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WO 2009/ 046909PCT/ EP2008/ 008300 Met hod and appar at us
for generating a binaural audio signal FIELD OF THE

| NVENTI ON The invention relates to a
wWiphbsand apparatus for generating a bi naus@lBiossoo
signal and inparticular, but not exclusively, to
generation of a binaural audio signal 5 froma nono
downm x signal. BACKGROUND OF THE | NVENTI ON

In the | ast decade there has peen a trend t owar ds
rdrtbed 206 gppiEatus dereeneraing 2 dpwpkudigisieyal owar ds spati al
audi o extendi ng beyond conventional stereo signals.

For 10 exanple, traditional stereo recordings only
conprise two channel s whereas nodem advanced audi 0
systens typically use five or six channels, as in the
popul ar 5.1 surround sound systens. This provides for
a nore involved |istening experience where the user
'ANLID ©FSIHE DVENEOBly sound sources. Vari ous

techni ques and standards have been devel oped for
comuni cation of 15 such nulti-channel signals. For
exanpl e, amxuﬁhﬁmh@ﬂﬂmﬂhanm&hsamﬁ@@ﬁﬂﬁn&fQ@wﬁmﬁgﬂbmmnm

sur.roun Stem e tr t ordance wth
30 S e oyl Sk TR s RGO RRAGtl okmal
Mxﬂ)@/m&ncgddmhmsﬁ@ﬁﬂar ds. However, -in order
to provide backwards conpatibility, it is known to
downrni x the hi gher nunber of channels to a | ower
BAGKGROUND GHELEINCENTIONt is frequently 20 used to
downmi x a 5me1a%HJ %ﬁ%&h‘%yﬂ&n%‘n@ whiBs Rt E58R1 audio and
ereo si gnal fifs repro ucedmb
mggataﬂxshﬂﬂeqmndembmem@dmg&qwnamkwgngnd$wbysgmﬂ$dhnd
at g 1ggtglggere9&§or E%sgﬁallfco'rrrr%figch@o E’annse Pﬁ&éz@@ﬁqg'm advanced
dlgdm swm@dmmtlbu% fiye ef sochanrgplrats in g gopylas 3d| Sugp'g\dép@d
%&@nmgﬁﬂ £ G0 Gvblyad MstilteRxhPfehde Wherd! Ol VAR
annel decoder to dgenerate a
ﬁ@ﬂﬁ@é@ﬂﬁ@@@@ﬁmggﬁof the nulti-channel signal. An

MPEG  decg@hushdhhigats %ﬁ@gﬁfdgrdg hc 8oGIded Rip¥d ﬂ)@t:ﬁmﬁﬁ}gcatlou of
t hus onlg decode the stereo downni x.

anch matshagpel sigpadirEperamplpi sSdisrerje %Jémtﬂ?é%?r?ssma'g@érh gound

s i8erS RRY btranBh@BEHabR8dable AHIRAEIONAN & thdN@/aBddMudio Coding
paraneter is the inter-channel cross-correl ation,

080 ardDleeDisia] sendarflsy e ati on bet ween the | eft

channel anfhwkh if bk to ryaiEe Ghckdvards 8dngfatKllisy] ©RahEwn toNO
2009/ O46909PCT/ P2008/ 008300 2 Anof her

er.is- :
dpentpis kR highat bt ofichizanglh Mhigper o Ea3aTR A it is Hequently
Qxﬁb'artaﬂai;m&}a 53 Qﬂﬁ'dnﬂh scaud bignd] ey ﬂ@dﬁsﬁ@ml A6 adtebo signal to be _

Ot he rr%};ye fo t ! ag ; gq 51gna by sullsougé so%mg1 gecoders
H E?P

One exampie is the MPEGZ backwards compatible coding method. A multi-

* channel signal is downmixed into a stereo signal. Additional signals are encoded in the

ancillary data portion allowing an MPEG2 multi-channel decoder to generate a representation
of the multi-channel signal. An MPEGI decoder will diéregard the ancillary data and thus
only decode the stereo downmix. '

There are several parameters which may be used to describe the spatial
properties of audio signals. One such parameter is the inter-channel cross-correlation, such as

the cross-correlation between the left channel and the right channel for stereo signals.
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produce an audi o signal having a reduced nunber of
channel s, for exanple only a single channel, plus a
set of paranmeters describing the spatial properties.
woi 2060be46089 gi nal audi o signal. 5l n so-call ed PCT/EP2008/008300
(paranetric) spatial audi o 2ecoders, the spatia
properties as described by the transmtted spatia
paraneters are re-instated. 3D sound

itionin I =13
égéégﬁ B ter IS t?\% cg.vérgaq%%f gh%%%:%xelg '36 Qﬁle}i gé/ag cg s%altlal audio
eanbnmdere,ftﬁae msi otier rpmlamlemsg)mwa@ad]frad @hesnrlgmaf aUdamgﬂal in order to

val,ue to X i i in.
{55 A5 NS RS A SR8l Do
elidhed] plusSpec of pamielteys dastnhug thespatialipoopeieo haerinal audio signal.

