.e. non-EAOs) and XE4O0 is the rendered EAO

output signdhftiretfdl SO atevblirmgd decodthdturreeysingiin grEmt abmenhid Bigaridoiiane SAOC

transcodingwinde. &Eheneasigdusbprachssanc Amppeiale il Piedictiomil dngdesidoalistarmation)
mode or .
Fig. 2.

20
The audio decoder 200 is configured to receive a downmix signal 210, a so-called SAOC
bitstreamn 212, rendering matrix information 214 and, optionally, head-related-transfer-
function (HRTF) parameters 216. The audio signal decoder 200 is also configured to
provide an output/MPS downmix signal 220 and (optionally) a MPS bitstream 222.

25

2.1. Input signals and output signals of the audio signal decoder 200

In the following, various details regarding input signals and output signals of the audio
30 decoder 200 will be described.

The downmix signal 200 may, for example, be a one-channel audio signal or a two-channel
audio signal. The downmix signal 210 may, for example, be derived from an encoded
representation of the downmix signal.

35
The spatial-audio-object-coding bitstream (SAOC bitstream) 212 may, for example,
comprise object-related parametric information. For example, the SAOC bitstream 212
may comprise object-level-difference information, for example, in the form of object-level-



energy (without residual information) mode. The extended input signal X,.05 is defined accordingly: X
X =res, /, for pediction mode, X,for energy mode. 10 Here, X may, for example, represent the one
or more channels of the downinix signal representah?on 310, which may be transported in the bitstream
representing‘ﬁ?ezﬂllﬁ/l][i‘(?ﬁ%nel audio content. res may designate one or m&feF Blféﬂ@@ﬁals, which
may be described by the bitstream representing the multi-channel audio content. 15 The OTN/TTN
processing is represented by matrix M and FAO processor by matrix A 21LEAO The OTN/TTN
processing iditrisnivt ipadefineds dotbrdimgittethebiek-opeektion nndoeéitenpifedictionpde, enettgy) as 20M=
MPredictionfoMEsTara- #efdeedighioninosigaterenangy mode. The OTN/TTN processing matrix M is
represented as where the matrix Mow relates to the regular audio objects (i.e. non-EAOs) and MEAO

to the enhanced audio objects %EA.OS). 26 ) o ) .
In addition, the SAOC bitstream 212 may comprise a downmix information describing

5 how the downmix signals have been provided on the basis of a plurality of audio object
signals using a downmix process. For example, the SAQC bitstream may comprise a
downmix gain parameter DMG and (optionally) downmix-channel-level difference
parameters DCLD.

10 The rendering matrix information 214 may, for example, describe how the different audio
objects should be rendered by the audio decoder. For example, the rendering matrix
information 214 may describe an allocation of an audio object to one or more channels of
the output/MPS downmix signal 220,

15 The optional head-related-transfer-function (HRTF) parameter information 216 may
further describe a transfer function for deriving a binaural headphone signal.

The output/MPEG-Surround downmix signal (also briefly designated with “output/MPS
downmix signal”™) 220 represents one or more audio channels, for example, in the form of a

20 time domain audio . signal representation or a frequency-domain audio signal
representation. Alone or in combination with the optional MPEG-Surround bitstream
(MPS bitstream) 222, which comprises MPEG-Surround parameters describing a mapping
of the output/MPS downmix signal 220 onto a plurality of audio channels, an upmix signal
representation is formed.

25

2.2. Structure and functionality of the audio signal decoder 200

In the following, the structure of the audio signal decoder 200, Which may fulfill the
30  functionality of an SAOC transcoder or the functionality of a SAOC decoder, will be
described in more detail.

The andio signal decoder 200 comprises a downmix processor 230, which is configured to
receive the downmix signal 210 and to provide, on the basis thereof, the output/MPS

35  downmix signal 220. The downmix processor 230 is also configured to receive at least a
part of the SAOC bitstream information 212 and at least a part of the rendering matrix
information 214. In addition, the downmix processor 230 may also receive a processed
SAOC parameter information 240 from a parameter processor 250.



WO 2010/149700PCT/EP2010/058906 In some embodiments, one or more multichannel background
objects (MBO) may be treated the same way by th?egesidual processor 300. A Multi-channel
Background Object (MBO) is an MPS mono or stered downmix that is 5 part of the SAOC downrnix.
As opposed By HdWidual saoc objects for each channel in a multi-a%rﬂf:%zl"%ﬁ’dﬁﬁ?f}%\n MBO can
be used enabling SAOC to more efficiently handle a multi-channel object. In the MBO case, the SAOC
overhead gets lower as the MBO's SAOC parameters only are related to the downmix channels rather
than all the upmix channels. 10 3.3Further Definitions 3.3.1 Dimensionality of Signals and Parameters
15In the follonéngartie:thimensienalinsofithesipnada anddgparamatesn ol berdriefly inenssed irll order to
provide an er ' t ' tealculations: er ) 1dio signals are
Gofned for aughy B e g ch iy e e LB R
correspond?ﬁ@‘%ﬂ%@aﬁ?ﬁ%@fgq@%f%@d e cRroB Mar g &ter basie Sisterantiprdtddding band
m. A Subse§uentrddppingivedie sarthiah isriNBRE saremetaregomtdrs fspedfiBgbyuabliad. 31
ISO/IEC 230a3rie200 drdfensecalleatauintionsanpre foemetwithiespasttodbe et dine/band
indices and ihegailseRe ding.dinsasianalivas ais maied [orsach BReksRdaRaR sy aHowever,

in the following, the time and frequ band indices will be omitted sometimes to keep the notation
concise. 3.3@%5?85?51%%&%@51?%%‘?%%@6% e LAO pre-rendering matrix AE40 is defined

according to the number of output channels (i.e. mono, stereo or binaural) as { A,", for mono case, A =
E40A2f40 , for other cases. 27 WO 2010/149700PCT/EP2010/058906 The matrices AIEA of size Ix

NEAO and AhF&lje %1%%@5 %gégl@&ﬁedgm]%@&mahty of the downmix processor 230 will be

described in more detail.

The downmix processor 230 comprises a residual processor 260, which is configured to

15 receive the downmix signal 210 and to provide, on the basis thereof, a first audio object
signal 262 describing so-called enhanced audio objects (EAQs), which may be considered
as audio objects of a first audio object type. The first audio object signal may comprise one
or more audio channels and may be considered as a first audio information. The residual
processor 260 is also configured to provide a second audio object signal 264, which

20 describes andio objects of a second audio object type and may be considered as a second
audio information. The second audio object signal 264 may comprise one or more channels
and may typically comprise one or two audio channels describing a plurality of audio
objects. Typically, the second audio object signal may describe even more than two audio
objects of the second audio object type.

25
The downmix processor 230 also comprises an SAOC downmix pre-processor 270, which
is configured to receive the second audio object signal 264 and to provide, on the basis
thereof, a processed version 272 of the second audio object signal 264, which may be
considered as a processed version of the second andio information,

30

The downmix processor 230 also comprises an audio signal combiner 280, which is

configured to receive the first audio object signal 262 and the processed version 272 of the

second audio object signal 264, and to provide, on the basis thereof, the output/MPS

downmix- signal 220, which may be considered, alone or together with the (optional)
35 corresponding MPEG-Surround bitstream 222, as an upmix signal representation.

In the following, the functionality of the individual units of the downmix processor 230
will be discussed in more detail.



AE40 - DEAOMEAO 116rem nEAOF = WAO1WEAO wEAO wRAO W12 EAO wFAO s'16233 wEAO
WEAO wE wWEAO A 0330 wEAO wEAO 0W0330WEA% 2 1[2".Nri where the rendering sub-matrix MrEwl
corresponds to the EA rendering (and describes a @esired mapping of enhanced audio objects onto
channels of t(RPIPHIREhal representation). 10 The values w7A are comBGetERI #&58M8ence on
rendering information associated with the enhanced audio objects using the corresponding EAO
elements and using the equations of section 4.2.2.1. 15In case of binaural rendering the matrix felfil is
defined by equations given in section 4.1.2, for which the corresponding target binaural rendering

maitrix contajms eRitaARKRIARD BleReMsz3:4CRIstbation Phibe d ThY T Elsmanteds ihs Resichinl
Mode 20 262 and the second audio object signal 264. For this purpose, the residual processor 260
may be configured fo apply at least a part of the SAOC bitstream information 212. For
5  example, the residual processor 260 may be configured to evaluate an object-related
parametric information associated with the audio objects of the first audio object type, i.e.
the so-called “enhanced audio objects” EAQ. In addition, the residual processor 260 may
be configured to obtain an overall information describing the audio objects of the second
audio object type, for example, the so-called “non-enhanced audio objects”, commonly.
10 The residual processor 260 may also be configured to evaluate a residual information,
which is provided in the SAOC bitstream information 212, for a separation between
enhanced audio objects (audio objects of the first audio object type) and non-enhanced
audio objects (audio objects of the second audio object type). The residual information
may, for example, encode a time domain residual signal, which is applied to obtain a
15 particularly clean separation between the enhanced audio objects and the non-enhanced
audio objects. In addition, the residual processor 260 may, optionally, evaluate at least a
part of the rendering matrix information 214, for example, in order to determine a
distribution of the enhanced audio objects to the audio channels of the first audio object
signal 262.
20
The SAOC downmix pre-processor 270 comprises a channel re-distributor 274, which is
configured to receive the one or more audio channels of the second audio object signal 264
and to provide, on the basis thereof, one or more (typically two) audio channels of the
processed second audio object signal 272. In addition, the SAOC downmix pre-processor
25 270 comprises a decorrelated-signal-provider 276, which is configured to receive the one
or more audio channels of the second audio object signal 264 and to provide, on the basis
thereof, one or more decorrelated signals 278a, 278k, which are added to the signals
provided by the channel re-distributor 274 in order to obtain the processed version 272 of
the second audio object signal 264.
30
Further details regarding the SACC downmix processor will be discussed below.

The audio signal combiner 280 combines the first audio object signal 262 with the
processed version 272 of the second audio object signal. For this purpose, a channel-wise

35  combination may be performed. Accordingly, the output/MPS downmix signal 220 is
obtained.



In the following, it will be discussed how the SAOC downmix signal 310, which typically comprises one
or two audio channels, is mapped onto the enhanced audio object signal 334, which typically
comprises one or more enhanced audio object chafinels, and the second audio information 322, which
typically com‘ﬁﬂ@@éoé}ﬁg%or two regular audio object 25channels. 28 WO PCT/EP2010/058506
2010/149700PCT/EP2010/058906 The functionality of the 1-to-N unit or 2-to-N unit 330 may, for
example, be implemented using a matrix vector multiplication, such that a vector describing both the
channels of the eatarted modicsobjetd sigrah8gvrahdathdtirarthelsoptithel3 dedtiGatidioinformation
322 is obtaipgdrmenylvmidnonarecipr gesuinigdhgahanaairaiihe SAQGIdowRmX sighal 310 Sand
(optionaly) eng.oL.mAts 165k asionAlReSH Akl RISHHIO0 AnMERSIAY uceaidingly. the
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corresponding 15energy does not rely on specific waveforms; but o e relative
energy distriBGEdIFef the input audio objects, as will be discussed in more detail below. 3.4.1
Prediction mode 20For the prediction mode the matrix M prediction is defined exploiting the downinix
informagion ﬁ%@ft‘ﬁ@i%ﬂldﬂiﬁg? m}rgﬁtwﬁﬁwfﬁ@}ﬁs@a&ﬁﬁ@m %tfﬁ%@gvkﬁﬁ%ﬂﬁﬂﬁﬂbc&f&ﬁtygh )
respect to the several SAQC modes, the extende nmix madrix b a PC [%-C. exhibit the
folowing eI S R b e S i

modes (TINPRIBREXSTPIBINGr e 594 88 dshoigerabuiAmaTdre BASR B Rreg A ifio-object
channels ambNEAD &nhadiccuizasidiobiettpthirnddsinthis (edtersdad) dblyrihaixcomaprigdsayid the CPC
matrix C capigRpiampdiag iollawsis backward compatible downmix signal, object parameters are

15  transmitted (for example, using the SAOC bitstream information 212) that allow for

recreation and manipulation of the original object signals. An SAOC encoder (not shown

here) produces a downmix of the object signals at its input and extracts these object
parameters. The number of objects that can be handled is in principle not limited. The
object parameters are quantized and coded efficiently into the SAOC bitstream 212. The

20 downmix signal 210 can be compressed and transmitted without the need to update
existing coders and infrastructures. The object parameters, or SAOC side information, are
transmitted in a low bit rate side channel, for example, the ancillary data portion of the
downmix bitstream.

25  On the decoder side, the input objects are reconstructed and rendered to a certain number
of playback channels. The rendering information containing reproduction level and
panning position for each object is user-supplied or can be extracted from the SAOC
bitstream (for example, as a preset information). The rendering information can be time-
variant. Output scenarios can range from mono to multi-channel (for example, 5.1) and are

30  independent from both, the number of input objects and the number of downmix channels.
Binaural rendering of objects is possible including azimuth and elevation of virtual object
positions. An optional effect interface allows for advanced manipulation of object signals,
besides level and panning modification.

35  The objects themselves can be mono signals, stereophonic signals, as well as a mulii-
channel signals (for example 5.1 channels). Typical downmix configurations are mono and
sterec.



29 WO 2010/149700PCT/EP2010/058906 5 With a stereo downmix, each EAO j holds two CPCs c¢),0
~and cl11 yielding matrix C. The residual processorg tput signals are computed as 10 re X=
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In the following, the basic structure of the SAQC transcoder/decoder, which is shown in
Fig. 2, will be explained. The SAOC transcoder/decoder module described herein may act
either as a stand-alone decoder or as a franscoder from an SAOC to an MPEG-surround
bitstream, depending on the intended output thannel configuration. In a first mode of
5 operation, the output signal configuration is mono, stereo or binaural, and two output
channels are used. In this first case, the SAOC module may operate in a decoder mode, and
the SAOC module output is a pulse-code-modulated output (PCM output). In the first case,
an MPEG surround decoder is not required. Rather, the upmix signal representation may
only comprise the output signal 220, while the provision of the MPEG surround bit stream
10 222 may be omitted. In a second case, the output signal configuration is a multi-channel
configuration with more than two output channels. The SAQOC module may be operational
mn & transcoder mode. The SAOC module output may comprise both a downmix signal 220
and an MPEG surround bit stream 222 in this case, as shown in Fig, 2, Accordingly, an
MPEG surround decoder is required in order to obtain a final audio signal representation

15  for output by the speakers.

Fig. 2 shows the basic structure of the SAOC transcoder/decoder architecture. The residual
processor 216 extracts the enhanced audio object from the incoming downmix signal 210
using the residual information contained in the SAOC bit stream 212. The downmix

20  preprocessor 270 processes the regular audio objects (which are, for example, non-
enhanced audio objects, i.e., audio objects for which no residual infoimation is fransmitted
in the SAQC bit stream 212}. The enhanced audio objects (represented by the first audio
object signal 262) and the processed regular audio objects (represented, for example, by
the processed version 272 of the second audio object signal 264) are combined to the

25 output signal 220 for the SAOC decoder mode or to the MPEG surround downmix signal
220 for the SAOC transcoder mode. Detailed descriptions of the processing blocks are
given below,

3. Architecture and functionality of Residual Processor and Eneroy Mode Processor

30
In the following, details regarding a residual processor will be described, which may, for
example, take over the functionality of the object separator 130 of the audio signal decoder
100 or of the residual processor 260 of the audio signal decoder 200. For this purpose,
Figs. 3a and 3b show block schematic diagrams of such a residual processor 300, which
35 may take the place of the object separator 130 or of the residual processor 260. Fig. 3a
shows less details than Fig. 3b, However, the following description applies to the residual

processor 300 according to Fig. 3a and also to the residual processor 380 according to Fig.
3b.



?NEA40 - Accordingly, two signals yL, yR (which are represented by XoBJ) are obtained, which
represent one or two or even more than two regul udio objects X ct_ (Aoals ,1 sdesignhated as non-
15extended audio objects). Also, NEAO signals (rZ%fesented hrepresenting NEAo Ee de enhanced
audio objectévc%é%% &Y. These signals are obtained on the basis of twé%wg@]d'g{fﬁ?ﬁ?ix signals
10,1.0 and NEAO residual signals reso to resNEAO-1, which will be encoded in the SAOC side
information, for example, as a part as the object-related parametric information. 30 WO
2010/149700PCT/EP2010/058906 It should be noted that the signals YL and yR may be equivalent to

the signal 322 aaddiatpiecsignaliya. oA garyaNG Alelve=A®B HBCBoareniBpERsRNEM byhxdEAC) may
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optionaf 10 theebraiiohetahea flinstionitingihativon dedidgsaritiBa Onsuwhrtieat grdancdtiplichtion of the
vector descibjegshertitannae)Sdl ket tbe SAOLgon IRRIxSignS L@ @Re1on moketresidual
signals (res@y.;,LasNEAR kW matixnERlg 4 jsacodicygn e, GRUIR B
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mformation 322 describing one or more other andio objects (for example, non-enhanced

audio objects, for which no residual information is available), wherein the second audio

10 information 322 may ‘qe equivalent to the second audio information 134 or to the second
audio object signal 264.

The residual processor 300 comprises a 1-to-N/2-to-N unit (OTN/TTN unit) 330, which

receives the SAOC downmix signal 310 and which also receives SAOC data and residuals
15 332, The I-to-N/2-to-N unit 330 also provides an enhanced-audio-object signal 334, which

describes the enhanced andio objects (EAQ) contained in the SAOC downmix signal 310.

Also, the 1-to-N/2-to-N umit 330 provides the second audio information 322, The residual

processor 300 also comprises a rendering unit 340, which receives the enhanced-audio-

object signal 334 and a rendering matrix information 342 and provides, on the basis
20 thereof, the first audio information 320.

In the following, the enhanced audio object processing (EAO processing), which is
performed by the residual processor 300, will be described in more detail.

25  3.1.  Introduction into the Operation of the Residual Processor 300

Regarding the functionality of the residual processor 300, it should be noted that the SAOC
technology allows for the individual manipulation of a number of audio objects in terms of
their level amplification/attenuation without significant decrease in the resulting sound

30 quality only in a very limited way. A special “karacke-type” application scenario requires a
total (or almost total) suppression of the specific objects, typically the lead vocal, keeping
the perceptional quality of the background sound scene unharmed.

A typical application case contains up to four enhanced audio objects (EAQ) signals,
35  which can, for example, represent two independent stereo objects (for example, two
independent stereo objects which are prepared to be removed at the side of the decoder).



In the foliowing, the derivation of the enhanced audio object signals 320 (or, alternatively, of the
enhanced audio object signals 334) and of the regular audio object signal 322 will be 20described for
the case in which the SAOC downmix signal 310 cémprises a signal channel only. For mono
downmix moajgszgms?é'.g., a mono downmix on the basis of one regulaFW%ﬂ)?@é?%%annel and
Nag() enhanced-audio-object channels), the (extended) downmix 25 matrix band the CPC matrix C
can be obtained as follows: ? MM NE.,40-1 mo-10 0 in0 NzAo-1 100\ com \.CNEA0-1,0 10 0 31 WO
2010/149708PrEPbe roreb suuctwiterze ned rioadelvarality ondieadl imgdire digtedsbionniycone
coefficient chydeistig the mdiixighaAoneibitielenaenisatareiodinnath-foeexadiplesfter) the SAOC
parameters ({or, Q¥amplg:TOAIACSARNG:I2i:323) foegriing lodheeiRionshirsRIgyided pelow

ion 3.4.1.4)..5 . . . . : .
(section 3 asso%:mted with the (one or more) enhanced audio objects are mixed, by the downmix

5 processing performed by the audio signal encoder, with audio signal contributions of other
audic objects, which are not enhanced audio objects. Also, it should be noted that andio
signal contributions of a plurality of enhanced audio objects are also typically overlapped
or mixed by the downmix processing performed by the audio signal encoder.

0 32 SOAC Architecture Sunporting Enhanced Audio Obijects

In the following, details regarding the residual processor 300 will be described. Enhanced
audio object processing incorporates the 1-to-N or 2-to-N units, depending on the SAOQC
downmix mode, The [-to-N processing unit is dedicated to a mono downmix signal and
15  the 2-to-N processing unit is dedicated to a stereo downmix signal 310. Both these units
represent a generalized and enhanced modification of the 2-t0-2 box (TTT box) known
from ISG/IEC 23003-1:2007. In the encoder, regular and EAQ signals are combined into
the downmix. The OTN/TTN" processing units (which are inverse one-to-N processing
units or inverse 2-to-N processing units) are employed to produce and encode the
20 corresponding residual signals.

The EAO and regular signals are recovered from the downmix 310 by the OTN/TTN units
330 using the SAOC side information and incorporated residual signals. The recovered
EAOQOs (which are described by the enhanced audio object signal 334) are fed into the
25  rendering unit 340 which represents (or provides) the product of the corresponding
rendering matrix (described by the rendering matrix information 342) and the resulting
output of the OTN/TTN unit. The regular audio objects (which are described by the second
audio information 322) are delivered to the SAOC downmix pre-processor, for example,
the SAOC downmix preprocessor 270, for further processing. Figs. 3a and 3b depict the
30 general structure of the residual processor, i.e., the architecture of the residual processor.

The residual processor output signals 320,322 are computed as

XOBJ = Momx

res !

35 X,MO = AEAOMEAOX

res ?



The residual processor output signals are computed as dO X= Nit Prediction ".08.1 'OW reS m 4C10
10X= A SAOAA-Prediction LAOIn- HAG reso 25

WO 2016/149700 PCT/EP2010/058906

where X, represents the downmix signal of the regular audio objects (i.e. non-EAOs)
and X, is the rendered EAO output signal for the SAOC decoding mode or the

corresponding EAO downmix signal for the SAOC transcoding mode.

5  The residual processor can operate in prediction (using residual information) mode or
energy (without residual information) mode. The extended input signal X, is defined

accordingly:

X
£——}, for pediction mode,
X_ =\ res

X, - forenergy mode,

10 Here, X may, for example, represent the one or more channels of the downmix signal
representation 310, which may be transported in the bitstream representing the multi-
channel audio content. res may designate one or more residual signals, which may be
described by the bitstream representing the multi-channel audio content.

15 The OTN/TTN processing is represented by matrix M and EAO processor by matrix

A
fBE40

The OTN/TTN processing matrix M is defined according to the EAQ operation mode (i.e.
prediction or energy) as

Mo cseions  TOF pediction mode,

20 M=
Mpoe»  fOr energy mode.

The OTN/TTN processing matrix M is represented as

where the matrix M, relates to the regular audio objects (i.e. non-EAQs) and M a0 1O

the enhanced audio objects (EAQOs).
25



res The output signal Xow comprises, for example, one channel describing the regular audio objects
(non-enhanced audio objects) . The output signal XEAO comprises, for example, one, two, or even
more channels describing the enhanced audio obje?(ﬁs (preferably NEAO 15channels describing the
enhanced al}ﬁszt%%é?g . Again, said signals are equivalent to the signalspélér@%?ﬂffﬁufs
Calculation of the inverse extended downmix matrix 20 The matrix to-' is the inverse of the extended
dowrunix matrix to and C implies the CPCs. 25The matrix 1)-1 is the inverse of the extended downrnix
matrix 1) anth canmisecoaiodiatatsas820WWiMo20 14 dZ00P G ER2040/058006 NIBEO plements d,1 (for

example, of thgidaveesad of4h e ererdrrlAonsembematrix b of size 6x 6) are derived using the
following values: 1 +in , 4 5d12- -ay?, ,\[11,3 =+ m1n22 + m1ln + mn- 1112111112 - m3nin3 - m4nin4

, 211,4 = M2 M21112 m2n32 m2n42m3n2n3 -m4172174, 211,5 = Ml M31112 m3 n22 m3n42
rnin3n2 m2ri3ASWHAReE! Brekaroupd ORiert (W) inanHS SMARnsteieh SowBdR Shat is

5  part of the SAOC downmix. As opposed to using individual SAOC objects for each
channel in 2 multi-channel signal, an MBO can be used enabling SAOC to more efficiently
handle a multi-channel object. In the MBO case, the SAOC overhead gets lower as the
MBO’s SAOC parameters only are related to the downmix channels rather than all the
upmix channels.

10
3.3 Further Definitions

3.3.1 Dimensionality of Signals and Parameters

15 In the following, the dimensionality of the signals and parameters will be briefly discussed
in order to provide an understanding how often the different calculations are performed.

The audio signals are defined for every time slot n and every hybrid subband (which may
be a frequency subband) k. The corresponding SAOC parameters are defined for each

20  parameter time slot | and processing band m. A Subsequent mapping between the hybrid
and parameter domain is specified by table A.31 ISOAEC 23003-1:2007. Hence, all
calculations are performed with respect to the certain time/band indices and the
corresponding dimensionalities are implied for each introduced variable.

25  However, in the following, the time and frequency band indices will be omitted sometimes
to keep the notation concise.

