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Description 5 The present application relates to binaural rendering of a multi-channel audio signal.
Many audio encoding algorithms have been proposed in order 10 to effecti compress
audio data O\Figr%glgﬁa%‘ir%l, i.e., mono audio signals. Using psychoacoust%léyﬁga |08@§§§ﬁres are
appropriately scaled, quantized or even set to zero in order to remove irrelevancy from, for example,
the PCM coded audio signal. Redundancy removal is 15 also performed. As a further step, the
similarity between the left and right channel of stereo audio signals has been exploited in order to
effectively encode/compress stereo audijo signals. 20 Howeyer, upcoming.apglications pose further
demands on audio &?cﬁr?é’ﬁ?g’brﬁﬁﬁi@?fﬁ?@xggp%”ﬁigf&%%%%%ir%,“glo?npgffgrn agmes, music
performance and the like, several audio signals which are partially or even completely 25 uncorrelated
have to be transmitted in parallel. In order to keep-thesneesssary bit rate for encoding these audio
signals Iog/ enough in order to be compatible to low-bit rate transmission applications, recently, audio
codecs have been proposed which downmix the multiple input audio 30 signals into a dgwnmix signal,
such as a ster%%r%‘?féﬁ%’énéfﬂ%\frﬁﬁi&lﬁ&nﬁ?I]ESFﬁiaﬁ]?)leg %ﬁ@‘ﬂfﬁéGrgﬁragﬁﬁg%ta%da?d
downmixes thevinipuit-ctizamedsl ine tie dendmaik signal in a manner prescribed by the standard. The

Many audio encoding algorithms have been proposed in order
10 to effectively encode or compress audio data of one
channel, i.e., mono audio signals. Using psychecacoustics,
audio samples are appropriately scaled, quantized or even
set to zero in order to remove irrelevancy from, for
example, the PCM coded audio signal. Redundancy removal is

15 also performed.

As a further step, the similarity between the left and
right channel of stereo audio signals has been exploited in
order to effectively encode/compress stereo audioc signals.
20 | '
However, upcoming applications pose further demands on
audio coding algorithms. For example, in teleconferencing,
computer games, music performance and the like, several
audio signals which are partially or even completely
25 uncorrelated have to be transmitted in parallel. In order
to keep the necessary bit rate for encoding these audio
signals low enough in order to be compatible to low-bit
rate transmission applications, recently, audio codecs have
been proposéd which downmix the multiple input audio
30 signals into a downmix signal, such as a stereo or even
mono downmix signal. For example, the MPEG BSurround
standard downmixes the input channels into the downmix
signal in a manner prescribed by the standard. The
downmixing is performed by use of so-called OTT™ and TTT™
35 boxes for downmixing two signals into one and three signals
into two, respectively. In order to downmix more than three
signals, a hierarchic structure of these boxes is used.
BEach OTT™® box outputs, besides the mono downmix signal,



downmixing is performed by use of so-called OTT-1 and TTT-1 35 boxes for downmixing two signals
into one and three signals into two, respectively. In order to downmix more than three signals, a

hierarchic strugct ft% se boxes is used. Each ORT-1 box outputs, besﬁm%@ gsglownmix
signal, WO g’&%‘%’ﬁ%ﬁ gZPCTlEP2009/006955 channel level differences etweengt){ﬁe two input
channels, as well as inter-channel coherence/cross-correlation parameters representing the coherence
or cross-correlation between the two input channels. The parameters are output 5 along with the

downmix signal of the MPEG&UNQ%PE%%%%%\Q/H?&% P@ﬁeSug%ungn%@ sgﬁgghes‘liglilarly, each
ion

TTT-1 box traﬁg}ﬁﬂg%ﬁa%ﬁgl pre(ﬁllc coefficients enabling recovering the three inﬁzut channels from

the resulting stefeo dGWAMIx 3fgnalt ThETHAMMRIBredicHiON EhERRFARE AT aRCHEE tAimMitted as
side informatigrawithit thesMP&G Sserountigdathstreahe TR PEG Sterdtmdodetol ipmixes the
downmix signal iy, use, ok ihe trapsmitigd siderpformagionang resewarst dies orgisalshgawels input
into the MPEG Surround encoder. 15 However,. MPEG Surr dgggﬁﬁgrt es fulfill all
requirements Sqéjen(f bf/'J %n%’ny%zg’p%liéﬁ%rﬁrg% For éggr%legée%%E ¢ S_urrlg}?r%? %%ggdecrgi((s}%gdicated for
upmixing the doirhix $ipRalMEHRe UPERRBHdRRa SHbRRP sucHHARRL Ynp G charinels of the
MPEG Surroubdencosder srd tacovaiied aslthep eedirtdter words fihelPEG Stredunidhdata stream
is dedicated tohe plaved.Backihy use obthe loyispeakarsanfiguratiomhaying beeauisethipr encoding,
or by typical configurations like stereo. 25 However, accordin plicati ' d be
favorable if thesﬁ)??ﬂ%%eaﬁgpé%r}ﬁigﬁgt?oag cou ebedckz}'?e{ﬁlgegj ty]i%(e’?](%dge?:c:r:\%)%%r'sg f%d%géggl%}%% In order to

address He laBERNEERS tHer SR BERD Gject ERInFEROES Lehddid idurErtly HEEGned. Each
channel is treaged asAniindivddualcoizect, ahidealMpbie ci:ancodowndiadifrto epddwamixBignal. That

is, the objects grg handled amandig gignads kaing idepeadsnt Fesueacuss othes mighalgradhering to
any specific loudspeaker configuration bt with the alylty fe placq i (ryallloydpepikass at the
decoder's side ar |trar|f§/.ﬁe
Surround encoder.
15
However, MPEG Surround, unfortunately, does not fulfill all
requirements posed by many applications. For example, the
MPEG Surround decoder is dedicated for upmixing the downmix
signal of the MPEG Surround encoder such that the input
20 channels of the MPEG Surround encoder are recovered as they
are. In other words, the MPEG Surround data stream is
dedicated to be played back by use of the loudspeaker
configuration having been used for encoding, or by typical
configurations like stereo.
25
However, according to some applications, it would be
favorable if the loudspeaker configuration could be changed
at the decoder’s side freely.

30 In order to address the latter needs, the spatial audio
object coding (SAROC) standard is currently designed. Each
channel is treated as an individual object, and all objects
are downmixed into a downmix signal. That is, the objects
are handled as audio signals being independent from each

35 other without adhering to any specific loudspeaker
configuration but with the ability to place the (virtual)
loudspeakers at the decoder's side arbitrarily. The
individual objects may comprise individual sound sources as



individual objects may comprise individual sound sources as 3 WO 2010/040456PCT/EP2009/006955
e.g. instruments or vocal tracks. Differing from the MPEG Surround decoder, the SAOC decoder is

free to indivi%&lg klﬁ)mi&the downmix signal to replay the individual objegts AR aMiosdspeaker
configuration. In order to enable the 5 SAOC decoder to recover the individual objects having been

encoded into the SAOC data stream, object level differences and, for objects forming together a stereo
(or multichannel) signal, inter-object cross correlation parameters are transmitted as side information

within the SAOE 10 bi{%&%ﬁ@ﬁéye&hi%@&%@&Q@Qw@{/ﬁmﬁaerﬂwﬁovjﬁed Miignformation

revealing how the’individual objects have been downmixed into thf downmix,signah%hui on the

decoder's side, IHELEIESHIE]678E5ver tRE indiIduSPSRERE chsnidig ant o TERALH L :

se é’ignals onto
15 any loudspeakei sortfigurdgomby tisziggabet eomestletirebberidg thigiaagadn. ¥rawedsr, although
the afore-mentighed coRECs ohridYPEKe SUTONRIANSARC, aie alilade transeifaand rertcer multi- 20

channel auglio capent@uigdondsreatetspalovilionsdaying diore i buo pRealiers, i ncreasing

interest in headphones as audio reproduction system necessitates thartip%%s%e co(%;acs are also able to
ack,

render the audiBEotER: dRtcehddEpnuies. R EBnFastNoudBeéste FEESS Rudio
content reproduget} ovérheadiphents is Perosingd itsidetthehead. FiieBdeentenf theldfect of the

acoustical pathway:{Fm)sosiepsat certaie phybsicat positieas totherearstums qausendie spatial
image to soundaté%natgrlaélééqn(iq:@eedcug; thaggggrmiql%g}%ggrl(@ﬁveqﬂiigﬁgﬁnutphglevst\gge and

distance of a sound source are essentlalfy missing or vergl inaccyrate. Thys, to reso(I%/e the unnatural
& SAOC is

sound stalf® cabitEd BFffccubaisiShsditt s, bR decoder/transcoder

provided with information revealing how the individual
objects have been downmixed into the downmix signal. Thus,
on the decoder’s side, it 1is possible to recover the
individual SAQC channels and to render these signals onto
15 any loudspeaker configuration by utilizing user-controlled

rendering information.

However, although the afore-mentioned codecs, i.e. MPEG
Surround and SAQOC, are able to transmit and render multi-
20 channel audio <content onto loudspeaker configurations
having more than two speakers, the increasing interest in
headphones as audio reproduction system necessitates that
these codecs are also able tb render the audio content onto
headphones. In contrast to loudspeaker playback, stereo
25 audio content reproduced over headphones 1is perceived
inside the head. The absence of the effect of the
acoustical pathway from sources at certain physical
positions to-fhe eardrums causes the spatial image to sound
unnatural since the cues that determine the perceived
39 azimuth, elevation and distance of a sound source are
essentially missing or very inaccurate. Thus, to resolve
the unnatural sound stage caused by inaccurate or absent
sound source localization cues on headphones, various
techniques have been proposed to simulate a virtual
35 loudspeaker setup. The idea is to superimpose sound source
localization cues onto each loudspeaker signal. This is
achieved by filtering audio signals with so-called head-
related transfer functions (HRTFs) or binaural room impulse



sound source localization cues on headphones, various techniques have been proposed to simulate a
virtual 35 loudspeaker setup. The idea is to superimpose sound source localization cues onto each

Iouds..peaker g.iﬁ:%lwg %és achieved. by filtering audiai signals with so-callggll}ﬁ%amh%gg transfer
functions (H S) or binaural room impulse 4 WO 2010/040456PCT/EP20091006955 responses

(BRIRS) if room acoustic properties are included in these measurement data. However, filtering each
loudspeaker signal with the just-mentioned functions would necessitate a significantly higher amount

of computation 5 power at th oder/reproduction side. In particular, renderi hg n I&i- hannel
audio signal ontS the’ n\ﬁﬁﬁalf?gﬁg(ssgea gr locations would fabé to %etpleer%or%%%g #rs’f; Wﬁeﬁgn, then,

each loudspeakér sidizefitus GRAFIREFRIMErediFiliF the rBSHEYSIE trarfsttRTtREN offfulse 10
response to obtasdaptefikand sibih shamrialtof thebiastakeutpubsignall Eveniworssewthel thus

obtained binautal qututsigaal woulghave; 8 HOOT QUi Hality Gus: - the fack thatidr Qrdesto achieve
the virtual |§Juds eaker siqnaltsha reéat{i:voe ~Ira}' e arm%%rétt%fosf}/nthgt'ce 15 q%correlaggn Lic.jt%r}:als would
have to be mixEF b the upmlxeed s@na Sin’ order to compensate for the corrgﬁ;{t‘ioncbe ween
originally uncorFERESF AlidiotRpuRYiHRARS BRE EE it reStftiRy B RF-QolhfmixiRg thE Blurality of
audio input sigrialadaipshkedowhmix signas. 20 the current versidre of plee SEAGETodEC; slie SAOC
parameters withindhgside ipfarmatiqn aflovt theusrisiigracivensnatiabreadeling ohite augio objects
using any playh setup with, in principle, including 25 headphones. Binaural rendering,to
headphones allévciétgﬁaﬁ%l ‘(’:%rt;‘&ollgo %irﬁj%?%%%:lf%%si%(r)ﬁg ?ng 3b s%g}e?c%%glﬁg ﬂga&.‘?&‘gﬁf transfer

function (HRTFY papamtterst Forademple, Bitaurk® Eéndéfdy it SAGC ebarnse re@fzedB§ restricting
this case to thetmaaodnivnmix SAO C cageaihereEtheninput 88esignalsearecimbeed altbalieeaono
channel equally, Hpfagunaisiena sipinmisdieceshisaies o sianabs tbe fuiyed jato one
common mono down&jx signal so th%t Lpe orirginal cgrrelatign progsr.ties bet\élgen the ogginfll audio

. o e = 1 OCraer O .. da ave, vir a
signals are maximally Tost an‘:f‘ictrﬁereifore, the rendering 35 quality of the Binadral rendlerlng output

signal is non-optRHAS S O GLTID20556 PCTEP 5BU8/H065353Ph GRPRENB o HeR BI%he Dresent
invention16 prodeeasehetmefor bingoedl sendernihg a heult-cHannéleaudibzsignalisdch thdtehe

binaural renderingressd is igREQL: With,cancureNdymaRidinga resirietien kuthedreadaem 5 of
composing the downmix signal rom e qfigingl Ao 810N8%36 input signals, the
correlation resulting from downmixing the plurality of
audio input signals into the downmix signal.
20
In the current version of the BSAOC codec, the SAOC
parameters within the side information allow the user-
interactive spatial rendering of the audio objects using
any playback setup with, in principle, incliuding
25 headphones. Binaural rendering to headphones allows spatial
control of virtual object positions in 3D space using head-
related txanéfer function (HRTF} parameters. For example,
binaural rendering in SAOC could be realized by restricting
this case to the mono downmix SACC case where the input
30 signals are mixed into the mono channel ‘equaliy.
Unfortunately, mono downmix necessitates all audio signals
to be mixed into one common mono downmix signal so that the
original correlation properties between the original audio
signals are maximally lost and therefore, the rendering
35 quality of the binaural rendering output signal is non-

optimal.



This object is achieved by an apparatus according to claim 1 and a method according to claim 10. 10
One of the basic ideas underlying the present invention is that starting binaural rendering of a
multi-channel audio signal from a stereo downmix sighal is advantageous_over starting binaural
rendering of H3 Wfﬂ‘-@ﬁnnel audio 15 signal from a mono downmix sign%??ﬁ%%%’f”i?ﬁ%%t, due to the
fact that few objects are present in the individual channels of the stereo downmix signal, the amount of
decorrelation between the individual audio signals is better preserved, and in that the possibility to

choose 20 betvgen the o hannels,gf e stereq dawppix siana) a4 e engodsy §ids eogbles that
the correlation propefties bétween audio signals in different downmix_channels is partially preserved.

In other words, Hues@ #RSendsder BHRARTE kheiRRISIHIBG cohefbAtEL B fTAdedWHilh has 25
to be accounted faratlthewecotmatsidbaviersahe aiterehdanéhepherendd of theibipaarddutput

signal is an impetant measuis frthepereqption atvigualsopnd-sousge Width phut sisingisigreo
downmix instead_of mono downmijx reduces the amount qof degrading. so that the 3 .
restorationr;’;engrifatic?r? oF Selﬁﬁopié)irigmléﬁﬁp %ﬁteﬁ%ﬂ%ﬁ%el%%ﬁ%r&%g b§ bitaura reﬁa]gﬁr?g the
stereo downmié3ighaldchieves better quality. A further main idea of the present application is that the
35 afore-mentioned ICC (ICC = inter-channel coherence) control may be achieved by means of a

decorrelated signgl forpinga peiceptyal Sputvalentin aploneAaunabeghthendowamixghannels of
the stereo downmix séignal W;EQ owever eirﬁ,g 6 WQ 20101]6)40456PCT1EP20091006955
and-a eTho o

accoral o clal . L .
decorrelated to the mono downmix. ‘?ﬁus, w e use of a stereo downmix signal instead of a mono

downmix $fynal preserves some of the correlation properties of the plurality of audio signals, which
would have beemiesbwhehs hsinga mdeasdovmanid signal, the bincesabientieviag ey bébased on a
decorrelated signgl peingreprasentative forbotiathe firstanskthg seeoend devannixichanaeb thereby
reducing the number of decorrelations or synthetic signal.processin cocmggged to.sepaL; gly
decorrelating ea?éf?gtae%eo%fﬁ%o?vn%rlfxegﬁé'ynn%%.wﬁgfsl e tflzfe[e fl'blsjqre%,'prefe?l%doembog’itments of the

eferrin :
present applicafiéA &Fé ¥eschbBaYS Hord 8BERT A‘Fﬁonﬁ%he@ﬁguﬁ%’sl,%ﬁ&%%%ckadﬁ@l%m of an
SAOC entéderktegoder drrangemsnnin Wisiehniha enilgodimebtzotthe preséd@nverttion rhay be

implemented; shews ascheraiie ardilusiativa diagiam gia speetralfepesentatah ofiaamono audio
S shows g JRgrago” o ucie gBOchSaRAE OLBRULS! PR AREAI0 o
decorrelation between the individual audio signals is
better preserved, and in that the possibility to choose
20 Dbetween the two channels of the stereo downmix signal at
the encoder side enables that the correlation properties
between audio signals in different downmix channels is
partially preserved. In other words, due to the encoder
downmix, the inter-object coherences are degraded which has
25 to be accounted for at the decoding side where the inter-
channel c¢oherence of the binaural output signal is an
important measure for the perception of virtual sound
source width, but using stereo downmix instead of mono
downmix reduces the amount of degrading so that the
30 restoration/generation of the proper amount of inter-
channel coherence by binaural rendering the stereo downmix
signal achieves better quality.