Ltb &ﬁaﬂf% a{glfng u at1 (lhf) éler;cirmnr?,gtr?x’]e V\Wlacf roggllg%fﬂsqiﬁscnbed by the

eafsmittedspatial taarmeeterslmaa-uratatadecor dings are typically

made usi ng.fwo m crophones nounte

o, oo A e ReSt-E B ettty kit SR QAR in the

ﬁ@bﬂ\ﬂdm et ﬂlaybhdkemh somad effeats lambbulm gzimn#ean addysignificant value
| uences due. to

sh the [eS.. 15
T e R SO g NPT G P B KR FAO L P-CEbead 30
Sﬁ'&:l: Sppdificully) it is&nowtliongrd mdtrbgrbdich bmme‘piraudiu cstgnajnwblbh contain
R B lor SRR S EREObl B SRFE e pepogs v
g@ﬂ:ﬁnﬁinh&e ﬂ'ﬁ&@&wﬁ Gmcrbﬂmﬁmmtednn b;iu:hmy ﬂmpmalhead,so that the _
Wi | e, a- bi naural .recordin roduct.i. o
HePHaG P FoTRE PP DT R BDy s BERER g Ll oy
ﬁﬂﬂﬁé:ﬁ:@s &R t@isRghe \oP the theatDdnd pliecsarsoBintural m§M¢ &bm stereo
BEfeer prisomieaicheeotey = 62 5 PRRERlpt o TR B e Y eeneratty

tnte&ﬂ&f oF Ahchdsa bﬂhd@dmuesahrhermcmrsmhrengecdnqmgrs rgwrlral]ymglde for

ffgt-‘?‘&%g’y Ipfg-gegé é@% eh g?na?l{agﬁﬁg?rg Echvg tqur%%roauc%aue ?te all spatial

S:I:)

inff@rmiatibd wsRCaRlOiwoldhenmbly fedterbemdordiag eropid i prbyidothé eame spatial

obj ects on the signal. A well-known type of spati al

F & B’Eual transfer function is the so-called
Head- Rel atpeguld duasdheineH($reedoplaimic) bFEﬁEl)rple/%hannel (e.g. 5.1) recordings
25al ternative. type of spatia er cept ual nsfer
PanCE RO o St rSRaies by BERee B o b Sl it o et of
ﬁétblei:ﬁﬁl Bynsfen Guneadis SSuch percépng] amdfd Iﬁmomns inodelrtlmonﬂumse of the

éxgx@iepf? ﬁP?f@R%&%W%FJ se R onsﬁ| l?% %Iﬁgipa“}i

phrtcphuatl &ﬁ&fdr baxctidies tlfeaas:ﬁlﬁﬂ Hehmmehted dednafienFieotonHRTF). An

sour ce on.to the ear ns,.by nean an 30

iz e D S SRUA PeshoRes i SR SRR oo ks B dfeap

PBttioas czh@ed'ﬁ# thé waliaevikilg aad goed of abyoniyEsthe Bikurd{dogn Impulse

thereby allow ng a binaural signal to provide spati al

BewneseiRRIPmation to a user for exanple using a pair

of hﬁadph Bally, 3% positioning alegamgmeampillz@rmkrm (BEBRIRS), which -

synt hesi s rithmis outlined in

SRR o Y ST FTHHE S S PSP b th perdeiS B ofans ofan

Hgﬂl g&%@' 3D §3uﬁ@’sdt&celp651hr.\jmn§¢agmalaﬁphéﬁtd ®ilti-chafhk] signals by
09/ Q46909PCT/ EP2008/ 008300, 3

 BERBORBHS bekb Alvice s BEATH greap Lo PEvids et yformation o o

ﬁsiei-f&&ﬁdi‘n;h&’us%&d‘ﬁﬁ%fhﬁﬁbn@ﬁ@onm ng to the deS| red
sound source p05|t| on ﬁ! | eft-ear, signals

subsequenty §PIEsHtRRA eiialggrthm é‘f"P‘[’BP‘?ﬂ'&‘Lﬁ’%II A setof
RphikhnndisA fkere BB Jeh@f MROFY, EQAingut GB@d B splitin SH06RALS (a left
to generate the right binaural output signal.

5Decoder systens are known that can receive a

surround sound encoded si gnal
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and generate a surround sound experience froma

bi naural signal. For exanple, headphone systens are
known whi ch allow a surround sound signal to be
wonpwenisse t o a surround sound bi naural si gnakCT/@aP2008/008360
provi di ng a surround sound 3¥xperience to the user of

t he headphones. Fig. 2 illustrates a system wherein

an NPEG surround decoder receives a 10 stereo signha

a? a%]]k &8 & SHEE{)I agh ?ﬁﬁe@f méﬂ% 1% g\gn%qugﬁt gutfltegeﬁg)gﬂlahﬁRTF

sqmtsp@idmgam é;nmttmes stamd sw@mmtmtx A ltft-sarrmms aflsgbsequently

| at t bit st o
OB Sl BT b0 b 9, SARNSTMER e s
deconete bghtanmpal owput digedder (205), \Nhl ch generates a

mul ti-cha out put - based on. t n
par anet er ?_der %ﬂsf) eps arg ﬁmovrvrrﬁ t CBHE at:ﬁl%% §1lftjrc{\ﬁl§ ?ou%ﬁ %?clﬁ)%l:d S1gnal
piidOgassec shgro@d]s&bldrwpmmhceimm hbrsmsalst@gch(ra@a)lple, headphone

simlar to t ultl i n.a bi.n I
é’(f B ETIOGHE Il'bﬁ&’oa\i)f"alaﬁ Ouné lsj?uflou S%Een n&r%g rt(?% %‘%reound sound
binalrhissiguaiefor proHdmg\aem;mmd sdund exepipice 4 the user 0P Iheﬂdphones
and requi

t ant i ut at.i | _res and
my 1 urt hEfe P OREECR AR GUAT o MBS W B e Eterelves a
ster@b bilgeal avithishaial faramdoric dutl he inputdmstrm deamtigléxed by a