3.3.2 Calculation of the matrix A,

30
The EAO pre-rendering matrix A, is defined according to the number of output

channels (i.e. mono, stereo or binaural) as

A for mono case,
AEAO = EAQ
A", for other cases.

35
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where the rendering sub-matrix M E0 corresponds to the EAO rendering (and describes a

desired mapping of enhanced audio objects onto channels of the upmix signal
representation).

10

The values w™* are computed in dependence on rendering information associated with the

enhanced audio objects using the corresponding EAQ elements and using the equations of
section 4.2.2.1.

15 In case of binaural rendering the matrix 47° is defined by equations given in section

4.1.2, for which the corresponding target binaural rendering matrix contains only EAO
related elements.

3.4 Calculation of the OTN/TTN FElements in the Residual Mode

20
In the following, it will be discussed how the SAOC downmix signal 310, which typically
comprises one or two audio channels, is mapped onto the enhanced audio object signal
334, which typically comprises one or more enhanced audic object channels, and the
second audio information 322, which typically comprises one or two regular audio object
25  channels.



33 WO 2010/149700PCT/EP2010/058906 The coefficients mj and nj of the extended downmix matrix
b denote the downmix values for every EAO | for the right and left downmix channel as 5 mj =
do,EAo(f), n1 = clLEAOo(j) The elements dw of the &gwnmix matrix D are obtained using the downmix
gain 10 inforhaton DG and the (optional) downmix channel level differe%ﬁﬁ%?ﬂ’t%g%%CLD, which
is included in the SAOC information 332, which is represented, for example, by the object-related
parametric information 110 or the SAOC bitstream information 212. For the stereo downmix case
the dovvnmBmbtritionditginé the NeNelemnts-t, 6838 01dy.j£0, exdhpld, ibeolntalmedriaim the DMG

alnd DCLD parmetersiavector MOlHeMencamnmix«ass thadnmanb st eisizalx N Witfrl]
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from the SAOC downmix 310.

10 To summarize, the OTN/TTN upmix process is presented by either a matrix Mpregiction for a
prediction mode or Megnergy for an energy mode.

The energy based encoding/decoding procedure is designed for non-waveform preserving

coding of the downmix signal. Thus the OTN/TTN upmix matrix for the corresponding
15  energy mode does not rely on specific waveforms, but only describe the relative energy

distribution of the input audio objects, as will be discussed in more detail below.

3.4.1 Prediction mode

20 For the prediction mode the matrix M is defined exploiting the downmix

Prediction

information contained in the matrix D™ and the CPC data from matrix C:

M =D'C.

Prediation

25  With respect to the several SAOC modes, the extended downmix matrix D and CPC
matrix C exhibit the following dimensions and structures:

3.4.1.1 Stereo downmix modes (TTN):

30 For stereo downmix modes (TTN) (for example, for the case of a stereo downmix on the
basis of two regular-audio-object channels and Ngao enhanced-audio-object-channels), the
(extended) downmix matrix Dand the CPC matrix C can be obtained as follows:



In other words, the constrained CPCs are obtained in accordance with the above equations, 5which
may be considered as a constraining algorithm. However, the constrained CPCs may also be derived
from the values "c7, al, using a different limitation gﬁproach (constraining algorithm), or can be set to
be equal to VAN 7%t should be noted, that matrix entries cji (and th}éclgﬁlt]é? njﬁaﬁgﬁauantities on
the basis of 10which the matrix entries cj., are computed) are typically only required if the dowrunix
signal is a stereo dowiunix signal. The CPCs are constrained by the subsequent limiting functions:
NEAO-1 m J.OLD 'n ¢ I,R - E L jfh felirg OI-_DW#HLniE L,R-1571,1-.0 \,7L2 = A0-1/4.90 I\, ninke, ,k /
with the weighting factor Ay determine:d,%s 20 25,!\,9\, y For one specific C1,0 The energy 02\

L

EAG ™
D= m, n, i -1 ... 0 |
Lo :
. ]
My Myt O o 1
1 0 ! 0 .« 0
0 1 10 - 0
. T
C: CD,G COI : 1 4] .
: L :
I
Npgg—1.0 Hap=td | 0 - 1/

5 With a stereo downmix, each EAO j holds two CPCs ¢, and ¢;, yielding matrix C.

The residual processor output signals are computed as

_ Prediction
Koss =My, resy s

10

_ A EAOw g Prediction
Koo =AM, res,

Accordingly, two signals yi, yg (which are represenied by Xops;) are obtained, which
represent one or two or even more than two regular audio objects (also designated as non-

15 extended audio objects). Also, Ngao signals (represented by Xpao) representing Npap
enhanced audio objects are obtained. These signals are obtained on the basis of two SAOC
downmix signals ly,1p and Ngae residual signals resg to resypac.;, which will be encoded in
the SAOC side information, for example, as a part as the objeci-related parametric
information.

20



LoRo channeli J P Ro -P RoCo,j LoRo 0"Ai-1 FAO the unconstrained CPCs are estimated by PP - P.P
RoCodLotato,LoRo PLoPRa EAO0 PP LoCo,j EOPLOPPZ RoLoRa quantitiesPLoPRo

PLoRoPLoCod
WO 2610/149700 PCT/EP2010/058906

It should be noted that the signals y; and yg may be equivalent to the signal 322, and that
the signals yozao to Yngao-1, pao (wWhich are represented by Xpap) may equivalent to the

signals 320.

AEAO AEAO

5 The matrix is a rendering matrix. Entries of the matrix may describe, for
example, a mapping of enhanced audio objects to the channels of the enhanced audio

object signal 334 (Xgap).
Accordingly, an appropriate choice of the matrix A
10 integration of the functionality of the rendering unit 340, such that the multiplication of the

vector describing the channels (Ip,1p) of the SAOC downmix signal 310 and one or more

residual signals (resq,....reSnpao.) With the matrix APOME 5 may directly result in a
EAC

may allow for an optional

representation Xpao of the first audio information 320,

15
3.4.1.2 Mono downmix modes (OTN):

In the following, the derivation of the enhanced audio object signals 320 (or, alternatively,
of the enhanced audio object signals 334) and of the regular audio object signal 322 will be

20 described for the case in which the SAOC downmix signal 310 comprises a signal channel
only.

For mono downmix modes (OTN) (e.g., a mono downmix on the basis of one reguiar-
audio-object channel and Ngao enhanced-audio-obiect channels), the (extended) downmix
25  matrix Dand the CPC matrix C can be obtained as follows:

1 ! i, ¥ =1
. m, | -1 0
])ﬂ _0 | . s
: % 0 :
Neio-1 : 0 -1
i 0 ... 0
e, (1 0
C
c=| Y L
| 0
Crpmio | O 1
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PP LoRoP2 LoRo and PROcodare computed as PLO = OLDL + trik 35 WO
2010/149700PCT/EP2010/058906 NAcrl Neko-1 FLUE==7"et ,p EE mn e J k j,k j=0k=0 0-1 PLoCo,j
= mj OLDL-1-nfeL,R - 77110LD 0 5 Pnj OLDR jeL,iii{- njOLD - Raj -0 The covariance matrix e,, is

defined in théyfaﬁf}Wﬁ’lﬁWéy: The covariance matrix E of size N x N with e[%ﬂé?ﬁ%%qj,{fstggﬂ?esents an
approximation of the original signal

With a mono downmix, one EAQ j is predicted by only one coefficient ¢ . yielding the

matrix C. All matrix elements ¢, are obtained, for example, from the SAOC parameters

(for example, from the SAOC data 322) according to the relationships provided below
{(section 3.4.1.4),

The residual processor output signals are computed as

. Prediction
XO&-’ - MOBJ s

EAQ Prediction

10 Xpo =4 ngom
resy

The output signal Xop; comprises, for example, one channel describing the regular audio

objects (non-enhanced audio objects) . The output signal Xgao comprises, for example,
one, two, or even motre channels describing the enhanced audio objects (preferably Npao

ey
1%,

channels describing the enhanced audic objects). Apain, said signals are equivalent to the
signals 320, 322.

3.4.1.3 Calculation of the inverse extended downmix matrix

20
The matrix D™ is the inverse of the extended downmix matrix D and C implies the
CPCs.

25 Thematrix D7 isthe inverse of the extended downmix matrix I and can be calculated
as



10 covariance matrix E SS' and is obtained from the OLD and 10C parameters as jOLD,OLDIil0C,./
Here, the dequantized object parameters OLD" 10C1ljare obtained, for example, from the 15parametric
side infolmation 110 or from the SAOC bitstream 223. In addition, eL,R may, for example, be obtained
as er"a = \IOPORULBRIBICR,R. 20 The parameters OLDR, OLDR and /0EE FEEEFHELHERY to the
regular (audio) objects and can be derived using the downmix information: 0 OLDR = 1" N NEAO-1
250LDR =d12,,0LD1, i=0,I0CR,R = 10001, N - NEAO - 0,otherwise. 36 WO
2010/149700pi¢ER2s 16/056006umpliehthe dabian il Witaxsudial dojectdignatiixiDeehtrast, only
one commogi%bge)%lja\é%-gm]%%q}syr%%ﬁ Qé.lplwig cgcm%%{ted for the regular audio objects in the case of
a one-channel (mono) downmix sigria FW IC prgfera y implies a one-channel regular audio object
signal). As can be seen, the first (in the case of a two-channel downmix signal) or sole (in the case of a
one-channel downrnjx signal) common object-level-difference value OLDL is obtained by summing
contributionsi‘gf:then dlar audio objects having audio object index (or indices) i to the left channel (or
sole channel) of the . SAOC downmix signal 310. The second common object-level-difference value
OLDR (which is used in the case of a two-channel dovvnmix signal) is obtained by summing the
contributions;of the ular audio objects having the audio object index (or indices) i to the right
channel of thé*SAQ&x Givhix signal 310. 15 The contribution OLDL of the regular audio objects
(having audig objects indices iz10 to,i=1\I-NEAO-1) onto the left channel signal (or sole channel signal)
of the SAOC dowraniZ Lyt & 210 e orfibtifed; ToFExafiié: taking into consideration the dowrunix
gain describifig the,downiegalin appjiedfe ihe regularApgin object-having audio object index 20 i
when obtainifng the Ifft ch%_nnq(%lzéi na} of the SAOC downmix signal 310, and also the object level of
the regular audio rgbje@f’ﬁawrfg"’the {did"Sbfect > whicH '¥&presented by the value OLD,. Similarly,
the commondpbjett, lewahiifferehcenmlverR B -Rris pbtaimeghusing the downmix 25 coefficients d,,,,
describing the downaix gain which is applied to the regular audio object having the audio object index
i Whenlf%rmiﬁgztﬁéJriE_Elt”@hannel signal of the SAOC downmix signal 310, and the level information
OLD, associated withthe regular audio object having the audio object index i.
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30As can be seen, the equations for the calculation of the quantities PLo, PRO, PLoRo, PLoCod and
PRocoj do not distinguish between the individual regular audio objects, but merely make use of the
common object level difference values OLDL, OLD; thereby considering the regular audio objects
(having audid*6bfalYitbites i) as a single audio object. 37 WO 2010/149 AR ERIEIES8Y6/058906 The
covariance matrix eLl (and eL,R) is defined as follows: The covariance matrix E of size N x N with
elements e, represents an approximation of the original signal covariance matrix EzSS4 and is
obtained from the OLD and IOC 5 parameters as 10LROLDJ 10C,.) For example, 10eL,R =
70LD,PLDRIOCL,A, wherein OLDL and OLDR and IOCL,R are computed as described above. Here,
the dequantized object parameters are obtained as OLD, = Dow (i,/,M),.,/Oci = Dioc (I, IC 1 .1 wherein

'DOLD and D8 SRSHHRgifREL oomiriging ol cdaaded drreartapaisntidrasifhe downmix

inter-object-calireddtipevpar @neter So2 Sk maeegydMadeaiknctaardaligwing, another concept will be
describegd, which can be used to separate the extended-audio-object signals 320 and the

regular-audio-object (no -extengeg gudio object) signals 322, and which can be used in combination

~ with a non-wavefori- 2 ‘pfeserving aédio coding of the SAOC downmix charnels 310. In other words,
the energy based encoding/decoding procedure is designed for non- waveform preserving coding of
the downmix signal. Thus the OTN/TTN upmix matrix for the corresponding energy mode does not rely
on specific wayelome Ul only deseriogihe 30ieiants energy diirinution gling Input audio objects
10 information DMG and the (optional) downmix channel leve] different information DCLD,
which is included in the SAOC information 332, which is represented, for example, by the

object-related parametric information 110 or the SAQC bitstream information 212.

For the stereo downmix case the downmix mafrix D of size 2xN with elements 4,
15 (z‘ =0,1; j=0,...,N —1) is obtained from the DMG and DCLD parameters as

JR——
Y i)
10 ‘

1 (OO DMG, | GSDMG 1
%o, =10 \/1_40“-'130?9:- ’ 4, =107 14105154

For the mono downmix case the downmix matrix D of size Ix N with elements d,
20 (i=0;j=0,.,N~1) is obtained from the DMG parameters as

.05 MG
— i
d, ;=10 .

Here, the dequantized downmix parameters DMG; and DCLD; are obtained, for example,
25  from the parametric side information 110 or from the SAOC bitstream 212.

The function EAO(;)} determines mapping between indices of input audio object channels
and EAQO signals;

30 EAO(y=N-~1~7], J=0,.., Ny, -1

3.4.1.4 Calculation of the matrix C

35 Thematrix € implies the CPCs and is derived from the transmitted SAGC parameters
(i.e. the OLDs, I0Cs, DMGs and DCLDs) as



38 WO 2010/149700PCT/EP2010/058906 Also, the concept discussed here, which is designated as
an "energy mode" concept, can be used without transmitting a residual signal information. Again, the
regular audio objects (non-enhanced audio objects§$re treated as a single one-channel or
two-channel ‘é’ﬁh%gi%éﬁé(& having one or two common object-level-differeA¢& FARTEYSEPL, OLD. For
the energy mode the matrix MEnergy is defined exploiting the downmix information and the OLDs, as
will be described in the following. 10 3.4.2.1. Energy Mode for Stereo Downmix Modes (TTN) In case
of a stereo (for example, a stereo downmix on the basis of two regular-audio-object channels and

NEAO enhanced- auddog()biep}g:ham)elos) the matrlcgzs qr_aqq: Mﬁj;}/l are obtained from the
corresponding OLDS accordlng to 15 OLDLO OLD, m 2 OL'D R NEAROLD +11,20LD
mo20LD, NE40-1 2 OWL E me OLD; i=0

In other words, the constrained CPCs are obtained in accordance with the above equations,

5 which may be considered as a constraining algorithm. However, the constrained CPCs may
also be derived from the values ¢, , ¢, using a different limitation approach (constraining

algorithm), or can be set to be equal to the values ¢, ), ¢

It should be noted, that matrix entries ¢;; (and the intermediate quantities on the basis of
10 which the matrix entries ¢;; are computed) are typically only required if the downmix
signal is a stereo downmix signal.

The CPCs are constrained by the subsequent limiting functions:

Ngsn-1 Npgo=1
mOLD, +ne, ,~ Z me, , n,OLD, +me; ,— z ne,,
j=() - =0
15 Vi = Npan =l Negp=1 : Via Neag =1 Mgt ’
2[0@,: + 3> m,.mketh 2(OLDR + > > n,.nke,.,c)
=0 =0 7= k=0 '
with the weighting factor 1 determined as
8
/1 — ‘PLZDRD .
PLDPR(J
20

For one specific EAQ channel j=0...N,,, -1 the unconstrained CPCs are estimated by

P

-~  _ “LeCo,f

P

LoRa

PRn - PRnCn.j}::',oRo ~ PRGCO jP P

LaCo,j

) C,
FAY 2 * FA 2
. PLOPRO_ PLoRa BLoPRo PLoRo

25  Theenergy quantities P, Py, FPp» Poe; and B, are computed as

Mpio=1 Ny -1
P, =OLD + 3 i e >

J=t =l

Neag— Npag =
F,,=0LD, + z Z nme .,

J=0 k=0



m2 O NELDAONEAO-1 Ar OAO0-1 OLD L +mOLD1 =0  The residual processor output signals are
computed as 39 WO 2010/149700PCT/EP2010/058906 10\ X =MEB"EY OWOW //\ yA EAOmEnergy
0 N'EAOEA o 35
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WO 2010/149700 PCT/EP2616/058906
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0 k=0
Neao-l
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f=0
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Ngg=1
Pracoy =1,0LDp +me, . —n,OLD, — > ne, .
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f f
The covariance matrix ¢, is defined in the following way: The covariance matrix E of

size NxN with elements ¢ ; represents an approximation of the original signal

covariance matrix E~8S" and is obtained from the OLD and IOC parameters as
¢,, =~JOLD,OLD,IOC, ,.

Here, the dequantized object parameters OLD;, [OC;; are obtained, for example, from the
parametric side information 110 or from the SAOC bitstream 212.

In addition, ey g may, for example, be obtained as
e, , =+OLD,OLD,10C,,.

The parameters OLD,, OLD, and IOC, , correspond to the regular (audio) objects

and can be derived using the downmix information:

NeNgio=t

OLD, = > di0LD,
i=0
N=Ngio~1

OLD,= Y, dlOLD,,
=0 ’

I0C,,, N-Ngp=2,

0, otherwise.

I0C, , = {

As can be seen, two common object-level-different values OLDy and OLDg are computed
for the regular audio objects in the case of a stereo downmix signal (which preferably



5The signals yL, yR, which are represented by the signal XDB'.1, describe the regular audio objects
(and may be equivalent to the signal 322) , and the signals YCLEAO to YNEAO- | ,EAO, which are
described by the siic)mal XEAO, describe the enhanééd audio objects (and n(lca_lg/gbe equivalent to the

signal 334 ortQ g&

Ql‘ffﬂgﬁ 320). 10If a mono upmix signal is desired for th&

B281%4" 480 downmix

signal, a 2-to-1 processing may be performed, for example, by the pre-processor 270 on the basis of
the two-channel signal XoB;j. 15 3.4.2.2. Energy Mode for Mono Downmix Modes (ON) For the mono
case (for examybles a tworbalonineixlanathiobagisofignd)rdgulantiasdiomdpject channel arecNEAP

enhanced-a
OLDs accor

udig-afieriehanretn)tihe mathces Wr andMEES ﬁ{&&@ﬁ;&@%@ﬁr@@m geyesponding
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object signal}.

As can be seen, the first (in the case of a two-channel downmix signal) or sole (in the case
of a one~channel downmix signal} common object-level-difference value QLD is obtained
by summing contributions of the regular audio objects having audio object index (or
indices} i to the left channel (or sole channel) of the SAOC downmix signal 310.

The second common object-level-difference value OLDyr (which is used in the case of a
two-channel downmix signal) is obtained by summing the coniributions of the regular
audio objects having the audio object index (or indices) i to the right channel of the SAQOC
downmix signal 310,

The contribution OLDy of the regular andio objects (having audio objects indices i=0 to
i=N-Ngap-1) onto the left channel signal {(or sole channel signal) of the SAOC downmix
signal 710 is computed, for example, taking into consideration the downmix gain do;,
describing the downmix gain applied to the regular audio object’having audio object index
i when obtaining the left channel signal of the SAQOC downmix signal 310, and also the
object level of the regular audio object having the audio object i, which is represented by
the value OLD;.

Similarly, the common object level difference value OLDy is obtained using the downmix
coefficients d, ;, describing the downmix gain which is applied to the regular audio object
having the audio object index i when forming the right channel signal of the SAOC
downmix signal 310, and the level information OLDi associated with the regular audio
object having the audio object index i.

As can be seen, the equations for the calculation of the quantities Prq, Pros Proros Proco ;s and
Procoj do not distinguish between the individual regular audio objects, but merely make
use of the common object level difference values OLDy, OLDy, thereby considering the
regular audio objects (having audio object indices i) as a single audio object.

Also, the inter-object-correlation value IOCyg, which is associated with the regular audio
objects, is set to O unless there are two regular audio objects.

In2 OLD
as 40



WO 2010/149700PCT/EP2010/058906 Xosi mr,gY y EAO = AE inEEnZgY (d0) 5 A single
regular-audio-object channel 322 (represented by 'Cow) and NEAO enhanced- audio-object channels
320 (represented by XEAOQ) can be obtained by apﬁlgfing the matrices moDry and M Err to a
representatio‘ﬁ%?‘géfﬁ§1gochannel SAOC dowrunix signal 310 10(represehtet HRM4185. If a
two-channel (stereo) upmix signal is desired for the case of a one-channel (mono) downmix signal, a
1-to-2 processing may be performed, for example, by the pre-processor 270 on the basis of the
one-channelligoal3Enmn nkbd Archiie eiue atdiopesatioinoelisthe SAOC Downrnix Pre-Processor  In
the following, the operation of the SAOC downmix-pre-processor 270 will be described 20 both for

some decoding BaegRsmef AReRatianRtb IOk SOME HABSRAIRG, mQQ&ésgﬁﬁ%ﬁ@ﬁgwxf}n%{?&e@tion in the
gan

Decoding Modes 4.1.1 Introduction 25 In the following, a methdd for obtainin output signal using

SAOC pararthéteFEHIH parming Tareneamortior Fertieritnglinforhizition ) frasodiatod With 46K audio
object is$ degeiheeierkhe SAOC decoder 495 is depicted in Fig. 4g and consists of the SAOC
parameter processor 496 and the downmix processor 497. 30 It should be noted that the SAOC
decoder 494 may Iz, us@@@ﬂbpm_}he regular audio objects, and may therefore receive, as the
downmix signal 497a, the second audio object signal 264 or the regular-audio-object signal 322 or the
second audio information 134. Accordingly, the downmix processor 497 may provide, as its output
signals 497D, the 35processed version 272 of the second audio object signal 264 or the processed
version 1426_ofrthe second audio information 134. Accordingly, the downmix processor 497 may take
41 WO 201048 70BPCT/EP2010/058906 the role of the SAOC downrnix pre-processor 270, or the
role of the audio signal processor 140. The SAOC parameter processor 496 may take the role of the
SAOC parameter processor 5252 and consequently provides downmix information 496a.

10 ¢, » =JOLD,0OLD, IOC, ,,

wherein OLDy, and OLDg and 10C » are computed as described above.

Here, the dequantized object parameters are obtained as

OLD, =Dy, (i,I,m), I0C, , =Dy (i, j,l,m),

[y
wn

wherein Dovp and Dioc are matrices comprising objects-level-difference parameters and
inter-object-correlation parameters,

20 3.4.2. Energy Mode

In the following, another concept will be described, which can be used to separate the

extended-audic-object signals 320 and the regular-audio-object (non-extended audio

object) signals 322, and which can be used in combination with a non-waveform-
25  preserving audio coding of the SAOC downmix channels 310.

In other words, the energy based encoding/decoding procedure is designed for non-

waveform preserving coding of the downmix signal. Thus the OTN/TTN upmix matrix for

the corresponding energy mode does not rely on specific waveforms, but only describe the
30 relative energy distribution of the input audio objects.



4.1.2 Downmix Processor 10In the following, the downmix processor, which is part of the audio signal
processor 140, and which is designated as a "SAOC downmix pre-processor” 270 in the embodiment
of Fig. 2, and which is designated with 497 in the s®oc decoder 495, will be described in more detail,
15For the deBSUEFEaE ! the saoC system, the output signal 142, 272 PAGAT SHHE R vnmix
processor (represented in the hybrid QMF domain) is fed into the corresponding synthesis filterbank
(not shown in Figs. | and 2) as described in ISO/IEC 23003-1: 2007 yielding the final output PCM
signal. Nevertheless, the output signal 142, 272, 497b of the downmix processor is typically combined

with k§>_net9r MRS @@@&%ﬂ@&ﬁé’s@fd %@%},&Q&ﬁ@ﬁﬁ@%@ﬂ%ﬁﬁéﬁ%@ﬂh@ﬁth : %ﬁ‘é&%&’&ﬂg%&%‘ﬁr 5 e e
combination may. rform efore the corresponding synthesis filterbank. (such, a combine
signal comblur?%r? g‘ﬁ%%%t@ﬁsé%ﬁg_gd%\f\?ﬁ%ﬁ?ﬁ%ﬂ 8@5%% F %%ﬂ%jy e /g%%l%rtf%&eeg&%rn3?glr°e§#é%°é?1ting the
enhanced a(fiB-eBjaded ROl ) ststHEaiskiRe b SMgARBrRAGIER), InAVERTRDaTESGRalisF the
downmik prebgssbryiegydoe eombicmdmvithobjretdevaedeTatmic: sighadOEPreSding the enhanced 25
audio objects only after the synthesis filterbank processing. Accordingly, the upmix signal
representalief 20 <253 MARARIHEAQIE_SomanRERISIANANAL Ak Lomaln rRresentation
(or any other appropriaté representation). Th& ownmix processingincorporates, for example, the
mono procegsihige thbRiere avplbealssimipeia, tiferéajlivddg the subsequent binaural processing. 30 The
output signal k of the downmix processor 270, 497 (also designated with 142, 272, 497b) is computed
from theymopq dawinmix.sigpal %{gﬁgegﬁgmymygwm, 497a) and the decorrelated mono
downmix signal X, as 35= GX P2X, The decorrelated mono OPownmix signal X, is computed as 42 WO
2010/149700PCT/EP2010/058906 Xd decorrFunc(X) The decorrelated signals X, are created from
the decorrellii¢atectifett i ISGHEG 5286654 RToMisulrcthebess. 6fvwRokawinegtdis-sbiveme, the
bsDecorrCostfprets Guod higu rationskeulidihe hjsecvitheisi abo melatarsindEX X =B MEESTaing to Table
A.26 to Tabl [ IEC 23003712 Hence, the decorrFunc( ) denotes the decorrelation
process; 10)% %jﬁ@g(%é&%ﬁ: %%%YS% a%ic |%9ﬂ75>|3<3?°é’é%8ﬁﬁ’unc((o OP, X) In case of binaural output the
upmix b%\rameters G and P2 derived from the SAOC data, rendering information 114),:" and HRTF
parameters are applied to the downrflkZignal X (and X, ) yielding the bihaural output , see Fig. 2,
reference numeral 270, wh {FO%]BL%F%I%?SC%TB;[UW of the downmix prog¢essor is shown.