A further main idea of the present application is that the
35 afore-mentioned ICC (ICC = inter-channel coherence) control
may be achieved by means of a decorrelated signal forming a
perceptual eguivalent to a mono downmix of the downmix
channels of the stereo downmix signal with, however, being



shows a block diagram of the downmix preprocessing block of Fig. 3 according to an embodiment of
the present invention; shows a flow-chart of steps performed by SAOC parameter processing unit 42
of Fig. 3 according to a first alternative; and shows a graph illustrating the listening test results. 7 WO
2010/040458BEFABH0/006955 Before embodiments of the present inV&AtF W& Eseribed in more
detail below, the SAOC codec and the SAOC parameters transmitted in an SAOC bit stream are
presented in order to ease the understanding of the specific 5 embodiments outlined in further detail
below. Fig. 1 shows a general arrangement of an SAOC encgder 10 and an SAOC decoder 12. The
SAOC encoderdf(??gc%%sé% Sg a‘ﬁ?n?)%t %%?@ctg,cﬁ‘fg}f“éﬁdior?ﬁaﬁéls“i & 1415 1735 p%gticzahlar, the
encoder 10 corfipfs&Sa dewnmmixer $6IMiEh rerehrathefudio digits BerRisN sagredvnmixes
same to a dowpmbssignak18.dontedg. bithetdownnoixzstglaltis @xentapyshioyen as a stete® downmix

signal. However, the-ancodes 0300 decedn 12 may, berable {q SPRIAIE IBAMONYSLS Made as well in
which case the downmix S|%r‘16al would be a'mono %OWI‘IFQIX S|ggnal. The foIIowﬁj%% description, however,

concentratds off THE Stetel UDRNITYEREE, FHEHANNERCofhBRIERD FSRNTR BYnEFY8 BFe denoted
LO and RO. 200assderdd efabiEtrrSALE eécoiedn@lio kedaver grdneifdialtobjectst®41 to 14N,
downmixer 16 prowides the SADEsdecater LAwitl st ifosmatinntncliding SAOGprIagigiers

including object xeldiipreices (G- INL-obled CFe35 EQURIANON ParaRIATs I Ofilyfommix
gains 25 values gDMG and downmix channel level dlffeiences %)%%I%E . The S|deérgormatlon 20

including the Sk ct:-%_ ?&n%gte?gfngl%ﬁa%iﬁ?tﬁee B3RARS %iéjr%ﬁ Hifk &KX %E?ﬁl?todata
stream 21 Pecef@dnmii thec8AWE Hecoder 12. 30 The SAOC decoder 12 comprises an upmixing 22
which receives the downmix signal-18 as well as the side information 20 in order to recover and render

the audio signajs, k41 ando146 onteiany wsersselected sekaf-cliannels 24l ip. 24N, with thgsendering
being prescrlbedrté)é r%q:d.egg(%infogpgtlon 6 SSéygut n OC decoder ell as HRTF

0S 2 as,
parameters 27 Hié m%an!ng wivich 1S destribe msrcf”lo'}%)e taitHe®R Th ?&ﬁ)ﬁ\xng é%‘%oé?ﬁ)tion
concentrates ofs Miffurll FBHtRFing,
15

Fig. 1 shows a block diagram of an SAOC encoder/decoder
arrangement in which the embodiments of the
present invention may be implemented;

20 Fig. 2 shows a schematic and illustrative diagram of a
spectral representation of a mono audic signal;

Fig. 3 shows a block diagram of an audioc decoder capable
of binaural rendering according to an embodiment
25 of the present invention;

Fig. 4 shows a block diagram of the downmix pre-
processing block of Fig. 3 according to an
embodiment of the present invention;

30

Fig. 5 shows a flow-chart of steps performed by SAOC
parameter processing unit 42 of Fig. 3 according
to a first alternative; and

35 Fig. 6 shows a graph illustrating the listening test
results. '



where M'=2 and, the output signal is especially dedicated 8 WO 2010/040456PCT/EP2009/006955 for
headphones reproduction, although decoding 12 may be able to render onto other (non-binaural)
loudspeaker_configuration as well, depending on conimands within the user. in}?ut 26. 5 The audio
signals 141 B9 "I‘r%‘{?’%e input into the downmixer 16 in any coding dorh&i ) gﬁ%"r%f%{)sé?%r example, in
time or spectral domain. In case, the audio signals 141 to 14N are fed into the downmixer 16 in the
time domain, such 10 as PCM coded, downmixer 16 uses a filter bank, such as a hybrid QMF bank,
e.g., a bank of complex expongentially modulated filters with a. ist filter extensl lowest
frequency bangsEa g&n%r?ﬁc%%nﬁggﬁen%%urgtsg&ut?ornet&‘??elz#gin,l I?rl]x(%r%d%%%gl trge%%fen?té%%?{ %%Igs into
spectral 15 dorin A%RichdBE 3o BRFEN aretpreSREd iFe86&ral 8fbarid€asstitiited with
different spectnah pattionsr ait aspesifictfiltet bamkarsSE6n bif thessudiamsigrals nid sertzN are

already in the represeniation expecigd by doynmixesdbs sameidees pet havato peders the 20

spectral decompasition. Fig. 2 shows an, audio_sigpal in the, justz-mentioned spectral domain. As can be
seen, the gudi %a’rfi“sef}egp?egé%tgﬁnéesdalp?ur% |€/Q§F srutgit?gnadl té%g{ts?“éach subband signal 301 to 25

30p consists of a sequence of subband values indicated by the small boxes 32. As can be seen, the
subband valueg$32.0f thessohizand siginals 80140 :30%areesynchibnizedib@Eachrothéem tibfe so that

for each of congggutive igsbanklime slqts 34y gachsbband 3 10130p-cemprisss £xaghone 30
subband value 32. As ill straged tc)yéghe frgquency ax%fi%’ the su andﬁigna%%%ig) _:BOpl%:e

associated with-BRf&en frea}ugr?cy régions',eairid ad Mustrated %r)l/at & time axis 37, thé filter bank time

slots 34 ar@ congadutfehparaiiéd RIHABSS5 KS Giftigd 8685ve dOWHHTRER 16 tBmphtsd
SAOC-parametsssdtiom she inputadickio sigmadsl 341 4@ 14N, Bawandxdovdperosmsanis demputation
in a time/frequency;sespiutions WA 2010/9404569REJ /ER2009/006 ARhwwhich nadyshe degreased
relative to the original time/frequency resolution as deteymined by the filter bgnb % sloghg4 and
subband decorﬁf)%gﬁ%ﬁ,r %)i 4 c:sel}f:)a"l“’r}}4 a%sou%t,s%ﬁé:%?n NS %Igrltginséﬁu%%gf ma?/ ée s%naled tothe 5

decoder side WithfiPAfRFsid@ ifffmEAB6R DRy fedfRtivE sPRk Si8mAREE BEEraRe PeftR%nd

bsFregRas Fomexdampke, gedupsiof censetutivesfidtet bankitimerslvtss34nady feemlafriame 86,
respectively. InQIher wesgsmine avdio signalrmay bgdivdedgipdaiodramesveriappiagdr fime or
being concentrates on the stereo downmix case. The channels of

the stereo downmix signal 18 are denoted LO and RO.

20 In order to enable the SAOC decoder 12 to recover the
individual objects 14; to 14y, downmixer 16 provides the
SAOC decoder 12 with side information including SAOC~
parameters including object level differences (OLD), inter-
object cross correlation parameters (IOC), downmix gains

25 wvalues (DMG) and downmix channel level differences {(DCLD)}.
The side information 20 including the SAOC-parameters,
along with the downmix signal 18, forms the SACC output
data stream 21 received by the SAOC decoder 12.

30 The SROC decoder 12 comprises an upmixing 22 which receives
the downmix signal 18 as well as the side information 20 in
order to recover and render the audic signals 14; and 14y
onto any user-selected set of channels 24; to 24w, with
the rendering being prescribed by rendering information 26

35 input into SAOC decoder 12 as well as HRTF parameters 27
the meaning of which is described in more detail below. The
following description concentrates on binaural rendering,
where M’=2 and, the output signal is especially dedicated



10 immediately adjacent in time, for example. In this case, bsFrameLength may define the number of
parameter time slots 38 per frame, i.e. the time unit at which the SAOC parameters such as OLD and
IOC, are computed in an SAOC frame 36 and bsFregRes may define the number of processing 15
frequency bé??ﬁsf%’#&ﬁﬁ”ﬂﬁﬁw SAOC parameters are computed, i.e. the numb&F&F %‘Qﬁ@@ﬁ?ﬁfo which the
frequency domain is subdivided and for which the SAOC parameters are determined and transmitted.
By this measure, each frame is divided-up into time/frequency tiles exemplified in Fig. 2 by dashed

20lines 39. The_downmixer.16 calculates S O%I. arameters accordi 0. fo %Wilq é;or ulas. In
particular, dowr’lfr%ll:xe?‘?g c%}rlr?glﬁfés 881%’6??3\1,% %ﬁ ot lt?fou i é%%éd%eg H d in 5}?

ifferences for ach object 1 s ~ wher e sums

and the indices?Pafid ki PespeRBiFER, g HHBUgREIEHter FARR TRAB N8 Bl ahauiSR&R 'k 30
subbands 30 whishfhelong it @ncesrtain tiedd/fre qlegrroyctile 39 cFherehyiahd neryidsiof alistibband
values xi of an gydio sigpal-orebject i are summed up and normalized to the highest energy value of
that tile among all objects or audio signals. 10 WO 2010/040456PCT/EP2009/006955 Further the
SAOC downmixer 16 is able to compute a similarity measure of the corresponding time/frequency tiles

of pairs of diffefeit infitbisectt RS 4N A AltHightthe SARYC ddvnrhBdt e matonhpéte the
similarity 5 measurerhictween &llithe goarsaafdnpyt diojeginl4btaidbls dobmmieetBlaay Eiso

suppress the signaling,ef thesimilatity{pgasuresor reglict the,eoraputasion ofthe similgrigsmeasures
to audio object %4latgel4§|e\évhlc for%ﬂeftgé&%igggng%lsﬂ a.common stereg ¢ annel. gl any 10
[ t |

L into e, € Lime mna “S%ﬁ
case, the similarity méeasure is called the inter-object cross correlation parameter [OCi,j. The

computatibh is a8 fdifhsacdsd. "aderniiere l1Re G ke k idger bank, such as a
hybrid OMF bank, e.g., a bank of complex exponentially

modulated filters with a Nyquist filter extension for the
lowest frequency bands to increase the frequency resolution
therein, in order to transfer the signals into spectral
15 domain in which the audioc signals are represented 1in
several subbands associated with different spectral
portions, at a specific filter bank resolution. If the
audio signals 14; to 14y are already in the representation
expected by downmixer 16, same does not have to perform the
20 spectral decomposition.

Fig. 2 shows an audio signal in the just-mentioned spectral
domain. As can be seen, the audio signal is represented as
a plurality of subband signals. Each subband signal 30; to

25 30p consists of a sequence of subband wvalues indicated by
the small boxes 32. As can be seen, the subband values 32
of the subband signals 30, to 30 are synchreonized to each
other in time so that for each of consecutive filter bank
time slots 34, each subband 30; to 30, comprises exact one

30 subband value 32. As illustrated by the ffequency axis 35,
the subband signals 30; to 30p are associated with
different freguency regions, and as illustrated by the time
axis 37, the filter bank time slots 34 are consecutively
arranged in time.

35
As outlined above, downmixer 16 computes SAOC-parameters
from the input audio signals 14; to 14y. Downmixer 16
performs this computation in a time/frequency resolution



lIEE X?‘EE nknic I_.1 V n kernn kern 15 with again indexes n and k going through all subband values
belonging to a certain time/frequency tile 39, and i and j denoting a certain pair of audio objects 141 to

14N. 20 The downmixer. 616 downmixes the objects 341 to 14N b i i
_ odownmixer y use of I lied to each
object 141 to PR e case of a stereo downmix signal, which case is g@%ﬁ%ﬁ%@%ig. 1, a gain

facto_r D11iis applied fo 25 object i and then all such gain amplified objects are summed-up in order to
obtain the left downmix channel LO, and gain factors D2,1 are applied to object i and then the thus

gain-amplified objects are summed-up in order tq obtain the, right downmi an us, fact
. : , ors
DLi and 30 D2Rifdm aolvnniie mat?&cﬁ%?'%?z% 2xfiler\‘/ivi_ihl ang\%,To).lE( 8%111'%/%%%@ b

2010/040456 RGTAEE2008/606955 SSTHiS b (HESEHFIGIPR Siyndied tf e 88l Side by
means of dowp jpix 93ifsaMGisandra caambhastetaa doposik sgnal, dpwrimixcerdsial level
differences DCLDi. The d Wnmix g |H§gr%g§_g{[@1tegn§ﬁ§9£diﬁg§}ob]30 PMgazxdQloglo (As

. £, W
wherealsasmaﬂrﬂaﬁ%e'rsuc asi096dB maximum signal i
5 decoder side within the sfg%éngggmg%EM% 20 by respective

syntax elements bsFrameLength and bsFregRes. For example,
groups of consecutive filter bank time slots 34 may form a
frame 36, respectively. In other words, the audio signal
may be divided-up into frames overlapping in time or being
10 immediately adjacent in time, for example. In this case,
bsFramelLength may define the number of parameter time slots
38 per frame, 1.e. the time unit at -which the SAOC
parameters such as OLD and IOC, are computed in an SAOC
frame 36 and bsFreqRes may define the number of processing
15 frequency bands for which SACC parameters are computed,
i.e. the number of bands into which the frequency domain is
subdivided and for which the SACC parameters are determined
and transmitted. By this measure, each frame 1is divided~-up
into time/frequency tiles exemplified in Fig. 2 by dashed
20  lines 38.

The downmixer 16 calculates SAOC parameters according to
the following formulas. In particular, downmixer 16

computes object level differences for each object 1 as

)i

OLD, = —5-4en.

max [Z > xEr ]
Y kem

n

25

wherein the sums and the indices n and k., respectively, 9o
through all filter bank time slots 34, and all filter bank

30 subbands 30 which belong to a certain time/frequency tile
39. Thereby, the energies of all subband values x; of an
audio signal or object i are summed up and normalized to
the highest energy value of that £ile among all objects or
audio signals.

35



15 For the DCLDs the following formula applies: DCLD,10log,0 20 The downmixer 16
generates the stereo downmix signal according to;

10
WO 2010/040456 PCT/EP2009/006955

Further the SAQOC downmixer 16 is able to compute a
similarity measure of the corresponding time/frequency
tiles of pairs of different input objects 14; to 14y.
Although the SAOC downmixer 16 may compute the similarity

5 nmeasure between all the pairs of input objects 14; to 14y,
downmixer 16 may also suppress the signaling of the
similarity measures or restrict the computation of the
similarity measures to audio objects 14y to 14y which form
left or right channels of a common stereo channel. In any

10 case, the similarity measure is called the inter-cohiject
cross correlation parameter I0C;,s5. The computation is as
follows

nk _ni*
EZE:% X;

10C,, =10C,, =Re n_kem

nk _nk* nk _nk*
VEEE:%‘xi 2221% X
n

kam n kem

15
with again indexes n and k going through all subband values
belonging to a certain time/frequency tile 39, and i and j
denoting a certain pair of audio objects 14; to 14y.