t o ﬁ%}?’lﬁ? mgqugﬁ%ﬁ%épp pg{ftgxe ors a2 d@osegx lgigs%tear% A2 tatter bit
@mbi in@etotiéd 3ing alwbmanticuhl mtymtdtea@ree dattqi}ar(ﬂf)}')n’ﬂmmboded downmix

hetngho e Sttt o P P SRS p AU Erct ol haped on e

Shigmatedispatial pBim@an Fimligdhd molhchiveel ompis isi thdinem}ocessed bya

e iehorees (Db gy o el Pt ) feuPios o §vigueg! e signa

ot aSurrblid sumakp&paéd talcbepmsrarret ers for r ecr eat i ng

the nmulti- 25 cha e . T
HRTF 11| ¢ BRIt S erps gon eftle” SET e it fompuaiona
whoede 428 Magliftirdet tegudeaudip nhaleﬂaﬂdan&dahcmmun amﬁctgn al
to gener aﬁl}?t he -bi naur al

t he HRTF rfi(grtg O\éert(éonbeaspglﬁggglﬁse désaé]van{ages it Elas begnproposcd thata
mmhemﬁftl cdtde] auditedsadder cansbeichinbimtd witke al binaurk agnthesls algorithm.

h d b
S5 s e e B SR G Pregproney f oG8 et e
ﬁhulﬂi-dhalilﬁbndglidl Bird@ehdfatdd i Hernnaounodd doﬁimnnx sigial/Fllowed by a

gfth :ﬂbc%%eg r)ggqqﬂﬂngaﬁgzg?gaﬁs'r ound Zﬁldl gtr he?

ap pI i cat i tnsuch dedbiey, the upaicspalid warkmeters(faQ@ct ating WO multi-

009/ 046909PCT/ EP2008/.0 4 . -~ An, i nput
SRR e ARSI RS S L s 2 AEeE S R SRR ARG demter
#high adn digctheseipyBed tb )d::ealodrﬁﬂﬁd dignpl ©)geeraOthe bibaeral signal. In order

downmi i s decoded a conventi onal decoder
K SPéE‘?ﬁﬁﬂ?"F’ﬁ ae Pﬁﬁ‘n‘ﬂ?“"&?"%t ereo downni x. -
Addi t i onalAhyxanfi¥d 6f slchh fd@beer GOillidhied th Fig. 3 41@ further described in

aranmet er domai n by nean 5 HRTF parane
ES?F‘?"*&EH ofvnalysis;and gentheyiy 8%‘8@’6"{’ PERG® ifﬁ ﬁ‘f@beﬁ“@" rendering
ANMPEG Bhir6i@d”,| o ICM B Vi figd Chi (200 D0fd Beeefiiie . gk diler, C. “Spatial

ARSI, MPIRCE oy L E strcERPbe W T 25751 N Yor

@bﬁgct of t he spatlal paranmeters and the HRTF
processing. The spatial decoder synthesizes the

bi naural output signal by nodifying the 10 decoded
downm x signal dependent on the binaural paraneters.
Specifically, the downm x
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signal is transferred to a transformor filter bank
domain by a transformunit 309 (or the conventiona
decoder 303 may directly provide the decoded '
woveonmiosy si gnal as a transform signal). TherPCI/EP2008/008300
transformunit 309 can specifically conprise a QW
filter bank to generate QW subbands. The subband
downrni x signal is fed to a matrix unit 311 mhich
erforns 2x2 15 nmatrix. _operati each Sy band. ..
Pt he. t £ ad Pl R ot 2R Fhef i G G b e s
irevpnred oy gdlﬁﬂuﬂtl}ﬂﬂid‘ B@l. Th¢ déwnniin signad isldeeoded b e cér\Wnuonal decoder
nals. Tithe transmtted downnix is a nono

3D hsfdt 5o ok MRS doVERBal Lo tho matrix unte |
311 i's t hevaaniaeals), Mdamd:ddmﬁv@temenhsp@ﬂﬂétermnﬁm by means of 2

related si gnal | a ent i onal u m Xl n
R i e Psion wievg, Hhednbg S Paseiels o bptipga T o

ﬂ@ﬂersﬁrﬁdnﬁ 36T RQefaw KhxBised [Salﬁﬁnm feleXredI B ds bﬁihﬁral parameters. -
gﬁr orms the o ' where kK is th

ration;.
5% AR ASSE TR G P bingd efffct o 5 Pyl BREREPTd the HRTF
prok&sigl ) 1 ndex nunber, h .k the 25 matrix el errents

for sub-bapd k e .two i.n nals

ub- band. Wb a0 cefodét ymgsipeidba s D REBRy Spogian the
S%Eéd&ﬁ)wnfﬁzx sigial depcndent on thg- bRarElpataetinl & e%ih%aﬂye 84 Fownmix
t.he bi nau out ut S|gﬁ%Ffsanples o an i nver