M =
0 [ OLD,
Nigaa -1
\jOLDR + Y n'OLD,
=0
| m2OLD, [ n2OLD,
Negg i Nego -1
\/ OLD,+ Y. mlOLD, \/owR + ¥ nOLD,
=0 i=0
M =

| m}, LOLD,

Fa0 !

2
My, OLDy

Negg—i Negg =t
\}owﬁ >, mOLD, \OLD,+ ) wOLD,

im0 i=0

20

The residual processor output signals are computed as
25



The target binaural rendering matrix en of size 2 x N consists of the elements crxi:my . Each element a
.1 7 is derived from HRTF parameters and rendering matrix Ml: with elements m yi , for example, by
the SAOC parameterfrocessor. The target binaural endering matrix el A ZAJAL." represents the
relation betwgéwgﬂpﬁu%ﬂ@input objects y and the desired binaural output. PCIERHAYS parameters
are given by H7,1, , JCR and 07 for each processing band tn. The spatial positions for which HRTF
parameters are available are characterized by the index 1. These parameters are described in
ISO/IEC 23003-}:2007 4.1, 2/1 Dverview 30 In the following, an overview over the downmix
processing will bé&Yiven téki g reference to Figs. 4a and 4b, which show a block representation of the
dowrunix processing, which may he-performed by the audio signal processor 140 or by the
combination of mg§A@€0Nﬁgwaj:10/1497ooPCT/EPZO10/058906 parameter processor 252 and
the SAOC downmix pre-processaf:270, or by the combination of the SAOC parameter processor 496
and the downmix processor 497. Taking reference now to Fig. 4a, the downmix processing receives a
rendering matrix M, 5 an object level difference information OLD, an inter-object-correlation
information 10C, a downmix gain information DMG and (optionally) a downinix channel level difference

information DEELEEMPHeYdoTmuNKSY dE semerarieldec dheimgne Piger desptitinshs readaringdinatrix A on
the basis of thiz¢sndedingambérsgMyibmexamhpleigsiriy2) paraimbies adilisier and al:io-Adnapping.

Also, entries, of 4, covatantr MR gre oBlainads I pleprnARaGS./L.90.61 NIS2ReeidSus) difference
information OLD n%thwter-o §%t correplgtlon T]gggﬁ]atlon IOC, for example, as discussed above.

Similarly, en FELDFY Bt Dars S5t h dependence on the dowrunix gain information
DMG and the downmix channel level difference information DCLD. 15Entries f of a desired covariance

matrix Foareldhtaived inpepeasigence dasihel résrderngsaainn Aand heeovaridass,maito{ Also, a

scalar valuep\faée@stf@%@%ieedﬁa??&gﬁe%p@ggﬁ;ﬁgyafﬁg@é@ﬁ%g&%@h&%m% Gaaiix D (orin

dependence Ocl;l_é e e&tgiies reof). 20Gain values P for two channels are obtained in
dependence 0n entries of the d&&ired

15 3.42.2. Energy Mode for Mono Downmix Modes (OTN)

For the mono case (for example, a mono downmix on the basis of one regular-audio-object

channel and Ngao enhanced-audio-object channels), the matrices M25® and MZo® are

obtained from the corresponding OLDs according to

g
<

OLD,
Ngao =1

OLD,+ Y m?OLD,

J=0

Energy __
M. " =

m2OLD,

Ngsp -l
OLD, + > mlOLD,
i=0

Energy _
MEAO -

| m LOLD,

£1p~1

Nggo-1
\j OLD,+ ). m?OLD,

i=

The residual processor output signals are computed as
25



covariance matrix F and the scalar value v. Also, an inter-channel phase difference value we is
obtained in dependence entries f of the desired covariance matrix F. A rotatinn angle a is also
obtained in dependence on entries f of the desired &variance matrix F, taking into consideration, for
example, a c%ﬁs%glrﬁ”é‘.gmoaddition, a second rotation angle fi is obtained, %%1?&? %ﬁ?ﬁ?@?in
dependence on the channel gains PL, PR and the first rotation angle a. Entries of a matrix G are
obtained, for example, in dependence on the two channel gain values PL,PR and also in dependence
on the inter-chaxgglpmgég’c(iﬁg}ence (fic and, optionally, the rotation angles a, p. Similarly, entries of a
matrix P2 are determined in dependence on some or all of said values PL, PR, cPe, a, I. 30 In the
following, it will be described how the matrix G and/or P2 (or the entries thereof), which may be applied
by the dowrunix’%moc‘é&or Ad?s@n sed above, can be obtained for different processing modes. 44
WO 2010/149700PCT/EP2010/058906 In the following, a processing mode will be discussed in which
the reguylar audio objects are represented by a single channel downmix signal 134, 264, 322, 497a and
in which a binaural rendering is desired. The upmix parameters GLin and P2!"" are computed as 1 in
expcos (ei'm + aim) 2 \ expcos(flt 'm) 2 Pj: exp 2 701'm \ pimp -jsin (61'1" - aim) 2 The gains PL' and
PR’ for the gftinglgighitartpudiohstiog|Siaitmel BIThadesisace WATRRCE MAN I @hsize®x 2 with
elementsis Q{Ycﬁﬂ-gﬁj ect channels 320 (represented by Xgao) can be obtained by applying the matrices

M5 and M7 to a representation of a single channel SAQC downmix signal 310

10 (represented here by dy).

If a two-channel (stereo) upmix signal is desired for the case of a one-channel (mono)
downmix signal, a 1-to-2 processing may be performed, for example, by the pre-processor
270 on the basis of the one-channel signal Xqp;.

15

4. Architecture and operation of the SAOC Downmix Pre-Processor

In the following, the operation of the SAOC downmix pre-processor 270 will be described
20 both for some decoding modes of operation and for some transcoding modes of operation.

4.1 Operation in the Decoding Modes

4,1.1 Introduction

25
In the following, a method for obtaining an output signal using SAOC parameters and
panning information (or rendering information) associated with each audio object is
described. The SAOC decoder 495 is depicted in Fig. 4g and consists of the SAOC
parameter processor 496 and the downmix processor 497.

30

It should be noted that the SAOC decoder 494 may be used to process the regular audio
objects, and may therefore receive, as the downmix signal 497a, the second audio object
signal 264 or the regular-audio-object signal 322 or the second audio information 134.
Accordingly, the downmix processor 497 may provide, as its output signals 497b, the
35  processed version 272 of the second audio object signal 264 or the processed version 142
of the second audio information 134. Accordingly, the downmix processor 497 may take



= ATmEtrn (km )* . The scalar v!" is computed as = Dig' (DE +s2. The inter channel phase difference
gl™ is given as 15 0, 0<m<11, otherwise. pic:m 0.6,  The inter channel coherence pc: is computed

as p/rn_-min Imaxcr.mcrme2V1,1J2,2 45 W 2010/149700PCT/EP2010/058906
— WO 2016/149700 PCT/EP2010/058906

the role of the SAOC downmix pre-processor 270, or the role of the audio signal processor
140,

The SAOC parameter processor 496 may take the role of the SAOC parameter processor
5 252 and consequently provides downmix information 496a.

4,1.2 Downmix Processor

10 In the following, the downmix processor, which is part of the audio signal processor 140,
and which is designated as a “SAQOC downmix pre-processor” 270 in the embodiment of
Fig. 2, and which is designated with 497 in the SAOC decoder 495, will be described in
more detail,

15 For the decoder mode of the SAOC system, the output signal 142, 272, 497b of the
downmix processor (represented in the hybrid QMF domain) is fed into the corresponding
synthesis filterbank (not shown in Figs. I and 2) as described in ISO/IEC 23003-1: 2007
yielding the final output PCM signal. Nevertheless, the output signal 142, 272, 497b of the
downmix processor is typically combined with one or more audio signals 132, 262

20 representing the enhanced audio objects. This combination may be performed before the
corresponding synthesis filterbank (such that a combined signal combining the output of
the downmix processor and the one or more signals representing the enhanced audio
objects is input to the synthesis filterbank). Alternatively, the output signal of the downmix
processor may be combined with one or more audio signals representing the enhanced

25 audio objects only after the synthesis filterbank processing. Accordingly, the upmix signal
representation 120, 220 may be either a QMF domain representation or a PCM domain
representation (or anmy other appropriate representation). The downmix processing
incorporates, for example, the mono processing, the stereo processing and, if required, the
subsequent binaural processing.

30
The output signal X of the downmix processor 270, 497 (also designated with 142, 272,
497b) is computed from the mono downmix signal X (also designated with 134, 264,
497a} and the decorrelated mono downmix signal X, as

35 X=GX+PX,.

The decorrelated mono downmix signal X, is computed as



The rotation angles czi'm and )31.1" are given as  pl,m\ = arctan tan (al') plm +p+ 65 4.1.2.3
Mono-to-Stereo "x-1-2" Processing Mode In the following, a processing mode will be described in
which the regular audio objects are represented by‘% single-channel signal 134, 264, 222, and in which
a stereo ren ﬂﬁ&]f'élﬂfﬁgsired. In case of stereo output the "x-1-b" proceggmﬁPﬁfgﬂ/gséﬁ?? be applied
without using HRTF information. This can be done by deriving all elements ax™',"; of the rendering
matrix A, yielding: 15a1,111,1,a2'\y -= ri7Rf m'm 4.1.2.4 Mono-to-Mono "x-1-1" Processing Mode 20In
the following, a processing mode will be described in which the regular audio objects are represented
by a signal channeklgx%,eczo%mggré( 97a and in which a two-channel rendering of the regular audio
objects is desired. " In case of mofio output the "x-1-2" processing mode can be applied with the
following 25entries: Im1m =V n MC",yCi2ly 4.1.2.5 Stereo-to-binaural "x-2-b" processing mode 46

‘The decorrelated signals X, are created from the decorrelator described in ISO/IEC

5 23003-1:2007, subclause 6.6.2. Following this scheme, the bsDecorrConfig ==

configuration should be used with a decorrelator index, X =8, according to Table A.26 to
Table A.29 in ISO/IEC 23003-1:2007. Hence, the decorrFunc( ) denotes the decorrelation

process:

0 %, - (xw J _ [decorrpunc((l o)nx)]‘

Xoy decorrFunc ((O I)EX)

In case of binaural output the upmix parameters G and P, derived from the SAOC data,
rendering information M.” and HRTF parameters are applied to the downmix signal X
(and X,) yielding the binaural output X, see Fig, 2, reference numeral 270, where the

I5  basic structure of the downmix processor is shown.

The target binaural rendering matrix A of size 2x N consists of the elements aiﬁ . Each

element a'” is derived from HRTF parameters and rendering matrix M"” with elements

£y Ten
{m

m,7 , for example, by the SAOC parameter processor. The target binaural rendering matrix

Alm

A" represents the relation between all audio input objects y and the desired binaural

b2
<>

output,

Niggp -1

m M el - ¢m ) ” Mgyt W m : ¢Em
aj,:, = Z mjuhral, eXP(J "5") : ai',z = m}fu.’ Hy exp| —j “i“” .

=0 i=0

25  The HRTF parameters are given by H/,, H, and ¢" for eack processing band m. The

spatial positions for which HRTF parameters are available are characterized by the index
i . These parameters are described in ISO/IEC 23003-1:2007.

4.1.2.1 Overview

30
In the following, an overview over the downmix processing will be given taking reference
to Figs. 4a and 4b, which show a biock representation of the downmix processing, which
may be performed by the audio signal processor 140 or by the combination of the SAQC



WO 2010/149700PCT/EP2010/058906 In the following, a processing mode will be described in which
regular audio objects are represented by a two-channel signal 134, 264, 322, 497a, and in which a
binaural rendering of the regular audio objects is desired. 5The upmix parameters Gl and P 21' "l are
computed as” a%%‘ 1@9'7,0)9 PP expjPje'e 2 The corresponding gainspﬁﬁ‘gﬁwafﬁﬂ%i'm , PRI'm
for the left and right output channels 10are The desired covariance matrix r." of size 2x 2 with
elementsis given as = ALIT?" (Al 15The covariance matrix e- of size 2x 2 with elements c¢,417" of the
"dry" binauraksigetdrisrastiensied2ag =w) ok )SaiiTe dbv M 2010{14S280P CTVERR04.0/@H8906 The

correspondingssalaIsRBHHEE AR GHARHSH A6 RRU08 MR- aRkkbi? holdiQhi452)EL. " (Dij +Di
The dovmmix matrix D1of size Ix N with elements di' can be found as
Taking reference now to Fig. 4a, the downmix processing receives a rendering matrix M,
5 an object level difference information OLD, an inter-object-correlation information I0OC, a
downmix gain information DMG and (optionally) a downmix channel level difference
information DCLD. The downmix processing 400 according to Fig. 4a obtains a rendering
matrix A on the basis of the rendering matrix M, for example, using a parameter adjuster
and a M-to-A mapping. Also, entries of a covariance matrix E are obtained in dependence
10 on the object level difference information OLD and the inter-object correlation information
IOC, for example, as discussed above. Similarly, entries of a downmix matrix D are
obtained in dependence on the downmix gain information DMG and the downmix channel
level difference information DCLD.

15 Entries f of a desired covariance matrix F are obtained in dependence on the rendering
matrix A and the covariance matrix E. Also, a scalar value v is obtained in dependence on
the covariance matrix E and the downmix matrix D (or in dependence on the entries
thereof).

20 Gain values Py, Pr for two channels are obtained in dependence on entries of the desired
covariance matrix F and the scalar value v. Also, an inter-channel phase difference value
@c is obtained in dependence entries f of the desired covariance matrix F. A rotation angle.
a. 15 also obtained in dependence on entries f of the desired covariance matrix F, taking into
consideration, for example, a constant c. In addition, a second rotation angle B is obtained,

. 25 for example, in dependence on the channel gains Py, Pr and the first rotation angle .

Entries of a matrix & are obtained, for example, in dependence on the two channel gain
values Py,Pr and also in dependence on the inter-channel phase difference ¢c and,
optionally, the rotation angles o, B. Similarly, entries of a matrix P; are determined in
dependence on some or all of said values Pr, P, 0o, o, B.

30
In the foliowing, it will be described how the matrix G and/or P, (or the entries thereof),
which may be applied by the downmix processor as discussed above, can be obtained for
different processing modes,

35 4.1.2.2 Mono to Binaura] “x-1-b” Processing Mode




DCLa d100 0513kIGf 10 1 d ,2 =100 05DMG; 5The stereo dowrunix matrix 11,1 of size 2 x N with
elements cl, can be found as Idtl,s The matrix EL™ with elements e,1:7 are derived from the following

relationship 10 The inter channel 01" = The IC&% ' = m The rotation an%les Iml.Jand .rdxare
given as >0.8VFPBEHRIFLs 1,2 PUT/EP2016/058906

In the following, a processing mode will be discussed in which the regular audio objects
are represented by a single channel downmix signal 134, 264, 322, 497a and in which a
binaural rendering is desired.

-5 The upmix parameters G"™ and P/” are computed as

{,m

P exp(j-—%—)cos(ﬁ""’ + o )

Gl,m -
L. !
P exp[uj ‘; }cos(ﬁ"’” —-cx’:"”)
¢f,m A
B exp(jC—Jsin(ﬁ"”’ +a””’)
i 2
P, =

Im

P exp(-j c2 Jsin(ﬂ""’—a”’”)

The gains P and P,™ for the left and right output channels are

IR 1.m
im 11 2 L _ 22 .2
PL = fmax —V—I;?— £ |, PR = |max F ET .

10 The desired covariance matrix F” of size 2x 2 with elements /7" is given as

*

F'm = AME" (A7)
The scalar v is computed as

V" =DE (D) 462,
The inter channel phase difference ¢:" is given as

15 tm Z{arg(‘fl‘fi’lm)i OS m SIL pé,m 206,

e .
! 0 otherwise,
L »

The inter channel coherence pL" is computed as

i
Jmax (i fir %)

fm __ 1
pp = min 10




-arg(f11.;.x), phase differences o, 1ff: icley 4' are computed +dii2  (41' 0<m<11, otherwise. as
jmax(f 1:12E; >sz) ai'm and /3are given Vmax (chi‘@a 62)j

WG 2010/149780 PCT/EP2016/058506

The rotation angles & and A" are given as

%arccos(p{g“ cos(arg(ﬁf’z”' ))), 0<msgll, pi" <06,

Lm _

1 !
—arccos|{ o ), otherwise,
5 (pc )

ﬁ"*’” ﬂafctan[tan(a!,m) P}é"” __R;',m }

Py P4 g

5

4.1.2.3 Mono-to-Stereo “x-1-2" Processing Mode
In the following, a processing mode will be described in which the regular audio objects
are represented by a single-channel signal 134, 264, 222, and in which a stereo rendering is

10 desired.
In case of stereo output the "x-1-b" processing mode can be applied without using HRTF
information. This can be done by deriving all elements ai’,’; of the rendering matrix A,
yielding:

15 al =my,, ayy =my .

4.1.2.4 Mono-to-Mono “x-1-1" Processing Mode

20 In the following, a processing mode will be described in which the regular audio objects
are represented by a signal channel 134, 264, 322, 497a and in which a two-channel
rendering of the regular audio objects is desired.

In case of mono output the "x-1-2" processing mode can be applied with the following
25  entries:

]

CIU

o ol {m _
ey G, = 0

4.1.2.5 Stereo-to-binaural “x-2-b” nrocessing mode
30




\1,12,2 151 -(arecos(pri'm ) - arccos (pibm)), 2 = arctan t (ai'm 4.1.2.6 Stereo-to-stereo "x-2-2"
processing mode In the following, a processing mode will be described in which the regular audio
objects are described by a two-channel (stereo) sig‘Hsal 134, 264, 322, 497a and in which a 2-
20channel (s%?e%’)‘%f‘gg?ing is desired. In case of stereo output, the steré’&ﬂ%%&?% is directly
applied, which will be described below in Section 4.2.2.3. 48 WO 2010/149700PCT/EP2010/058906
In the following, a processing mode will be described in which the regular audio objects are
representedibytia tivlectiagnebistesemp sigriel 134 h2 645322149 Rehiahdegutshiohin obeabarnel (mono)
rendering is dgsiteste® b £256-QfMANQIRMIPYI4ING £EF80BIRPEAGSSSINEIS.ARRYGY Wil gisingle active
rendering mg}ralﬁcerr%%}i agug%sggltggg iks) ow in Section 4.2.2.3. 4.1.2.8 Conclusion 10 Taking reference
again to Figs. 4a'a , a processing 48 Deen described which can be applied to a 1-channel or a
two-channel signal 134, 264, 322, 497a representing the regular audio objects subsequent to a
separation between; &%@@@@;&ut&@q@e% @gﬁilf;{}@g%gular audio objects. Figs. 4a and 4b
illustrate the processing, wherein the procéssing of 15Figs. 4a and 4b differs in that an optional
parameter adjustment is introduced in different stages of the processing. 4.2. Operation in the

transcoding mode '

{m 1 Im,2
pi exp(j ¢2 Jcos(ﬁf’"’ +a!"”) pim? exp(j ¢ 5 }cos(ﬁ""’ +a"”‘)

Gl,m .

4

¢I,m,] N

J cos(ﬁ"’" - ) P exp-[—-j ¢I;n,2 J cos (/3’”'” —a" )

im
P,_””’ exp[j e (;1’2 ))sin(ﬂf”” +cx"’")

Im _
P =

Im

P exp[—jmmmmarg(;'z ))sin(ﬁ””’ waj’”’)

The corresponding gains P,™, Py™ and P, Py™ for the left and right output channels

fmx
2,2
max T ? 52 5

10 are

dmx
lamx _ f;,l 2) nlmx _
P —A/max(ww g |, B =

imx ? ) ‘V

The desired covariance matrix F*™" of size 2x2 with elements £

v

is given as

*
i

F!,m.x " AJ,mEI,m,x (Aim)

15 The covariance matrix C*" of size 2x 2 with elements c.”7 of the “dry” binaural signal is
estimated as
Ci,m = él,mDIEi,m (D.’). (é:’,m)* ,

where

I Im} fm2
P;.m,l 31’{po ¢ > } PL.',m,z exp[j ?’5 5 )

Lm} tmaN g
P’é,m.l eXP("‘j ¢2 } P;,m,l exp[—j ¢ 5 J

Gl,m —




20 4.2.1 Introduction In the following, a method for combining SAOC parameters and panning
information (or rendering information) associated with each audio object (or, preferably, with each
regular 25audig object% in a standard compliant MPEG surround bitstream (MPS bitstream) is
explained. TREOSRBE A hscoder 490 is depicted in Fig. 4f and consists of ?i’%?&@&foﬁ%?ﬂgmeter
processor 491 and a downmix processor 492 applied for a stereo downmix. The SAOC transcoder 490
may, for example, take over the functionality of the audio signal processor 140. Alternatively, the
SAOC transEbelepugpendipgakelover tHeafunetiomaliympithe SAOC dowrunix pre-processor 270 when

taken in combinatiommwi_'[jlpm SAQG. parametef processor %{OX example, the SAOC parameter
processor 491 may recéive 3}1 O& bitstredm 7413, |é§1 IS RJJ' a{mf)’ the object-related

parametric information.110 rt\lke_xs OC hitstream 212. Also,,the SAOC parameter processor 491 may
i e Ry R S i

receive aren 8rlﬁg matrix 48 1 %5561670%%@ ffiation 491b, which may be

included in the object-related pgrapaetie information 110, or whi equivalent to the rendering
matrix information 214 mﬁnéygﬁ%;;;eter procdé%eﬁ@@f”ﬁ]é -provide downmix processing
information 491c to the downmix Jf)lroceséor 492, which may be juiValent to the information 240.
Moreovér, tHaiSAGES Bopanaimesatpr AEasEord 9% MayiprovidenandVIREGHs sipidng bitstream (or MPEG
surround parameter bitstream) 491d, which comprises a parametric surround information which is
compatible with theyMPEG surround standard. The MPEG surround bitstream 491d may, for example,
be part of the processed version 142 of the second audio information, or may, for example be part of

or take the pifee,aLibaMP 2bileleAM-222- L TNA ARMAMIGRTIRIAL Adais.sagiaured o recelve a

downmix signal 492a, which is preferably"a one-channel downmix signal or a two-channel downmix
signal, and which is preferably equivalent to the second audio information 134, or to the second audio
object signal 264, 32}@“ J&jfefd%&a@jif 0 492 may also provide an MPEG surround 15 downmix
signal 492b, which is equiv Iéhtf“t@’}'z ﬁélrtéﬁ he processed version 142 of the second audio
information 134, or equivalent to (or part of) the processed version 272 of the second audio object
signal 264. Thiaweveliztherelase differartwgysaat gbrbiring the MPEG surround downmix signal
492b 20 with the enhanced audio object signal 132, 262. The combination may be performed in the
MPEG surround domain. AgﬁmatWelyglgw/_@M@r, the,MR5& surround representation, comprising the
MPEG'8urround pdramater bi&étream 491d.and the MPEG surround dowrunix signal 492b, of the 25
regular audio objects may be converted back to a multi-channel time domain representation or a
multi-channel frequency domain, representation (individually representing different audio channels) by
an MPEG sﬁﬁ?Sﬁ%gsdé(’:’go&B?fﬁ% %\%W&E?Sosaéquently combined with the enhanced audio object
signals. 30 It should be noted that the transcoding modes ¢ mprisrip” th oneor more mono downmix
processing modes gnd.qpg|or morg'stL:-reo diprnixgprgmm sing mBdes. However, in the following only
the stereo downmix proces id@;m@qle ]g((jll.&iE} d scriBed, bec{e @;(lagﬂggrp,@e s%g of the regular audio
object signals is more elaborate in the stereo dowrunix processing mode. 35

The rotation angles «”" and '™ are given as

o™ = é-(arcces(p,j:m ) - TCCOS (p’C"’ )) , B = arctan [tan(ai"")MJ

)
15

4.1.2.6 Sterep-to-stereo “x-2-2” nrocessing mode

In the following, a processing mode will be described in which the regular audio objects
are described by a two-channel (stereo) signal 134, 264, 322, 497a and in which a 2-
20 channel (stereo) rendering is desired.