20 The downmixer 16 downmixes the objects 14; to 14y by use of
gain factors applied to each object 14; to 14y.

In the case of a stereo downmix signal, which case is

exemplified in Fig. 1, a gain factor Di,; is applied to
25 object 1 and then all such gain amplified objécts are

summed-up in order to obtain the left downmix channel LO,

and gain factors D;,; are applied to object 1 and then the

thus gain-amplified objects are summed-up in order to

obtain the right downmix channel RO. Thus, factors Di,; and
30 Ds,; form a downmix matrix D of size 2xN with

Obj,
D=(31 %) ana ()=D :
Objy



Thus, in the above-mentioned formulas, parameters OLD and IOC are a function of the audio signals
and parameters DMG and DCLD are a function of D. By the way, it is noted that 30 D may be varying

in time. In case of binaural rendering, which mode ofi@peration of the decgder is described here, the

output signamf'mgfﬂﬁﬂéa?nprises two channels, i.e. M'=2. Nevertheless, th&BEP ARt Titioned

rendering information 26 indicates as to how WO 2010/04045612PCT/EP20091006955 the input
signals 141 to 14w are to be distributed onto virtual speaker positions 1 to M where M might be higher
than 2. The rendering information, thus, may comprise a rendering matrix Af indicating as to how the
input objects 5 obiji are to be distributed onto the virtual speaker positions j to obtain virtual speaker

signals vs j with j being between 1 and M inclusively and i being between 1 and N inclusively, with A\
VS1 This downmix prescription is signaled to the decoder side

by means of down mix gains DMG; and, in case of a stereo
5 downmix signal, downmix channel level differences DCLD;.

The downmix gains are calculated acceording to:

10 DMG, =101log,, (D}, + D, +5),

where & is a small number such as 1077 or 96dB below
maximun signal input.

15
For the DCLDs; the following formula applies:

DCLD, = 1010gm(-§§§-).

20

The downmixer 16 generates the stereo downmix signal
according to:

ovj,

RO/ D '
|\ Objy

Thus, in the above-mentioned formulas, parameters CLD and

I0OC are a function of the audio signals and parameters DMG

and DCLD are a function of D. By the way, it is noted that
30 D may be varying in time.

In case of binaural rendering, which mode of operation of
the decoder is described here, the output signal naturally
comprises two channels, i.e. M’=2., Nevertheless, the
35 aforementioned rendering information 26 indicates as to how
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the input signals 14; to 14y are to be distributed onto
virtual speaker positions 1 to M where M might be higher
than 2. The iendering information, thus, may comprise a
rendering matrix M indicating as to how the input objects

5 obj; are to be distributed onto the wvirtual speaker
positions j to obtain virtual speaker signals vs; with j
being between 1 and M inclusively and i being between 1 and
N inclusively, with

vs, Obj,
10 Dl=M
VS, Obj,

The rendering information may be provided or input by the
user in any way. It may even possible that the rendering
information 26 is contained within the side information of

15 the SAOC stream 21 itself. O©Of course, the rendering
information may be allowed to be varied in time. For
instance, the time resolution may equal the frame
resolution, i.e. M may be defined per frame 36. Even a
variance of M by frequency may be possible. For example, M

20 could be defined for each tile 39. Below, for example, M
will be used for denoting M, with m denoting the fregquency
pand and 1 denoting the parameter time slice 38.

Finally, in the following, the HRTFs 27 will be mentioned.
25 These HRTFs describe how a virtual speaker signal j is to
pe rendered onto the left and right ear, respectively, so
that binaural cues are preserved. In other words, for each
virtual speaker position j, two HRTFs exist, namely one for
the left ear and the other for the right ear. AS will be
30 described in more detail below, it is possible that the
decoder is provided with HRTF parameters 27 which comprise,
for each virﬁual speaker position j, a phase shift cffset
@, describing the phase shift offset between the signals
received by both ears and stemming from the same source Jj,
35 and two amplitude magnifications/attenuations Fig and Pi,.



informationmaybeallowedtobevariedintime.For instance,thetimeresolutionmayequaltheframe
resolution,i.e.At may bedefined perframe36.Evena variance of At by frequency may be possible. For

example, Af 20 could be defined for each tile 39.Belawg,for example,NV.' %Iﬁlﬂbe ldge{gogog}sdenoting Al,
with m deno%%zt?fgl?fgﬁfency band and 1 denoting the parameter time Jice 58" g y,in the

following, the HRTFs 27 will be mentioned. 25 These HRTFs describe how a virtual speaker signal j is
to be rendered onto the left and right ear,respectively,so that binaural cues are preserved.In other

words,for each yirtugl,spealer Rosiion i g HRTES e BAPENLINE Yescribing the

attenuations o©f both signals due to the head of the

listener. The HRTF parameter 27 could be constant over time

but are defined at some frequency resclution which could be

5 equal to the SAOC parameter resolution, i.e. per frequency

band. In the feollowing, the HRTF parameters are given as
®7, P7, and P, with m denoting the frequency band.

Fig. 3 shows the SAQ0C decoder 12 of Fig. 1 in more detail.
10 As shown therein, the decoder 12 comprises a downmix pre-
processing unit 40 and an SAOC parameter processing unit
42. The downmix pre-processing unit 40 is configured to
receive the stereo downmix signal 18 and to convert same
inte the binaural output signal 24. The downmix pre-
15 processing unit 40 performs this conversion in a manner
controlled by the SAOC parameter processing unit 42. In
particular, the SAOC parameter processing unit 42 provides
downmix pre~processing unit 40 with a rendering
prescription information 44 which the SAOC parameter
20 processing unit 42 derives from the SAQOC side information

20 and rendering information 26.

Fig. 4 shows the downmix pre-processing unit 40 in
accordance with an embodiment of the present invention in
253 more detail. In particular, in accordance with Fig. 4, the
downmix pre-processing unit 40 comprises two paths
connected in parallel between the input at which the stereo
downmix signal 18, i.e. X™ is received, and an output of
unit 40 at which the binaural output signal X is cutput,
30 namely a path called dry path 46 into which a dry rendering
unit is serially connected, and a wet path 48 into which a
decorrelation signal generator 50 and a wet rendering unit
52 are connected in series, whereln a mixing stage 53 mixes
the outputs of both paths 46 and 48 to obtain the final
35 result, namely the binaural output signal 24.

Ls will be described in more detail below, the dry
rendering unit 47 is configured to compute a preliminary



the left ear and the other for the right ear.AS will be 30 describedin moredetailbelow,itispossiblethatthe
decoder is provided with HRTF parameters 27 which comprise, for each virtual speaker position j,a
phase shift offset 0.1describing the phaseshift offset between thesignals _recej h ears and
stemming frohY 14N source 35 and two amplitude magnifications/att(le)ﬁa‘}l‘ef?gralg9 |,g?i Pi,d, 13 WO
2010/040456PCT/EP2009/006955 for the right and left ear, respectively, describing the attenuations of
both signals due to the head of the listener. The HRTF parameter 27 could be constant over time but
are defined at sgme frequency resolution whi E uld be 5 equal to the SAOC patameter regsolution,
i.e. per freque@c’;ﬁﬁ%&in%ﬁg?&bﬁiﬁ flﬁ?{eﬁ %ﬁréﬁ%te%%?gogi\%ﬁ as Omf f%%fg?ng%m with in
denoting the fredensBand high Srshon S S ADIC Y&eBlEr 32BiFig 1 inf B R4 ™D As shown
therein, the degedercliz pamptises hed aywymxepidpracessirg inid 40 did: ad SAQEpranTeier

processing unit, 42, The, dawpmis pre-pracessingusait 48ds eanfigired o reggivethg aberaggdownmix
signal 18 and to convert sgme into the blgggraﬁout%};[ S|g§§k%4. Tgle downmix§)re- ]éSSgJEocessing unit
0]

40 perforrr?s th%rfoarﬁ%’@%ﬁolﬁ a Rfannet contri fed yethe ch a":r%rrﬂn?ettgrr pr gé)s%mg unit 42. In
particular, the SADT ﬁéram%@er*ﬁ?@ce%@#@éﬁi?4?’&?6\%@@%%%?&@%0&%%%*un’ﬂt@o with a

rendering presempiit igrmatet44 pdiioh the SAICrparanyeter 20yproeessingnupitwd dérves from
the SAOC Sideé:'ﬂﬁo.rniﬂ{ié’njz.%@u%é%rﬁq_%fmi%@m%‘Q.%§6-is illustrated in Fig. 4
by means of a dashed arrow.
10 ‘
The decorrelated signal generator 50 1is configured to
generate a decorrelated signal X from the stereo downmix
signal 18 by downmixing such that same is a perceptual
equivalent to a mono downmix of the right and left channel
15 of the stereo downmix signal 18 with, however, being
decorrelated to the mono downmix. As shown in Fig. 4, the
decorrelated signal generator 50 may comprise an adder 56
for summing the left and right channel o¢f the sterec
downmix signal 18 at, for example, a ratio 1l:1 or, for
20 example, some other fixed ratic to obtain the zespective
mono downmix 58, followed by a decorrelator 60 for
generating the afore-mentioned decorrelated signal Aﬁ*.

The decorrelator 60 may, for example, comprise one or more
delay stages in order to form the decorrelated signal Xt

25 from the delayed version or a weighted sum of the delayed
versions of the mono downmix 58 or even a weighted sum over
the mono downmix 58 and the delayed version(s) of the mono
downmix. ©Of course, there are many alternatives for the
decorrelator 60. In effect, the decorrelation performed by

30 the decorrelator 60 and the decorrelated signal generator
50, respectively, tends to lower the inter-channel
coherence between the decorrelated signal 62 and the mono
downmix 58 when measured by the above-mentioned formula
corresponding to the inter-object cross cprrelation, with

35 substantially maintaining the object 1level differences
therecf when measured by the above-mentioned formula for
object level differences.



Fig. 4 shows the downmix pre-processing unit 40 in accordance with an embodiment of the present
invention in 25 more detail. In particular, in accordance with Fig. 4, the downmix pre-processing unit 40

comprises two paths connected in parallel between H%e input at which the ﬂ ix signal 18,
i.e. AflA is ret |\%gl(§” Ra an output of unit 40 at which the binaural output sélé?n%%? gf\éﬁ%%%%ut, 30

namely a path called dry path 46 into which a dry rendering unit is serially connected, and a wet path
48 into which a decorrelation signal generator 50 and a wet rendering unit 52 are connected in series,
wherein a mixing stage 53 mixes the outputs of both paths 46 and 48 to obtain the final 35 result,
namely the binaural outgut signal 24. WO 2010/%%045614PCT EP200§/0%%955 bin%%rgl ogtput signal
54 from the ster88 doWAmiX SRIFRT 18WitHthE pra3fimindry GRALFEBitbut Signal B representing the
output of the deenereletiirgepdth nes1 Thk dyrenteftgimit 474 eHsisHie cARRRERRMES&ESEd on a dry
rendering 5 prescgipsion presenrted by e SADEG pasmeaterprocessng tibitad2-da thewspeeific

embodimept deseriberl pglovs 1 sendaing presciptiga:s defiagd byt dpcrendoring i tik The
just-mentioned provision is illustrated in Fig. 4 by means of a dashed arrow. 10 The decorrelated
signal generatdt50 ig%nﬂﬁﬁreaﬁf}%%’?fe?gte“g’ggcg%eIﬁ%aes?gnjaffi\t P Sterdo @owhmix signal
18 by downmixires sursmtheat sagnevises paideptadl eduivdlentd atimbRo dSMRFRkSOf #Re HGRt and left
channel 15 of the pterendiavmaixsigaalri® withs haweden peitlysletpyrelated s te menbtdownmix.

As shown in Fig-4, the degartalated signal.generatar,50 may gomptsg an,adder 36 farsygming the
left and right channel of the stereo downmix signal,lS at, for exang,pj,ek a ratiobl:l or, Eor 2Q example,

some othef fixdtf BRIFIPSHE thetedbedtive SAGRAMXBS, followed by é%’ecorfela%osr 60 for
generating the elidreimedticfreerdetbrel SBAGIgrar 2B FRE dEESIFEIERYBD iy Tor Ekarfple,
comprise one of{nQte:delayrsiagas iniakiridodornwherdesogrelated signal At

The mixing stage 53 mixes both binaural output signals 34

15 and 64 of the dry and wet rendering paths 46 and 48 to
obtain the final binaural output signal 24. As shown in
Fig. 4, the mixing stage 53 is configured to mix the left
and right channels of the binaural output signals 54 and 64
individually and may, accordingly, comprise an adder 66 for

20 summing the left channels thereof and an adder 68 for
summing the right channels thereof, respectively.

Bfter having described the structure of the SAOC decoder 12
and the internal structure of the downmix pre—-processing
25 unit 40, thé functionality thereof is described in the
following. In particular, the detailed embodiments
described below present different alternatives for the SAOC
parameter processing unit 42 to derive the rendering
prescription information 44 thereby controlling the inter-
30 channel coherence of the binaural object signal 24. 1In
other words, the SAOC parameter processing.unit 42 not only
computes the rendering prescription information 44, but
concurrently controls the mixing ratic by which the
preliminary and corrective binaural signals 55 and 64 are
35 mixed into the final binaural output signal 24.

In accordance with a first alternative, the SAROC parameter
processing unit 42 is configured to control the just-



25 from the delayed version or a weighted sum of the delayed versions of the mono downmix 58 or
even a weighted sum over the mono downmix 58 and the delayed version(s) of the mono downmix. Of
course, there are many alternatives for the decorrelatér 60. In effect, the i rformed by
30 the decortelator 60 And the decorrelated signal generator 50, respecti\%giy?ﬁffgr!]%gé@t%ﬁ)g%wer the
inter-channel coherence between the decorrelated signal 62 and the mono downmix 58 when
measured by the above-mentioned formula corresponding to the inter-object cross correlation, with 35

substantially maintaining thegbjestlevakdifierences therephwher measuied by the ahoue-mentioned

formula for object level differences.” 15 WQ 2010/040456PCT/E 2099‘?069 The. wet rendering unit
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the left and right« els.gf the binqural.uipug gignals, S4and 64.individuallyand may, megordingly,
comprise_an adder 66 for 20 s mmingst}b&Jeft channels%thereof and an adder 68 fg igg the right
t

£ sum
channels]tRereSf?rPgﬁ}g&ivelyt. (ter having deddibed | G’éxstruc}tjtfr%cc?ﬁﬁ:é@AOCugé(?odeﬁ and the

internal structuRPBERRIdSTARMTX PREBISEESIG 254t FGNABTHREIATARF THETebPTs d66Gibed in the
following. In paxticuary the detailedoe mhadinéntsrdie o edsie| ovrpreséngdiffesentralfernatives for the

SAOC parametgk proGesSing UNitAta-datve iie renslering preseriptioninfasmation g4 theeeby
controlling the inter- 30 channe coh?lrence of the E@ggr?&b&er%isril%r&al %A{ In_ather %)rdsf1 he SAOC

C o
parameter procleggﬁmﬁ Gt 42 ot 6 yegoenﬁlﬁﬁte\sfaf e rendering prescription information 4% But

concurrertly cobtrol L BFPRFERYSAt0 by which the preliminary and corrective binaural signals 55 and
64 are 35 mixed into the final binaural output signal 24. 16 WO 2010/040456PCT/EP2009/006955

mentioned mixifg raia agShown ;g c Belndaticulaininia stap 80 ritaspbbinaprahinies-channel
conerence valug o DepI8minaD ROEALALRRYS SBaLS! iRierTiad gt esUpaieskepnit 42 Ina

’ from each other in the way the SAOC parameter processing
20 unit 42 determines the rendering prescription information
44, including the dry rendering prescription and the wet
rendering prescription with inherently contreolling the
mixing ratio between dry and wet rendering paths 46 and 48.

In accordance with the first alternative depicted in Fig.

25 5, the SAOC parameter processing unit 42 determines a
target binaural inter-channel coherence value. As will be
described in more detail below, unit 42 may perform this
determination based on components of a target coherence
matrix F =A-EA4*, with “*” denoting conjugate transpose, A

30 being a target Dbinaural rendering matrix relating the
objects/audio signals 1.N to the right and left channel of

the binaural output signal 24 and preliminary binaural
output signal 54, respectively, and being derived from the
rendering information 26 and HRTF parameters 27, and E

35 ©being a matrix the coefficients of which are derived from
the IOCif"m and object level differences .OLDfm. The
computation may be performed in the spatial/temporal
resolution of the SAOC parameters, i.e. for each (Im.