SR S B EARE KOAE bY AGoRIRFIDGfor the
t@v‘éﬂibmﬁlkﬂ&d@ﬂf(ﬂl riay difeetly @6 vilié the @ecolidiodanai dignal as a transform

bln ‘%nal gg thencéggﬁed to, hea hones to _
eaang FP 38 a0 G RecBtaltp EAmREinG 2 Q Miltegankp pengrate QMF
ampmaqme Ritshaikt doWHISIK sighal adiiéa@ R D@@Fx unib311 which performs a 2x2
The, HRTF roce S n be perforned in the transform
BawKoRe ‘ﬁsﬁﬁﬂ§mﬁa3es can reduce the nunber. of
t ransf or ngf tﬁdﬂﬂdnsﬁl’t&d Ideethiinixd6la &greb Kigna eidRwd &@ﬂﬁsﬁ@iamtc the
domai n. used for_dgcggi t he downm x sig
AT BT %{F&?W SErre sisrde @ﬂsrnéﬁeéépvﬂmw wpﬂw@sal one of
xma mpumﬂ@alsnd» the addt@Nudiy3 13 1262 nidab Eimesd tBe16thérSignal is a .
aﬁ%é E?gg?ndent on, t he nunber. of sinultaneous
przb{similarfo canyensional ypmixing of g moge RISAR] M2 siFfge signal).
St er e0 doPsiBorEse mokd i sidred dfes theEflattiR udit YBI pérforms the
g&gct manner and hence can be transmtted and
% very eff|C|entIy However, the approach al so
has sone fj ntag cifically, the 10 approach
is only s ﬁna |Eiﬁ§frhaV|ng a relatively short
i mpul se r (éﬁ Yal |y ess than the transform

interval) as |onger inpulse responses cannot be
represented by the paraneterised subband HRTF val ues.

WSk isthtSsuBRRACREK bRt thSAR | BankBFm B 4D index number, A the
envi ronnent s havi ng Iong echoes or reverberations. Y

AL bleineRb kY sub-B@ddp R0 @g’n tHe)Rb Gpht Fpnele €8t sBRbandM dod
wi th echoic HRTFs or ural Room I npul se Responses

¥ BRYRaje bikdued) oot éi@.ailﬁ;ﬂpmg and thus very hard to
correctly nodel with the paranmetric approach.
The matrix unit 311 feeds the binaural output signal samples to an inverse

transform unit 313 which transforms the signal back to the time domain. The resulting time
domain binaural signal can then be fed to headphones to provide a surround sound
experience.

The described approach has a number of advantages:
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Hence, an inproved systemfor generating a binaura
audi o signal woul d be advantageous and in particul ar
a systemallow ng increased flexibility, inproved

. performance, facilitated inpl &mentation, reduced

resource usage and/or inproved applicability to
di f f er ebe HchgzﬁFbpr@mﬁrsmg 1A he Berfgied 1%&]6&@9%&&%@@@@31 which in

20, SUMVARY, CF THE Al n
e A A L e T et e i A g e to

domainl iB¥y B €scd rfoxaidcaﬂlﬁg&lﬁa vk stppele of the above
ment i oned dlsadvanta%es singly or in any conbinatio
Accor di e eenplerity ok the pprsessingtis ey Ipwid sssomly wa}twlw&tmn by

2x2 R{ag¥ Sbea%d%‘ W%Bﬁg ?rIdé%eJ& tu@gg ﬁ&%ﬁgﬁdﬂﬂﬂnﬁtaﬁlw&%ﬁo channels.
It cande epp'lnerdgo doth monkaa] geasp ﬂownmggean M channel audi o
gnhal being,a downm x of an N-channel a i o si
HRT?‘Jﬁd’I%ﬁaquarte Uy QY SPIRAT NgNGET ﬂa‘gﬁaem@n érarweﬂ@ﬁﬁg@ stored
rTg;gnal to the N-channel audi o signal; paraneter
data ans for converting spatial paraneters of the
spati al Hpanemre‘ﬂlerapphaaeh 2l basfsopgtdibidnaages. Srecidivel e thse
n,r.es st one bi nau erc tua
aporp S PR s AR B hasiic ARl SO e (ggneratly
less ihlaﬁ tId efarongl m@i’lﬂﬂpas%ﬂ%@ ﬁmbtﬂ%@re§pcfﬂsé§éanﬁ$t@fe@@pr§§&fbﬂ|by the

response to the fir bi naural paraneters;
para@ﬁt@ mbbmeerRafF vgbiger Hivisrige amromhna oetisablg d«vrmudm

hltering the r eo
_ env1r0ng1fef1|s ha¥1 l(ﬁéga%cho? TI§YE r{)eraaon p(?mtfuiah?ntg% %?Rro%ch etwtncally does

clren erm ning

not W&k vitteechbRITERTF4 bit Bihamm Rsaﬁqmgais& Re§ﬂ'dﬁsek$l(BRmR@|wh1ch can be
perceptual transfer function anpl e

long aph ghss rverit karde caracBimade] wigh thecriranetee amrowhdu 0
|
B PR AR B il o AR B i e

advahiageoRrand es partigultoa genen all @wving haweabd Aexghiditys improved
reflectln% echoi ¢ audi o enviraonnments and/or HRTF or

perlqsmARES, fot Ha1e0 AP MsaT8ien S EH SEQUTCA U 2B EiRp IBRPY S
-apphcém ﬁgﬁ%@&hﬁ% oRrmBaE YR be AVanREQHESSI NG May
| enent e ow conput ati onal and/or menory

resource demands. — The M channel audio
] ' I cifically be a nono or stereo
S Nﬂﬂéﬁg}6@3#%$ﬁgvﬁ§ﬁgaﬁﬁmnn1x of a hi gher nunber of
spati al AGRRARABNSHR Y& mAR emtdanAtiiXseek tPprefetaty mitidate, alleviate
surround S|gnal The spatial paraneter data nay

or cligppaicbheat mprecfefrtbf: payeimgnsioned disedvantages sindly er mrﬁms;ombmatlon.