In case of stereo output, the stereo preprocessing is directly applied, which will be
described below in Section 4.2.2.3.

25 4.1.2.7 Stereo-to-mono “x-2-1” processing mode




4.2.2 Dowrunix processing in the stereo downmix ("x-2-5") processing mode 4.2.2.1 Introduction 50
WO 2010/149700PCT/EP2010/058906 In the following section, a description of the SAOC transcoding
mode for the stereo dowiunix case will be given. 5 object parameters (object level difference OLD,
inter-object cOPASHIBE, downmix gain DMG and downmix channel leVe§ HFEEACEHIEMD) from
the SAOC bitstream are transcoded into spatial (preferably channel-related) parameters (channel level
difference CLD, inter-channel-correlation ICC, channel prediction coefficient CPC) for the MPEG
surround bitstream according to the rendering infoiniation. The downmix is 10modified according to
object parametpesfanevangndsrirgsmaitiedakinoyeRiensedawndigs A s anddepppoverview of
the processing. g parigulal, el AR DX Mol iicalion il be giuen, pkiG, e Shos a block
representatio of%frocessm which Is perform r modifying the dOWHIR signal, for example the
downmix si M) BFRIIREIYIRSHHing the one or, preferably, more regular audio objects. As
can be $een from Figs. 4c, 4d and 4e, the processing receives a rendering matrix M

-ten, a downmeagabT infarmaion, M GeR sowprobssianpalienel differessginfrimatigRekD, an
object level g{g&ﬁggg&ggyggg@gé@g e%ﬁxﬁn gt%ﬂ H}ﬁg.-?bject-correlatlon information 10C. The

rendering matrix may optionally be modified by a paranieter adjustment, as it is shown in Fig. 4c.
Entries of downrnix matrix n are obtained in dependence on the downm_ix gain information nmG and
the downmixdiaBdainelusiagifference information DCLD. Entries of a coherence matrix E are obtained
in depepdence on the object level difference information OLD and 25 the inter-object correlation
information IRy [P BASMIER 2.l mavaRe abiaipeiiio.denendanse,on the dowmix matrix D and
the coherence matrix E, oy in ependl nce on the entries thereof. u%sequent?y, a matrix é’g may be
obtained in &Bﬂé‘?fb@r?cé‘ﬁ@f“ﬂﬁ%l (ARSI ARREIRIEA ] 3 the Sovimn i Rdikess e bh BigHae matrix E
and the mattixdi Abjeatsix®semugiietobtaierdaiod cpandendheoexéendatiixubib flphidvishambyhee a matrix
having 30 p&@gﬂ@r?ﬂm@dﬁﬁw@%gﬂd@!a]gmiawﬁg@ﬁ%rtﬁe g}x@&g@iﬁg?wge@‘e%ahmepmﬁ%@ pray, Srmo
optionally, bg. modifi e trix Gmod. matrix G or the modified.version Gmo
thereo?%na?%ggugé to Icti%;ai??i tlgé% p%féésgpﬁ%%%%aﬁ%rz ?ﬁga%noﬁhne{rgg%%enduélﬂ% %rﬁ’wnf%(‘)rmation
134, 264 frofireRe Y6 REPEEIBEnformation 134, 264,492a (wherein the second audio information 134,
264 is designed with X, and wherein the 35processed version 142, 272 thereof is designated with X.
51 WO 2010/149700PCT/EP2010/058906 performed in order to obtain the processed version 142,

272,492b Ofi.@?éﬁ&%ﬂ@n%ﬂ% @J&g&gﬂgg &%@s 264,492a representing the regular audio objects will be
descrit%%d. 2.2, 2Z’REéndeéring of object energies 5

4.2.1 Introduction

In the following, a method for combining SAOC parameters and panning information (or
rendering information) associated with each audio object (or, preferably, with each regular

25  audio object) in a standard compliant MPEG surround bitstream (MPS bitstream) is
explained.

The SAOC transcoder 490 is depicted in Fig. 4f and consists of an SAOC parameter
processor 491 and a downmix processor 492 applied for a stereo downmix.

30
The SAQC transcoder 490 may, for example, take over the functionality of the audio signal
processor 140. Alternatively, the SAOC transcoder 490 may take over the functionality of
the SAOC downmix pre-processor 270 when taken in combination with the SAOC
parameter processor 252,

35

For example, the SAOC parameter processor 491 may receive an SAOC bitstream 491a,
which 1s equivalent to the object-related parametric information 110 or the SAOC
bitstream 212. Also, the SAOC parameter processor 491 may receive a rendering matrix



The transcoder determines the parameters for the MPS decoder according to the target rendering as
described by the rendering matrix Mr, . The six channel target covariance is denoted with F and given
by 10F = YY" = Mre"S(MrenS)* =M.(SS*)Micn =IVIfEhEKen The transcodin rocess can
conceptually‘ﬁg H9GEd Mo two parts. In one part a three channel renderih '&B@}Wﬁ?ﬁé’&ﬁto a left, right
and center channel. In this stage the parameters for the downmix modification as well as the prediction
parameters for the TTT 15 box for the MPS decoder are obtained. In the other part the CLD and ICC
parameters fofothetiendélihgwietvesy therfebiedid hambjttrehanheis Rk patamatess] left front -
Ier:t surrlog 8d}rr@h&iﬂ@ﬁ%ﬁﬂé%ﬁﬁlﬂéﬁﬂﬂ%é‘@rﬂ%ﬁﬁfg}é&@ﬁx %%%%ﬁ%ﬁgmﬂerﬁﬁs@é@ ££9BEtﬁde Ic?tnterd
channe is.stage, the tial parameters are determined that contr rendering to a left an
right charmﬁ%é%ﬁit?rﬁ g}af}r?o%r?ts%rbgg %@r?o%’n s|1anBf:gf.c‘ls_ﬁ%:}11 elrf)grrglrﬁé?grég c}é:s%)ri%lée t %“bﬁﬁgﬂtiction
matrix of th P8 hBIRiPRaY e et alrml Pt infmesties 14 thMMPey dedirISH GRd the
downmix copamsrietempitoceSoR28E Ty ishader edi BB Matncutel dbtstinatinel targitienaerigdrom the

mhodifieg dpwm&?@%&&&f;}f @W&,Gﬁiﬁi@h%ompii@s@sr@%fﬁﬁefﬁ@%ﬁﬂ%ﬁtirﬁ‘%g&ﬁ%ﬁ@?\%ﬂ%ﬁl i‘st?]eticrigi?g
the rendering_ to the Jeft,: nter channel re \Y IS obtal S A, =D'M" wi eb6to
3 partial 30 dg%m %e?éem‘gg?%mﬁﬁe% %?/u&%ﬁalﬁ%%o% %%E lCI;Y \W%“BE@E %V‘?IB 6915¥%b
2010/149708PBS1APRIS1 BIBEITEFHESET I WA Avdigrssrond andioiafermatinn SUBAhat the
energy of wipfgxanyplidegadldbottieksithe pleaefglesvPy HikRaamtela. limit factor.

10
The downmix processor 492 is configured to receive a downmix signal 492a, which is
preferably a one-channel downmix signal or a two-channel downmix signal, and which is
preferably equivalent to the second audio information 134, or to the second audio object
signal 264, 322. The downmix processor 492 may also provide an MPEG surround

15 downmix signal 492b, which is equivalent to (or part of) the processed version 142 of the
second audio information 134, or equivalent to (or part of) the processed version 272 of the
second audic object signal 264.

However, there are different ways of combining the MPEG surround downmix signal 492b
20 with the enhanced audio object signal 132, 262. The combination may be petformed in the
MPEG surround domain. '

Alternatively, however, the MPEG surround representation, comprising the MPEG
surround parameter bitstream 491d and the MPEG surround downmix signal 492h, of the

25 regular audio objects may be converted back to a multi-channel time domain representation
or a multi-channel frequency domain representation (individually representing different
audio channels) by an MPEG surround decoder and may be subsequently combined with
the enhanced audio object signals.

30 It should be noted that the transcoding modes comprise both one or more mono downmix
processing modes and one or more stereo downmix processing modes. However, in the
following only the stereo downmix processing mode will be described, because the
processing of the regular audio object signals is more elaborate in the stereo downmix
processing mode.

35

4.2.2 Downmix processing in the stereo downmix (“x-2-5) processing mode

4.2.2.1 Introduction




where f denote the elements of F 1./ 5For the estimation of the desired prediction matrix Cm and the
downmix preprocessing matrix G we define a prediction matrix C, of size 3 x 2, that leads to the target
rendering C,X A,S Such a matrix is derived by cons?gerlng the normal equations C3 (DEW 4,ED*.
10The solutidhAME K5 hal equations yields the best possible Waveforml?ﬁgfﬁﬁzfﬂf”ﬂ?@f'érget output
given the object covariance model. G and Cm are now obtained by solving the system of equations =
C3.  To avoid numerical problems when calculating the term J = (DEW J', J is modified. First 15the
eigenvalues A,,, of .7 are calculated, solving det(J -= 0. Eigenvalues are sorted in descending (A, k)

order and thg, ww&aﬁg%&wpwméﬂmwﬁ%@ma@%&% lAlsd aeeaifling.fa.the

equation ab(ag u&gﬁi to Ile in the positive x-plane (first element has to be positive). The second
eigenvector IS 0 alne from the tiret ‘by a - 90 degrees rotation: 20J = (v,v2)(Alo 2.0:(vival . A
weighting matrix is computed from the dowrunix matrix D and the prediction matrix C* W = (D
diag(C3y). Biﬁceb@bﬂ;i)grarf@tmiofobjbﬂneimascﬁf&d@ﬂen@hﬁhnietar—shjsmdmé&sidefjmin .
ISO/IEC 23%3&;39%@@@@@%&%“&%1%6@?Im%@ﬂu@ymmﬁf ﬁlﬁ@gg?@g@y pé)'r?t or
points of th n,b5 010/149700PCT/ER2010/058906 w é an
GWC,v, , el? I%?Tc%meséﬁgt? row ediiﬁtr(l)ls a(L:‘u?sgo |oné( i} r??at eé gfn |§t‘%rﬁ se?’ln?ﬁa alf 15 closest
difference CLD, inter- channe} correlation [ annel predwtlon coefficient CPC) for the
MPEG surround bitstream according to the rendering information. The downmix is

10 modified according to object parameters and a rendering matrix.

Taking reference now to Figs. 4c, 4d and 4e, an overview of the processing, and in
particular of the downmix modification, will be given.

15 Fig. 4c shows a block representation of a processing which is performed for modifying the
downmix signal, for example the downmix signal 134, 264, 322,492a 'describing the one
or, preferably, more regular audio objects. As can be seen from Figs. 4c¢, 4d and 4e, the
processing receives a rendering matrix M., a downmix gain information DMG, a
downmix channe] level difference information DCLD, an object level difference

20 information OLD, and an inter-object-correlation information IOC. The rendering matrix
may optionally be modified by a parameter adjustment, as it is shown in Fig. 4c. Entries of -
a downmix matrix D are obtained in dependence on the downmix gain information DMG
and the downmix channel level difference information DCLD. Entries of a coherence
matrix E are obtained in dependence on the object level difference information OLD and

25  the inter-object correlation information 10C. In addition, a matrix J may be obtained in
dependence on the downmix matrix I} and the coherence matrix E, or in dependence on the
entries thereof. Subsequently, a matrix C; may be obtained in dependence on the rendering
matrix Mie,, the downmix matrix D, the coherence mairix E and the matrix J. A matrix G
may be obtained in dependence on a matrix Dypr, which may be a matrix having

30 predetermined entries, and also in dependence on the matrix C;. The matrix G may,
optionally, be modified, to obtain a modified matrix Gp.a. The matrix G or the modified
version Gmeq thereof may be used to derive the processed version 142, 272,492b of the
second audio information 134, 264 from the second audio information 134, 264,492a
(wherein the second audio information 134, 264 is designed with X, and wherein the

35  processed version 142, 272 thereof is designated with X.

In the following, the rendering of the object energy, which is performed in order to obtain
the MPEG surround parameters, will be discussed. Also, the stereo preprocessing, which is



5to the point resulting in a TTT pass through. As a first step, the row i of r is chosen y7,d , where the
elements contain most energy, thus 72 +2j =1,2 . Then a solution is determined such that 5,(I) _ = -3y
withy c2/ 4,3 ., E(Tif%Z 01,2l If the obtained sélution for 5, and 53 is outside the allowed range for
prediction 1088EtEEAE%hat is defined as -2(as defined in ISO/IEC 230032% BBERAIEF32MY| be

calculated according to below. First define the set of points, x as: min 13, max -2,1.2 min 3,max| 2, (
71.1+8 37"2-blc 3

performed in order to obtain the processed version 142, 272,492b of the second audio
information 134, 264,492a representing the regular audio objects will be described.

4.2.2.2 Rendering of obiect energies

5 ‘
The transcoder determines the parameters for the MPS decoder according to the target
rendering as described by the rendering matrix Mo The six channel target covariance is
denoted with ¥ and given by
10 - Fa=YY =M_S(M,S8) =M_ (88 M, =M_ EM, .

The transcoding process can conceptually be divided into two parts. In one part a three
channel rendering is performed to a left, right and center chanmel. In this stage the
parameters for the downmix modification as well as the prediction parameters for the TTT

15  box for the MPS decoder are obtained. In the other part the CLD and ICC parameters for
the rendering between the front and surround channels (OTT parameters, left front — left
surround, right front — right surround) are determined.

4.2.2 2 1 Rendering to left, right and center channel
20

In this stage the spatial parameters are determined that control the rendering to a left and
right channel, consisting of front and surround signals. These parameters describe the
prediction matrix of the TTT box for the MPS decoding C,; (CPC parameters for the

MPS decoder) and the downmix converter matrix G,

25 €. is the prediction matrix to obtain the target rendering from the modified downmix
X=GX:

C-X=C-GX=AS.

A, is a reduced rendering matrix of size 3x N, describing the rendering to the left, right
and center channel respectively. It is obtamned as A,=D,M_ with the 6 to 3 partial
30  downmix matrix D,, defined by

w 0 0 0 w 0 }
B,=0 w, 0 0 0 w,|.
0 0 w, w, 0 0



-b2 mm 3, max 2, - b,?? 72,2+8 1) N, 72,2 + and the distance function, 15distFunc(xp)=- 2bx.p . Then
the prediction parameters are defined according to \52 = arg min (disiFunc(x)) . IET", The prediction
parameters are constrained according to: 54 WO 2810/149700PCT/EP2010/058906 = %1- A) "c", +2y,
c2 =0- A 02+%2 WHEL R yi and 72 are defined as 2Lf5 'i +2f 2A1 215,5 2HETERFE19{55906
+2./66-f33f23f63 2f24,6 2/2,3 4,2,6,3\8 (1,2 + 1,6 A,2 15,6+1,3+1.5,3+12,3 +16,3 +13,3 )2

10

15

20

25

The partial downmix weights w,, p=1,2,3 are adjusted such that the energy of

W, (¥, +¥,,) 18 equal to the sum of energies ” Vapey “2 +” ¥, p‘r up to a limit factor.

e Tt S e Frat e
1 1 27 3
f;,l + f;,S + 2’f15 fz,z + fﬁ,ﬁ + zf;..é

w, = 0.5,

where £, denote the elements of F.,

For the estimation of the desired prediction matrix €, and the downmix preprocessing
matrix G we define a prediction matrix C, of size 3x 2, that ieads to the target rendering

C,X~AS.

Such a matrix is derived by considering the normal equations

C,(DED" )~ AED".

The solution to the normal equations yields the best possible waveform match for the target
output given the object covariance model. G and C,;, are now obtained by solving the

system of equations

C.nG=C,.

To avoid numerical problems when calculating the term J§ =(DED“ )W1 , Jis modified. First

the eigenvalues 4, of J are calculated, solving det(J -4 ,I)=0.

Eigenvalues are sorted in descending (4 = A, } order and the eigenvector corresponding to

the larger eigenvalue is calculated according to the equation above, It is assured fo lie in
the positive x-plane (first element has to be positive). The second eigenvector is obtained
from the first by a — 90 degrees rotation:

\

0 J(vlvz)' :

J=(vlv2)[}8 .

A weighting matrix is computed from the downmix matrix D and the prediction matrix C,,
W =(D diag(C,)).

Since € is a function of the MPS prediction parameters ¢, and ¢, (as defined in
ISO/IEC 23003-1:2007), CG=C, is rewritten in the following way, to find the

stationary point or points of the function,



(fiT +List/3,3+211,3 +2f5A(f2,2 +4,6 +f3,3 4-2./2,3 +24,3) For the MPS decoder, the CPCs and
corresponding ICCT-TT are provided as follows DCPC _| e/ (1>m), DCPC 2 = e2 (1>m) and DICCrer I=
1 4.2.2.2.2 Rendering between front and surround-channels The parameters that determine the
rendering betWedH 1R %nd surround charmels can be estimated directly?Wfﬁ@?%@?ﬁcovariance
matrix F CLDo.b =1010g10 max(faa,e)) max(fbb,e) ICCQ m x Vmax(fa0,s2)m (4,

)

with I'=(D C,)W(D; C,) and b=GWC,v,

13-1]

O

61

1
where D, =[0 .

J and v=(1 1 -1).
If I" does not provide a unique solution (det{I') <10™), the point is chosen that lies closest

5 to the point resulting in a TTT pass through. As a first step, the row i of I'" is chosen
© y=[y, 7.] where the elements contain most energy, thus y,* +y,,7 2y, *+7,,%, j=12.

Then a solution is determined such that

&Y M . b,
[ \,.—;(U—By with y = 2 1

&y ) E’;z (}/f’j )2 j te

If the obtained solution for ¢ and & is outside the allowed range for prediction
10 coeflicients that is defined as -2<¢& <3 (as defined in ISO/IEC 23003-1:2007), ¢, shall

be calculated according to below,

First define the set of points, x, as:

Yuté ) s k k Y té

— min(s,max{—z,—wm min(?:,max(«-Z,MByM —h \m
v\ Jj

-2

-2 . 3 H
I, TR a
min (3,max .~2,..~__7.’.%i_._?_2_ | min| 3,max _2,_3?’2,1 b,
L Va2 * € Yoa TE

and the distance function,

S
L)

X, €

[

15 distFunc(xp) =x I'x, - 2bx,.

Then the prediction parameters are defined according to:

(

The prediction parameters are constrained according to:

t

Oy O

1 } = arg min (dz'sz‘Func (x)) .

3 lE!p



with (ct,b) = (1,2) and (3,4). The MPS parameters are provided in the form 20CLD;(1 DCLD (h,1' m)
and /CC for every OTT box h 4.2.2.3 Stereo processing 25 In the following, a stereo processing of the
regular audio object signal 134 to 64, 322 will be deécribed. The stereo processing is used to derive a
process to gé%%éﬂ?@ﬁgé@entation 142,272 on the basis of a two-channel r’éﬁé@’éﬁ B95H%F the regular
audio objects. 55 WO 2010/149700PCT/EP2010/058906 The stereo downmix X, which is
represented by the regular audio object signals 134, 264, 492a is processed into the modified
downmix signal it, whidh-igt )éptelsented; by?lhe%%méessed regular audio object signals 142, 272: = GX
, Wwhere G = D " C, = The final stereo output from the SAOC transcoder .et is produced by mixing X
with a decorvélated signaldempedefihateording to: = G,"'X + P2Xd , where the decorrelated signal X,
is calculated as described above, and the mix matrices GMOd and P2 according to below. First, define
the render upmix error niafrix-ag;R=rAthifEA-dar , 25 where Adiff DTTTA3 GD , and moreover define

the covariance matfix of fhe @ﬁesdp‘t%j?’ §|g9]asl 4t(,JgiSO
¥, = Zfz,z + 2]‘;‘6 “fz,s +f;.3 +f6.3
D 20042t 2 A 4 s

8

(Foa gt fon+ Jog* Fos+ font oz oz + s}
(ot fos+ Fia 7205+ 205 oz + Fog + oz + 205+ 2105} |

5 A=

For the MPS decoder, the CPCs and cormresponding ICCrrr are provided as follows

Dee =1 (I,m), Dcpcmz il (I,m) and DICCm =1

4.2.2.2.2 Rendering between front and surround channels

10

The parameters that determine the rendering between front and surround channels can be

estimated directly from the target covariance matrix F

max | f, ,.& L&
CLD,, ﬁi(}logm(———m—mww(‘f ; 2)\ . ICC,, = max{/,..¢") ,
max(fnrt) Jrox oo e (o)

15

with (a,6) = (1,2) and (3,4).

The MPS parameters are provided in the form
20 CLD," =Dy (h,1,m) and ICC;" =D (h,1,m),

for every OTT box A.

4.2.2.3 Stereo processing
25

In the following, a stereo processing of the regular audio object signal 134 to 64, 322 will
be described. The stereo processing is used to derive a process to general representation
142, 272 on the basis of a two-channel representation of the regular audio objects.



M 27 P2.1 The gain vector g, can subsequently be calculated as: 35="'mm' max " r1,1+ rl,l +e2
2,,1.5min g"\1.1.1+6 ? 56 WO 2010/149700PCT/EP2010/058906 and the mix matrix Gmoc, is given
as: diag(gye‘g‘)G 11,2> 0, G,otherwise. Gmod =

10

I5

20

25

30
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0 2010/149700 PCT/EP2010/058966

The stereo downmix X, which is represented by the regular audio object signals 134, 264,
492a is processed into the modified downmix signal X, which is represented by the
processed regular audio object signals 142, 272:

X=GX,
where

G=D,C, =DM, EDJ.

et

The final stereo output from the SAOC transcoder X is produced by mixing X with a
decorrelated signal component according to:

X=G, X+PX,,

where the decorrelated signal X, is calculated as described above, and the mix matrices
Gy and P, according to below,

First, define the render upmix error matrix as
R= AdiffEA;m )

where
Ay =D A, -G,

and moreover define the covariance matrix of the predicted signal R as

= (A fla -
R:[; ;]:GDEDG.

oy T

The gain vector g, can subsequently be calculated as:

i Fo+r, +8 Foodr, + gt |
gmx(min max -—"—’———f"‘—zm,(} , 15| minl | lmax M%—~2$—,(} J.5 00,
\ ]’U+$ Fos + & J




5 Similarly, the mix matrix P2 is given as: 110 0" P2=i0 0) LvRdiag(Wd) ,otherwise. 10To derive vs
and Wd the characteristic equation of R needs to be solved: det(R- 2,,21)= 0, giving the eigenvaJues,
A,and 22. _The corresoponding eigenvectors vs, afid vR2 of It can be calculated solving the equation

15system: (Fﬁ?)&%ﬁ/]ﬁ?é} 0. Eigenvalues are sorted in descending (At, ) &Ggﬁgﬁ%?ﬁgsg%envector

corresponding to 20the larger eigenvalue is calculated according to the equation above. It is assured
to lie in the positive x-plane (first element has to be positive). The second eigenvector is obtained from
the first by a -90 degrees rotation: R= (VRI VR2 ) Al0O\ 0 22, (VR1VR2) 25 Incorporating P, =(1 1)G,

Rd can be cgllﬁqll@geg}amrﬂim}dois zidkagd?, (DETI)P;), 30 which gives

G - diag(8..)G, n,>0,
wod ™ -
G, otherwise.

Similarly, the mix matrix P, is given as:

0 0
11;{{0 0} iz >0

vdiag (Wd ) ,Otherwise.

10 Toderive v, and W,, the characteristic equation of R needs to be solved:
det(R - 4, ,1) =0, giving the eigenvalues, 2, and 4,.

The corresponding eigenvectors v, and v,, of R can be calculated solving the equation

15 system:
(R=2 DV, =0.

Eigenvalues are sorted in descending (4, = A,) order and the eigenvector corresponding to
20 the larger eigenvalue is calculated according to the equation above, It is assured to lie in

the positive x-plane (first element has to be positive). The second eigenvector is obtained
from the first by a - 90 degrees rotation:

0 .
R:(lesz)(g Rz)(vmvm) '

25
Incorporating P, =(1 1)G, R, can be calculated according to:

__{rdii Faiz

§ =
er21 Tyoz

R J = diog (P, (DED") B},

30 which gives

Wd‘i = min[ 2’ ,2] - de = miﬁ[ 2'2 32] b
Fy T E Vi +E




wd, =min Wd2 min 22+6 N. 57 WO 20 0/149700PCT/EP2010/058906 and finally the mix matrix,
P2 =(vl VR2) n Wcl12 5 4.2.2.4 Dual mode The SAQC transcoder can let the mix matrices P" P2 and

the prediction matrix C3 be 10 calculated accordingszo an alternative scheme for the u %ger frequency
range This atSPAtE e eme is particularly useful for dowrunix signals \AIRSTéEEF%SIS’Bé) P?requency
range is coded by a non-waveform preserving coding algorithm e.g. SBR in High Efficiency AAC.

and finally the mix matrix,

w 0
Pz E (VRi VRZ)( Om J

Wi,

4.2.2.4 Dual mode

The SAOC transcoder can let the mix matrices P,, P, and the prediction matrix C, be
10 calculated according to an alternative scheme for the upper frequency range. This
alternative scheme is particularly useful for downmix signals where the upper frequency

range is coded by a non-waveform preserving coding algorithm e.g. SBR in High
Efficiency AAC.