5 parameter processing unit 42 determines a target binaural inter-channel coherence value. Based on
these thus determined inter-channel coherence values, the SAOC parameter processing unit 42 sets
the afore-mentioned mixing ratio in step 84. In partictifar, step 84 may 10 comprise the SAOC
parameter p%gezgé%ﬂé‘%ﬁ?t 42 appropriately computing the dry rendering p"rSEEE |69%ﬁ°?16598% by dry
rendering unit 42 and the wet rendering prescription used by wet rendering unit 52, respectively, based
on the inter-channel coherence values determined in steps 80 and 15 82, respectively. In the following,
the afore-mentj lternatives_wi cri n a mathematical basis. The alternatives differ
from each othek??r?%f}ﬁ'ay{i‘t%eelSSAC')PC%%E%e%%?gps%%ggsjﬁg elfr%:?ﬂ d%?eermﬁﬁfeng lt]ﬁgéa%ré]‘r(l")(ﬁlering
prescription infdfmafion #37 ficludifg WS P FendEridly pldttfipReh athtnge WetrerrringNsrescription
with inherently teapreliingwhe meiginbtratio Detwdert ter ansd aietmendering dths 46:anrd 434n
accordance wittrbedirskaligrastive sippintad i fig. 21 Sothe BAQY, parameter processing unit 42
determineg a target binaural inter-channel coherence value. As will be described in more detail below,
unit 42 may perform this determination based on components of a target coherence matrix I'=A-E!A*,
with "= denotinfg®cohitfyafcFaidpoBé NAERBeiri§ AdaFdatDirtaFalendbring Fa&®iX rdiamkg the
objects/audio sidras s, M-t the righieard: Bt crahnel gf thechimankadlsougutesignaliz4 apd preliminary

binaural outputssigpal54 irgsrectivelsRnd heing.darived e %@ﬁi@ﬂin&ieiﬂ@%@@%@ and HRTF

parameters 275qnd Feggggéqgﬁ%lmatri%( at{ptg cggffcigegtfz%f VﬁxW‘ alreederived from the 10Chtm and
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15 The afore-menticned matrix F is of size NzN with its
coefficients being defined as

e; =/OLD, -OLD, -max{I0C,0)

20
Thus, the matrix F with
eu Tt Gy
25
€y T e
has along it diagonal the object level differences, i.e.
30

e; = OLD,



computation may be performed in the spatial/temporal resolution of the SAOC parameters, i.e. for
each a,* 17 WO 2010/040456PC T/EP 2009/006955 However, it is further possible to perform the

(S:;)arpepmu?r;[iqn&?)%%%gﬁé%solution with interpolating‘tiﬁween the respecti &%B&M@S@ﬂer .

is also true Tor the subsequent computations set out below. As the target binaural rendering
matrix A relates input objects 1_14 to the left and right channels of the binaural output signal 24 and
the preliminary binaural output signal 54, respectively, same is of size 2xN, i.e. A =auv ) a2N 15 The
afore-mentioned matrix E is of size NxN with its coefficients being defined as = IOLA OLD5

InaucOCA 20 Thus, the rix E with . _has along it diago he object level differences, Le. OLD, 18
WO 2010/0404?#%/@%0@%0&35 dince %&e/é% fig?f??v% é{rea% m%%%x Eoﬁlgs% S LS diagonal
matrix c_oefficie@_iagemetemiagztlﬁa geomdtficahennsof themphiserieiekdiffehencasofebjetts i and j, 5
respectively, wgighyted,with the intersebjeqlsrass agrrelationdngasire dd9ecd forovided sgme is

greater thasn 0 with the coefficients Qeei{lghg:eé éo 0 voqt{‘;celgwis@he

respeciivaly, inter~obiject Cross
P y

correlation measure {O0C; (provided same is greater than 0

with the coefficients being set to 0 otherwise).

Compared thereto, the second and third alternatives
10 described below, seek to obtain the rendering matrixes by
finding the best match in the least square sense of the
equation which maps the stereo downmix signal 18 onto the
preliminary binaural output signal 54 by means of the dry
rendering matrix ¢ to the target rendering equation
15 mapping the input objects via matrix A onto the “target”
binaural output signal 24 with the second and third
alternative differing from each other in the way the best
match is formed and the way the wet rendering matrix is
chosen.
20
In order to ease the understanding of the following
alternatives, the afore-mentioned description of Figs. 3
and 4 is mathematically re~described. As described above,
the stereo downmix signal 18 X™ reaches the SAOC decoder
25 12 along with the SAOC parameters 20 and user defined
rendering information 26. Further, SAOC decoder 12 and SAOC
parameter processing unit 42, respectively, have access to
an HRTF database as indicated by arrow 27. The transmitted
SAOC parameters comprise object level differences OLD!™,

30 inter-object cross correlation values ﬂ?C?m, downmix gains
DMG]™ and downmix channel level differences DCLD!"™  for

all N objects i, 3 with ", m"™ denoting the respective
time/spectral- tile 39 with [/ specifying time and m
specifying frequency. The HRTF parameters 27 are,
35 exemplarily, assumed to be given as £, F, and &F for

all virtual speaker positions or virtual spatial sound
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matrixes by finding the best match in the least square sense of the equation which maps the stereo

downmix signal 18 onto the preliminary binaural outp@t signal 54 by mea (&r ngering matrix
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HRTF databasg;as iggicaied by AL &le IhersansitedhSADC prrameiera compsiseakject level
differences OLD; , 30 inter-object cross correjation values 14924t,1n, d ixtgl%insg)é\éqéac;'ud
downmix c?‘nanﬁ&qevgll&?f‘éf ceS Eﬁ?ﬁ%l'mﬁ%r all I\?Sob'é:&%%ﬁ%v%h El%r%g;?s%mg é=‘;tge respective
time/spectral tiB39RiH PopedfhGrethid ir§oedRiiy HRYUBARy SHAE

parameters 27 are,
35 exemplarily, assumed to be given as 41, it and on:" for all virtual speaker positions or virtual spatial
sound WO 2010/04045619PCT/EP2009/006955 source position g, for left (L) and right (R) binaural
channel and for all frequency bands m. frk _ Gk +I,2n,kX;,k

10

The decorrelated signal .X?k is perceptually equivalent to

+he sum 58 of the left and right downmix channels of the
stereo downmix signal 18 but maximally decorrelated to it

15 according to

X" = decorFunction({l 1)X"*)

20
Referring to Fig. 4, the decorrelated signal generator 50
performs the function decorrFunction of the above-mentioned

formula.

25 Further, as also described above, the downmix pre-
processing unit 40 comprises two parallel paths 46 and 48.
Accordingly, the above-mentioned equation is based on two
time/frequency dependent matrices, namely, G'™ for the dry
and P)™ for the wet path.

30
As shown in Fig. 4, the decorrelation on the wet path may
be implemented by the sum of the left and right downmix
channel being fed into a decorrelator 60 that generates a
signal 62, which is perceptually eguivalent, but maximally

. 35 decorrelated to its input 58.



The downmix pre-processing unit 40 is configured to compute 5 the binaural output r'k, as computed
from the stereo downmix X"decorrelated mono downmix signal Krie as = Ck.gm + P214kXd".k 10 The
decorrelated signal AV is perceptually equivalent to 2the sum 58 of the left and right downmix
channels of th& $BPES%tvnmix signal 18 but maximally decorrelated to it"f?%&%‘?ﬁ’d?%%?) Xr7=
decorrFunction((l OX")") 20 Referring to Fig. 4, the decorrelated signal generator 50 performs the
function decorrFunction of the above-mentioned formula. 25 Further, as also described above, the
downmix prepragessigg,uni, 40 amprices o araliel pats 46 and 48 Accordingly: the
above-mentioned equation ishased on tv?/o?lme requency dré\penélent matrices, namely, C%)m for the
dry and Pim foitiie WRPPaRT SPASEHIRH MBLE, fe décorrdiafoAirRdvaPsaf ma)de
implemented by 1kestitrs obthetlpt ajpastightesidviiomédcmarinel dengrfed ino acpvirethtat60 that
generates a 7i9ﬂ?é 6@1&!@/}@}@@%;&@9@4@@9%;@%@buﬁ@xmuy %’éﬂ&ﬁgﬁ@k@éed 10, s input 58'd
20 WO 2010/040456PCT/ER2009/006955 The elements of the.just-mentione tri compute
by the SA(% % & I% 74 Fﬁ%%sﬁa@g dgﬁgt%dp a}fgocvees,’ he %I%£§tsﬁ6f t@%us%—g%gr%%oned

Cp 3—%r§caessmg Uit .
matrices may bRlEsAptfed Btihe MREMSRIENER YesBRIGRBRRE SAOE T SHMEISYi.%%or each
time slot | and eadhe pradessiny hamd mimdhe meant elements thos bbiained lﬁ'é.g/ bersbreﬁfi”over

frequency and jterolaiedkin time fesgliingde magiges Ankand RN defingd fonalldilerdank tine

slots n and frequency subb ndsl_lé. However, as already above, there are.also 10 ?gerng i\é%s. For
q?éﬁ%%% éjs %{ d O a ré’at%gab%’bove %hae{:ﬁe ir?‘l ik

. wever as
example, the in ation céuld he et away, so that'in ve equation ces mk_could

effectively Be rédiacsadyites: Msreossa e BompitatiohtsfpR QLA BRER [BSt-hehtioned
matrices could ever beqerfonaned bt atrbducdzbtimefrppiehey resaiutiontivith 51 SHidteqsoidtng onto
resolution 4m og fgk kU Agaly, althoughdn the following the-sheas, 4wrindisaigsthad thematrix
calculations are performed (o each tlg 39, he colcuigion may.te pedauned ot saqie Igyep esolution
wherein, when 8pplying the fespectivé matrices b 20 downmix pre-processing unit 40, the

Ice the

rendering matrie8s Ry IsFRRErpdlated u?ﬁﬁj‘é‘?ﬁfgl reBRABASIRINGY dARATY Hd e th
time/frequency eselution of they individoal selsivdntd:-vaies/32. 25rAcedrding toithe alB@@-mentioned
first alternative, theydsy andering, matex i iy cemputadiiorde Joft and the tight dewnmibechannel
separately suc (gl PP SOSRIDL 25 HEI2E £EAPULE )SRalP 21 )9 P cos W

calculation may be performed at some lower resolution

wherein, when applying the respective matrices by the

20 downmix pre-processing unit 40, the rendering matrices may

be interpolated until & final resolution such as down to

the QMF time/freguency resolution of the individual subband

values 32.

25 According to the above-mentioned first alternative, the dry
rendering matrix G is computed for the left and the right

downmix channel separately such that

fom2

Gi m o
[P,;"”” cos{p™ o )eXP(_f :#_’;_’) Pim cos('” ~ o' )exP(“j E

1,m,1 ' Im Im -¢""") fm2 ( Im l',m) (j¢'""2)
P cos(fi ol )exp(_r———z-— P coslB" + o™ Jexplj 5 )]

30
The corresponding gains P'™, P/™ and phase differences

gt ™* are defined as

1 e ¢
fmx ff]‘l”" Lmx [/
PL — plmx s PR - prhas

35



30 The corresponding gains Tr, Pr and phase differences are defined as pl,m,x = flr A Rpg.= 21 WO
2010/040456PCT/EP2009/006955 If ,n7 ix211f05 m const, A const2 fir.x jr2f,x else  wherein

consti may be, for example, 11 and const2 may be @%. The index x denote t or right downmix
channel 5 ar%oa%ﬂgg"r%fiwé)ﬁ/ assumes either 1 or 2. Generally speaking, the]&) gg}gféb%%gd’#gn

~distinguishes between a higher spectral range and a lower spectral range and ,especially, is
(potentially) fulfilled only for the 10 lower spectral range. Additionally or alternatively, the condition is

dependent on as to whetherfone of tSe actual binaural inter-qpanimEI coherence value and the target

binaural inter-channel gcohe g&%ﬁ e has @predesasmin hipotesta coherence threshold
value or not, with 15 fhe cdrdition being (potentially) fulfill é’ﬁ'lﬁ/fhﬂﬁe coherence exceeds the
threshold value. The just mgntiorfed individual sub-conditiei3g may, as indicated above, be combined
by means of an and operation. 20 The scalar 1/41" is computed as Vid71,X "L.=

D1,171, XELM(Di,111,Xc. It is noted that e may be the same as gr, different to tl-ge c 25 mgntioned
above with resgBEE® e effitionhBowhtx FEIREPHT matixE Ras gH&5ay Boen Ttroduced

above. The indexgdmtreerstyidsnatedahe tizne/flegueafy dependaide epWaThatBléaMpltation as

already mentioggd ahaverkuxbey esnaicesiPhbad Blsarbeen mentioned 30 above, with respect to
the definition of the downmix gains and the downmix channel level differences, so that /04m]

corresponds to the afore-mentioned A and Dima corresponds to the aforementioned A.
Generally speaking, the above condition istinguishes

between a higher spectral range and a lower spectral range
and ,especially, 1is ({(potentially) fulfilled only for the
10 lower spectral range. Additionally or alternatively, the
condition is dependent on as to whether one of the actual
binaural inter-channel c¢oherence value and the target
binaural inter-channel coherence value has a predetermined
relationship to a coherence threshold value or not, with
15 the condition being (potentially) fulfilled only 1if the
coherence exceeds the threshold value. The just mentioned
individual sub-conditions may, as indicated above, be

combined by means of an and operation.

20 The scalar V"™ is computed as

yins = phms BN (D ),

It is noted that & may be the same as or different to the €

25 mentioned above with respect to the definition of the
downmix gains. The matrix E has already been introduced
above. The index (Im) merely denotes the time/frequency
dependence of the matrix computation as élready mentioned
above. Further, the matrices D' had also been mentioned

30 above, with respect to the definition of the downmix gains
and the downmix channel level differences, so that pim
corresponds to the afore-mentioned I}y and pm? corresponds
to the aforementioned Di.



22 WO 2010/040456PCT/EP2009/006955 However, in order to ease the understanding how the
SAOC parameter processing unit 42 derives the dry generating matrix Gain' from the received SAOC
parameters, the correspondence between channetzlownmix matrix Dim’ th nmix
prescription Wo%rgf%?ﬁ&ﬁ e downmix gains 111146, TM and Xli4m is presléﬁizlgr%a&ggg@l{g%%he inverse
direction. In particular, the elements e of the channel downmix matrix Dial of size IxN, i.e. llI"
=(.4'mar.417) are given as 10 with the element 47i" being defined as mDm' 15d: =10 i In the above
equation of el", the gainsand Pkma and the phase differenc s{ L e dhoqﬂcoa{@cieéggb of a
channel-x indiidU4 &fdet %8va?ira%1%g .mtac%rixg Eﬁe w l}?c?h% jﬁ élrcrﬁnas will be Set out in more detail
below, dependBRFPERFEFX BRAGT SHASMXNHE eléthefRT S of Wifich i cBRTRTEF28Lm,x,i,m(d

Id der. ) t 25 Thetetéments'df of theomatrikgaof szechixbicare, Sl parameters, the

correspondence between channel downmix matrix D™ and the
5 downmix prescription comprising the downmix gains DMG™

and DCLD'™ is presented again, in the inverse direction.

In particular, the elements d,f"”’" of the channel downmix

matrix D™ of size 1xN, i.e. D™ = (gl ..d™) are given
as
10
Lmt _qp DMGP™ | dlm Lm?2 1 p DMG” I
di =10 20 1+d/m ? di =10 20 1+dm
. hm \ .
with the element d,- being defined as
~, peLolm
15 d"m=10 "

In the above eguation of G, the gains P'™ and PP™ and
the phase differences ¢"™ depend on coefficients fu of a

channel-x individual target covariance matrix F"”"x, which,

20 in turn, as will be set out in more detail below, depends
on a matrix E'™ of size NxN the elements ;™ of which are

computed as

ghmF —.:e{:’"(d a4 )

i i :""‘l-i-d{‘m'z Adﬁ.m.l +d;_,m,2

25

1 I '
The elements e;."" of the matrix E™of size NxN are, as

stated above, given as e,;:"’:J’OLQ.""'-OLDJ’,"”-max(IOCé’”,O).

The just-mentioned target covariance matrix F"™ of size

2x2 with elements f2™ is, similarly to the covariance

30 matrix F indicated above, given as

F!,m,x = A!,mE.’,m,x (Al,m )‘ ,



stated above, given as enu =10Wm-OLVI-max(10(7101). The just-mentioned target covariance
matrix FE" of size 2x2 with elements fr is, similarly to the covariance 30 matrix Findicated above, given

as FIm't = Aim EI"I(Alm y 23 WO 2010/040456PCT/EPR2009/006955 where."*" corr ds to
conjugate tréﬁgﬁ(%é[.}%% target binaural rendering matrix AL"." is derivedP ﬁgir%?%}%gﬁfg% parameters
07, P171, and P™all AriguT virtual 5 speaker positions g and the rendering matrix NV,: and is of size

2x/V. Its elements imdefine the desired relation between all objects i and the binaural output signal as

The rendering malsixeNe with-elepaans masralatesavany A0-audig,abject to a virtual speaker g

represented by the HRTF. The wet upmix matrix PP" is calculated based on matrix GI'm as The
gains I'Lm and Pkm are defined as

The target binaural rendering matrix A" is derived from
the HRTF parameters @7, Fj, and B for all Mg virtual

5 speaker positions g and the rendering matrix M and is of
size 2xN . Its elements df define the desired relation

between all objects i and the binaural output signal as

‘ Mgl , ¢m , Neep—1 ¢m
o m o :rq mo__ I.m pm . T'g

a; Z m,; Pq,}, expi J > I yy = i My R;.R CXpl ~j——1]-.
g=0 g=¢ 2

The rendering matrix M with elements n@” relates every
10 audio object i to a virtual speaker g represented by the
HRTF.