A Shon SFORTAEDY LT b B ERRG R n oo
genefakiap g foautd raﬁalb@rgna) tﬂf%@ﬂ@@uﬂ%&p@fsm@ BefS tbf R0&it B audio data
function(s). Accordi ng_to_an optional -

compisine AnM-qhisane] gpdiosims! beipg AdpwamipeT Wey-chames putiprrignal and

Spat‘gﬁ%%ﬁ% ?{{ datd %? %&E)ﬂ%{% gletl\q hgl‘iﬂ:eh %gd]g |51 Hld[h gh%g:?gr!mﬁl audio

" si gnaﬂ heranivedsd GeamEbN Sorﬁd&dxﬂgf@aﬁﬁl@lamlefmrk bethe kpatial parameter data

into BRSO, A VA dual LY BORSSS 1R, cach, SUbT O fonciion

conv%%}nléhéaﬁg 5 c'oﬁpt!:rﬁﬂg Bl Gannd] GH4E g%nﬁlejﬁ%uz{ &2t 4678 Rl in

conpatibi ity wth many audi"o processi ng
respoapptol thatirohsasut pammcowsiva sicicorfaicr decguiicraging the binaural audio

* signaf bERlERE e firtatrensigpalaind s Troe ragpo e BosrR g B

coeftRiAAHoRkhREES Bltefin rEé;%ﬁé*é ®thé Hﬁh‘éﬁﬂa&ﬁbr@é@%ﬁ? fander function.

transform update interval Exanpl e
enbodi nrents may al | ow an |nproved bi naural to signa
to be generated and/or may reduce conplexity. In
particul ar, exanpl e enbodi nents may generate
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bi naural signals corresponding to audi o environnments

with I ong echo or reverberation characteristics.

25According to an optional feature, the conversion

means is arranged to generate6 for each subband,

stereo output sanples substantially as: 11121[L11

h22 30Ewmaplsicmbadimedamapalown inprgyed Rnajugl gndiapigna to be

. I : N !

een ey B R Bl 5 MARRN e UL BB e
and deieetrotcsen gt gendratasghiurall eniaks BRYcting cclspandie ehoirddbdnts and/or

HRiﬁ]%e %ﬁﬁ%{si \%!g} E)grgt?rgg]tﬂg% Feggépfasggrj*ﬂglpth%gqrgﬁtﬁgliitey?iﬁplgmng}tation may be
achidVi@ ﬁ@%&&&s@?@nﬂﬁgﬁ%ﬂw oue o h&ﬁyﬁ@m&? ad/9@bmory

to be genera may reduce conptexity.
resomwedemamly. t 0 an optional feature, the coefficient

nmeans c i ses: nmeans.for providing a subpand
et osonPa - Sen gt St e SahRL seeTiEa By BF APty or sereo
signflf coRiptiaibal doRSH L B HRlghel hARBEF shHRAFEARASIs such as a downmix of a

corresponding to different sound sources in the
5.1 et Tehamreand siggalalhe spsginkpdrametdedate mayisperifidedlyfoompeise inter-

coef.ficients a wei ght ed i nati o .
chai AR Rg Folry Fordhie GRTRERHhE ey cnannet auio signa. The
binali@PHESEtAtiafTer fuafibnTHansy BONRAIER hBRIRNGmYRY $idicion(s).
for the subband representations for the weighted _
combi naftbemding tq axpritpnel fegturh dhesgweratys fpehempemarises transform

. W an. i nDpr.ov .
meafP o SSELS RS SI0Y A AR B hpand domi
and whéerpinakt tohvetsivrp@edrisenl die sttrowfitton lafhdad ty eddividgilly process

qual ity filter coefficients may be determ ned.
each spbbgndiof thersgbbgndglomadihal feature, the first binaural
par anet y [
A
demandld iand/dbsingredibility with many audio filvecsbmatapplécanioys slch @awcatventional
ved bi naural signal to be generated and/or may

i,mpr
~decofling a Bplexity. In particular, the desired

correl ak {QRdiflBRYo REoR{dnhCicaitd ¥ dRFfbhdedn lﬂi{pﬂsé ¥ponse of the
- conpl-exity operation prior to filtering.

bina@plrsréspowl frgnsfer flnostionmxptasix iattyansiotyb apdatesittenival.-

mul tiplication . be, perfornmed to introduce the

desi r e RIS UPRR bl od A o apial ipagal to Signal to be
generated and/or may reduce complexity. In particular, example embodiments may generate
binaural signals corresponding to audio environments with long echo or reverberation
characteristics. | '

According to an optional feature, the conversion means is arran géd to

generate, for each subband, stereo output samples substantially as:

RO hZ]. h22 RI ,'

wherein at least one of Ly and R; is a sample of an audio channel of the M-channel audio
signal in the subband and the conversion means is arranged to determine matrix coefficients
h,y in response to both the spatial parameter data and the at least one binaural perceptual

transfer function.
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20 to the binaural signal. Such properties may be

i ntroduced prior to the filtering and w thout

requiring the filters to be nodified. Thus, the

feature may all ow correl ati on7r coherence

characteristics to be controlled efficiently and with

| ow conghestéatyre myyedhoth avgmpooed bopturad trasighad & be genetatesl and/or

first binaural paraneters do not conprise at |east
mayorﬁ%ucgfcofngi‘gﬁltpf'zati on paraneters _indicative of a

| ocat i o cobrdaipyto 98 htos0 fabee Ohe tOELIEOnth @y tahpidedi Means for
signal and reverberation paraneters indicative of a -
providipe pisubland seprefeniafpn s QUImPUISS ipreRRYSE 0H8 Pipithphkinpup! perceptual
C %&%%hesp-mﬁ'nfg?gh e?erﬁ'@é’un%l Jo & ﬁgﬂ[&\égﬁjel 1onal; means
I'naural to si gna]I t'0 bé generated and/ of nay reditd
for dxoemplirexg the. filten cpalfitieatsbgra, wéipkted eahbingidmyf cdtrkonting
ocal i zation informati on and/ or reverberation
Coe'lﬁawa 3}%8%%%?&%%%@@%@9& Qf detprpiping geights for the