15  For the upper parameter bands, defined by bsTttBandsLow < pb < numBands , P,, P, and
C, should be calculated according to the alternative scheme described below:

20 Define the energy downmix and energy target vectors, respectively:

€4y = [e“m*‘ ] = diag(DED") + e,

dmx2

3 rart w
etar = etarz J = diag(A'aEA; ) s

Erara’

and the help matrix
25

Then calculate the gain vector



15For the upper parameter bands, defined by bsTttBandsLow s ph < numBands , P" P2 and C3
should be calculated according to the alternative scheme described below: 20Define the energy
downmix and energy target vectors, respectively: to? ‘cimx1 edinx == diag (DEW)+ ',edmx2/ etarl Star
= eter2 :diaﬂgﬂ%}f‘?ﬁgrra and the help matrix 25 1'1,2\T=112,2 = A FEPEO1%955%hen calculate
the gain vector 58 WO 2010/149700PCT/EP2010/058906 which finally gives the new prediction
matrix 5Cs = gtt," it1,2 9212,192t2,2

etar%

2 3
1 Bamys T 5 2€amaa

£
Elarz
g= g2 = 2 2 *
Ly Camnt T 02 2Cumuz

&g/
e’(arﬁ :
z z
ta,ledmxz + r3,zedmx2

which finally gives the new prediction matrix

gh:  &h; ]
5 C, = £ty 8alyn X
£ils; gars,zj

5. Combined EKS SAOC decoding/transcoding mode, encoder according to Fig. 10 and
systems according to Figs. 5a, 5b

10
In the following, a brief description of the combined EKS SAOC processing scheme will
be given. A preferred “combined EKS SAOC” processing scheme is proposed, where the
EKS processing is integrated into the regular SAQC decoding/transcoding chain by a
cascaded scheme.

15

5.1. Audio signal Encoder according to Fig. 5

In a first step, objects dedicated to EKS processing (enhanced Karaoke/solo processing)

20  are identified as foreground objects (FGO) and their number Nrgo {(also designated as
Neao) is determined by a bitstream variable “bsNumGroupsFGO”. Said bitstream variabie
may, for example, be included in an SAOC bitstream, as described above.

For the generation of the bitstream (in an audio signal encoder), the parameters of all input
25  objects Nyy; are reordered such that the foreground objects FGO comprise the last Nrgo (or
alternatively, Ngao) parameters in each case, for example, OLD; for [Nop; - Nego <1 < Noy;

~1].

From the remaining objects which are, for example, background objects BGO or non-
30  enhanced audio objects, a downmix signal in the “regular SAOC style” is generated which



0,t3,2 5. Combined EKS SAOC decoding/transcoding mode, encoder according to Fig. 10 and
systems according to Figs. 5a, 5b In the following, a brief description of the combined EKS SAOC
processing scheme will be given. A preferred "combihed EKS SAOC" processing scheme is proposed,
where the E@ﬁ%%%ﬂsﬁ% is integrated into the regular SAOC decoding/traﬁ%ﬁg?dﬂ{)éﬂaﬁ’gm by a
cascaded scheme. 5.1. Audio signal Encoder according to Fig. 5 In a first step, objects dedicated to
EKS processing (enhanced Karaoke/solo processing) 20 are identified as foreground objects (FGO)
and their numbier A6 Oralserdesigndtad asNE ARt BE@rMNmnedinytaditstieainobjactadolé the
"bsNumGrounskatla Saidbitsiresmmyariable maaia Sxample heircligedin.an soReBitstream, as
described zad:JSoE}/}gt.m Ié rﬁtﬂg1 %g&eﬁgono% h&ﬂt%itg am “ggn agoa%ég sri <Qal ence ger)d tth g%{ameters of
all input 250bjects obj are reordered such that the ore&buncfp Jepc SEGer SO Sbn%% tﬁe Bst NFGO
(or alternatiVBRPINEeA (3 pa e inf Eachitsgsammneath sevesiD, for Nobj - NFGO < < Nobj 59
WO 2010/149700PCT/EP2010/058906 at the same time serves as a background object BOO. Next,

the_gacrgrfﬁn@tabﬂe@z)@ag4h@x&oféa96@angﬁpiﬁﬁise%§éﬁeavaae§_ﬁ§bjec@eaéiﬂﬁ%ﬁgass@éai e style” and
residual information.is extracted from each foregroynd apject. This way, no extra processing steps
e o b T B B e e Rl e e 0T EeR AEWAMIE ot i
encoder sid&igRahieriRxitke R ceBrES Hrersrttigiidiabipsin BamankeyaladiopRiess)A
one-channehdetein-tiannely begularswdio objectedoregnniasidjnaltieqsovicdednivitichdrepdesents the
regular gudigupistertiRopeiaRce b AL ARIERISIe BT aIRITD 15 A RE.ANE S IWRIO e More
regular audio ghiects (nan-enhanced augli 19 ebiects) Ts ons-channel.or tuo-channel regular audio
object downmix signal is then combine g One or more enhanc 0 audio gbj_ect_5|gn §’(which may,
for example °BE3i3BIch sitRelsshg A GieRne-sieaaliel Sighial) A6 BBRIR dXsHIoTaBlWIRIsignal
(which may,rfay ekampienfie, oacnhahmesled dovannixxs el ar e ttwe-chamreé | dbowntix s gigrial)
combining theasidinsigralssb thesnhanerbadie.ghiests %@%%@qg@fe%uﬁaoa%ms%}éaownmix

signal.llg th foIIowinSq tgﬁ basic structure of such a cascaded encoder will be briefly described taking
reference to %HTB( iIch shows a block schematic representation of an SAOC 20 encoder 1000,
according to an embodiment of the invention. The SAOC encoder 1000 comprises a first SAOC
dowrunixer 1010, which is typically an SAOC downmixer which does not provide a residual
information. jhheeSRkviagwambelc 14 Rdscontisy adiodrraivaaRiuialitn o bNERGE:aulie object
signals 1012 fyom Isqylat (horgniignealaydig obieets, Alse, e SAQE dgwnmixer 100
configured to pr ide a regular udic c%ject downmix signa T0148n t%eaf)asis of the reqular audio

objects?101 2160 tHftdnecragting uefoslediemivafikesigrention 4 Bempintsaredeyifaudio
objects signatsnpfisesin Gt GrAEcdomitmikew ik phismietonscdlhea8AA0C dommaikesr h@fiGhalso
provides a regelasausdioupRiect AR inarmatian 116 arhichdessrbes dhe 1egulaAndioebject

signals and the dowrimix..For mple, the regular aydi ject SAO inf!orrrja jon 1016 may 30
Comprise a G G B o) et iighon DCLD

describing tFRIERR FRFBARED I IHBRSA BB YbvsrRtigercdde orvida diteshitydigutaiesudio object
SAOC Mformawomik0dgnaidy chmptisehasisalijdat teyald dfetiendgertforfiidtiswchnidhathentegubdnject
correlation infernalinrdeserbing foreiaiionshihsiucen thetpguatisuhrabissdessribgd by the
regular audlgcggiggﬁcsel%ﬁ{ &gv:l'frzlfn?’xsparameters. The SAOC downmixer 1010 also provides a regular
audio object SAOC information 1016, which describes the regular audio object signals and
the downmix. For example, the regular audio object SAOC information 1016 may
30 comprise a downmix gain information DMG and a downmix channel level difference
information DCLD describing the downmix performed by the SAOC downmixer 1010, In
addition, the regular audio object SAOC information 1016 may comprise an object level
difference information and an inter-object correlation information describing a relationship
between the regular andio objects described by the regular audio object signal 1012,
35
The encoder 1000 also comprises a second SAOC downmixer 1020, which is typically

configured fo provide a residual information. The second SAOC downmixer 1020 is



60 WO 2010/149700PCT/EP2010/058906 preferably configured to receive one or more enhanced
audio object signals 1022 and also to receive the reqular audio object downmix signal 1014. The
second SAOC downmixer 1020 is also configured t&’'provide a common SAOC 5 downmix signal 1024

on the basis BIAA& &hkaAted audio object signals 1022 and the regular aLfd;g’%TgW?fﬁg\?ﬁmlx signal
1014. When providing the common SAOC downrnix signal, the second SAOC downmixer 1020

typically treats the regular audio object downmix signal 1014 as a single one-channel or two-channel
object signahrd®rable sechnd<8AOGdbwRMIXera2Rikalsal caidiigutpetei pravidecaenbraced audio

object SAO%lmgngqég@mq%Qgé d a10QyyAMix channel level difference values
DCLD associated with the enhanced audio objects, object level difference values OLD associated with

the enhanced audio objects and inter-object correlation values IOC associated with the enhanced

audio objectshinsserfitiorAtie SevarpSAGE Y deciso1 P pfisrersbly suafiidrédcspreviderféSidual
information dssoaiitedanith id2dhonf the enhanf ek acrdimobjenidicvblethaidghdsasiziuahthihemation
associated i E%%@&B%ﬁ&@ asipobiegisidesaribes. mﬁﬁﬁ ke &ﬁ%ﬁ%@@@%%&@'v'dua‘
enhanced au ct sk%n%I @Xb%n X ect}ed Wﬁ(éﬂbdu anced a |o o ject signal \%hlch can be
extracted fron%xf% Swiimix sighal tsiig the dowrtnix ?étlcgﬁaﬁ f‘fa‘:ﬁl the YBfict 20
information &YPMOGienHel AidRS éﬁ&@é@?q@d@@%enIWtwme@raﬂéﬁ with the audio decoder
described herein. 255.2. Audio signal decoder according to Fig. 5a In the following, the basic structure

gfea:jggfc?ﬁ)igg%%@ﬁ&@%c der j q(gc?rcgnsg{fF . '@@&gﬁg&g&%i% iaﬁg&y&@ %%%vl%mﬁi ;\llglnal
510, an SAd@% trea %?’r%é% ﬁé‘%ﬁa ér%lé% S’U% “ﬁ?@?ﬁ%ﬁ%’ﬁ%ﬁ eﬁfﬁﬁ%ﬁ&f’& decoder
500 comprisédush @%ééw@%dwéi%@oephé%%%mﬁhan@bmtﬁséﬁmawwéjé@q@n@@m@@zo, which
is configuredidpassidietadfivetiatich coibjectidsigaid boRcwhinh desaties wendeneshfoskgrolind objects,
and a second i Phips! aagnahﬁﬁf&em\méwe&gr'@ﬁsamaﬁchﬁéoe%mggtécThng@fﬁground

object y, fore le, be sp-called "enh jects’ an und objects may, for
O e e s g A R e e G SeR g A= may.
500 also coripfisedriegitilapgntie deegands7mfymetos @W@éd%hé@él@hh@%‘é@d@audio 61
WO 2010/1487a0P GHER0HY 6ReRGeblectsignal S2iaad iialpidvide;mharitd bagis thgeeof, a
processed vagianaﬁz ?a@feskb%ae@qa@maga@ &ﬁié‘&?e%'%é >§8; Jéﬂﬁg’m'&ﬁa%qﬁrb‘éo&ahé%aomprlses

a combiner hic is configur to co etheflrs udl obj ig rocessed
R e e B Rel BT TS B A B R A et

version 572 6f e Second au i an ou pu %Ilowmg,
the fun%%onéﬁf?fﬁﬁfﬁé‘%%der 500 will be dlscussed in some more detail. At the SAOC
decoding/transcoding side, the upmix process results in a cascaded scheme comprising firstly an

enhanced Kaﬁ@%ﬁr@@@:@&@@@@@m(5&&ar@ﬂe§§iewg&£eﬁpmeoa%tgﬁgpmma&é Hgnakinio the
background ot{)_Lect (BGO) and foreground objects 10 (FGO0s). The required object level differences
(OLDs) and inter- object correlations (I0Cs) for the background object are derived from the object and
downmix information (which is both object-related parametric information, and which is both typically

includetfin the SAGC Higsiteaniet hcatpding b Ba2 BOLD, i=0

In the following, the basic structure of a combined EKS SAOC decoder 500, a block
schematic diagram of which is shown in Fig. 5a will be described.

30 The audio decoder 500 according to Fig. 5a is configured fo receive a downmix signal 510,
an SAOC bitstream information 512 and a rendering matrix information 514, The audio
decoder 500 comprises an enhanced Karaoke/Solo processing and a foreground object
rendering 520, which is configured to provide a first audio object signal 562, which
describes rendered foreground objects, and a second audio object signal 564, which

35  describes the background objects. The foreground objects may, for example, be so-called
“enhanced audio objects” and the background objects may, for example, be so-called
“regular audio objects” or “non-enhanced audio objects”. The audio decoder 500 also
comprises regular SAOC decoding 570, which is configured to receive the second audio



NFoo-1 OLDR =dOLD" i=0 20/OCIR = 1100031, N -N",= 2, 0, otherwise. In addition, this step (which is
typically executed by the EKS processing and foreground object rendering 520) includes mapping the
foreground objects to the final output channels 25 (@hch that, for example, the first audio object signal
562 is a mulﬁ‘)(ﬁ'%?ﬂ%‘f s7,| nal in which the foreground objects are mapped?g%/ﬁgzg]r 88 %hannels
each). The background object (which typically comprises a plurality of so-called "regular audio
objects") is rendered to the corresponding output channels by a regular SAOC decoding process (or,
alternativelyplifesomemgases bydan SAQQdranstedingipraerss). aﬂﬂi&c@ﬁ@é&ﬁ%@i& sfrxr exanaple, be 30

performed bgeéeﬁdrgam'@n)%ég9@%@%@@9&@%&95&@@&@%Ubgaﬁag;% a;ﬁg%%bm& Ggfbiner 580)
provides a desijred compinati ?Oéore % {ﬁ}%ﬁ?g rou ct signals at the
output. 62 W%édiﬁ?f ’@’7‘&5‘% tg ShOEPREIEY ?)’E’f%?@i% YFEPPBsents a
combinatior’d€ aff @éﬁé‘ﬂ@iﬁl%‘ﬁb@@hl% SEHE Yo it SO eyiteirigntd IBYEKS mode. This approach

allows t6 achieve the corresponding performance using the proposed system with the same bitstream

Eﬂciﬁ?r.‘ﬂé‘sﬂ@h@ G c?fr%%%%@%@*%E*i%’?ﬁ%ﬁ?%%ﬁgﬁéﬁ‘%ﬁe%@% structure
icpplilren o el GIop AT eIV AT T RO A G R
block schenﬁah@n@nagmm@mgu6@&3@@%@@@@@%&%@@@&3@@@@@@% Presassimdiried EKS
SAOC systefacbhipakfig. &wimnk algaddemeonrideskgramannycioBeoydead. hdbhensambined EKS
SAOCi%ySte@F‘-i?ﬁ igyeond QH%%%? &@&%?ﬁfﬁe%%@'zbw}%ﬁ&%eﬁﬂ Eé%%&'f&%%@'ﬁdﬁg{ mation

512a and th 1ixmat ix.informatio é 'E%&be com S AOC, system 590 is

configured t&°p ?/l BRIER) s ?ﬁ%?@ BSF‘éR’él@AbC system
590 comprié@%ﬁ@ﬁ@@%ﬁe@f@@é@@n@@@@@?%m whieh m@%@m&ow@n&%lgnﬁl%loa the
SAOC bitstreadirfnsmaion 512a (or at least a part. thereof) and the rendering matrix information
514a (or at least a part thereof). In particular, the SAOC type processing stage | 520a receives first
stage §§ject level difference values (OLDS). The SAOC type processing stage | 520a provides one or
more 25 signals 562a desgrpmg a first set of objects (for example, audio objects of a first audio object
type). The SAOC t e%i:ngzs@ggy | 520a also provides one or more signal 564a describing a
second set of objects. The ¢ bined EKS SAOC system also comprises an SAOC type processing
stage Il 570a, 30 which is configured to receive the one or more signals 564a describing the second
set of objects and to providey.Qn the basis thereof, one or more signals 572a describing a third set of
objects using secoft-Biage ohjeck’|N&}, differences, which are included in the SAOC bitstream
information 512a, and also dfleast a part of the rendering matrix information 514. The combined EKS
SAOC system also comprises a combiner 580a, which may, for 35 example, be a summer, to provide
the outi)ﬂut signals ?e% by clérabining thé.gne Zr more signals 562a describing the first set of objects
and th& one or mo gnals 570a deggxibingethe third set of objects (wherein the third set of objects
may be a processed verS|on of the second set of objects).

In addition, this step (which is typically executed by the EKS processing and foreground
object rendering 520) includes mapping the foreground objects to the final output channels

25  (such that, for example, the first audio object signal 562 is a multi-channel signal in which
the foreground objects are mapped to one or more channels each). The background object
(which typically comprises a plurality of so-called “regular audio objects™) is rendered to
the corresponding output channels by a regular SAOC decoding process (or, altemnatively,
in some cases by an SAOC transcoding process). This process may, for example, be

30  performed by the regular SAQC decoding 570, The final mixing stage (for example, the
combiner 580) provides a desired combination of rendered foreground objects and
background object signals at the output.



63 WO 20101149700PCT/EP2010/058906 To summarize the above, Fig. 5b shows a generalized
form of the basic structure described with reference to Fig. 5a above in a further embodiment of the
invention. 5 6,Perceptun| Evaluation of the Combing# EKS SAOC Processing Scheme 6.1Test
Methodologyvy%ggl(%‘%?ﬂ& Items 10This subjective listening tests were coﬁﬁgﬁgﬁ}wﬁfﬁ%ﬁoustically
isolated listening room that is designed to permit high-quality listening. The playback was done using
headphones (STAX SR Lambda Pro with Lake-People D/A-Converter and STAX SRM-Monitor). The
test method Tollowedhthe! SIKISISADO opedureprsetdn thendpati@haifdib veriitasiondpatsedased on the
"multiple stinndlusgiith Ridden teferensrand anchordMBRE R -Mmethadtafop thersikiegtive
assessmentcof |€r:1ste0rrr%eﬁzl|atgr %%'A}}’ca%%'{g (5t1§e rrecfegggcf:%gl}hA t%taulof g{%htbljsgteners é)a{)x%lhpated in
the performed Tete NI SuBjEate LAk be eih Sl dred BYpenented Hetdiferatn BEESHALEE With the

MUSHRA mdfssidolBieins lisedraiasheredinsiaeksPrbocomider < aifeae condritg alpihatikhe

reference. Tsrertestconditions were 20 randomized automatically for each test item and for each
listener. The subjective responses were recorded by a computer-based MUSHRA program on a scale
ranging from 0 to 100. An instantaneous switching between the items under test was allowed. The
MUSHRA test has been conducted in order to assess the perceptual performance of the considered
SAOC modesiaftitHelishosad ey sRTHBSEABEH f¥ the table of Fig. 6a, which provides a 25listening
test design description. The corresponding downmix signals were coded using an AAC core-coder with

a bitratgyof I281kbpsidriarder denasinsa hangrcentyabatalid Hitkesyoposagarauingd EKS SAOC

system, it is compared.against the r ar SAOC .RM system (SAOC reference mode| 30,system) and
the current %%fm%cgga‘fé%iaez%ré*a?éﬁo‘% §£b%%ﬁ%cfgfv‘f‘ésr %Nkéo %%?éeﬁ?%%gé%adﬂe% S&S@r%arios
described ingHeEBRIsembines B s sipeaHdsyerabired idey AP RegisimpPeB@hisvith a bit
rate of 20 kbpstmasip phedicdthel cunentdEK Semadele and a 35 proposed combined EKS SAOC
system. It should be noted that for the current EKS mode it is necessary to generate a stereo

background.gbject (BO ' e actu coding/decpding procedure, since this. mode has
R o o o R JOUBE B 356808 The
listening tes§ﬁ19@r‘i’&is%fﬁ%lntﬁéf%ﬁeé?&oﬁpb?ﬁ@%Wﬁﬁ%@ﬁé&éﬁﬁ@ﬁﬁ@fﬁm&kﬁaeé&ﬁm thie
performed teststiauk BleBrbaélectgetdrosdihes sehHftingl dallsforideoposatsutGiEyaUdit: on the

basis thereof.

20 The combined EKS SAOC system 590 comprises an SAOC type processing stage 1 520a,
which receives the downmix signal 510a, the SAOC bitstream information 512a (or at least
a part thereof) and the rendering matrix information 514a (or at least a part thereof), In
particular, the SAOC type processing stage I 520a receives first stage object level
difference values (OLD;). The SAOC type processing stage I 520a provides one or more
25  signals 562a describing a first set of objects (for example, audic objects of a first audio
object type). The SAOC type processing stage I 520a also provides one or more signal

564a describing a second set of objects.

The combined EKS SAOC system also comprises an SAQC type processing stage If 570a,

30  which is configured to receive the one or more signals 564a describing the second set of
objects and to provide, on the basis thereof, one or more signals 572a describing a third set
of objects using second stage object Ievel differences, which are included in the SAOC
bitstream information S12a, and also at least a part of the rendering matrix information
514. The combined EKS SAOC system also comprises a combiner 580a, which may, for

35  example, be a summer, to provide the output signals 520a by combining the one or more
signals 562a describing the first set of objects and the one or more signals 570a describing
the third set of objects (wherein the third set of objects may be a processed version of the
second set of objects),



items described in the document [2]. The corresponding data for "Karaoke" and "Classic" 5rendering
application scenarios can be found in the table of Fig. 6¢, which describes listening test items and
rendering matrices. 6.2 Listening Test Results 10Ashort overview in terms of the diagrams
demonstratin‘ﬁ’%lg(}ﬁfw&d listening test results can be found in Figs. 6d /BB UHE, Fig. 6d
shows average MUSHRA scores for the Karaoke/Solo type rendering listening test, and Fig. 6e shows
average MUSHRA scores for the classic rendering listening test. The plots show the average
MUSHRA grading per item over all listeners and the statistical mean value over all evaluated items

together witlTd stheassecinias 98 2big0om denee intgivalscie R iTwing Langiusions eanBedrawn
based upon m,glg%?e%%g%lﬁgg%%gg%d iglsgtgﬁ@% ta%a t%:dlzo E% . %9@ neegeaggts the comparison for the
t m

current EKS mode with the ¢ ined system for araoll?e-&pe of applications. For all
tested items no ignnant difference (in the statistical sense) in performance between these two
systems can be observed. From this observation it can be concluded that the combined EKS SAOC

system is alye to effigiepiiviexniniiibe segiduaiFpsnaianginesshingdae perfargance of the EKS

mode. One can also note that the performance of the regular SAOC system (without residual) is below
both other systems, Fig. 6e represents the comparison of the current regular SAOC with the
combined ER$ SAB'@ESI/% BREIRESERAEF s cenarios. For all tested items the 30 performance
of these two systems is statistically the same. This demonstrates the proper functionality of the

combingd EXRsSABEcsys iR it acdasvgsentaindsaenariRoustigreiabiicatdeeonelyded that
the propose%ﬂ% SovRiem com! 'Igﬁ%é?%higﬁasst%&j?n I:Yé&%‘é‘a%;{e %'éér?Au%’i‘::éﬁig%%’@%éhe

advantages INn_supjecuve audio quall corres esS Of a renderin )
2010/149706PFiEPobaphssdyo avithkitenieraleds VEAET st W SFode wBiemings EKS

SAOC systefgsthasthod dnfeveé strictiendaoh e Q€ ob¢acin bhe kzsignindly flexiblativendsting
capability ofghedegiine SARINesea0¢waR h&%ﬁéﬁ@eﬁe@@éﬁﬁﬂrﬁ%ﬂo@g alityger e Eﬁ@ﬁl@@ng, l(;
appears-to incorporate it into the MPEG SAOQC stan ar(:E 7.Method According to
Fig. 7 lsjIn t%grﬁéﬁ%?vl\%%gi érﬁé%%sbgq %lrp Bfér\lnecﬁrﬁlgéé#eu urlérﬂ&ys?blngl SSSrrgfcerﬁ?g loirin dependence on 10a
dowmnix signal representation and an object-related parametric information will be

A total of eight listeners participated in the performed test. All subjects can be considered

experienced listeners. In accordance with the MUSHRA methodology, the listeners were

instructed to compare all test conditions against the reference. The test conditions were
20 randomized automatically for each test item and for each listener. The subjective responses

were recorded by a computer-based MUSHRA program on a scale ranging from 0 to 100.

An instantaneous switching between the items under test was allowed. The MUSHRA test

has been conducted in order to assess the perceptual performance of the considered SAOC

modes and the proposed system described in the table of Fig. 6a, which provides a
25  listening test design description.