The wet upmix matrix P/™ is calculated based on matrix G

as
15

m ={ P, :fm Sin(ﬁl’m o™ )exp(j EEL;".ZJ)
* s —ng )

The gains P/™ and P/ are defined as

tm _ |dlf tm o felr
20 AN o S ER

The 2x2 covariance matrix C™ with elements ci” of the dry

binaural signal 54 is estimated as
25 Cf,m - (';v!,mD!,mELm (Di,m )‘(&J,m}

where

. ¢f,m.2

el 4] P expl- 4

_ ( Prtexplitst)  pimtexpli 4 1)

30



The 2x2 covariance matrix em with elements c:,7 of the dry binaural signal 54 is estimated as
25=a1lmDI'El7(aiim7 where exp(jiff2-".1) \PR e )) PkfleXp(j4-2-) .PRI'm a exp(- j-c--." 24 WO
2010/0404S6PCDEP2009/006955 The scalar V" is gamputed as :Wl.netg)s(i%%?g 9-5 he 6%g%ments 144

of the wet mENDUBWHMIX matrix Wm of size IxN are given as 14I'm =d™" + Ge elements 47 of the

stereo downmix matrix 1/4" of size 2xN are given as dim = | 15 In the above-mentioned equation of
dm, aLm and p™ represent rotator angles dedicated for ICC control. In particular, the rotator angle al'

controls the miﬁqg fth er@ml the \gg}n%il?@%alaségnal in order to adjust the ICC of the binaural
output 24 to that of t % f|ﬁaural 20 target. When setting the rotator angels, the ICC of the dry binaural

signal 54 should be taken into account which is, depending on the audio content and the stereo
downmix matrix ), typically smaller than 1Hard¥tjreEte Wﬁéﬂ the target ICC. This is in contrast to a
mono downmix based 25 binaural rendering where the ICC of the dry binaural signal would always be

equal 1o 10: The (otalo angles giand o' coiel 15 0V o e g 20 paveigguie! sianal

1xN are given as
W= dm g i,

10 The elements eﬁf of the stereo downmix matrix D' of size

2xW are given as
fm __ gimx
du =d, ",

15 In the above-mentioned equation of &, o™ and plem

represent rotator angles dedicated for ICC control. In

particular, the rotator angle o''™®

controls the mixing of
the dry and the wet binaural signal in order to adjust the
ICC of the binaural output 24 to that of the binaural

20 target. When setting the rotator angels, the ICC of the dry
binaural signal 54 should be taken into account which is,
depending on the audio content and the sterec downmix
matrix P, typically smaller than 1.0 and greater than the
target ICC. This is in contrast to a mono downmix based

25 binaural rendering where the ICC of the dry binaural signal
would always be equal to 1.0.

1,m

The rotator angles o and BY™ control the mixing of the
dry and the wet binaural signal. The ICC pi" of the dry

30 binaural rendered sterec downmix 54 is, in step 80,

estimated as

im
Im . CH
pe =min d1.
.J tm _Im
Ch

35 The overall binaural target ICC pf” 1is, in step 82,

estimated as, or determined to be,



30 binaural rendered stereo downmix 54 is, in step 80, estimated as 7 10 m p6 =,1\11 22 25 WO
2010/040456PC T/EP2009/006955 t,of Pr =min 1,m ( splrclATiin 2j  The rotator angles alsm and

01,m for minjmizing the energy of 5 the wet signal agé& then, in step 84, set - karccos(pr )-
arccos(pbl M5 ’R"fﬁ%n 01,m tan(cc"itL PIA + Pim LR Pé%gszgi&m&%b%

i
N

I.m
7= min —
Pr {fmm im’
i 22

The rotator angles o™ and p“™ for minimizing the energy of
g

5 the wet signal are then, in step 84, set to be

T —

P.’,m __Pl,m
7 - arctan| tanfo™™ J~B—t— |

10
Thus, accerding to the just-described mathematical
description of the functionality of the SACC decoder 12 for
generating the binaural output signal 24, the SACC

parameter processing unit 42 computes, in determining the
15 actual binaural ICC, pi™ by use of the above-presented

equations for py" and the subsidiary eguations also
presented above. Similarly, SAOC parameter processing unit
42 computes, in determining the target binaural ICC in step
82, the parameter p@" by the above-indicated egquation and

20 the subsidiary equations. On the basis thereof, the BSACC
parameter processing unit 42 determines in step 84 the
rotator angles thereby setting the mixing ratio between dry
and wet rendering path. With these rotator angles, BSA0C
parameter processing unit 42 builds the dry and wet

25 rendering matrices or upmix parameters G and P;” which,
in turn, are used by downmix pre-processing unit 40 - at
resolution nmk - in order to derive the binaural output
signal 24 from the stereo downmix 18.

30 It should be noted that the afore-mentioned first
alternative may be varied in some way. For example, the
above-presentad equation for the interchannel phase
difference fby' could be changed to the extent that the

second sub-condition could compare the actual ICC of the



10 Thus,accordingto thejust-described mathematical description of the functionality of the SAOC
decoder 12 for generating the binaural output signal 24, the SAOC parameter processing unit 42
computes, in determining the 15 actual binaural ICC2fom by use of the above-presented equations for
plc:m and th& 844 & quations also presented above. Similarly, SAOEIFEMEEPBrocessing unit
42 computes, in determining the target binaural ICC in step 82, the parameter cid' by the
above-indicated equation and 20 the subsidiary equations. On the basis thereof, the SAOC parameter

processing unit 42 determines in step 84 the_rotator a her ing the mixing ratjq.between
dry and wet ren?&é?irgglﬁgfﬁ??/@itﬁﬁjne%%rr% atSF? é%glgesgg%%&g # %ym%e‘etcse%%%é zsgfs#%@%ngagzrpbuilds the
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ce
JUsed by
downmix pre-ppagessing it 405 at fraolutian OndR owlpide defive the @Wﬁﬂut@j;l;ggal 24 from

the stereo downmix 18. 30 It should be noted that the afore-mentioned first alternati & 8y be varied
in some way. F@é@f@nyger%g%@@@sg{ge@@%a%ﬁ%o[ the interchannel phase difference 016m
©

could be changed to the extent that the second sub-co n could compare the actual ICC of the 26
WO 2010/@40456PCPEP2009/006955 dry binaural rendered stereo downmix to const2 rather than the

ICC determineq‘frggg}g'g channg] individyal coyvariancefpatrix kma;se Hatdn taatpouatiamhe portion
Hrl would be rep‘ﬂace 1 by the term 5 Further, it shg I%ﬁ)e no}:t)ed that, in_accordance vmvgr%yi% notation
chosen, in somBBah&YbotBA ions, & F?f&‘?rixo(jjg;cj alf'6net

Sneshas bggﬁl Te 3\5‘% when 4 scalar
constant such afe avds adésd faa vaeik sbethit 8118 Conb@nt & &5ded 10 8 -aEAoefGent of the

respective matrds ¢ was added to a matrix so that this constant is added

10 to each coefficient of the respective matrix.

An alternative generation of the dry rendering matrix with
higher potential of object extraction is based on a joint
treatment of the left and right downmix channels. Omitting

15 the subband index pair for clarity, the principle is to aim
at the best match in the least sguares sense of

-

X=0GX
20 to the target rendering
Y=AS.

This yields the target covariance matrix:
25
YY = ASS'A

where the complex valued target binaural rendering matrix
A is given in a previous formula and the matrix S contains

30 the original objects subband signals as rows.

The least squares match is computed from second order
information derived from the conveyed object and downmix
data. That is, the following substitutions are performed

35
XX <> DED',



An alternative generation of the dry rendering matrix with higher potential of object extraction is based
on a joint treatment of the left and right downmix channels. Omitting 15 the subband index pair for

clarity, the princif?le is to_aim at the best match in the3dast squares sense of = GX %9@}341“9 target

rendering YIRS H}I@%%S the target covariance matrix: 25 Yr=2LIPrA* ]:NTéﬁﬁ;e)zﬁqe complex valued

target binaural rendering matrix A is given in a previous formula and the matrix S contains 30 the
original objects subband signals as rows. The least squares match is computed from second order
information derived from the conveyed object and downmix data. That is, the following substitutions

are performed 35 fle DEB', 27 WO 2010/0404%&9(&' / 5009/006955 it <4 AEL1Y , 5 To motivate the

substitutions, recall that SAOC object parameters typically carry information on the object powers
(OLD) and (selected) inter-object cross correlations (I0C). From these parameters, the NxN object
covariance matrix E 10 is derived, which represgms angggroximation to SS*, i.e. E-7--SS*, yielding
YY*=AEA*s  Further, X=DS and the downmix covariance matrix becomes: 15XX*=DSS*D*, which

again can be delrived from E by Xr=DED?*, ) '
¢ motivate the substitutions, recall that SAQC object

parameters typically carry information on the object powers
(OLD) and (selected) inter-object cross correlations {I0C).
From these parameters, the NxN object covariance matrix E

10 is derived, which represents an approximation to S§S8%, i.e.
E~=S8*, yielding YY*=AEA*,

Further, X=DS and the downmix covariance matrix becomes:
15 XX*=DSS**,
which again can be derived from E by XX*=DED*.

The dry rendering matrix G is obtained by solving the
20 least squares problem

min{nom{ Y-X }}.

6=6,-¥x"(xx'}]'
25
where YX* is computed as YX*=AED*.

Thus, dry rendering unit 42 determines the binaural output
signal X form the downmix signal X by use of the 2x2

30 upmix matrix G, by %=6X, and the saoC parameter
processing unit determines & by use of the above formulae
to be

G = AED (DED'Y",
35
Given this complex valued dry rendering matrix, the complex
valued wet rendering matrix P -~ formerly denoted P, - is



The dry rendering matrix G is obtained by solving the 20 least squares problem inininonnt Y-X }} . G
=Go = * 25 where YX* is computed as YX*=AED*. Thus, dry rendering unit 42 determines the binaural
output signal ft form the downmix signal X by use of th& 2x2 30 upmix majrix G %X i=C E and the
SAgC pgrarﬁve?&%%‘égéging unit determines G by use of the above formlljg%e/ gz eW&%QPS ED (DEBT',
35 28 WO 2010/040456PCT/EP2009/006955 computed in the SAOC parameter processing unit 42 by
considering the missing covariance error matrix AR=-G020eGo.. It can be shown that this matrix is
positive and a ptg [ﬁgeﬁhoifg oftli?lés g%bbyﬂ?dgﬁi@ge% unitrnoorénsgi envec}lolrtu cques onding to
the largest eigenvalue K of AR and scaling it according to whEfe the Sca r Vis compute 4s noted
above, i.e. V=WIERVYLE T189n YiffeMihvdrdd! $ilfey et tRE Baft RaRsEREAYS correct the correlation of
the obtained dry solution, AR=AEA.-GoDEDIGot.represents the missing covariance error matrix, i.e.
YY*=*+ AR or, respectively, AR=YY*- 20 )irick,-ap, thgafete, the SAOC parameter processing unit
42 stets P such that PP*=AR, one solution for which is given by choosing the above-mentioned unit
norm eigenvector U. 25 A third method for generating dry and wet rendering

It can be shown that this matrix is positive and a

preferred choice of P is given by choosing a unit norm

eigenvector u corresponding to the largest eigenvalue A of

AR and scaling it according to

10
P= ﬁ“»u,
V
where the scalar V is computed as noted above, i.e.
V=WEW)Y +c .
15 '

In other words, since the wet path is installed to correct
the correlation of the obtained dry solution,
AR= AEA" —-G,DED'G, .represents the missing covariance error
matrix, i.e. Yy*=X X* + AR or, respectively, AR=YY*-

20 X X+, and, therefore, the SAOC parameter processing unit
42 stets P such that PP*=AR, one solution for which is
given by chocsing the above-mentioned unit norm eigenvector
u.

25 A third method for generating dry and wet rendering
matrices represents an estimation of the rendering
parameters based on cue constrained complex prediction and
combines the advantage of reinstating the correct complex
covariance structure with the benefits of the joint

30 treatment of downmix <channels for improved object
extraction. An additional opportunity offered by this
method is to be able to omit the wet upmix altogether in
many cases, thus paving the way for a version of binaural
rendering with lower computational complexity. As with the

35 second alternative, the third alternative presented below



matrices represents an estimation of the rendering parameters based on cue constrained complex
prediction and combines the advantage of reinstating the correct complex covariance structure with

the benefits of the a}.oint 30 treatment of downmix chéfnels for improved ob&g&chhg%%%i&g% An additional

opportunity SRere 6’9%’% method is to be able to omit the wet upmix alto%e er In'many cases, thus

paving the way for a version of binaural rendering with lower computational complexity. As with the 35

second alternative, the third alternative presented below 29 WO 2010/040456PCT/EP2009/006955 is

based on a joint treatment of the lef dé&@tg%@n%c@yeﬂéft The prngiple iteraimeat the best
match in the Ie%sst%as.seu‘:z{:rcce)é1 s%ngé%?g X tothe target rendering Y = Asgunder the constraint of
10 correct confpléReBydriance GXX.G. +vW =fl..  Thus, it is the aim to find a solution for Gand P,

such 15 that 1) ft = Yr (being the constraint to the formulation in 2); and 20 2) min(normlY41}, as it was

requested withf@l@epsleﬁgggﬁ@rqagivgd:rgmrthgghegﬁyéowammultipﬁershié follewstthat there

exists a s%lf adg'oint matrix kr=mO §uch that 25
guares sense o

~

X=GX

to the target rendering Y = AS under the constraint of

10 correct complex covariance
GXX'G +VPP' =Y¥".

Thus, it is the aim to find a solution for G and P, such
15 that

1) PP = YY" (being the constraint to the formulation in
2}; and

20 2) min{norm{wa}}, as it was requested within the second

alternative.

From the theory of Lagrange multipliers, it follows that
there exists a self adjoint matrix M=M , such that
25
MP=0, and
MGXX" =YX’

In the generic case where both YX' and XX are non-singular
30 it follows from the second equation that M is non-
singular, and therefore P =0 is the only solution to the
first equation. This is a solution without wet rendering.
Setting XK =M"' it can be seen that the corresponding dry
upmix is given by
35
G=KGy



MP = 0, and maxx* =Yle In the generic case where both ve and liOr are non-singular 30 it follows from
the second equation that M is nonsingular, and therefore P =0 is the only solution to the first equation.
This is a solution without wet rendering. Setting E:=3il it can be seen that the corresponding dry
upmix is giveRbPEEESKG 30 WO 2010/040456PCT/EP2009/006955 WhEMF BE & predictive
solution derived above with respect to the second alternative, and the self adjoint matrix K solves
5KGOXX.Go*K. = If the unique positive and hence selfadjoint matrix square root of the matrix Gon*Go.

is denoted by Q, then the soluti an [ 10K = Y Y QE2( Q7 bysethe, SAOC
parameter proggéasrlﬁg lljatzeﬁt x5 deqégmi es ‘é’{%? gﬁngé%E%!éh@(ggggﬁ%% :i—$0[32 D*Go.ii(Go
rGo= . Fo

DED*Go. AEAXG®25DE GENB2 (8 BED*GoYer ey AETIF (OF P e Rner square

root there will magerierakbes foureself-adjoint solutions, and the solution leading to the best match of A
to Y is chosen. 20 In practice, one has to limit the dry rendering matrix c:= Kno to a maximum size, for
instance b%’ limiting condition on the sum o te y@dueggtjuares of all dry rendering matrix
coefficients, which can be expressed as 25 trace(G(g)< gm,". If the solution violates this limiting
condition, a solution that lies on the boundary is found instead. This 30 is achieved by adding
constraint traca@G0=ge  und the previcusienstraintsearnt resde ARAGhB L dBRaFdE 35BtEfons. It
turns out that thg previpus eguatigRr rix GoXX'Go is denoted by Q, then the
solution can be written as
10

K=Q'QYY'Q)"Q".

Thus, the SAOC parameter processing unit 42 determines G
to be KG, = QUQYY'Q)?Q" Gy = (GoDED'Gy’Y'(Gy DED'Gy" AEA’ G,
15 DED'Gy)A(Gy DED'Gy)! Gy with Gy = AED' (DED'Y'.

For the inner square root there will in general be four
self-adjoint solutions, and the solution leading to the
best match of X to Y is chosen.