miihhh LS BRE 6% L) LR R84, 90 908 et
datacorrel ati on of the binaural stereo channels may be

control |Led t he .conversi on nmeans thereb [l owin .
Che bor FEmpt sheaRemE RSy Sler Founpoye] T e} kb generated

and/beMey ReIuad behpleQitPen pRNLHIAH, 1&H chRFRRRP g&nﬁ %:.yqlﬁﬁgz filter

where it is nbst practical or efficien
coetfigienis diaypedsteamingdt i onal feature, the coefficient
means ii ar rangg:d to.de

Coar T cheBnRRgs B bRidtel Raflrd tnd B bbb porameters copprise

tran

" cohctHHRS parth k@Y BIdRAEAE bPNcEHERi FnWethdtd BhRRW Fthdbidh@al audio

.. signal.. The feature may allow an i nproved bi-naur al
signaji gnal to be generated and/or may 5reduce conplexity.
I n parti i [.zation or
Fever beb St e bidf afER b SplREE bR BBl bepgsratmdror mey
redubycaniibaind 14 partiedlar) thd dweirebyorplationdhAthd ¢tftien®eprovided by a low
%ua_l ity and in particular allow nﬂam?' g. echoic_audio =
complR¥iy SRR W Blierng. cpeftirallys Y eqreplexifepbbadigatrix
multiﬁ?ic@lﬂfrﬁﬁﬁj/ g8 rfgrﬁﬁhgcg ﬁltrohnge HQ&'%EMCBHQI@H@A 01%6%'&:1%1108 properties
signal is a nono audi o signal and the conversion
to therbawasral sigaalr Sndgaopatiganey bt mtraddedprivetoahe dlistignald without

fromt 1 no 1.0 sign and to generate the
reaupingdpé ey bermgrdicd i, ftracke A i oael oian or coberence
char @R sti8giol R SamBI&ScMticAt P &l #/h T BGhpleKpr i Sing the
decorrel ated signal and the nono audio signal. The
f eat ur eAeqydiag ko eptidnabicatues the firatrisdurglpasingmies dbeot comprise
nerat.ed froma mno signal and/or..my_.reduce
at IedE R A AR PR e R e GBI SEF IS e of the
binaw@hl o signal @hd révefbietdtRd pRANARERE @ldScali®f o BLRQEBEINBN 8 any sound
high quality binaural audio signal to be generated
compopepigrhthy binganl gudiysipnadbl e spatial paraneters.
. Accordi he invention, there
o or ovl s ARk B0 BR G 0l bl SO el 0 ed andor
may sddgoatomplbeityTh paticalanphd fhtigs mheakdw thegoailidhtyndafoamation
conpri sing an Mchannel audjiq signal being_a downm

b X .
and/qsreverbpliipinaEn ctaiidp Be spyraled sxalvspely baithglianiceby facilitating
the of@hod Qd/HPTLKERG i Srh YA LS o8 i

e ORL Cﬁoa £ éj{%\?ﬁgﬂ% 1%1%21% GRARYETh ALAERNS SNBrreldfioh B the binaural
stereo channels may be controlled by the conversion means thereby allowing the
correlation/coherency and localization and/or reverberation to be controlled independently

and where it is most practical or efficient.
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o filteri
HORY SRS e N G

20 converting spatial paranmeters of the spatia
paraneters data into first binaural paraneters in

" . response to at |east one binaural perceptual transfer
function; converting the Mchannel audio signal into
a first stereo signal in response to the first

bi naur aAcperdingeo én optigeh ésasitre il e coeflibientaneas inardinged to

.. Signal filferi th i rst_ster i gpal ; and )
ccucp PR MlrgorilcaPebtfod 1 by ShF T ReRIALER usd W1 perghonation
cues fBr 1he HRONSE ati@iolsiant | east one binaural perceptua
transfer_ function: 25According to another aspect of
t he i nvéhe faghire prgrallorangnpagd dinpurdl aigonl tobegetiated and/or may
1.14d ] ' j.gnal . the transmtter
rodo B, TR AP AP\ Rl SRy R BRI iy v e
effickmtlvipedvadaiety aibvbinal Sitgiigl thBebn groaidopiprsval quality and in particular
an' N-channel audi g signal and spatjal paraneter data

- alloyigg &gy pehaicardip enyiremsmide by glidentlvgiaplated- ¢ he

N-chan nﬁkc&&ﬂg‘?ﬁ) §+ g A nal RALADEH Eutﬁéﬂ/ﬁcﬁ@ﬁgfm{d?or signal is a mono

converting spat raneters.of the spatra
audip siganteind th SQubataidnnheank iy stanged tugalerapas demietased signal from the
response o at | east one binaural perceptual transfer
monp GREP TR DD @SS 81t (RARESIPiGP SCBHLBY§ g1 Faliplcation applied to
sampYbCHRI G0 3HAIQ 0P IRAlg thOHQofreldidSlioil Sh RS HdBudioignal.
response to the first "binaural paraneters; a stereo
filter Ty leganemayiaHgwtahémpiavad balauslith 92l o gbndogted from a
t he férst stereo fi nal ; coefficient . nmeans
cejcomplexiiy In I?ular, example embodiments may allow
all rey@R8d PASICRRGDF ERZOAR0N830Quits 0afaliiat hedlb Sichto B @enerated
stereo filter in response to the binaural perceptual _
fromytypigalhesvailable spaiel pamrarcisans for transnmitting the
bi naur a 1 0,S] SJAccording to anot her aspect o
Ot mube B8 o RRtc b B M MR ARG i PRHEE S nlbod of
geneRyinp anidaral tab dioSigrial, itRgmathod ehin@risingNatsivinB @udio data comprising
transm ssjon s sten1inc|uding a transmtter 5