The corresponding downmix signals were coded using an AAC core-coder with a bitrate of
128 kbps. In order to assess the perceptual quality of the proposed combined EKS SAOC
system, it is compared against the regular SAOC RM system (SAOC reference model

30 system) and the current EKS mode (enhanced-Karaoke-Solo mode) for two different
rendering test scenarios described in the table of Fig, 6b, which describes the systems
under test.

Residual coding with a bit rate of 20 kbps was applied for the current EKS mode and 2

35  proposed combined EKS SAOC system. It should be noted that for the current EKS mode
it is necessary to generate a stereo background object (BGO) prior to the actual
encoding/decoding procedure, since this mode has limitations on the number and type of
input objects.



described with reference to Fig. 7, which shows a flowchart of such a method. The method 700
comprises a step 710 of decomposing a downmix signal representation, to provide a first audio
information describing a first set of one or more audi objects of a 15 first audio object type and a
second audiaviﬂ%)ﬁ%ﬁ?gﬂodescribing a second set of one or more audio o&%%@%?é"g%@g%d audio
object type in dependence on the downmix signal representation and at least a part of the
object-related parametric information. The method 700 also comprises a step 720 of processing the
second audio information in dependence on the object-related parametric information, to obtain a

processed versiggrafithaseaandidDaudindaipraaatiannd Rewnsiothd P 4dsad ?zﬂﬁﬁ&@%qsms?é@p 730 of

combining the firs 0] ion, Wi e progessed version of secon formation, to
obtain the ur[!?al"?mﬁllié3 éggo q%%%%&%%%ﬁ%&% i é@é%%ﬁ%%ﬁb%’e?éﬁ 8@:‘3&8#?9% ?6']!]—:%?0?%1%@ %‘ﬂdpiﬁlemented
by any of th&$&5ra<had Rttt ishichaourspording AdriRrwiiamokss and ResHsentive
apparatfis. Atsdeting raphodiZ0Gderimgss aten ghthéoanl antalge sabllscofs $egl \Gith wésedesorthes inventive
apparatus. 3Q&hnplemertatieniAdaiaatyassithough some aspects have been described in the
context of an apparatus, it is clear that these aspects also represent a description of the corresponding
method, where a block or device corresponds to a method step or a feature of a method step.
AnalogoushP-adpEerrest g¥dEFLS in the context of a method step also represent a description of a
corresponding block or item or feature of a corresponding apparatus. Some or all of the method steps

may be @xeautadby(ak1ssing kaDardwr 8i ARl m JHe {on L HRNBISIR IR 685305 66 WO

2010’1_49709&%/%%%9%9’1%%%%3? rajy m%ﬁ!%?‘?%‘f%’ﬁ? QL0 S'S%{BB@&{CS%%@'Q 2he
embodiments, some one or fhore of the i‘no_s% |mpor%an metﬁo& Steps may be executeao[)y Such an
apparatus. SRROFRRAGERS TEBtREa dBIc N b b E i&dhe dlra aEraResMFRIERAHPAH or can be
Stransmitted@ntlze tebassinissibmingd dignirgueht aShe wirtd sbsrdrsavissienMilESHIRA. qralin eer
transmission:gaedimaausiieasthadnirraakRanending HiCaidal IsvRismaniatiandaauisements,
embodfi'l_gjnenttgl 9 tsbo%iia vg%q%nccgﬁ C;ﬁ)ﬂewierr} tIgma(??ted in hardware or in software. The implementation can
be performed using a i Igital storage medium, for example a floppy disk, a DVD, a Blue-Ray, a CD,
a ROM, a PROM, an EPROM, an EEPROM or a FLASH memory, having electronically readable
control signdlscsioied tine reoduwwinisivaobperate: (casadeipap dis ecsfito op ratiogdueitd Bspnaiggammable
computer system such that the respective method is performed. Therefore, the digital storage medium
may be computer readable. 15 Some embodiments according to the invention comprise a data carrier
having_electronically readable contrgl signals, which are capable of cooperating with a programmable
computér systefn, Sifer’thSERBFEHF (e MSIRBICRSE B ResiF ISSoBIEmTEH: Berfrhiped
embodiments of thE¥Fe sévidihvesttion oankzearhplompe nie drad catompliter giogsied proiuctowith a

program code, the grackaum: CoserbeingiRRREalivefonPedRINInG ans-alihe Rethedsivhenihe

computer program RIaget 1un3 O0A GOMIP YRS THEPLBLARSR e MAVO" SRS heSlgied on a
machine readable carrier. . ) . i )
combined EKS SAOC system is able to efficiently exploit the residual information
25 reaching the performance of the EKS mode. One can also note that the performance

of the regular SAOC system (without residual) is below both other systems.

» Fig. 6e represents the comparison of the current regular SAOC with the combined
EKS SAOC system for classic rendering scenarios. For all tested items the
30 performance of these two systems 1s statistically the same. This demonstrates the
proper functionality of the combined EKS SAOC system for a classic rendering
scenario.

Therefore, it can be concluded that the proposed unified system combining the EKS mode
35  with the regular SAOC preserves the advantages in subjective audio quality for the
corresponding types of a rendering.



Other embodiments comprise the computer program for performing one of the methods described
herein, stored on a machine readable carrier. In other words, an embodiment of the inventive
method is, therefore, a computer program 30 havinéf‘a program code for performing one of the
methods destribERHEEH, when the computer program runs on a comput8F EER#HEFEMbodiment of
the inventive methods is, therefore, a data carrier (or a digital storage medium, or a computer-readable
medium) comprising, recorded thereon, the 35 computer program for performing one of the methods
described hérgimgline datawartiefathehdightabsiprage cnedined BKIHS Aav0rdedmaa i largdypically

tangible and/agRanstansmittingo 6% MO0 LALPORGTHRR LML EING: AfUIhe! Fé%ﬁ%dimem of
the inventlveswéw%jogé %%%r(e;forgégt atsa ster am or a 1sﬁ)equl?rgce ofggnalsgg&n?sen%gg (?écomputer
program for PErforming ohe of the methoas deschbed nerem T He At St e%m bFRESelulhice of
signals may FOTEREF(I1E BTCOmRaY 1 LbeMIdE fetQkastrrirs.communication connection, for
examplé via the Internet. A further embodiment comprises a processing means, for example a
computer, or a programmable logic device, configured to or adapted to perform one of the methods
described herein. further embaodiment comprises a computer having installed thereon the
computer pr%rgram%%%%fgﬁ%éngr%%ﬁﬁe methods described herein. In some embodiments, a
programmable logic device (for example a field programmable gate array) may be used to perform

some or all ¢f the fiilotionaliiesbbthémethatsglmdescribgghhergirestniaione e dupetisiratsy a field
programa@qumﬁraggmm%&%@ﬁwmaa@'swm%@aé@rp&%%&qmﬁ%ﬂw%ﬁfé@e
methods deﬁ%l(g)qg erein. enera%ll)é.,thg mr%hkgdg are preferably performed by any hardware
apparatus. T apove destribed emboaiments hie ief ?ﬁf@a(?a?' 8RS Brifciples of the present
20 invention. It is understood that modifications and variations of the arrangements and the details
described héfsimwillde7appangnids athiersy sRiléddntheoaitig 14 Botherinisitnihaietaeatdodactimited only

by the scope,RfAhe impensing patsit£laime /Bdinetbytesrgcific detalinnigasisd by way of
descrlqtgon %ﬂd eX }gn&ﬂg& ftglgn%rg%%démin%ih%r%lg. 2?.9.%oncl%3|ons In thﬁ foll%}inn , Ssome
aspects and Advantages of the combined Bk & SRAELPLEN ST 4LEBRIMT tEIREPIRERt Fvention wil
be briefly suPfaAed. Firgarhckeced SelrpraishdkpscEndrrssdenecImaT Brsprisceesihg mode
supports botkpeseotitioticmdbthebiackgrannteoliipetstitnegromachalijentbaxnaliisivehe andhaa arbitrary

mixture (defifgdpy, theranderingmatiig o NeseuPIBC0EeMPSudd3 Wi dmation in dependence
2010/149700P(&1T/E§2 10{05@90 Itf{rabsb%enf und tha%g.%enerallzatl n of.the functlc?nallty
Ol ine 55 % alll a4 PIoc %§ E

consequently m_vql?/e]gct'}écg forf of Cor Ciﬁ?n%“ﬁ Elyith A& reguiar SAUC processing A6d to obtain

one unfifed &ysierifaEEiRentials of such a unified system are: One single clear SAOC
“decoding/transcoding structure;

the processed version of the second audio information, to obtain the upmix signal

representation.
25
The method 700 according to Fig. 7 may be supplemented by any of the features and
functionalities which are discussed herein with respect to the inventive apparatus. Also, the
method 700 brings along the advantages discussed with respect to the inventive apparatus.
30 8. Implementation Alternatives

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
35 described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps may
be executed by (or using) a hardware apparatus, like for example, a microprocessor, a



One bitstream for both EKS and regular SAOC mode; No limitation to the number of input objects
comprising the background object 10(BOO), such that there is no need to generate the background
object prior tg the SAOC encoding stage ; and Suﬁ?ort of a residual coding for foreground objects
yielding enhaheédt ?)/é??:éeﬁtual quality in demanding Karaoke/Solo playbacE%¥@5W%§ Horhese
advantages can be obtained by the unified system described herein. 69 WO
2010/149700PCT/EP2010/058906 References [1] ISO/IEC JTC1/SC29/WG11 (MPEG), Document
N8853, "CalhfogrRropddalscony Spatiabi eiditr bjedtcCindin gomédtm MBixEnkd ceting oMdarr akeeh, January

2007. [2] IS GAECHREH SR RANEI MBEG: Pacumam N9y Finghseatal Audio 50bject Coding
Evaluation Procedures and Criterion”, 80th MPEG Meeting, San Jose, April 2007. [3] ISO/IEC

JTC1/SC29/WG1I (MPEG), Document N9250, "Report on Spatial Audio Object Coding RMO
Selection”, 815t WSEE MESaAR! eadisanens sar Lol prsofigtah stertas Cxirc T CIVPEG),
Documeént Mabd2Bied nfoaristismandrl Ov@Enfic stidnak e svilts!¢er @ son skiarankdiSolorsy stized improving

the performanee-QtMRECHACGRMG: 83tdhMPEG Meeting, Antalya, Turkey, January 2008. [5]
ISO/IEC JTC1/SC29/WG11 (MPEG), Document N10659, "Study on ISO/IEC 23003-2:200x Spatial

Audio Object Coding (SAOC)", 88th MPEG Meeting, Maui, USA, April 2009. 15 [6]ISO/IEC
JTC1/SC2oRvesPLipg PE esytavb SnRIERENAIOSo0TUBERER S fDPE SR FrisAveidonemdreriments”,
88th MPEG iMpktingytdd aui hbiBAard piil iR 0087 EBh¢ Trephmeatatbaoim &adaiifunmdd USHRA-EBU
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8] ISO/EC 230031200 JNfohatofiBI P 991 XM 5 audig ieshnolodies, BT 20k PEC
control signals stored thereon, which cooperate (or are capable of cooperating) with a
programmable computer system such that the respective method is performed. Therefore,
the digital storage medium may be computer readable.
15
Some embodiments according to the invention comprise a data carrier having
“ electronically readable control signals, which are capable of cooperating with a
programmable computer system, such that one of the methods described herein is
performed.
20
Generally, embodiments of the present invention can be implemented as a computer

program product with a program code, the program code bei

g rogram ng operative for performing
nac

code may for example be stored on a machine readable carrier.

25
Other embodiments comprise the computer program for performing one of the methods
described herein, stored on a machine readable carrier.

In other words, an embodiment of the inventive method is, therefore, a computer program
30  having a program code for performing one of the methods described herein, when the
computer program runs on a computer,

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
storage medium, or a computer-readable medium) comprising, recorded thereon, the

35  computer program for performing one of the methods described herein, The data carrier,
the digital storage medium or the recorded medium are typically tangible and/or non-
transmitting.



70 Claims An audio signal decoder for providing an upmix signal representation in dependence on
a downmix signal representation, an object-related %arametric 5information the audio signal decoder

comprising: an object separator configured to decoripose the downmix signal representation, to
provide a firs Y f‘é”ﬁ%&ﬂwation describing a first set of one or more audiogggfg(?l%”&f"ésﬁpgt audio
object type, and a second audio information describing a second set 10 of one or more audio objects
of a second audio object type in dependence on the downmix signal representation and using at least
a part of theobjeterelated iparambthicimfartimatiethod is, thauferein dhe seeandandigiinfoemation is an

audio informagindesraibing dhaausliglephiestarnithe,saeenthausio ANRCHLIXIB AL A-combined
manner; an RHCIR S0P AEeRRPLCANINIRAIO IPSRING N, DaRR R BT aIRALOn ARG {0 Process
the second audig information |F1I%ependen_ e on ﬁie.%ﬁﬁéct-re?]a ed para?ne ricn oﬁ%raﬁon, 0 obtain a
processed VEIRTGHTEH tHe LEEBTIRINHBISHRRGRIAIN af raalfigigigrdrésatbiner configured to
combiné the first audio information with the processed version of the second audio information, to
obtain the upmiggignakierigsantatienrRsswhersindisandiosiongl dacqrerdsceanfiguregtq provide

the upmix SggLisRIESENIBtionIn ependenae on atesitualinoTalon associaled fo.p, sybset of
audio objects répresente %%/the ownmix Signal representation, 30wherein the o jeré’t separator is
configured t8¢8e&iABESa%he downmix signal representation to provide the first audio information

describing a first set of one or more audio objects of a first audio object type to which residual
information is agsaciateshancdhe &ﬁﬁﬁﬂ%@@'&fﬁfﬂ%@?aﬂgﬂ%eﬁigﬁég IRBEANGetHhpRe or more
audio objectsr(g)f a s?clonedrfgynddg 0813%%%8%@%@'&959%%%@“%'1 information is 35associated, in
dependencé)or?fﬁg downmix S|§na represen Ation an using the residual information; and 71 wherein
the audio signal processor is configured to process the second audio information, to perform an
object-indivitlustproeabsihigpafithe audimobjes ogihdsecorfbaextioplbjecitidherdgkingnitte
consideratiog,Rbiggiyielaigdeaiamalicintaimation assacigegwiihaeraithan dyvaaudignghiects of the
seconqgudl esoct%lggé %%4@1%; %rllda/rvnheg% &{{e éﬁfs'du lel(@fogma}tlon describes aarel%lgugl glse'%g{élon, which
is expected to remain it an 'audslo_ object o theivst ad |c}jo(iﬁec ype i€isoratet M refy’/ Bsmg the
object-rel ate‘ﬁ‘%éﬁ*?féﬂﬁ’é%ﬁ‘é‘i% AigFsier to perform one of the methods described herein. Generally,

the methods are preferably performed by any hardware apparatus,

The above described embodiments are merely illustrative for the principles of the present
20 invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art. It is the intent,
therefore, to be limited only by the scope of the impending patent claims and not by the
specific details presented by way of description and explanation of the embodiments
herein.
25

9. Conclusions

In the following, some aspects and advantages of the combined EKS SAOC system

30 according to the present invention will be briefly summarized. For Karaoke and Solo
playback scenarios, the SAOC EKS processing mode supports both reproduction of the
background objecté/foreground objects exclusively and an arbitrary mixture (defined by
the rendering matrix) of these object groups.

35 Also, the first mode is considered to be the main objective of EKS processing, the latter
provides additional flexibility.



10 2.The audio signal decoder according to claim 1, wherein the object separator is configured to
provide the first audio information such that one or more audio objects of the first audio object type are
emphasized gver audio objects of the second audio 0bject type in the first audio infmmation, and 15
wherein the %?e%({lg‘féﬁ%’lggtor is configured to provide the second audio infbfAf6H Y0 ¥hat audio
objects of the second audio object type are emphasized over audio objects of the first audio object
type in the second audio infoonation. 203.The audio signal decoder according to one of claims 1 to 2,
wherein the lbdidstgrizipdobessarisrdufigoned thegréSeimtihiorsditp ndraemlienihfdnvatientin
dependence:forihst ebigsinielaRikpaiamedricdafarmation gesecatechwdthithssauglierehiagisof the

second audi j ' ; lect-related parametric infoimation associated
Q0ieCHYRS A1 I0dPRRIAPHL Egafgyggég%%_

with the aud jects e first audio object 2 . 4. The audio signal decoder according to one of
claims 1 to 3, wherein the object separator is configured to obtain the first audio information and the
second audio irforrtisingdsitieendihO4r doobingdtiosedonestnenuee downmix signal channels of 30
the downmix signal representation and one or more residual channels, wherein the object separator is

configured to oQtaig&eo%{&%@%pgimgr%‘@&%ggpM?%tﬁg A'g]ear combination in dependence on
[ the fi

downmix parameters associated with the audio objects o rst audio object type and in
dependence on channel prediction coefficients of the audio objects of the first audio object type. 35 5.
The audio signal ddcolaritaticorttingacmoméaf o dimet lotgedtswloerpiisitiee thbjbatisepardtobisconfigured
to obtaji the first ageimpinfoisnatianaaed eserendApdierfoH MiekAGeRI ARekopLkOFans = MPredic
OBJOBJifres, ?, @A@66é0§£9§§§£QQigﬁwn X LAOEAO res, ,

e Support of a residual coding for foreground objects yielding enhanced perceptual
quality in demanding Karaoke/Solo playback situations.
15 '
These advantages can be obtained by the unified system described herein.



"EAO-, wherein MPrediction = 10wherein mPrediction = Prediction \ OBJ WPTeTi;le; LAO wherein X
0Bj represent channels of the second audio information; wherein XEAO represent object signals of the
first audioinformation; wherein 15-' represents a mafifx which is an inverse of an extended downmix
matrix; wheréh?@*HeLEilks a matrix representing a plurality of channel preeiciBHEEER fents, a10
al,1; wherein lo and 1.0 represent channels of the downmix signal representation; wherein reso to
ress,,,,represent residual channels; and 73 wherein A'is a EAO pre-rendering matrix, entries of which
describe a niégfeingmekenhanced audio objects to channels of an enhanced audio object signal
XE/1/404 wherein the object separator is configured to obtain the inverse downmix matrix 5FYI

as an inverse bf an YHEddd doRMRS ik iEsenfegunsd S ad="t 8l &® MraposaiEQR 0
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I noMn,, - SAO. mo Km noK L -1K 000 KN EAO no, "EAO-0M-1.1 wherein the object separator is
configured to obtain thematrix Cas 00LO 01 01

Claims

1. An audio signal decoder for providing an upmix signal representation In
dependence on a downmix signal representation, an object-related parametric
5 information the audio signal decoder comprising:

an object separator configured to decompose the downmix signal representation, to
provide a first audio information describing a first set of one or more audio objects
of a first audio object type, and a second audio information describing a second set
10 of one or more audio objects of a second audio object type in dependence on the
downmix signal representation and using at least a part of the object-related

parametric information,

wherein the second audio information is an audio information describing the audio

15 objects of the second audio object type in a combined manner;

an audio signal processor configured to receive the second audio information and to
process the second audio information in dependence on the object-related
parametric information, to obtain a processed version of the second audio
20 information; and
an audio signal combiner configured to combine the first audio information with the
processed version of the second audio information, to obtain the upmix signal
representation;
25
wherein the audio signal decoder is configured to provide the upmix signal
representation in dependence on a residual information associated to a subset of

audio objects represented by the downmix signal representation,

30 wherein the object separator is configured to decompose the downmix signal
representation to provide the first audio information describing a first set of one or
more audio objects of a first audio object type to which residual information is
associated, and the second audio information describing a second set of one or more
audio objects of a second audio object type, to which no residual information is

35 associated, in dependence on the downmix signal representation and using the

residual information; and



the audio objects of the first audio object type; wherein no to n are downmix values associated with the
audio objects of the first audio object type; wherein the object separator is configured to
compute the prediction coefficients 20a andas .P LoCod RoRoCod LoRo ‘Lo'o PL2oRoP P -P P
RoCo,j LoLoCo,j LoRo ; and P P - Lo RoLoRo

wherein the audio signal processor is configured to process the second audio

C=o0,0 1LO M MO. N,40-1,0 eNE40-1,210L wher?i mo to in,01 are downmix values associated with

information, to perform an object-individual processing of the audio objects of the
second audio object type, taking into consideration object-related parametric
information associated with more than two audio objects of the second audio object

5 type; and

wherein the residual information describes a residual distortion, which is expected
to remain if an audio object of the first audio object type is isolated merely using
the object-related parametric information.

10 |

2. The audio signal decoder according to claim 1, wherein the object separator is

configured to provide the first audio information such that one or more audio
objects of the first audio object type are emphasized over audio objects of the
second audio object type in the first audio information, and

15
wherein the object separator is configured to provide the second audic information
such that audio objects of the second audio object type are emphasized over audio

objects of the first audio object type in the second audio information.

20 3. The audio signal decoder according to one of claims 1 to 2, wherein the andio
signal processor is configured to process the second audio information in
dependence on the object-related parametric information associated with the audio

objects of the second audio object type and independent from the object-related

parametric information associated with the audio objects of the first andio object

25 type.

4, The audio signal decoder according to one of claims | to 3, wherein the object
separator is configured to obtain the first audio information and the second audio
information using a linear combination of one or more downmix signal channels of

30 the downmix signal representation and one or more residual channels, wherein the
object separator is configured to obtain combination parameters for performing the
linear combination in dependence on downmix parameters associated with the
audio objects of the first audio object type and in dependence on channel prediction
coefficients of the audio objects of the first andio object type.

35

5. The audio signal decoder according to one of claims 1 to 4, wherein the object
separator is configured to obtain the first audio information and the second audio

information according to



wherein the object separator is configured to derive constrained prediction 25coefficients CLo and ¢ |
from the prediction coefficients 2'1,0 and ap using
coefficientsand a, as the prediction coefficients c10 and C11; wherein energy quantities P, PRO,
PLoRo, PLOcj and PRocc,,, are defined as r Eorl N40-.1 PLo = OLD L E E miniRej4 j=0k=0 PR, =
OLDR N 40-1 N140--1 j=0k=0 n n e k,k PLoRo eL,R n e k,k j=0k=0 NE40_, E mieu PLoCo = rn10LD

njeL,R pm;

10

15

20

25

Prediction
XOBJ - MOBJ

EAO Prediction
X,.0 = AMM

EAQ

wherein

_ Yol
MPrediction _ﬁ C U

wherein

Prediction
MPrediction - (E{[_OEJ__ J

M Prediction
EAQ

N

74 constraining algorithm, or to use the prediction

wherein X, represent channels of the second audio information;

wherein X_,, represent object signals of the first audio information;

wherein D™ represents a matrix which is an inverse of an extended downmix

maltrix;

wherein C describes a matrix representing a plurality of channel prediction

coefficients, ¢,,, €,

wherein Iy and ry represent channels of the downmix signal representation;

wherein resoto res,
EAG

represent residual channels; and



i=0 j EAo-I PRoCo,j = niOLDR+miet,R-njOLD,- E niefd ,rO wherein parameters OLDL, OLDR and
10CL,R correspond to audio objects of the second ddio object type and are defined according to
wherein do and du, are downmix values associated with the audio objects of the second audio object
type; 20wherein OLD, are object level difference values associated with the audio objects of the
second audio object type; wherein N is a total number of audio objects; 25wherein NEAO is a number

of audio objects of the:fishaidin alfact tRererRMiiereink0CMZ Esis PRINEHeRIAEE qorghtion value
associated with a pair,of audio gbjects of the,second audio object.type; Swherein e..jand ej,,R are
covariance valuegqa(i%r%}ll\?élﬁﬁ'?oa% E)%Joe%&?-(f?esv%é)l -‘é‘.ﬁ‘é‘?% ﬁé’g %%r%l%%l}%erg Xa%%q r?\tAb, fc-%tbsjl e-1%:o)é‘ll'%?z‘;{tion
parameters; and wherein ei,j are associated with a pair of audio objects of the 1st audio object type
and ej,,R is associatediwithcagdadc0iaugitoobjects ffthelsecondiaudio whbjest ypenmikhaatisio signal

decoder accordingsto ape,of claims.t 19 duiheiein thenRischsgrBratniisisdafigured to obtain the first

audio information and the second audio information accordingto - - - - - - = "Predictionres 0 OWOW
1 0 | m, K My oa
0 I E n, K ny |
B=| T, m UK 0
M M |0 O M
My 4 My E K -1

10
1 o loL o0
0 1 10 L 0
S S =
C=| ¢, Gy | 1 L 0
M M IMO M
i
CNEAO—LO CN}EA() -1 % 0 L 1
wherein mp to m,___, are downmix values associated with the audio objects of the
first audio object type;
15
wherein ng to n, _, are downmix values associated with the audio objects of the
first audio object type;
wherein the object separator is configured to compute the prediction coefficients
20 C,oand ¢ ; as

N A T

h = LoCa,j* Ro RoCo,j* LoRo

750 2
‘F:’_DR‘QD_I)LDRO
PP —-P P
RoCo,j " L LoCo,j” LoRe |
(%1: 001; ;;’_} oo,aﬁd
‘Z)Lo Ro ~ * LoRe

wherein the object separator is configured to derive constrained prediction
25 coefficients ¢, and ¢, from the prediction coefficients ¢,, and ¢;,usinga



res A SAO-1 d XEAO AEAOm Prediction LAO resNEAO-1 wherein m Prediction = wherein Xav
represents a channel of the second audio informatigﬁ; wherein XT.:A represent object signals of the
first audio information; 25wherein 157' represents a matrix which is an inverse of an extended
downmix matrix; wherein C describes a matrix representing a plurality of channel prediction
coefficients, aj 0 ,; 30 76 wherein res, to resAiL40_1 represent residual channels; and wherein AEA is
a EAO pre-renderingstrainixg 2Ehe thudior stgned thegoddictiooamatifiiciontiain) £, mdergin thetobject
separator is config}g&gt{gnog;@igct@gtpgeraﬁ(plgwnmix matrix 5-1 is an inverse of an extended downmix
matrix D which is defined as 78 o ’

wherein energy quantities Pro, Pro. PLoro. Procoj and Procoj are defined as

Nggo=1 Npgo-1
5 B,=OLD,+ », » mme,
=0 k=0
Nego~t Npyp—l
P, =0OLD, + Z Z nme; ,
i=0 k=0
NEA(? -1 NIM() -1
B oro =€ T Z Z € .
J=G k=0
Nega-l
Fco; =mOLD, +ne, ,—mOLD, — Z me, .
=0
izf
N}:‘A(le
10 Prc,, =n,OLD, +me, ,—nOLD, — > ne,

=)
i

wherein parameters OLD;, OLDg and I0Cy g correspond to audio objects of the

second audio object type and are defined according to

NeNgio-l
OLD, = > d,0LD,,

el

N-Npio-l
15 OLD,= > dOLD,
i=0
joc,, =170C V= Neo =2
’ 0, otherwise.

wherein dg; and d;; are downmix values associated with the audio objects of the

second audio object type;

20 wherein OLD; are object level difference values associated with the audio objects

of the second audio object type;

wherein N is a total number of audio objects;

25 wherein Ngao 1s 2 number of audio objects of the first audio object type;



wherein the object separator is configured to obtain the matrix C as
wherein mo to M Nr4o_i are downmix values associated with the audio objects of the first audio object
type. 8.The audio signal decoder according to one of claims 1 to 4, wherein the object 20separator is

configured to obtain the first audio information and the second audio information according to X

=MEnergy OBJ0111 7 \to o \to r represent channels of the second audio information; represent

object signals of the first audio information; wherein

10

15

20

25

30

wherein I0Cy; is an inter-object-correlation value associated with a pair of andio
objects of the second audio object type;

wherein e;; and e g are covariance values derived from object-level-difference

parameters and inter-object-correlation parameters; and

wherein e;j are associated with a pair of audio objects of the st audio object type

and e g is associated with a pair of audio objects of the second audio object type.