20
In practice, one has to limit the dry rendering matrix G=
KG, to a maximum size, for instance by limiting condition
on the sum of absolute values sguares of all dry rendering
matrix coefficients, which can be expressed as

25

trace(GG )< Zrmax -
If +the solution violates this 1limiting condition, &
solution that lies on the boundary is found instead. This
30 is achieved by adding comnstraint

trace(GG Y =gmx

to the previous constraints and re-deriving the Lagrange
35 equations. It turns out that the previous gquation

MGXX' =YX



MGXX* = YX 31 WO 2010/040456PCT/EP2009/006955 has to be replaced by MWOC-1-111=YX 5
where p. is an additional intermediate complex parameter and | is the 2x2 identity matrix. A solution
with nonzero wet rendering P will result. In particulaBia solution for the wet upmix matrix can be found
by PP*=(Ytk%3(%l§“’W§(AEA*- GDIVG.)/V, wherein the choice of P is p? Fé’ﬁ@%@ggﬁ on 10 the
eigenvalue consideration already stated above with respect to the second alternative, and V is
VVEVr+s. The latter determination of P is also done by the SAOC parameter processing unit 42. 15
The. thus deterﬁwajgeg m%téic% CZLQQQJDQ{(‘E then used by thel wet and dry renderi_ng units as dgscribed
earlier. If a low compf)exny vergon IS required, the next step is to replace even this solution with a
solution without wet 20 rendering. A preferred method to achieve this is to reduce the requirements on
the complex covariance to only match on thefdfa¥&napisudiXihat the correct signal powers are still
achieved in the right and left channels, but the cross covariance is left open. 25 Regarding the first
alternative, subjective listening tests were cond ' ustically isol | ing m that is
designed tgo pe%r%‘f’tﬁ%gH-qlusalﬁ%li&ésﬁfﬁ%%geﬂregﬁf%%%%tﬂnge%%b?g%ﬁ ié%%r?%%%ﬁ vsg%?done using
headphones (STAR ﬁ?.aﬁfb%aﬁ%%i’fﬁlaﬁ@-%&e B R eOHERRr BAGRS TR EFA-MEitor). The
test method folleaneie thie gtafdwid provesiutes used jretiel spdiat audicvdifidaipnfiieststbased on the
"Multiple 35 Stipalug with: Hiddan Refergnee anghhachgrspitag SHRAGIIEIES] forthaBajective

assessment ol tiginedipleyduality o 32 WO 20101040456, LIEP2009/00895% A ghel of 5

listeners participate of the performed tests ubjects can be considered as experienced

listeners Hf acEHHarfckORRA & RIUSRIEA As&Rbitibgy theTidtendisatas in%lf’rﬂ‘é?ed ¥ EBmpare all 5
test conditions agsairstthe: refdreaces skhmtéseddrditiond iere earttotiZetl AW aticallyf iy each test

item and for eachdistenermdhersubiactivenrespenses were reterledibyi@ campputdidassabil USHRA

program on a scale ranging from 0 t .]Rogo.lﬁrl@sﬁntaneous switching between the items under 10
test was allowéd %%e%sﬁﬁ%\ct%sstsl ve been conducted to assess the perceptual performance of

the described stereoto-binaural processing of the MPEG SAOC system.
15 The thus determined matrices & and P are then used by the

wet and dry rendering units as described earlier.

If a low complexity version is required, the next step is
to replace even this solution with a solution without wet
20 rendering. A preferred method to achieve this is to reduce
the requirements on the complex covariance to only match on
the diagonal, such that the correct signal powers are still
achieved in the right and Jleft channels, but the cross

covariance is left open.

25
Regarding the first alternative, subjective listening tests
were conducted in an acoustically isolated listening room
that is designed to permit high-guality 1listening. The
result is outlined below.

30

The playback was done using headphones (STAX SR Lambda Pro
with Lake-People D/A Converter and STAX SRM-Monitor). The
test method followed the standard procedures used in the
spatial audio verification tests, based on the “Multipie
35  Stimulus with Hidden Reference and Anchors” (MUSHRA) method
for the subjective assessment of intermediate quality

audio.



In order to assess a perceptual quality gain of the 15 described system compared to the
mono-to-binaural performance, items processed by the mono-to-binaural system were also included in
the test. The corresponding mono and stereo downmi signals were AAC-coded at 80 kbits per
seco_n_d and Bve(? &R0 As HRTF database "KEMAR_M|T_CO|\/|PACE|QT\;\§231.)SNSS§@‘(}]‘?9%?]G reference
_condltlon has been generated by binaural filtering of objects with the appropriately weighted HRTF
impulse responses taking into account the desired 25 rendering. The anchor condition is the low pass

filtered referen%e co ggn (af 3.9kH3); ;Lable Jsconiains g listof the fested aydie gemg,e33 WO
2010/040456PCT/EP2009/006955 Table 1 - Audio items of the listening tests Listening items Nr,
monol/stereo oBRERCEBRS aﬁ@@g%bje&éﬁinsiﬂ%y iscdl 16/ (-3%’,6,-2&%’6%%&5@%,33-40)
diSCO2 (-3,-398p858eB8c8d 3 -31-8Lef3(30,-2040, BB 02T -4pith the MUSHRA
methodology, the listeners were instructed to compare all
5 test conditions against the reference. The test conditions
were 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
10 test was allowed. The MUSHRA tests have been conducted to
assess the perceptual performance of the described stereo-

to-binaural processing of the MPEG SAOC system.

In order to assess a perceptual quality gain of the
15 described system compared to the mono-to-binaural
performance, items processed by the mono-to-binaural system
were also included in the test. The corresponding mono and
stereo downmix signals were AAC-coded at 80 kbits per
second and per channel.
20
Bs HRTF database “KEMAR MIT COMPACT” was used. The
reference condition has been generated by binaural
filtering of objects with the appropriately weighted HRTF
impulse responses taking into account the desired
25 rendering. The anchor condition is the low pass filtered
reference condition {at 3.5kHz).

Table 1 contains the list of the tested audio items.
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Table 1 ~ Audic items of the listening tests

Listening |Nr. mono/stereoc |object angles

items objects object gains (dB)

discol 10/0 {-30, o, -20, 40, S5,-5, 120, 0, -20, -40]

disco? ' (-3, -3, -3, -3, -3, -3, -3, -3, -3,-3}
[-30, 0, -20, 40, 5, -5, 120, 0, -20, -40]
1-12, -2, 3, 3, -12, -12, 3, -12, 3, -12]

coffeel 6/0 [10, -20, 25, -35, 0, 120

coffeel fo, -3, 0, &, 0, O]
[10, -20, 25, -35, 0, 120]
{3, =20, -15, -15, 3, 3]

pop?2 1/5 {0, 30, -30, -90, 80, 0, 0, -120, 120, -45, 45]
{4, -6, -6, 4, 4, -6, -6, -6, -6, ~16, -16]

5
Five different scenes have been tested, which are the
result of rendering {(mono or stereo) objects from 3
different object source pools. Three different downmix
matrices have been applied in the SAOC encoder, see Table.
10 2.
Tablae 2 - Downmix typas
Downmix type Mono Stereo Dual mono
Matlab dmxl=cnes (1,N); |dnx2=zeros {2, N} ; | dmx3=ones (2,N) :
notation dmx2{1,1:2:N)=1;
smx2{2,2:2:N)=1;
15

The upmix presentation gquality evaluation tests have been
defined as listed in Table 3.




Five different scenes have been tested, which are the result of rendering (mono or stereo) objects from

3 different object source pools. Three different downmix matrices have been applied in the SAOC

encoder, se

dmx2=zero

drax3-=ones (2,N) :

%é ll%fﬁ):zllfi) Table 2 - Downmix types Bbwnmix type Matlabl;}%t
S drax (1,1:2: N) =1; smx2 ( 2, 2:2 : N)=1; Dual mono dmxl1=0

Table 1 Table 3 = Listening test conditions

M% Stereo

nes(l N);

Text condition Downmixz type Cora—-codeaxr
x-1-b Mono AACEBOKkbps
¥=-2-b Stereo AACR160kbps
x-2-b Dual /Mono Dual Mono AAC@160kbps
5222 Stereo ARCE160kbps
5222 DualMono Dual Mono AACR160kbps

The “5222" system uses the stereo downmix pre-processor as
described in ISO/IEC JTC 1/5C 29/WG 11 (MPEG),

N10Q045, “ISO/IEC <CD 23003-2:200x Spatial Audio
Coding (SAOCC)”, 85™ MPEG Meeting, July 2008,
with the complex valued binaural target rendering

Document
Object
Hannover,

10 Germany,

matrix A"™ as an input. That is, no ICC c¢ontrol is
performed. Informal listening test have shown that by
taking the magnitude of A" for upper bands instead of
leaving it complex wvalued for all bands improves the

15 performance.
the test.

The improved “5222" system has been used in

A short overview in terms of the diagrams demonstrating the
obtained listening test results can be found in Figure 6.
20 These plots show the average MUSHRA grading per item over
all listeners and the statistical mean value bver all
evaluated items together with the associated 95% confidence
One should note that the data for the hidden
MUSHRA plots

25 subjects have identified it correctly.

intervals.

reference 1s. omitted in the because all

The following observations can be made based upon the

results of the listening tests:

30 ¢ “x~2-b DualMono” performs comparable to “5222".



15 The upmix presentation quality evaluation tests have been defined as listed in Table 3. 34 WO
2010/040456PCT/EP2009/006955 Table 1 Table 3 - Listening test conditions 5 The "5222" system
uses the stereo downmix pre-processor as describetPin ISO/IEC JTC 1/SC 29/WG 11 gMPEG),
Document NYOUHBY8H5AiEC CD 23003-2:200x Spatial Audio Object Codifd TSAOCT " 85th MPEG
Meeting, July 2008, Hannover, 10 Germany, with the complex valued binaural target rendering matrix
Aim as an input. That is, no ICC control is performed. Informal listening test have shown that by taking

the magnitude of Aim@mqgmmi@steadﬁg&@\fmg it complexiyaluedstaiadldbandsrayproves the
15 performance. Th(—:-“it%%ré)\/éd "?%22" system has been used in the test. A short overview in terms of
' o)

the diagrams demons g-EPI‘ilea taifed listening test results can be found in Figure 6. 20 These plots
show the average* MUBSHRAR Jraaiioss itetf obeFaf IRsHsTsaPtHe statistcd mean value over all
evaluated items tegetherawitlt tha mssesiateck85%meanfidente intervaish©nabhoeld rote sitat the data

for the hidgen referenge is.omiterl in the MUSKIRA pigis becausa all 25 subiectsihaveddentified it
correctly. The foIIowi% II_fl|);§),servations can be made based upon the results of the listening tests: 30

"x-2-b DualMono" pe Jstcf‘()cf’ﬁlﬁzélrabIe to "5222". 35 ) ,
' » item “discol” does not show much variation in the

results and may not be sulitable.

10 Thus, a concept for binaural rendering of stereo downmix
signals in SAOC has been described above, that fulfils the
requirements for different downmix matrices. In particular
the quality for dual mono like downmixes is the same as for
true mono downmixes which has been verified in a listening

.15 test. The guality improvement that can be gained from
stereo downmixes compared to mono downmixes can also be
seen from the listening test. The basic processing blocks
of the above embodiments were the dry binaural rendering of
the stereo downmix and the mixing with a decorrelated wet

20 binaural signal with a proper combination of both blocks.

® In particular, the wet binaural signal was computed
using one decorrelator with mono downmix input so that
the left and right powers and the IPD are the same as
25 in the dry binaural signal.
¢ The mixing of the wet and dry binaural signals was
contreolled by the target ICC and the ICC of the dry
binaural signal so that typically less decorrelation
is required than for mono downmix based binaural
30 rendering resulting in higher overall_sound quality.
e Further, the above embodiments, may be easily modified
for any combination of mono/stereo downmix input and

mono/stereo/binaural output in a stable manner.

35 In other words, embodiments providing a signal processing
structure and method for decoding and binaural rendering of
stereo downmix based SAOC bitstreams with inter-channel
cocherence control were described above. All combinations of



WO 2010/040456PCT/EP2009/006955 "x-2-b DualMono"performsclearlybetterthan "5222 DualMono".
"x-2-b DualMono" performs comparable to "x-I-b" "x-2-b" implemented according to the above first
Salternative, performs slightly better than all other cogglitions. item "discol” does not show much
variation in the rZ88(4% may not be suitable. 10 Thus, a concept for biﬁ&&(ﬁf?@‘ﬁ&’éﬁ%ﬁ of stereo
downmix signals in SAOC has been described above, that fulfils the requirements for different
downmix matrices. In particular the quality for dual mono like downmixes is the same as for true mono
downmixes which has been verified in a listening 15 test. The quality improvement that can be gained
from stereo doWiAReRTofifFen EHEAS HonPRteSRsh BRBDe SEETHOMPReibianing lest. The
basic processimiitipeks cfthe hbovestbodimentspers #le drydznausal renderingsefthpstereo
downmix and the:ebéig withrmgacasealated wat2bhinauraksignal with,a proper, combipatign of both
blocks. In parti et binaural signal was_computed using pne decarrelator with mono downmix
input so that the&l!e}tmgn r\%ﬁts [:é)zctg)h\?jlvecrgna?ngc}3 %ﬁﬁﬁne?rrge the' gan%@ a ESiEWéWi)%aBrea?EF‘gﬁal. The
mixing of the wEPaRd HRPbMAATFI LRI Yvakatiirofea Byihe thrkfeh | @@ ndethefiCelofithe dry
binaural signal sbehabtypicallydess dedoréiition it veyaimed¢har far.mono downmix based binaural
30rendering resulting in higher overall sound quality. Further, the above embodiments, may be easily

modified for any,corahinagion o o/stereo downmix input ong/stereo/binaural output in a
stable manner. 35 In%ther wor g?%fr%bo [ E(3ecr§|ifs p@g\c}lx it a(:%%‘?l) Ipr§ eéséﬁ%stl‘a%ﬁjreléﬁpg method

for decoding arftPBifaural réHEET g oPSHBEE RIoWHHI Bas e O ISROEEBitStPeatid WitheinBidehannel
coherenck®konfiphivird deseribed Qbdwe:tAll Cotmibigationa@f )WO 85 MPEG Meeting,
2010/04045636RCY/ERZHI/Q0HAE N0 Ok SIIRQ domnimix ARUt ang;rong, djségréeg of P{l aural
output can be handled as spegial cases of ]t:hes %%cr(i)bedistererio d;11t nmix pased concept. The quality
of the stereo downmix based concept turned out t0 De pr?élaﬁ y'be &5 ﬁja?lnt?]%) MBn& BRFhmix based

concept which A48 verfddifthé hove WethBEd M SR & liS@ninkpeatmatssatial ASRS Object
Coding (SAOCPIEeHExITC 113C WG RA0IMPEG)dBocuntert NADO45, "ISOMECERt s

23003-2:260x enable the inter-channel coherence (ICC) of the binaural

output signal being an important measure for the perception
of virtual sound source width, and being, due to the
encoder downmix, degraded or even destroved, {almost)
completely to be corrected.

20
The inputs to the system are the stereo downmix, SAQC
parameters, spatial rendering information and an HRTF
database. The output is the binaural signal. Both input and
ocutput are given in the decoder transform domain typically

25 Dby means of an oversampled complex modulated analysis
filter bank such as the MPEG Surround hybrid QMF filter
bank, ISO/IEC 23003-1:2007, Information téchnolog& - MPEG
audio  technologies - Part 1: MPEG Surround with
sufficiently low inband aliasing. The binaural output

30 signal is converted back to PCM time domain by means of the
synthesis filter bank. The system is thus, in other words,
an extension of a potential mono downmix based binaural
rendering towards stereo Downmix signals. For dual mono
Downmix signals the output of the system is the same as for

35 such mono Pownmix based system. Therefore the system can
handle any combination of mono/stereo Downmix input and
mono/stereo/binaural output by setting the rendering
parameters approprilately in a stable manﬁer.