an Mcghappelandip signsh heing ardoparar of wyNathames! gudia siepaymidspaial

‘_ pma%&gﬁ@&g ﬂf}qlzxu!maﬁﬂg'tﬂ)e - anf(::}k?iﬁhf&gsi%}aﬁj VY N—é&ﬁ?}%ﬂgiof s(iﬁnal;

anne I 0" Sl gna spat | par anet er :
convenpimzxpaigl plemiterhaiihe kpaiat parasiegradatd mid iist binalvahpghmeters in

audi o si gnal ,. .paranet er dat a s for convertjng: )
fespfg’ﬁ%h %ﬁéﬂ%ﬂ?f}ﬁ%ﬁ@}r RfepRa Y AP BRI ARG - phagnel audio
signal idt8 b FRURAHEALi PR GRFRP&I:S 1d ﬂle@ﬁ%ﬂﬁﬁaﬂﬁ%rﬂétér%agéne%ﬁlg the
~ binaural perceptual transfer function, conversion
binayrelaavdiof sgnad bpvidteting thetfiret sXéred Sigoammibdetandiiog Siltgnadefficients for

i nt first stereo signal in response to the first

the sfsiodiffen i fe3patia T e o Ietdaue bbb e Spiu! gy Siacgn
the bi naddosdin@tttird i a8kt MBthé idvieRlidd)thdr&R rb¥iddd a transmitter
stereo signal, coefficient neans for determ ning

for transmitingadundurel adiossignnl, thésarsnaittercomrising: insansfopoesiving

. L hau rceptual -transfer funct.ion, an .
audi(} rr(gag% go%?]gxl#ﬁr?g gélﬁé/lr—n atnlﬁ%lgau oes1%}a‘;f:§alglg P dgav flix g? %rhgl-c?la%eé audio
signahandegativigiardrogter @e€ o upgiting t Madhaahel audio GighhDdahe N-channel

. 15Accordi ng to anot her aspect of the invention, there
audiq %@Eidlﬁif@d’é erftaiigres Toeesivarthig spalsl paramsiers atbe gpaiip! parameter
data fﬂf(ﬁﬁ’x‘éf ﬁhaﬂﬁﬁ%ﬁaﬁé@&qk TES Bﬁ‘se.atg q{ &a%%?lg gﬂ{aﬁgﬂ ggr\ééfﬁﬁai transfer

conpri sing ans for -receiving audi o data conpri sing
functeom; Moksekeasdbocaivgniak theeMachaanelowdin sigraf irma first stereo

) L channel audi.o signal and spatial paraneter data for. :
Slgnat%lrﬁe%ow {1 (P RATHEN PAGTIEETS 1 GHEICOTBICE RS SRPENAHEP binanral

* audicPEtaPb HOBARAG (hRA MBS sifRl Bcd BRS¢ ans %}\fﬁfe}ﬁnggrtlgaﬁlter ‘

spatial paraneters of thé 20 spatial paraneter

into first binaural paranmeters in response to at

| east one binaural perceptual transfer ‘unction;
conversion neans for converting the M channel audio
signal into a first stereo signal in response to the
first binaural paraneters; a stereo filter for
generating the binaural audio signal by filtering the
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25 perceptual transfer function; and neans for
recordi ng the binaural audio signal.
According to another aspect of the invention, there

WO 5P Med a method of transmitting a bi nauPST/ERYNB/E8300

signal, the method conprisihg: receiving audio data
conprising an M channel audi o signal being a dow unix
of an N-channel audio signal and spatial par anet er

| ﬂ-@gﬁiglfﬁ%é Folll }(érébgﬁlte? Mp%gs%qg e bﬁfégzla e?&eg Wak&’ertfﬁl?ctmnand

di o sig convertin
pmaaﬂbtmnmﬁnghebmpmﬁwﬁwp@dneter data into first

b! naur al per(g:?ez%tg ?.n 'tlﬂar 5@?@%9?@1 v%nt?(}n {hgéﬁé rgﬂﬁeda rmssmn

bi naur al tran nction! converti ng
Ivysmmﬁm ahnsailding an sudycnsagnal itiegragstiisyict sysmmnmu@mtwnsmwer '

to the f {
ora]nslgiumre;g s forer Ct".‘!]\'[lé gna cﬁgirc%#pﬁgﬁgl h th%“” Pis{&gt{s@én ﬂ:gmg a
slbwmmx ofag Nadhamnwi wdsct segrabaﬂdlsbateﬂ parghatigrdatarforupnfixihg ée M-
ff 1 h tereo fil ' .
t ﬁ%mgl%ﬁgllﬁ Ic,:s{gﬁ FS -m a1 n?el S’ucf:" 5 ? gnarl,l pgtaﬁzg:%el} %ﬁ% %g%ng %ci'%oﬁ\%rtmg

tualr trans
tspa&ﬁ]&;mduidtdmgoﬁthesgiauai @amamlcteadmia mtcsﬁrgrwdamaApmmmm p response to at

: ot'he e t he vent ion. there r ov d
 abiess bRt R e PR R bR St IR GG R -
S:hgﬁalaudlb hgnzmﬁth Gdirsﬁ smb Is@nai gn reapdnsﬂnm ﬁrktehmaﬁral parameters, a