The audio signal decoder according to one of claims 1 to 4, wherein the object
separator is configured to obtain the first audio information and the second audio

information according to

_G
X _ MPrediction res,
- onJ
OBJ M
res Nppo-]
_h
L res
EAOQ Prediction 14
XEAO = A M EaC
M
KFGSN zap ™l
wherein
i
M =[0'C

Prediction

wherein X, represents a channel of the second audio information;

wherein X, represent object signals of the first audio information;

wherein D™ represents a matrix which is an inverse of an extended downmix

matrix;

wherein € describes a matrix representing a plurality of channel prediction

coefficients, ¢,,, ¢,,;

wherein dg represents a channel of the downmix signal representation; and

1;0K0-L1K000OK



wherein mo to mMNEAO-1 are downmix values associated with the audio objects of the first audio object
type; 10wherein no toare downmix values associaté@ with the audio objects of the first audio object
type; wherein OLD, are object level difference values associated with the audio objects of the first
audio object type; wherein OLDL and OLDR are common object level difference values associated
with the audio objects of the second audio object type; and wherein AEA is a EAO pre-rendering
matrix. 9.The audio signal decoder according to one of claims 1 to 3, wherein the object separator is
configured to obt%%ﬁ;gﬁgd}gsinfoin}@fjggg&tggeg;&gpggﬁg@gdgg&nformation according to 25vi
Energy e n'OBJ = in-" 0) 78 = AEAUX4Energy (d nE,10'EAO "- 0 wherein Xcmj represents a channel
of the second audio infoillation; 5wherein XE40 represent object signals of the first audio infoination;
wherein mtinergy®ilein2@2OGLiDa, FAO224-faniteoin’y bedrix

5
7. The audio signal decoder according to claim 6, wherein the object separator is
configured to obtain the inverse downmix matrix D' is an inverse of an extended
downmix matrix D which is defined as
__E___i_'iii__lg___i"fﬂ“‘
{
m -1 K 0
10 Boe|
M 10 O M
}
Nawo -l | K -1
wherein the object separator is configured to obtain the matrix C as
1 10 K 0
— b —
¢ 1 K O
C = ! 3
M 10 O
!
NL"JIO—‘ i O K 1
15
wherein my to m Nyl BLC downmix values associated with the audio objects of the
first audio object type.
8. The audio signal decoder according to one of claims 1 to 4, wherein the object
20 separator 18 configured to obtain the first audio mformation and the second audio
mformation according to
Energy l{?
Xop =M,
"
| EAQ Energy lff
25 Xpso =A" " Mpp -
4

wherein X ., represent channels of the second audio information;

(£

wherein X, represent object signals of the first audio information;



m v2TOLDN ISAO-1 Erl10-1 OLD L +m?OLDi i=o0 wherein mo to MNEAOQO1 are downmix values
associated with the audio objects of the first audio ggject type; 15wherein OLD, are object level
difference values associated with the audio objects of the first audio object type; wherein OLDL is a
common object level difference value associated with the audio objects of the second audio object
type; and 20 wherein ALA is a EAO pre-rendering matrix; wherein the matrices ME"rgY and Mkwg' are
applied to a representation do of a OBJFAO single SAOC downmix signal. 25 79 map object signals
of the first audio information onto audio channels of the upmix audio signal representation. 11.The
audio signal decod ?’rﬁg}:ording to one of claims 1 to 10, wherein the audio 5signal processor is
configured to perform a stereo preprocessing of the second audio information in dependence on a

rendering information, an object-

elated congalnce information, a downmix information, to obtain

audio channels of the processed|version offhagisecond audio infoertion; 1012.The audio signal

decoder according to claim 11,

(idthe Qu

dio; iRl processor is configured|to perform the stereo

processing to map an estjynated addio objecttontribution of the second audio information onto a

plurality of channels of theoljp“bmi
infoiniation and a covariance inf

audio signal representatiqn in degEngence on
i[]%sngnal degoder according to claim 11 or

‘illation. 1513,
claim 12, wherein the audio signal processor is configure

rendering

The aud

@bl & gc

drelatad| audio signal

contribution, obtained on the basis of one or more audio cRannels of'the second audio information, to

the second audio infoimation, or an inform%[gmglﬁerived frorﬁ the 2P%scpnd audio information, in
dependence on a render upmix error-infoirmzit Vgt
OLD, + > m’OLD, \/ OLD,+ Y nlOLD,
il il
E M = M M
?\" gl OLDN zan n]ZV pap L OLDN a0~
Nego=1 Npgo -1
OLD,+ » mlOLD, A\|OLD,+ > n’OLD,
. i={} i=0)
wherein my t0 mygpao. are downmix values associated with the audio objects of the
first audio object type:
10 wherein np to p, . are downmix values associated with the audio objects of the
first audio object type;
wherein OLD; are object level difference values associated with the andio objects
of the first audio object type;
15
wherein OLDg and OLDy are common object level difference values associated
with the audio objects of the second audio object type; and
wherein A is a EAO pre-rendering matrix.
20
9. The audio signal decoder according to one of claims 1 to 3, wherein the object
separator is configured to obtain the first audio information and the second audio
information according to
25 Xoss = Mg;irgy (d{})



one or more decorrelated-signal-intensity scaling values. 14. The audio signal decoder according to
one of claims 1 to 10, wherein the audio signal proc@ssor is configured to perform a postprocessing of
the second audio 25information in dependence on a rendering information, an object-related
covariance information and a downmix info!lllation. 15. The audio signal decoder according to claim
14, wherein the audio signal processor is configured to perform a mono-to-binaural processing of the
second audio 30 infolma{i&g,Amﬁﬁﬁm@;ﬁh@g)channel of the second audio infoimation onto two
channels of the upmix signal representation, taking into consideration a head-related transfer function.
16. The audio signal decoder according to claim 14, wherein the audio signal processor 35 is
configured to perfeherembno-tepseseass prekegsihgldheresadondlisuaioimeiamtion, to map a single
channel of the second audio information onto two channels of the upmix signal representation. 80 17.
The agdio signal QV%CQQS%CC%Q@QS&% tcg%i%n 14 ngétﬂserﬂrﬁ éf}?r Settugi(gosig?%lpggggssor is configured to
perform a stereo-to-glnaurafl”‘ﬁro essing of the cond audio m]%rmatlon, to map two channels of the
second audio information onto two channels of the upmix signal representation, taking into
consideration a hgad:-related transfer function. 18. The audio signal decoder according to claim 14,
wherein the audio signal processor is configured to perform a stereo-to-stereo processing of the
second audio information, to map,.two channels of the second audio information onto two 10channels
of the upmix signal representatiop. 19. The audio signal decoder according to one of claims 1 to 18,
wherein the object separatgr.is configured /ifgat audio pbjects of the second audio object type, to
which no residual informatign is as$ociatedyasa single audio object, and wherein the audio signal
processor is configured to considell @%iBettspieific Mddlering parameters associated to the audio
objects of the second audio object'type to adjist contribttions of the audio objects of the second audio
object type to the upmix signal representation—20—Fhe-audio signal decoder according to one of
Ired to obtain one or two common object level
difference values for a plurality o &k *}ofzwi)fﬁe ond audio object type; and 25wherein the
. . . -+ . ! . .
object separator is configured to U§ eLcongon'o jectlevel difference value for a computation of
chan ﬁl prediction coeffigients; and wherein R%e object s¢parator is configured to use the channel
prediction coefficients to ol§fdin one or two audio channels representing the second audio information.
s 1 to 20, wherein the object separator is .

30 21. The audio signal decoder ag on’;@lﬁg%j@bﬂgﬂgf_!clai
configured to obtain one or two ¢ objegtifeverdifference values for a plurality of audio objects of

the second audio object type, an m@efeﬁthazéﬁj@,ct separator is configured to use the matrix to
obtain one or more audio channels'representifig the second audio information.

wherein my 1o mngao-1 are downmix values associated with the audio objects of the

first audio object type;

15 wherein OLD; are object level difference values associated with the audio objects

of the first audio object type;

wherein OLDy is a common object level difference value associated with the audio

objects of the second audio object type; and

20
wherein A**’ is a EAO pre-rendering matrix;
wherein the matrices M7 and MZ%% are applied to a representation do of a
single SAOC downmix signal.

25

10.  The audio signal decoder according to one of claims 1 to 9, wherein the object
separator is configured to apply a rendering matrix to the first audio information to



22.The audio signal decoder according to one of claims 1 to 21, wherein the object 5separator is
configured to selectively obtain a common inter-objg%t correlation value associated to the audio object
of the second audio object type in dependence on the object-related parametric infoimation if it is
found that there are two audio objects of the second audio object type, and to set the inter-object
correlation value associated to the audio objects of the second audio object type to zero if it is found
10that there are mpke ¥jéessihanr brarRUEHS: biaetmedihetrecond audie eliastlypeianapwierein the
object separator ig“%?g%%}%?g toreusgg t@i%ﬁ:ommon n e object correlation value for a computation of
entries of an matrix; an whereim 1iﬁe object separator is configured to use the common inter-object
correlation value associated to the audio objects of the second audio object type to obtain the one or
more audiq thanngls iepiesentingithedkecanchadidio infoimatieinizl 23td Ne.auliwsigtial detioder
accorging to one Qf clali , [ hh 10 Si IS | r the
secon%l audio info%%%%gr}lgi%%%%gé% ncé\l%%%%%gérﬁi tgegéig%%?-?eglg%fé %«;@g%%g%%%{g%%ﬁﬁ%%%m a
rendered represeEHBHEAIHR dERABISHTEQE B EHE SHB TG EpEP N L4t FroeEaes version
of the second audididinfoitvaticn 3% 24ixT hef@ueitsighal deerdendiocdrdimglto @hthofistaiessed to 23,
wherein the objec}seRaratondsSUMoMEd IRBINdgs-the second audio information such that the
second audio information describes more than two audio objects of the second audio object type. 25.
The audio signal decoder according to claim 24, wherein the object separator is configured to obtain,
as thélsecdAd audircintdimsigonl deordetheameingidiclasignal refrasentbtionde & gvd-phasswiraudio
signal representafiopxaRFeaNiNg«Mere thansiue Audierbieste ahte seeand Andlig.abiesijbgpee. 26.
The audio signal decader accordin to.one ofplaims, 319,28 wherein e audip signal procggsor is
configured to receive the second audio information and to process the second audio In oliflation in
dependence of thepdlije endidatsmaBreprssiativa iHfsleagaaceakivn drivneonsmiBiaBRitctdralated
parametric informgatiom assoriadadvith. more than two audio objects of the second audio object type.
527.The audio signal decoder according to one of claims 1 to 26, wherein the audio signal decoder is
configured to extract a total object number information and a foreground object number information
from a configuratibRGirifetinatierrbrifrednjacersiingd d&laietic shrckatbh, Bhaf e rte the
number of audio alieatspodthase tondidiglicedbjecidipe bydameimegladiferenpebetwmedutietotal
object 10number ipfarmation aad theforegraund AbIgEENUMBRGT KHAAALIE 28 TReAddig.signal
decoder accordlnr]gé‘r%g one of claims 1 to 27, wherein the obgct separator is. coI%g%lur d o us
object-related parHRERE ol o ReHRSS HAE HATRERE AUcHh B RRIEMTH AYSE 00 Bject type
to obB4in, as the firstenddiodis informatiion, iN EArdaics siyriatsrégrepentirgrine NEAR zedimdbjects of
the first audio objggt g aRrdiiePRiRkRIASHNA-FReRAE AUGiR nfarmaation, one or two audio signals
representing the N-NEAO audio objects of the second audio object type, treating the N-NEAO audio
objects of the second audio object type as a single one-channel or a two-channel audio object; and 20
14, The audio signal decoder according to one of claims 1 to 10, wherein the audio
signal processor is configured to perform a postprocessing of the second audio
25 information in dependence on a rendering information, an object-related covariance

mmformation and a downmix information.

15.  The audio signal decoder according to claim 14, wherein the audio signal processor

is configured to perform a mono-to-binaural processing of the second audio

30 _ information, to map a single channel of the second audio information onto two
channels of the upmix signal representation, taking into consideration a head-

related transfer function.

16.  The audio signal decoder according to claim 14, wherein the audio signal processor
35 is configured to perform a mono-to-stereo processing of the second audio
information, to map a single channel of the second audio information onto two

channels of the upmix signal representation.



wherein the audio signal processor is configured to individually render the N-NEAo audio objects
represented by the one or two audio signals of the §gcond audio information using the object-related
parametric information associated with the NNEAO audio objects of the second audio object type. 25
29. A method for providing an upmix signal representation in dependence on a downmix signal
representation and an object-related parametric information, the method comprising: 30decomposing

the downmix signahsapigseniatipBedoderaisia adirsh audia infownation Wesedingadirsiaekairone or
more audio objects of adiret quio ebisel b, and.s second audio nformaion describing, gypecond set
of one or more audio orbjggfs of a $6cond audio ject type in d%pen&er?ce onkf e downmix signal
representation an@@EmgfiapielstBapairer themlscrfelbtedgsarsnaidiciirdnmaninn IsUhdrdn the
second audio infaghaatien isfathaugiminfeiphaticeydessrifieg thekaudithabjesisidéthesesdnddaudio
objectgype ina C?H‘Qgﬁe&jﬁ? Ecﬁ%ﬂ. 83 processing the second audio info',lation in dependence on .
the object-related parametric information, to obtain a processed version of the second audio
information; and 5combining the first audio information with the processed version of the second audio
information, &0 obTia shéivpimielsigoad cepresetitationslaim Udherdier¢hethpmitisigizabl epoessotation is

provided in dependepgeran adegidyaldniaratipnasepdiaied issubset of andia abisstspapresented
by the downmix 10signal representation, w%%rgin theidownmix Si nalgr_epr_e entatjon is decomposed,
to provide the firs Bmﬁ’rﬁ%rﬁ?aﬁg??dgggri el s A OrSHRAGr e SHITIBRLEHP aFidt audio
objectlype to whidimnesidwélthefopmatisigislaspowienédicand the second audio 15 information describing
a second set of one or more audio objects of.a second audio object type, to which no residual

information, js assQciated, in dependence on the.downinix signal.representation and ysing, the, residual
iformation e SHE S A e e AR ok objec
type is performedseakigigrintoceshsiderhtio i ojaediel sheerard Hvriesprdridiorrhissd didedivith more

than two audio ohjgfits ebtheigesbntbaudivabienstmasand a singhesaiidhe;jeesidual infoiivation
describes a residual distortion, which is expected 25to remain if an audio object of the first audio object
type is isolated merely using the object-related parametric information. 30. A computer program for
performing the methei§iacbTdmyli eishl sBTRfEFPthdScERTILRETArdgraoPRRE oPPieehPRREHET. 30 31.

An audio signal desaidenfopsaaavidingass ciptadisigradudiprebertatidthinsdepehaatioebird goemmix
signal representatipn R ORIRCIHRIBIRIPIFRMEHS SHRIRATPHMING AHIANINIHKIQYFE GOMmRISINg:
upmix signal representation.
20
20.  The audio signal decoder according to one of claims 1 to 19, wherein the object
separator 1s configured o obtain one or two common object level difference values

for a plurality of audio objects of the second audio object type; and

25 wherein the object separator is configured to use the common object level

difference value for a computation of channel prediction coefficients; and

wherein the object separator is configured to use the channel prediction coefficients
to obtain one or two audio channels representing the second audio information.
30
21, The audio signal decoder according to one of claims 1 to 20, wherein the object
separator is configured to obtain one or two common object level difference values

for a plurality of audio objects of the second audio object type, and

35 wherein the object separator is configured to use the common object level

difference value for a computation of entries of an matrix; and



35an object separator configured to decompose the downmix signal representation, to provide a first
audio information describing a first set of one or m(?rle audio objects of a first audio object type, and a
second audio infoimation describing a second set of one or more audio objects of a second audio
object type in dependence on the 84 downmix signal representation and using at least a part of the
object-related parametric information; an audio signal processor configured to receive the second

audio informationyangdia thpresrss hastcond-atdiaibiotmadiothinniependasieai onibephjes-related

parametric informatipn. Jo,aRia.3 pIgGeRRAL version.Ahibs sesand udio formation; and  an
audio signal combiner configured'to combine the first audio infonnation with the 10processed version

of the second audio information, to obtain the upmix signal representation; wherein the object
separator E2confifheeshticobiaini thectidet adiodfgrivatiendnd ines Secor2d .awdmdniahm afigect

accorging to 15 ge?)a{%tor is c&nﬂkgrrc%dit%ﬂgglgaﬁv]@?%btain a common inter-object correlation
value associated to the audio object of the second audio object type in dependence

on the object-related parametric information if it is found that there are two audio

objects of the second audio object type, and to set the inter-object correlation value

associated to the audio objects of the second audio object type to zero if it is found

10 that there are more or less than two audio objects of the second audio object type;

and

wherein the object separator is configured to use the common inter-object
correlation value for a computation of entries of an matrix; and

I5
wherein the object separator is configured to use the common inter-object
correlation value associated to the audio objects of the second audio object type to

obtain the one or more audio channels representing the second audio information.

20 23.  The audio signal decoder according to one of claims 1 to 22, wherein the audio
signal processor is configured to render the second audio information in
“dependence on the objeci-related parametric information, to obtain a rendered
representation of the audio objects of the second audio object type as the processed
version of the second audio information.
25
24,  The audio signal decoder according to one of claims 1 to 23, wherein the object
separator is configured to provide the second audio information such that the
second audio information describes more than two audio objects of the second
audio object type.
30
25.  The audio signal decoder according to claim 24, wherein the object separator 1s
configured to obtain, as the second audio information, a one-channel andio signal
representation or a two-channel audio signal representation representing more than
two audio objects of the second audio object type.
35
26.  The audio signal decoder according to one of claims 1 to 25, wherein the audio
signal processor is configured to receive the second audio information and fo

process the second audio information in dependence of the object-related



reso ifion t"NEno-1 ro XE,09 AEAOmM Prediction LAO res N EA 0 -I 20wherein M Prediction =
wherein 25 mPrediction = iut Prediction\ OW n -m- Ig%eRT11671 EAO

parametric information, taking into consideration object-related parametric

information associated with more than two audio objects of the second audio object

type.

5 27.  The audio signal decoder according to one of claims 1 to 26, wherein the audio
signal decoder is configured to extract a total object number information and a
foreground object number information from a configuration information of the
object-related parametric information, and to determine the number of audio objects
of the second audio object type by forming a difference between the total object

10 number information and the foreground object number information.

28.  The audio signal decoder according to one of claims 1 to 27, wherein the object
separator is configured to use object-related parametric information associated with
Neao audio objects of the first audio object type to obtain, as the first audio
15 information, Ngao audio signals representing the Ngpao audio objects of the first
audio object type and to obtain, as the second andio information, one or two audio
signals representing the N-Ngao audio objects of the second audio object type,
treating the N-Ngao audio objects of the second audio object type as a single one-
channe! or a two-channel audio object; and
20
wherein the audio signal processor is configured to individually render the N-Ngao
audio objects represented by the one or two audio signals of the second audio
information using the object-related parametric information associated with the N-
Neao audio objects of the second audio object type.
25
29. A method for providing an upmix signal representation in dependence on a
downmix signal representation and an object-related parametric information, the

method comprising:

30 decomposing the downmix signal representation, to provide a first audio
information describing a first set of one or more audio objects of a first audio object
type, and a second audio information describing a second set of one or more audio
objects of a second audio object type in dependence on the downmix signal
representation and using at least a part of the object-related parametric information,

35 wherein the second audio information is an audio information describing the audio

objects of the second audio object type in a combined manner; and



85 wherein XEmi represent object signals of the first audio information; wherein 13-1 represents
a matrix which is an inverse of an extended downrrix 5matrix; wherein C describes a matrix
representing a plurality of channel prediction coefficients, a0, 10wherein 10 and rO represent channels
of the downmix signal representation; wherein reso to resNn,o_d represent residual channels; and
wherein AEA is a LAO pre-rendering matrix, entries of which describe a mapping 150f enhanced audio

objects to channgig,eéamenhrnceshaddinbjastsignabi EAOdwharRincthe O ject Sgpataiidg
configured to obtain the inversF dov¥nmix mat i{( b-'as an inverse 20 of an extended ( 0,01 maono my
0 Oq%naw audio

ety i LR T i ST

"mO0-1Ne40-1 doWAmiX matrix m%’l?‘rﬁ%’,o-
information; and

5 combining the first audio information with the processed version of the second

audio information, to obtain the upmix signal representation;

wherein the upmix signal representation is provided in dependence on a residual
information associated to a subset of audio objects represented by the downmix

10 signal representation,

wherein the downmix signal representation is decomposed, to provide the first
audio information describing a first set of one or more audio objects of a first audio
object type to which residual information is associated, and the second audio
15 information describing a second set of one or more audio objects of a second audio
object type, to which no residual information is associated, in dependence on the

downmix signal representation and using the residual information;

wherein an object-individual processing of the audio objects of the second audio
20 object type is performed, taking into consideration object-related parametric
information associated with more than two audio objects of the second audio object

type; and

wherein the residual information describes a residual distortion, which 1s expected
25 to remain if an audio object of the first audio object type is isolated merely using

the object-related parametric information.

30. A computer program for performing the method according to claim 33 when the

coOmputer program runs on a computer.

30
31. An audio signal decoder for providing an upmix signal representation in
dependence on a downmix signal representation, an object-related parametric
information the audio signal decoder comprising:
35 an object separator configured to decompose the downmix signal representation, to

provide a first audio information describing a first set of one or more audio objects
of a first audio object type, and a second audio information describing a second set

of one or more audio objects of a second audio object type in dependence on the



wherein the object separator is configured to obtaigﬁhe matrix Cas C= 0c000,1001LOLOLO MO

\cN.O-Lo CNE40-1,1 0 L 25 86 wherein no to nNn

r, are downmix values associated with the audio

objects of the first audio object type; wherein the object separator is configured to compute the
prediction coefficients 5andas P P P P LoCo ,j- RoRoCo ,j LoRo PP - Lo NoLoRo P .P - P PLoRoO

10

15

20

25

downmix signal representation and using at least a part of the object-related

parametric information;

an audio signal processor configured to receive the second audio information and to
process the second audio information in dependence on the object-related
parametric information, to obtain a processed version of the second audio

information; and

an andio signal combiner configured to combine the first audio information with the
processed version of the second audio information, to obtain the upmix signal

representation;

wherein the object separator is configured to obtain the first audio information and

the second audio information according to

IU
IR
__ w4 Prediction
XOBJ - MOBJ Fesy
M
Fesy Eao )
'lx’i
_h
. EA40 Prediction .
Xeo =AT Mg, res,
M
TeSy Fao™]
wherein
= Tyo!