10 Spatial Audio Object Coding (SAOC)", 85th MPEG Meeting, July 2008, Hannover, Germany,
multiple audio objects are downmixed to a mono or stereo signal. This signal is coded and transmitted
together with side information (SAOC parameters) t8the SAOC decoder. The above embodiments 15
enable the intet- N 4iH&Ptoherence (ICC) of the binaural output signal beFr?gT %’."i?ﬂ%&%ﬁ measure for
the perception of virtual sound source width, and being, due to the encoder downmix, degraded or
even destroyed, (almost) completely to be corrected. 20 The inputs to the system are the stereo
downmix, SAOC parameters, spatial rendering information and an HRTF database. The output is the
binaural signal. Both input and output are given in the decoder transform dgmain typically 25 by means
of an oversampled¥SmpRA b dtRRET 'an%ﬁ?siékﬂﬂngﬁﬁ‘?gﬁ&ﬁ‘%r&ﬁe%ﬁE%tgu}? %‘:'r‘]'é%‘ rid QMF
filter bank, ISQ/#BG3003-122@0 7déformatorctclrislogy - MPEGBYdibasesnofdgies Pafk 1: MPEG
Surround with spfficientlyJowninband aliasing: Thehipauead outpus 3Rsignal dsemivenedback to PCM
time domajn by means,of the.synihests iy banie. The.ystem i lus, .0t gr ks angadension of
a potential'mono d%wnmlx%ase%rblngwa rendering towards stereo Downmix signals. For dual mono
Downmix sign&Rah& et SFrREAtdm i&tite ¥aX® as for 35 such mono Downmix based system.
Therefore the system can handle any combination of mono/stereo Downmix input and

mono/stereo/binaurabautput BY sedting the senderngaramsierspppeanyiataly ia afstablenmanner. 37

WO 2010/040456PCT/EP2009/ 0695g In even th{ rg hg,ahqye embodiments perform binaural
. 1 .
rendering and decodéfcg’]‘"?)l]éTl S éré:?)hag\?vnn"ﬁx ase% SA%@ %%treams with ICC control. Compared to a

mono doWhmix based 5 binaural rendering, the embodiments can take advantage of the stereo
downmix in twe waysibGerrelaten propenies betwimprehiects i ditferdirHoRRnfiK ERarfids are partly

preserved 10 Objectgxitagtionsis igpeovRAssice fennebjects are present in one downmix channel

Thus, a concept for binaural rendering of stereo downmix 15 signals in SAOC has been described

above that fulfils the requirements for different downmix matrices. In}gﬁrticular, theﬂyali;gy, for dual
W b4

mono like dowRRties i8 tHePS4iRR tas 61 trid RSHS do i TRBES Which hasd B%éﬁ?/e_rl iedin 4 listening
test. TheldualityigprdgernentIhatcdrs be ppdmediegpribed above that fulfils the

requirements for different downmix matrices. In particular,
the quality for dual mono like downmixes is the same as for
true mono downmixes which has been verified in a listening
test. The quality improvement that can be gained from
20 stereo downmixes compared to mono downmixes can also be
seen from the listening test. The basic processing blocks
of the above embodiments were the dry binaural rendering of
the stereo downmix and the mixing with a decorrelated wet
binaural signal with a proper combination of both blocks.
25 In particular, the wet binaural signal was computed using
one decorrelator with mono downmix input so that the. left
and right powers and the IPD are the same as in the dry
binaural signal. The mixing of the wet and dry binaural
signals was controlled by the target ICC and the mono
30 downmix based binaural rendering resulting in higher
overall sound quality. Further, the above embodiments may
be easily modified for any combination of mono/stereo
downmix input and mono/stereo/binaural output in a stable
manner. In accordance with the embodiments, the stereo
35 downmix signal X™¥ is taken together with the SAOC
paramefers, user defined rendering information and an HRTF
datazbase as inputs. The transmitted SAOC parameters are
OLD{!"™ ({(object level differences), IOCﬁlm‘ (inter-obiect



20 stereo downmixes compared to mono downmixes can also be seen from the listening test. The
basic processing blocks of the above embodiments were the dry binaural rendering of the stereo

downmix an%yze 1r(r}1)>§1in4(_%ﬁ:vith a decorrelated wet bir&ural signal with a propencq Q,%@ n of both

] . . :
blocks. 25 In particular, the wet binaural signal was computed using one decorrelator with mono

downmix input so that the left and right powers and the IPD are the same as in the dry binaural signal.

The mi>_<ing of the_wet and dry b?naural signals was controlled by the target ICC and the mono 30

dovk\;nrg_lx batsecol_,g@fur@lorﬁpg%éq_gi_(ggigItingmpigger(g&gamﬂis@urghqg@lbty. Budhendthe dbbve

embodiments e easily madified for any inati f mono/stereq,d IX input and

mono/stereo/b%%ag)&r%rf%ﬁtp% W %egfa%gvr%nr?é%{% 5%2§|$d§n n%(()DV\I/:it gﬁf{e g’m 8}%/ J,fgr?e% étns,Jttjhjr;'stereo 35
in

downmix signaPR k i& THkeRABHBMET With RS AGEeBaratneters, uset défifed’rendSfing mformation
and an HRTF ggtgbaseasupelts: Jhedrapsmitied SAQC pasameiarsare OitD Emdeobjecitevel

differences), 10ClIm. (inter-gbject 38 40456PCT/EP2009/006955 cross correlation),
DMGilin ?asowr? ?x%%%s an %éfﬁﬁ%n%) %%]Sq'/gl%

Finally, it is noted that although within the above
description, the terms “inter-channel coherence” und
“inter-object cross correlation” have been constructed

10 differently in that “coherence” is used in one term and
“ecross correlation” is used in the other, the latter terms
may be used interchangeably as a measure for similarity
between channels and objects, respectively.

15 Depending on an actual implementation, the inventive
binaural rendering concept can be implemented in hardware
or in software. Therefore, the present invention also
relates to a computer program, which can be stored on a
computer-readable medium such as a CD, a disk, DVD, a

20 memory stick, a memory card or a memory chip. The present
invention is, therefore, also a computer program having a
program code which, when executed on a computer, performs
the inventive method of encoding, converting or decoding

described in connection with the above figures.

25
While this invention has been described in terms of several
preferred embodiments, there are alterations, permutations,
and equivalents which fall within the scope of this
invention. It should also be noted that there are many

30 alternative ways of implementing the methods and
compositions of the present invention. It is therefore
intended that the following appended claims be interpreted
as including all such alterations, permutations, and
equivalents as fall within the true spirit and scope of the

35 present invention.



(downmix channel level differences) for all N objects i,j. The HRTF parameters were given as PZL,
1c711 and O; for all HRTF database index g, which is associated with a certain 5 spatial sound
source position. Finally, it is noted that although within the above descripti "inter-channel
coherence” Evr%z%(yg?-ag?ﬁect cross correlation” have been constructed 10tiL %ﬂ?grp@@/r {n' t?ﬁat
"coherence" is used in one term and "cross correlation” is used in the other, the latter terms may be
used interchangeably as a measure for similarity between channels and objects, respectively. 15
Depending on BH EetgaFimifeméitatich, BRE Rve RS biAddrablarrering ebRetptcarrbeingplemented
in hardware or i1l seftwidrey ddresefanss thenpeseatinvention alee pelateisito aneamputen praggam, which

can be stored e afpRputeraeadablesaedium suchas 8 Chpa disk RYR. :2Q MeRory,stick, a
memory card or a memory Cf‘l:IB:. The ggessegt invention |s,§h%r§é3re, also a computer program having a

c%m%rl =3 OLPZ unnllila on LCITC ltnP i .
program code Which, when executed on-a computet, performs tte mve_nhlve &thiod of €nédding,
converting®or de2dding Heserded ihk€onnbctishvitthe Bbdl&MRiFes 125 \While thiShvértfon has
been described imterimnef severakprelercéd embadiments;dhertl akprakterations, permutations, and

equivalents which fall within the scope of this invention. It should also be noted that there are many 30

alternative wayg-ofdmplemeniing the methads and compesifigns AL e Rresenbinventions lf,is therefore
intended that the fallowing Anpened Flaims A¢ intefareted as induding all.sucyalierations,,
permutatigns, and eguivalenis Asfalvithin thedge smiritand ssae of fie 35 preseniiaygntion. 39
audio signal (21) comprising a stereo downmix signal (18)
into which a plurality of audio signals (14:~14y) are
downmixed, and side information (20} comprising a downmix
information (DMG, DCLD) indicating, for each audio signal,
15 to what extent the respective audic signal has been mixed
into a first channel (L0) and a second channel {R0) of the
stereo downmix signal (18), respectively, as well as object
level information (OLD) of the plurality of audio signals
and inter-obiject «c¢ross correlaticn information (I0C)
20 describing similarities between pairs of audio signals of
the plurality of audio signals, the apparatus comprising
means (47} for computing, based on a first rendering
prescription (6'") depending on the inter-object cross
correlation information, the object level information, the
25 downmix information, rendering information relating each
audio signal to a virtual speaker position and HRTF
parameters, a preliminary binaural signal (54) fxrom the
first and second channels of the stereo downmix signal
(18}; means ({50} for generating a decorrelated signal

30 (Xﬂ*) as an perceptual equivalent to a mono downmix (58)

of the first and second channels of the stereo downmix
signal (18) Dbeing, however, decorrelated to the mono
downmix (58); means (52} for computing, depending on a
second rendering prescription (P,&’™ depending on the

35 inter-object «cross correlation information, the object
level information, the downmix information, the rendering
information and the HRTF parameters, a corrective binaural
signal (64) from the decorrelated signal (62); and means
(53) for mixing the preliminary binaural signal (54} with

40 the corrective binaural signal {64) to obtain the binaural
oufput signal (24).



WO 2010/040456PCT/EP2009/006955 Furthermore, it is noted that all steps indicated in the flow
diagrams are implemented by respective means in the decoder, respectively, an that the
implementations may comprise subroutines running dfa CPU, circuit parts of an 5 ASIC or the like. A
similar statemlé}ﬁ{}l%};ﬂ@%r the functions of the blocks in the block diagraR%TfﬁP&ﬂqgrU%%s, according
to an embodiment an apparatus for binaural rendering a multi-channel audio signal (21) into a 10
binaural output signal (24) is provided, the multi-channel audio signal (21) comprising a stereo
downmix signal (18) into which a plurality of audio signals (141-14N) are downmixed, and side
information (20xee@psising.a downmix information (DMG, DCLD) indicating, for each audio signal, 15
to what extent the respective audio signal has been mixed into a first channel (LO) and a second
channel (RO) of the stereo downmix signal (18), respectively, as well as object level information (OLD)
of the plurality GPRHESighkfls An8Gn#F-0ifect erd¥ Bbireldionuntarn libR0#O C) Y05GrSdEbing
similaritiessbetw@enzmirs3ebacdio:sighais-akthe plidratity o pudio sigaalsgthe sparatus goraprising
means (47) fort@?ﬁﬂ?%@&t?ﬁ?ﬁd ﬁgl@fi%(ggr)d%ggglg{,%stcriqggm) depending on the inter-object
cross correlation information, the object level information, the 25 dowhmix information, rendering
information relating each audio signal to a virtual speaker position and HRTF parameters, a
preliminary bind#@l sifesr(B4Fabm thedwsrandaééond chanfitis v tHBbterdteddwdmixtsignal (18);
means (50) for gebgeatingra decerrelated smaat 30(.£7)1as arpetcaptyakhequivalent o @ yrQno
downmixp8) afdhe figstanghsecons-channels g6 the stereo downmix signal (18) being, however,
decorrelated to the mono downmix (58); means (52) for computing, depending on a second rendering
prescription (P21'm) depending on the 35 inter-object cross correlation information, the object level
information, thel 86WhEtix htdPatior? e renbiefingiatorATatis s SrPthe IR TF YEEMmaterki @
corrective binauatsignab G sfromithe deroretatad signal(62d); and means (53) for mixing the
preliminary binaural signal (54) with 40 the corrective binaural signal (64) to obtain the binaural output

signal (24). 40 0/0 P 9/006 References ISO/IEC JTC 1/SC 29/WG 11
(MPEG), ocur%%% i%%mg%i%%gé%ﬁé%g%o%‘ggg% X §poa(f|léT%®%io Bg?e%cg CToding {€AOC)",
85th MPEG Medtinht atily 008 HaiRF L GerPdh) 9 EBUFFethnici reainfifrshiakgion: and
"MUSHRA-EBU Methoddof Subjective A0St@nirgphestssaf Intesmediate Audio Quality”, 10 Doc.

B/AIMO22, October 1999. ISO/IEC 23003-1:2007, Information technology - MPEG audio technologies
- Part 1: MPEGJS%round 155IrSO/IEg TC1/SC29/WG11 ( Documen "FiQQIOSpatial

;2 N9099:
Audio Object Co%l|ngeE\'/aluatioﬁel§r%cgJ50res eﬁg t‘:‘?’ﬁé’r%uon'y%ﬁ%ﬁoz, Saﬁ%%%%,?us& -
Jeroen, BféebalRETstoihileMEpatial REdRMIE Pot sSHYE MPE®S SirRduRIand BiR&YApplications.
Wiley & Sons, 2003., 2007.

Jeroen, Breebaart et al.: Multi-Channel gces Mobile : MPEG
Surround Binaural Rendering. AES 29th Internatioconal
25 Conference, Seocul, Korea, 2006.



Jeroen, Breebaart et al.: Multi-Channel goes Mobile : MPEG Surround Binaural Rendering. AES 29th
International 25 Conference, Seoul, Korea, 2006. 41 Claims 1. Apparatus for binaural rendering a
multi-channel audio signal into a binaural output signal, the multi-channel 5 audio signal comprising a
stereo downmix signal into which a plurality of augdip signals are downmixed, and side information
comprising a downmix infoimation indicating, for each audio signal, to what extent the respective audio
signal has been mixed into a first 10 channel and,a.;sgcond channel of the stereo downmix signal,
respectively, as well as object level information of thé plurality of audio signals and inter-object cross
correlation information describing similarities between pairs of audio signals of the plurality of audio
signals, 115the Apparaaisiseintpeonkijmedtalcompte hased 6n At ferleringpresttptich
depending onthgigtespbjegtrosscenakation infermation, thesitact leyrkinteunatiorhesevnmix 20
information, rendeyin mform%tion relating each auglo S %%Ietg aélcgmﬁgcealéeirﬁ}gﬂtloqﬁgg HRTF

| es

UG =] I com S1h .
pargmeters, a pre |m|naryll%naural S|gr% rom l%e rst and second channels of t tereo downmix

signal; 25genevdid @dedorilatea Signal &fanFeidspiinl efibaleftis a A deAmix Frthe first
and second changels of the stetee dawnmixcsigndl dietiag, hawevely dendrrelated: fotheanbdoo
downmix; 3000{‘%%%}%&% ding an asegond rendsringpreseriptien depending opdhe interzobject

Cross correlation information, the object level information, the downmix information, the rendering

information and SRPRRTE Sardthisthrs, £EGréctivea® biRSGHAl STYEF ot thede corréiatei signal:
arcbmix the preliminagyjlbinanchl signa avdthrttle cohectied binatiraltsignal 3¢ obeon tibiat¥al output

signal. 5 2. Apparatus,accpeding e elaim, 1, wherejn the gppagiusis fudhenconfigurashio; én
generating the decorrelated signal,sum the firs{ and secon chanrael of tche steEeo d%wnmix signal and
decorrelate theoﬁnjf{-beoﬁ }hr%%l’ty or audio sgignalsg and 1nter-cojeclt Cross

correlation information describing similarities between

pairs of audio signals of the plurality of audio signals,

15 the apparatus being configured to:
compute, based on a first rendering prescription
depending on the inter-cbject cross correlation

information, the object level information, the downmix
20 information, rendering information relating each audio
signal to a virtual speaker position and HRTF parameters,
a preliminary binaural signal from the first and second

channels of the stereo downmix signal;

25 generate a decorrelated signal as an perceptual
eguivalent to a mono downmix of the first and second
channels of the stereo downmix signal being, however,

decorrelated to the monc downmix;

30 compute, depending on a second rendering prescription
depending on the inter-cbject Cross correlation
information, the object level information, the downmix
information, the rendering information and the HRTF
parameters, a corrective

35



10decorrelated signal. 3. Apparatus according to claim 1 or 2 further configured to: 15estimate an
actual binaural inter-channel coherence value of the preliminary binaural signal; determine a target
binaural inter-channel coherence value; and 20 set a mixing ratio determining to which extent the
binaural output signal is influenced by the first and second channels of the stereo downmix signal as
processed by the computation of the preliminary binaural signal and 25 the first and second channels

of the stereo dgwamix-signak as processed bydhe generativaia gacpiralategirignal and the
computation of the corrective binaural signal, respectively, based on the actual binaural inter-channel

coherence value and the target binaural inter- 30channel coherence value. 4. Apparatus according to
claim 3 whereifi e &gifardalis isHUHMEE Eortiguret fol inSSkifd the hiiRin§1&tio” S&tthe kg ratio
by setting the fisstrendening 143.pnesesiptipn and the seedrchrenderingyescriptipnbased on the
actyal binaural inter-channel coherence value and the target binaural inter-channel coherence value.
55.Apparatus according to claim 3 or 4, wherein the apparatus is further configured to, in determining

the target-binadRPFEEEERariel eoReiaficd Yalbe 3@ orm tHE EEteithirdion BRI BN EnSonents of
a target covaridnoecatrix EcnAilgAkandth ¥ denotinggangugate nt0 transposecAbempd tatget

binaural rendeting matrix [elating sheaudie signals tadhe first angkseeand shanagls of the-bipaural
output signal, respectively, and being uniqu&l

%/determined by the renderintq inforkr}q:atiorg arégléhe HRTF
parameters, artPEHBIRG aShaik beif A5Gy dettrmingd By thatnter-objRet&rbas correlation

infodmation andid¢mobjedtlesd! infarnemtion. 6Apparatus according to claim 5, wherein the apparatus is
further configured to, in computing the preliminary 20binaural signal, perform the computation so that =

G thg:-r.e X '3§p%i‘xla‘1’:e§§°ré@%gﬁ}gfﬁge”ﬁ%o% tl;{%?n 1 or 2 further configured

to:

15 estimare an actual binaural inter-channel coherence value

of the preliminary binaural signal;

determine a target binaural inter-channel coherence
value; and
20
set a mixing ratio determining to which extent the
pinaural output signal is influenced by the £first and
second channels of the stereo downmix signal as processed
by the computation of the preliminary binaural signal and
25 the first and second channels of the stereo downmix
signal as processed by the generation of a decorrelated
signal and the computation of the corrective binaural
signal, respectively, based on the actual binaural inter-
channel coherence value and the target binaural inter-

30 channel coherence value.

4. Apparatus according to claim 3 wherein the apparatus is
further configured to, in setting the mixing ratio, set
the mixing ratio by setting the first rendering

35



25 correspond to the first and second channels of the stereo downmix signal, fki is a 2x1 vector the
components of which correspond to the first and second channels of the preliminary binaural signal, G
is a first rendering matrix representing the first rendering prescription and 30having a size of 2x2 with
G=, P cos@+ a )expk(j-il P2 COS(13 a)expti P2 gas( 13 - oc)exp(-P: cos @ - ot)exp(- \, A wherein,
with x e {1,2}, 44 = Lv" px= If2x2 Rvx arg(f,x2) if a first condition applies Ootherwise 5wherein f;" |
andare coefficigpts=0f subriarget savarianee snaiters Rookisize 2¥2 pithgsAght tba based

on the actual binaural inter-channel ccherence value and

the target binaural inter-channel coherence value.

5 5. Apparatus according to «claim 3 or 4, wherein the
apparatus ig further configured to, in determining the
target binaural inter-channel ccherence value, perform
the determination based on components of a target
covariance matrix F =4 E A, with “#7 denoting conjugate

10 transpose, A4 being a target binaural rendering matrix
relating the audio signals to the first and second
channels of the binaural output signal, respectively, and
being uniquely determined by the rendering information
and the HRTF parameters, and E being a matrix being

15 uniguely determined by the inter-object cross correlation

information and the object level information.

6. Apparatus according to claim 5, wherein the apparatus is
further configured to, in computing the preliminary
20 binaural signal, perform the computation so that

~

X, =G-X

where X is a 2x1 vector the components of which
25 correspond to the first and second channels of the stereo

A

downmix signal, X, 1is a 2x1 vector the components of

which correspond to the first and second channels of the

preliminary binaural signal, & is a first rendering

matrix representing the first rendering prescription and
30 having a size of 2x2 with

Pf cos(ﬁ + Q)exp(jig—) Pf cos(B + oc)exp( Jﬂ’;_)
Pf coS(B - Ot)exp - J'%E— PR2 cos( - Ot)exp - ]E;_)
wherein, with x € {112}’
35



wherein eeUdId2AdId2y are coefficients of NxXN matrix being the number of audio signals,
eu are 10coefficients of the matrix E being of size NxN, and d: are uniquely determined by the
downmix infoittiation, wherein put indicates the extent to which audio signal i has been mixed into the
first channel of the stereo downmix signal and cl,2 gefines to what extent audio signal 15i has been
mixed into the second channel of the stereo output signal, wherein Vx is a scalar with Vx=DrE(D)+8
and iY is a IXN matrix ghe_coefficients of which fﬁd:, 20 wherein the apparatus is further configured
to, in computing a corréctive’binaural outpuRt sigrfal, perform the computation such that 25 where X,/ is
the decorrelated signal, X2 is a 2x1 vector the components of which correspond to first and second

channels of the correctix;{d;%;r%l sipnak;neRaisA ggﬁggpnd rendering matrix representing the
ion an

second rendering prescriptio having a sizeot e%\fgte 45 F2=(? 13, sin@ + a )exp(jarg(ci2z2 P

x x

5 wherein ', s and s are coefficients of sub-target

covariance matrices F' of size 2x2 with F=AE A,

x dy di

wherein é@"ey(ﬂM;X¢;g) are coefficients of NxN matrix
E, ¥ Dbeing the number of audio signals, ey are

10 coefficients of the matrix E being of size NxN, and d;

are uniquely determined by the downmix information,
wherein d; indicates the extent to which audic signal i

has been mixed into the first channel of the stereo
downmix signal and d} defines to what extent audio signal
15 i has been mixed into the second channel of the stereo

output signal,

wherein V' is a scalar with V“:anE(DxT+8 and D' is a 1xN
matrix the coefficients of which are 4],

20
wherein the apparatus is further configured to, in
computing a corrective binaural output signal, pexform

the computation such that
25 X,=P X,

where X; is the decorrelated signal, X, is a 2x1 vector

the components of which correspond to first and second
channels of the corrective binaural signal, and P, is a
30 second rendering matrix representing the second rendering

prescription and having a size 2x2 with



sin(-a )exp(j arg(2C12 R wherein gains PL, and PR are defined as 5Alf) P = R At* wherein cH and cll
are coefficients of a 2x2 covariance matrix C of the preliminary binaural signal with 10C = aDED*a.
wherein V is a scalar with V=WEW +a, W is a mono downmix matrix of size IxXN the coefficients of
which are uniquely determined by dt,D = (D;) ,and qis 150t,ne = ?YRI exp(-exp(-- 13"- exp(j -(1;1m '2
exp j wherein the apparatus is further configured to, in estim tlng the actual binaural inter-channel
coherence value, determine the actual bin u;alsm r-cha ence value as Pc = minC12,
\1C22 wherein the apparatus is furthePcénfi tre to in 5 etera;gy g the target binaural
inter-channel coherence value, determine tHe t4t et‘b‘i"h

min /12

||°fterlc nnel coherence value as Pr =

wherein gains P; and Pp are defined as

> Rf«*\/%=PR=\/E_5;

wherein ¢;; and ¢ are coefficients of a 2x2 covariance

matrix C of the preliminary binaural signal with
10 C=GDED'G

wherein V is a scalar with V=W EW +g, W is a mono

downmix matrix of size 1xN the coefficients of which are

i o 1
uniquely  determined by 4], D= (’;2) , and @G is
1 , ¢! im,2 . 4
- B,exp(r;) 5 6Xp(17
15 G = 1 K
Plespl- /%) 2 expl- 7%
wherein the apparatus is further configured ¢to, in
estimating the actual binaural inter-channel coherence
value, determine the actual Dbinaural inter-channel
20 coherence value as
P = min ]‘—’12! 1
c I
VE&uln
wherein the apparatus 1is further configured to, in
25 determining the target binaural inter-channel coherence

value, determine the target binaural inter-channel

coherence value as

30



, jand 46 wherein the apparatus is further configured to, in setting the mixing ratio, determine

rotator angles a and p according to 1 f a = -orccos(pr)-arccos(pc)), 2 p = arctan

P-Ptan(a) RL P

+ P with s denoting a small constant for avoiding divisions by zero, respectively. 10 7.Apparatus
a_ccording to claim 1, wherein the apparatus is furfler configured to, in computing the preliminary
binaural signal, perform the computation so that 15X=GX where X is a 2x1 vector the components of

which correspgad.tathe firstand W%ne@gﬁ the, stekee- dowpAwx gigRat X s, 2xL mector the

components of

setting the mixing ratio, determine rotator angles o and

# according to

5 o= % (arccos(p, )~ arccos(p,. ),

P = arctan tan(a)f’i—_—}i ;
)

with & denoting a small constant for avoiding divisions by

zero, respectively.
10

7. Apparatus according to claim 1, wherein the apparatus is

further configured to, 1in computing the preliminary

binaural signal, perform the computation so that

A

15 X =G X

where X i1s a 2xl1 wvector the components

which

correspond to the first and second channels of the stereo

~

downmix signal, X, is a 2x1 vector the components of

20 which correspond to the first and second channels of the

preliminary binaural signal, G 1is a first

rendering

matrix representing the first rendering prescription and

having a size of 2x2 with

25 G = AED"(DED")™,

where E is a matrix being uniquely determined by the

inter-object cross correlation information and the object

level information;
30

D is a 2xN matrix the coefficients 4, are uniquely

if

determined by the downmix information, wherein d,,

indicates the extent to which audico signal J has been

mixed into the first channel of the stereo downmix signal

35 and d,, defines to what extent audio



20 which correspond to the first and second channels of the preliminary binaural signal, G is a first
rendering matrix representing the first rendering prescription and having a size of 2x2 with 25G=AED*
(DED* , where E is a matrix being uniquely determined by the inter-object cross correlation information
and the object level information; 30 is a 2xN matrix the coefficients du are uniquely determined by
the downmix information, wherein du indicates the extent to which audio signal j has been mixed into

the first channgliefihe stereg-downsaix signak3band w21 glefinesstoomaat extentaldiof4&signal j has
been mixed intotthe secong chﬁnngl ?{ége stereo output signal; A is a target binaural rendering matrix
relating the 5 ﬁﬁgese%n%% 0 the First and second channels of the binaural output signal, respectively,
and is uniquely determined by the rendering information and the HRTF parameters, 10wherein the
apparatus is fujther configuragde.tin ecoirpltingla costedtive binamakaitput seghat, jpeyforpnthe

corpputation sucl it kor.B.Xd 18 wheredh 145 e dasgnelatedipionahizisd xlorecigidne

i ) b ; T
components of whic corrgspond to first and second channe]s of the corrective binaural sqnal, and P

is a second refigHHG AP en R secortFRANEARG Y0prestiptionSandHARRG & size 2x2
and is determided sueh thad PPA=AR haith ARREARG0DED G0tawiteGo 8nAppaisus AREErding to
claim 1, wherej @gnpeqlc@fgtys is further configured to, in computing the preliminary 25binaural signal,
perform the computation so that =G X where X is a 2x1 vector the components of which

10 wherein the apparatus is further configured to, in
computing a corrective bimaural ocutput signal, perform

the computation such that

-

X,=P X,
15

A

where X; is the decorrelated signal, X, is a 2xl1 vector
the components of which correspond to first and second
channels of the corrective binaural signal, and P is a
second rendering matrix representing the second rendering

20 prescription and having a size 2x2 and is determined such
that PP*=AR, with AR=AEA"-G,DED'G, with G, = G.

8. Apparatus according to claim 1, wherein the apparatus is
further configured to, in computing the preliminary

25 binaural signal, perform the computation so that

-

X, =G-X

where X 1is a 2x1 vector the components of which

30 correspond to the first and second channels of the stereo

~

downmix signal, X, 1is a 2x1 vector the components of

which correspond to the first and second channels of the

preliminary binaural signal, G



30 correspond to the first and second channels of the stereo downmix signal, X1 is a 2x1 vector the
components of which correspond to the first and second channels of the preliminary binaural signal, G
48 is a first rendering matrix representing the first rendering prescription and having a size of 2x2 with
G = (GoDED*Goil(Go DED*Go* AEA* Go DED*Ggd 12(Go DED*Go Y Go with 5Go = AED* (DED*)-1
where E is a matrix being uniquely determined by the inter-object cross correlation information and the
object level infggnation; @+t is a2xNanati thaegeefficientsgu asenoiguegly deiermifeddy the
downmix information, wherein du indicates the e -Whic 10, sigpal,] mixed into the
first channel ofrtﬁlél%:?gr%%%o%vrnerﬁi?(rs%é%élOl%a% éé%g%fﬁﬁfgs %oa\%v%dé%eggntb J%?j?gqs%igalj has been
mixed into the second channel of the stereo output signal; A is a target binaural rendering matrix
relating the 20 gudiocsjpmts ¢ thediy DBDIGE cORA ChaBR 6f; i (h KD datpitGigmalr b
respectively, and is uniquely determined bﬁghg @Eﬁer{ﬁ@@f?rmation and the HRTF parameters,
25Wherein the apparatus is further configured to, in computing a corrective binaural output signal,
perform the computation such that X2 = PXd 30 where Xd is the decorrelated signal, "2 is a 2x1 vector
the componentstof wehich careesponddd fiist areesesondohamedly ofdhe eomettive bitaurdisignal, and

P is a second repdering mattix representing.the seeond rendesings3onsasaiption radhgying:a size
2x2 and is detelrgn\irré%d :SL%CfQ:trhn?é {f}j?gﬁ:_(AEA*-GDED*G*)/Vwith V being a scalar. 49

10

D is a 2xN matrix the coefficients d, are uniquely

determined by the dowmmix information, wherein d;,
indicates the extent to which audio signal j has been
mixed into the first channel of the sterec downmix gignal

15 and d,, defines to what extent audio sgignal j has been
mixed into the second channel of the stereo output

signal;

A is a target binaural rendering matrix relating the
20 audic signals to the first and second channels of the
binaural output signal, respectively, and is uniquely
determined by the rendering information and the HRTF

parameters,

25 wherein the apparatus is further configured to, in
computing a corrective binaural output signal, perform

the computation such that

-

X, =P X,
30 A
where X; is the decorrelated signal, X, is a 2x1 vector
the components of which correspond to first and second
channels of the corrective binaural signal, and P is a
second rendering matrix representing the second rendering

35 prescription and having a size 2x2 and is determined such
that PP'=(AEA"-GDED'G")/Vwith V being a scalar.



9. Apparatus according to any of the preceding claims, wherein the downmix information is
time-dependent, and the object level information and the inter-object cross correlation information are
time and frequency dependent. 10. Method for binaural rendering a multi-channel audio signal into a
binaural output signal, the multi-channel audio signgl comprising a stereo downmix signal into which a
plurality of audio signals are downmixed, and 10 side information comprising a downmix information

indicating, for eaghsaudio signahdehatexter thesgspestive augio sigaakiiasmbeer mixedsinto a first

channel and a second chapnel of.the stereo downmix éi nal, respecctiv%Iy a & objegt level
information 15'G %reeﬁﬁﬁragt@/eof gl?d‘{(r)mslllg}ﬁalé%g%lﬁrﬁl%r-:ggﬁjéctlcsfossJé%rre?at%%{r?n atuation describing

similarities betiveén paii€stautiiy Signdis P ERESILATItAdThuddSighAlE TiERMERRSd Sorfiffsing:
20computing, kased-an: a fisst rendering piescriptien dépending ofrtheirtec-pbibep Endssitorrelation
inf(()jémation, the object level information, the downmix information, rendering information relating each

audio signal to a virtual speaker position and HRTF parameters, 25 a preliminar binaura#s%gnal from
the first 4fd seéBR&eHanie® of ﬁ’%‘@@?‘a}ldoﬁﬁﬂ%éﬁﬁ . g@nerBtird & teldHERted &hafas an
perceptual  equjvialént taacmenokdiovenmixlof thetfirst anelispoohd 30bkarmelstdf-theaered downmix

signal being, hgyyayer, decgrelated tg.the mone downmibg 20 Compmtingxdepenging oniasgcond

rendering prescription dependingonthelnterfob'ec%Crosscorrelaiion iarllform tion tglg{ ggjecta{%\éel

information, th&’BOFAMR 5FABHAALSH, tHefrefi&Thg infdrivition and The Eﬁ?f? parareters, a

catrective binasdatsignal fridprtirtdecorrelatspsigaanand @ midkfyiRe PrelirhmbPyF BRaLPal signal

yvith the_ 10corr§9@5q3g_i5§g@| sigpal tqethgin thesbivawalpidpyt sigﬂalwhgtCoajM(ﬁrtpngfam having

instructions for performing, when rynning,on 8 gomputer, g methog ascgraigg fo,clam 1. 15
channel and a second channel of the stereo downmix
signal, respectively, as well as object level information

15 of the plurality of audio signals and inter-object cross

correlation information describing similarities between
pairs of audioc signals of the plurality of audio signals,

the method comprising:’

20 computing, based on a first rendering prescription
depending on the inter-object Cross correlation
information, the object level information, the downmix
information, rendering information relating each audio
signal to a virtual speaker position and HRTF parameters,

25 a preliminary binaural signal from the first and second

channels of the stereo downmix signal;

generating a decorrelated signal as an perceptual
eguivalent to a mono downmix of the first and second
30 channels of the stereo downmix signal being, however,

decorrelated to the monc downmix;
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computing, depending on a second rendering prescription
depending on the inter-object Cross correlation
information, the object level information, the downmix
information, the rendering information and the HRTF
parameters, a corrective binaural signal from the

decorrelated signal; and

mixing the preliminary  binaural signal with  the
corrective binaural signal to obtain the binaural output

signal.

Computer program having instructions for performing, when

running on a computer, a method according to c¢laim 10.