MPmdiction - ﬁ/ C !

wherein
Prediction
M Prediciion _ .;,I\«{I .9 -‘?".r_ [
- MPrefiiction
EAO

wherein X, represent channels of the second andio information;



RoCo,i LoLoCo, =; and PLoP PRo LR, wherein the object separator is configured to derive constrained
prediction 10coefficients ¢ and ci4 from the predicti%ﬁ coefficients a j ,0 and Ca constraining algorithm,
or to use the prediction coefficients aim and ar, as the prediction coefficients ere and cp ; wherein
energy quantities PL," P1201 PLoRn, P co,i and PRocO are defined as N1 0--4 'E40 -1 PLoco,' . =
mJOLDL + nieL,N-mpLDj- E i=o0 it; 0-1 20PRoCo,j = nOLDR + mjeL.R - n;OLD - .1 1=0 wherein
parameters OLDL, OLDR and IOCL,R correspond to audio objects of the second audio object type

and are defined agaesainado NrEAQak LT QR APHDhe BhPaadEQhBmlQehT 100031, N -I\TEAO=

2, 0,otherwise.
wherein D™ represents a matrix which is an inverse of an extended downmix

5 matrix;

wherein C describes a matrix representing a plurality of channel prediction

- coefficients, ¢, ¢, ,;

10 wherein |y and 1 represent channels of the downmix signal representation;

wherein resgto res No-l  Tepresent residual channels; and

wherein A™? is a EAO pre-rendering matrix, entries of which describe a mapping

15 of enhanced audio objects to channels of an enhanced audio object signal Xgao;

wherein the object separator is configured to obtain the inverse downmix matrix

~

D™ as an inverse of an extended downmix matrix [ which is defined as

% my Koomy oo
0 1 n, K v '0_1
A I L v e o 288
20 o= m, 1, -1 K 0
"
' M M 0 O M
i
Npap—t Ngag=1 i K -1

1 0 loL o

0 1 10 L 0

c=| ¢, c '0;"5"1"1_"6
M M MO M

. Eo L 1

25
wherein mg to m Ny AT downmix values associated with the audio objects of the

first audio object type;



wherein doo and drj are downmix values associated with the audio objects of the second audio object
type; wherein OLD, are object level difference valué8 associated with the audio objects of the second
audio object type; wherein N is a total number of audio objects; wherein NBA() is a number of audio
objects of the first audio object type; wherein 100031 is an inter-object-correlation value associated
with a pair of audio objects of the second audio object type; wherein e,0 and eL,R are covariance
values derived fromabjectlevel;differarcioparametehsandsintetedbjeti-dwrraldiiontperamnétérs; and
wherein el are associated with a pair of audio objects of the 1st audio object type 20and €j,R is
associated with a'Pair8 ’é)u\%[l?be%tb' s of the second audio object type. 32.An audio signal decoder for
providing an upmix signal representation in dependence on a downmix signal representation, an
object-related paraigdis RECHBIALORHA.ACIO SimaLELTas AR IBIBG S anphisseRAsator
configyred to decgmpgse the downmix signal representation, to provide a first audio information
describing a first sét of one"or more audio objects of a first audio object type, and a second audio
information describing a second set of one or more audio objects of a second audio object type in
dependence on the 30downmi® sigitgl refirgséhtation and using at least a part of the object-related
parametric information; ) ‘parametpc Infermation, to obtain a processed version of the second audio
information; and an audio signal cofhBiher €&nfigured to combine the first audio information with the

processed version of the secopd aL}gigiﬁforn}gtion, to obtain the upmix signal representation; wherein
‘% Y Py A

the object separator is canfig taddio information and the second audio

>

information according to X = yr Efféréy, a &iN.'sOBJ lo o

wherein the object separator is configured to derive constrained prediction
10 coefficients ¢, and ¢, from the prediction coefficients ¢;, and ¢, usinga

constraining algorithm, or to use the prediction coefficients ¢,, and ¢,; asthe

prediction coefficients ¢, and ¢ ;

wherein energy quantities Prq, Pro, Proros Procoj and Procoj are defined as

Nego=1 Ny -1
15 P,=OLD + > 2 mme,,

=0 k=0

Npag 1 Ngp !

P =OLD,+ > > nne,

"

toko = Crp T mne,
j=b k=0
Nego~1
P, =mOLD, +ne, ,—mOLD - > me,
i=0
=y
Ngo-1

20 PRO(_.GJ = nfOLDR +me; g —njOLDJ. — Z ne,

=0
iz

wherein parameters OLD;, OLDg and 10C_ g correspond to audio objects of the

second audio object type and are defined according to

NeNpso~l
OLD,= >, d;OLD,,

i=0)



/\ XA EAOm Energy 10 LAO -LAO 15wherein Xow represent channels of the second audio n ation;
wherein X,,G, represent object signals of the first addio information; wherein 20 0 OLD13n?OLDi
89 wherein mo to MNEAO-1 are downmix values associated with the audio objects of the first audio
object type; wherein no toare downm x values associated with the audio objects of the LAO 5first
audio object type; wherein OLD, are object level difference values associated with the audio objects of
the first audio object type'ééqwhéfr ' “Oé},zD nd OLDR are common object level difference values
associated with the audit? fecCts ,ﬁoth g d audio object type; and wherein AEA is a EAO
pre-rendering matrix. -

10C,,, N=N_,=2,

I0C, . =
LK { 0, otherwise.

wherein do; and d;; are downmix values associated with the audio objects of the

second audio object type;

wherein OLD; are object level difference values associated with the audio objects

of the second audio object type;

wherein N is a total number of audio objects;
10

wherein Ngao 1s a number of audio objects of the first audio object type;

wherein 10C is an inter-object-correlation value associated with a pair of audio
objects of the second audio object type;

15
wherein e; i and e r are covariance values derived from object-level-difference

parameters and inter-object-correlation parameters; and

wherein ¢ are associated with a pair of audio objects of the 1st audio object type

20 and ep g is associated with a pair of audio objects of the second audio object type.

32, An audio signal decoder for providing an upmix signal representation in
dependence on a downmix signal representation, an object-related parametric
information the audio signal decoder comprising:

25
an object separator configured to decompose the downmix signal representation, to
provide a first audio information describing a first set of one or more audio objects
of a first audio object type, and a second audio information describing a second set
of one or more audio objects of a second audio object type in dependence on the
30 downmix signal representation and wusing at least a part of the object-related

parametric information;

an audio signal processor configured to receive the second audio information and to

process the second audio information in dependence on the object-related



1533.An audio signal decoder for providing an upmé)lé signal representation in dependence on a
downmix signal representation, an object-related parametric information the audio signal decoder
comprising: an object separator configured to decompose the downmix signal representation, to 20
provide a first audio information describing a first set of one or more audio objects of a first audio
object type, and a second audio information describing a second set of one or more audio objects of a
second audio objggiyipeil cependessce an tirdownpiosignad representdtidasetusihgadieast a
part of the objectiﬁ%le}%ggt%%r%nftric information; 25 an audio signal processor configured to receive
the second audio nformation and to process the second audio information in dependence on the
object-related parametric infoimation, to obtain a processed version of the second audio information;
and 30 an audio sigaadicmithitieadsifigucediigurodiinentthentirdteaidicinfor métiomtdih it grocessed
versiog of the Seféeegeegéq'%&%%m%&*%etge%mnaﬁtﬁou RERbSIANA rRPIaRealieN:p3RX FoironBejNY
(Cl 0) (281 yAEAGMEnergy -4 \ 'TEAOE40 YO ) 5wherein X08L represents a channel of the second
audio informationtSRATEFBIANLE: 0 represent object signals of the first audio information; wherein 10
xi-Energy LT'CR1- x/rEnergy EA O - OLDLIWOLD:I t=0

wherein the object separator is configured to obtain the first audio information and

the second audio information according to

10
Energy ZO
Xops =Mz
B
EAOw, x Ener; lﬂ
X0 = A" Mgp”
FO
15 wherein X, represent channels of the second audio information;
wherein X, represent object signals of the first audio information;
wherein
20
et 0
OLD, + > mlOLD,
MEnergy — =0
Bt OLDR
0
Niggg =1
OLD,+ Y mOLD,
=0
{ mOLD, } n2OLD,
Ngao -1 Nego
\jowL + Y. m!OLD, \{OLDR + Y nOLD,
i=0 t=0
M - M M
/ mi’EAO -1 OLDNEAO -1 , ni].’:’/ﬁ() -1 OLDNEAO i
Ngag =1 Nego =1
d OLD, + »  m’OLD, \/ OLD,+ > nOLD,

i=0 i=0



wherein mo to MNEAO-1 are downmix values associated with the audio objects of the 15first audio
object type; wherein OLD, are object level difference’values associated with the audio objects of the
first audio object type; 20wherein OLDL is a common object level difference value associated with the
audio objects of the second audio object type; and wherein AEA is a EAO pre-rendering matrix;
25wherein the matrices Mor and MEE'lorgv are applied to a representation do of a single SAOC

downmix signal. @4adiAdmathed fos preyigineanURiRixSiearlisaRrasaniatiand depandengr on a

downmix signal repr ggg}gggn éatn[d an object-related parametric information, the method comprising:

5decomposing the downmix s]i%nawgbresentation, to provide a first audio information describing a first
set of one or more audio objects of a first audio object type, and a second audio information describing
a second set of oR@@EMdreAudio gbjetd G arscHHcARIRe ObjettTybetlin aeperiinge ehtise
down(nj;nix signal r%?r%e%g&litgt(i) neg%?g%sing at least a part of the object-related parametric information;
10and processing the second audio information in dependence on the object-related parametric
information, to obtain a processed version of the second audio infolination; and 15 combining the first
audio informationwhitihcihe(jirbDcessedjeer siorlafitifieceeontmydissindatadatth, tho: olidin dheetpmix
signal representafiof;e first au\gge(ggjgc{q%f&st audio information and the second audio infoimation are
obtained 20according to x= m Predictionres 01310/3.10 res AE.40-3/ 10

10 wherein OLDy and OLDg are common object level difference values associated

with the audio objects of the second audio object type; and

wherein A™ is a EAO pre-rendering matrix.

15 33. An audio signal decoder for providing an upmix signal representation in
dependence on a downmix signal representation, an object-related parametric

information the audio signal decoder comprising:

an object separator configured to decompose the downmix signal representation, to

20 provide a first audio information describing a first set of one or more audio objects
of a first audio object type, and a second audio information describing a second set
of one or more audio objects of a second audio object type in dependence on the
downmix signal representation and using at least a part of the object-related
parametric information; |

25
an audio signal processor configured to receive the second audio information and to
process the second audio information in dependence on the object-related
parametric information, to obtain a processed version of the second aundio
information; and

30
an audio signal combiner configured to combine the first audio information with the
processed version of the second audio information, to obtain the upmix signal

representation;

35 wherein the object separator is configured to obtain the first audio information and

the second audio information according to



ro 25v= A EA OA/ Prediction X FAOEAO reso \res NE40-I / wherein MPrediction =, 92

wherein 20
Ener)
Xops =My, (do )
_ A EACOw g Enen
Xpo =AM (do )
5 - wherein X, represents a channel of the second audio information;

wherein X, represent object signals of the first audio information;

wherein

10

OLD,
Ngaa—l
OLD, + » m'OLD,

i=0

MEnergy —
oB; "

| m>OLD,

Npgo-l
\jOLDL + > mlOLD,
=0

Energy __
MEA [ M

wherein mg to mypao-1 are downmix values associated with the audio objects of the

15 first audio object type;

wherein OLD; are object level difference values associated with the audio objects

of the first andio object type;

20 wherein OLDy is a common object level difference value associated with the audio

objects of the second audio object type; and

EAQ
A

wherein 1s a EAQ pre-rendering matrix;

25 wherein the matrices MZ“® and MZ® are applied to a representation dy of a
OBJ FAO pp <p

single SAOC downmnix signal.



mPrediction = 7jurPredi\ IVIOBJ m-PTeeTThon EN% 5wherein XO0Bi represent channels of the second
audio n ation; wherein X"0 represent object signals df the first audio information; wherein it
represents a matrix which is an inverse of an extended downmix 10matrix; wherein C describes a
matrix representing a plurality of channel prediction coefficients, ac,0; 15wherein lo and ro represent
channels of the downmix signal representation; wherein reso to resrepresent residual channels; and

wherein Anyis a BA QeentrNdsringdvais, enptigsef whighidrsaibertapRingesead @kassed audio

objects to channes,of an enhanoed audlo, sbiect signal KEAC; whereln. the inverse, dguamp matrix
13-1 is obtained as an |nver§e of an extended downmix a{rlxlﬁw I-%%] IS 8e Ine as"Q1 tio=0 mo M N

Eno-1 1 no M nNEgthed pempromg:

5 decomposing the downmix signal representation, to provide a first audio
information describing a first set of one or more audio objects of a first audio object
type, and a second audio information describing a second set of one or more audio
objects of a second audio obiect type in dependence on the downmix signal
representation and using at least a part of the object-related parametric information;

10 and

processing the second audio information in dependence on the object-related
parametric information, to obtain a processed version of the second audio

information; and

I5
combining the first audio information with the processed version of the second
audio information, to obtain the upmix signal representation;
wherein the first audio information and the second audio information are obtained
20 according to
[0
o
_ Prediction | ...
Xogs =My, res,
M
resy
l()
o
_ 4 EAOw g Prediction
25 Xpo =A""MZ, res,
M
resy

wherein

_ 1xo!
MPredictian - ﬁ/ C 4



IC KK mn, EAO-'0 M -1 wherein the matrix C is og%tained as 93 1 0LO 10LOC=

10

135

20

25

wherein

Prediction
MPredicrion _ E/I_O_BJ_ _
- MP;'ediclion
EACQ
wherein X, represent channels of the second audio information;

wherein X, represent object signals of the first audio information;

wherein D' represents a matrix which is an inverse of an extended downmix

matrix;

wherein C describes a matrix representing a plurality of channel prediction
coefficients, ¢, €, ;;

wherein Iy and rj represent channels of the downmix signal representation;

wherein resg to res W, Tepresent residual channels; and

wherein A*° is a EAO pre-rendering matrix, entries of which describe a mapping

of enhanced audio objects to channels of an enhanced audio object signal Xgao;

wherein the inverse downmix matrix ™7 is obtained as an inverse of an extended

downmix matrix I which is defined as

1 0 im K my |
0 1 3 n, K ony
Bt T, w1 K0
M M 0 O M
ot s | 0 K]

wherein the matrix C is obtained as



0,00,2IL O M OL NNE40 NEAo wherein mo toare downmix values associated with the audio
objects of the first audio object type; wherein no to S?ﬁliAO_, are downmix values associated with the
audio objects of the first audio object type;

1 6 0L 0
0 I 10 L
C=| ¢, Gy |1 L 0
M M MO M
. Eo L 1

wherein mg to m,__, are downmix values associated with the audio objects of the

first audio object type;

5
wherein ng to n, , are downmix values associated with the audio objects of the
first audio object type;
wherein the prediction coefficients ¢, and ¢,, are computed as
10
W= RﬁoCo,leRo - R’EoCo,j}},oRo
e 2
}10}10 M'}ioko
P B =P B
i - LoR
(%?] — RoCo,j* Lo .L(J(;(J,_,’ LoRo : aﬂd
}10}10 W$}10Ro
wherein constrained prediction coefficients ¢, and ¢, are derived from the
prediction coefficients ¢,, and ¢, using a constraining algorithm, or wherein the
15 prediction coefficients ¢,, and ¢,, areused asthe prediction coefficients
cjoand ;i
wherein energy quantities Pro, Pro, PLoros Procoj and Proco; are defined as
Npio 1 Npap—1
P,=0LD, + Y > mme,,
J=0 fe=0
Npgo=1 Nggo=1
20 P,=O0LD,+ > > nme,

j=0 Fe=l)

Fiope =€z + me, .
el k=D
Nrp =1
P, =mOLD, +ne, ~mOLD, - } me,,

i=0

inj



wherein the prediction coefficients Zic,0 andare computed as WPO- P .P - P .P LoCo", RoRoCo,j LoRo
PLoPRo PL20oRo .P -P RoCo,j LoLoCo,j LoRo - P Blo P P2 RoLoRo wherein constrained prediction
coefficients ci.0 and c Li are derived from the prediction coefficients ail,0 and -51 using a constraining
algorithm, or wherein the 15prediction coefficients aim and aare used as the prediction coefficients and
¢ wherein energy quantities PLO, PRO, PLoRo, PLoCo PLoCo j =m OLDL njeL,ROLD1 - 94 NIA
PRoCo,j =nj OLDR Mije -n OLDniej i#j wherein parameters"@LDL, OLDR and IOCL,R correspond to
audio objects of the sec Moauﬂfb%@%t?t%%‘aﬁfa@é : 'f'ing d6Gaerding to

i=j

wherein parameters OLDy, OLDy and IOCpg correspond to audio objects of the

second audio object type and are defined according to

N-Npin—1
5 OLD,= > d;OLD,,
i=0
N-Nggo—l
OLD, = d} OLD,,
i=0
joc, . - 10C,,, N—NEAO.mZ,
‘ 0, otherwise.

wherein dy; and d;; are downmix values associated with the audio objects of the
second audio object type;

10
wherein OLD; are object level difference values associated with the audio objects

of the second audio object type;

wherein N is a total number of audio objects;
15

wherein Npao is a number of audio objects of the first audio object type;

wherein I0Cy is an inter-object-correlation value associated with a pair of audio
objects of the second audio object type;

20 _
wherein e;; and e_g are covariance values derived from object-level-difference

parameters and inter-object-correlation parameters; and

wherein ej; are associated with a pair of audio objects of the Ist audio object type

25 and e g is associated with a pair of audio objects of the second audio object type.

35. A method for providing an upmix signal representation in dependence on a
downmix signal representation and an object-related parametric information, the
method comprising:

30



wherein do,, and ill, are downmix values associated with the audio objects of the second audio object
type; wherein OLD, are object level difference valués associated with the audio objects of the second
audio object type; wherein N is a total number of audio objects; wherein NEAO is a number of audio
objects of the first audio object type; wherein 100031 is an inter-object-correlation value associated
with a pair of audio objects of the second audio object type; whereinand eL,R are covariance values
derived from objegideygbdifference Raramplersant inipreabiesiceorelatpopasametss; andio

whereinare associated with a pair.of audio objects of the 1st audio object type 25and ¢ |
associated with anp%ji?%?tlaﬁ?dclldg o lélcr:l _ao fﬁ%sé%%%% al [o%eb?g%ﬁfp?ééégxﬁ?néﬁoa& (ﬁ)&; tf%rb%itding an
upmix signal reprB&Eniifon JACEBP SHARNBEBH AIBIRPRIbSIGNA PrEpRE SEhRltiore AN disHoBlé-related
parametric informgijessthe meaihed Campiisisigic@5yvgecompgsindetive dewtirixisignalregeaentation,
to proyide a first audialafarmatien deseriping e fiskeet A0S L IAE AU ARRCIR BRI, audio
object type, and a second audio information describing a second set of one or more audio objects of a
second audio objé’&@type in dependence on the downmix signal 5representation and using at least a
part of the object-related parametric information; and processing the second audio infolmation in

dependence on the abiegfsrelated parametis infRsmation. 19 eRisINRNOCESSAR VsRian:ahthe second
audio 10information; and comhining the first agdto information wvith th}fegsvrﬁge sed vers(ion of.the
r

second audio infdiRAEH 0! R8-SR LR af rdPREEEN AL S § &St UGS
inforrfation and thefseeaichasetio information are obtained according to (N 'y = M Energy 10 n
01310BJ o\

combining the first audio information with the processed version of the second

audio information, to obtain the upmix signal representation;

15 wherein the first audio information and the second audio information are obtained

according to
I

_ Energy |- "8
XOBJ - MOBJ
T

] )
20 Xewo = AEAOMEZCOW ’ }

i

wherein X, represent channels of the second audio information;

wherein X, represent object signals of the first audio information;
25
wherein
o 0
OLD, + > mOLD,
MEncrgy — =0
OBJ OLDR
0 Npgp—t
OLDy+ Y. n’OLD,

i=0



X LAO -lY LAO LAO xi- Energy to wherein X011 represent channels of the second audio information;
wherein X EA represent object signals of the first a fio information; wherein OLDL N"40 - OWL
+Mi20LD, i=0 0 0 OLDR EAO -1 OLDn;20LD 96 wherein mo to INNEAO1 are downmix values
associated with the audio objects of the first audio object type; 5 wherein no to nivri are downmix

values associatedh the audio objects of the nAc first audio object type; wherein OLD, are
object level difference values asgogiated Withfhe audio objects IQpjfhg Tirst audio object type;
wherein OLDL and OLD R are conmon-obieetievet-differe s-gSsociated with the audio
objects of the second audio obje¢ mg)Lade‘S\H{i@pj}; ARROISTR, EAzpng@@mgering matrix. '
=0 i=0
My = M M
f mir a0~ OLDNJE‘AO - ni’ pan=t OLI)N;;A() -1

Neap—1 Neag~1
\I OLD, + Y. mOLD, A|OLDy+ » n OLD,
=0

i=0

wherein mg to mngao.1 are downmix values assoctated with the audio objects of the

first audio object type;

wherein ng to »,, | are downmix values associated with the audio objects of the
E4O

1

first audio object type;

wherein OLD; are object level difference values associated with the audio objects

10 of'the first audio object type;

wherein OLDL and OLDg are common object level difference values associated

with the audio objects of the second audio object type; and

15 wherein A*? is a EAQ pre-rendering matrix.

36. A method for providing an upmix signal representation in dependence on a
downmix signal representation and an object-related parametric information, the
method comprising:

20
decomposing the downmix signal representation, to provide a first audio
information describing a first set of one or more audio objects of a first audio object
type, and a second audio information describing a second set of one or more audio
objects of a second audio object type in dependence on the downmix signal
25 representation and using at least a part of the object-related parametric information;

and

processing the second audio information in dependence on the object-related
parametric information, to obtain a processed version of the second audio

30 information; and



36.A method for providing an upmix signal representation in dependence on a downmix signal
representation and an object-related parametric inf87mation, the method comprising: 20 decomposing
the downmix signal representation, to provide a first audio information describing a first set of one or
more audio objects of a first audio object type, and a second audio infoimation describing a second set
of one or more audio objects of a second audio object type in dependence on the downmix signal

25representation giehising Alclanst awRast pifthe siack-iglatrd prramelicsiRimaian: aegbnd
processing the second.audio | forrpatigp in gg%elrll{jeré?e olnréhleegel%j% -related parametric information;
to obtain a proce%1 H)\}gr%%aé??heosoec%lﬁé Sudio soirfoima on; an g7 combining the first audio
information with the processed version of the second audio information, to obtain the upmix signal
representation; whersheneifithiefidst audienaiormadionasetthd sedanth Audiatiofosraitamiase
obtaingd 5accord‘jir(1:g tr%%g%: M OE"lieJ"Y (d 0) =N ALA Energy "LAOLAO 10 wherein X08,
represents a channel of the second audio information; wherein XL,0 represent object signals of the
first audio information; 15wherein OLDL 1%0-1 OLDLmi.20LD, 7-2/1T T1 1110 IttaL-/0 A( O
DL+m,20LD X = MG (d, )

XEAO = AEAOM?ZT;M (dn)

10
wherein X, represents a channel of the second audio information;
wherein X, represent object signals of the first audio information;
15 wherein
ST OLD
Mgs‘fgy - / N{:‘m“f
\)OLDL + > mOLD,
i=()
f m2OLD
o 0
Npg=1
\]OLDL + > mlOLD,
i=0
ME = M
} mjzv z40 =1 OLDNLMO -1
Npap -1
\f OLD, + Y m’OLD,
20 wherein mg to mypao. are downmix values associated with the audio objects of the
first audio object type;
wherein OLD; are object level difference values associated with the audio objects
of the first audio object type;
25

wherein OLDy is a common object level difference value associated with the audio

objects of the second audio object type; and



20wherein mo to MNEAO_1 are downmix values asgpciated with the audio objects of the first audio
object type; wherein OLD, are object level difference values associated with the audio objects of the
first audio object type; 25 98 wherein AEA is a EAO pre-rendering matrix; wherein the matrices
MOE171' and MEE,"eoru are applied to a representation do of a 5single SAOC downmix signal. 37.A
computer program for performing the method according to one of claims 34 to 36 when the computer
program runs on a computer.

wherein A®? is a EAQ pre-rendering matrix;

wherein the matrices MZ;® and M1, are applied to a representation dg of a

5 single SAQOC downmix signal.

37. A computer program for performing the method according to one of claims 34 to 36

when the computer program runs on a computer.