Siro el RS afit Rl RnAP bR SR P P s i
Qbefidienehafaedctamiting ﬂteg tmlfﬁcamis foptht Blaieo |ﬁ£telalﬁﬁsmnsc to the

e P R R S e P T

aid 4 Reei 6 Friredeivingy theBihairaldadia sighdlo f | rst bi naur al
par ameters, i n.respon east. one, bi nau
per cept uat*FyaEnRg ?(g‘?m%ﬁﬁ????cg Rt Jhs SReson; tge ﬁf’éow%cd an audio

bcofdmgrielicatie tegosiingadinaural sudio élgﬂaisthe&mémeems:lngr&hce comprising

R PR R SRR ST O CT RS NP P e PR of
N dh&ﬁnesilﬁhﬁ@glﬁl gidapatiahpAaméiardan fbi ﬂphﬁxmg tlleN}bImnml mgdio signal

SHBRR LR SRR SUBTEEY A BFGE B CPUSGLE SR RGeS of e
E]iaﬁﬁlqmalﬂeteﬁ fati o Hisnidbeurd] paradieersia gpapdnge tantlesst one binaural

t h te

T T T T —
infeea fildv/eRerba Sighal infrespenseso the divst 6mdura1 ecEEtEera sléireo filter for
R e PR B A Dlonde b Tl St g ey mesns
eal VPl agaminig BaapfRciande st filfet in rispomp pathebinaural

BEBHRNGFELBincReC dfoh B SENGTEGHs DR pudio sigl.

DESCRI PTI @ktor¥ing tranbiRéispéctoAREmbationBldrs isgkovided a method of

| nv‘%ﬂ%ulégo g?l\émﬂ%% apglo g%ga pe dﬁag Xorpq{}/sw%f rgﬁeé\? audiooJalt'ay comprising
i1l M-chdnriePauid ﬁéﬂaﬂ'&d&ﬂg&i ddixﬂmﬁi ofxh NpRnOEl @Bidib Sigmal and spatial
%ﬂ??lgqrteartg\llptgr}broufpmlxtgé tr%l% I%p%o sgnalgg tglﬁ kdcﬁ{zlﬁ%eq %/:Ag!%qhsdwal
gbggﬁ;ggra?hﬁa 9&aﬁefersgﬁﬂ@rs@iuaopamﬁeta datariae iddt biab@iigaraimidters in

ance w t 1 or a -
TeFRORSe P &t leashorsrbi aﬁF@&@Lﬁ?ﬂcﬁef &E’ﬁ%‘?“af‘?“é’ﬁ%8$ 315 M-chinnel sudio
Qb (Sl SRS sigl MGEPOELRRE Bie Hrdt BinRirh|QParadieters; generating the

binaural audio signal by filtering the first stereo signal in a stereo filter; determining filter
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Fig. 4 illustrates a device for generating a binaural

audi o signal in accordance with sone enbodi nents of

the invention; 30Fig. 5 illustrates a flow chart of

an exanple of a nethod of gengrating a binaural audio

signal in accordance with sone enbodi nents of the
coefifigmgatstipothe sterrd filter in response g the brapial percepinaddragpfer ﬁmctmn and

X s ssi on system for conmuni cati on of
ﬁan%%?%@ i O maura; Osgg%lor dance with sone enbodi nents

of- the kaveainzan anM@:ﬁe@ﬁ&ft OB ORRGEHERRAO & 188360 Inkthod of
DETAI LED DESCRI PTI ON OF THE ENMBODI MENTS
Hﬁﬂ%@lﬁgoaqddﬁﬁ%@na adénaup peko pigetls e mesthedhensuTiseng § tignsmitter
pet B INGRLOR PRIUNETEAS 16 SHBHUFA APy A0 Gt b
dowsma;t o2dn Nh:hnm@li sudib l1gnalratnd Gpatail parhinetet &aa Ifd:rrpipﬁﬁﬂlngllﬂhé M-

be, apprqpri at r_generatiaqn of a binaural signal 5
a%ﬂ%%?&eé}% Bane! udip $12wh, SQRVRBRESIAA} BrAgeters of the

spat%gﬁzl}gmgﬂ& dth §R8 E?étﬁ %ﬁrﬁ?ﬁﬂi pbi%ig%%g%n%@sg%ﬁéé B4t | eégtgrlie bina 3ra1

figuration t s 5°ch I nput ate

-péfcaytuﬁlrt@nﬁﬁer finctién, )comeertimmthe dbwhamickaudid agﬁal figtd a' fosiestdreo signal

cons truction he .second '5' nd. .
i e O s P ZEBSHE R OPal g Pl P sl oy ilering
the fird sterB®ti3hal8fl alsh QY Al Per@inidb Filigr cﬁi&fﬁ&&ﬁ@for the stereo filter in
structurés can be found in Herfre, J., Korling, K,

TeSP@IS@éfbﬁ@rbnnaU;ﬂﬂl pemptue} tran@fer ﬁmcggm ang frangr@ittimgntha ewayral audio

siendh ol ERERVS petfopmiin e LD o rerpiTa bRl g

| SO MPEGc&dramgas dncftﬂér efdt 6f @elim@ﬁﬁorp eipels b@ded a computer
mul ti -channel audi o co , Proc. 122 ABS

| progéaém ptéadpptofﬁr exﬁcemthempﬁqd of apzobFovarigscried arsthads,

i s Gt ol BRIl o SRy, ORI %%ﬂ from
and dficitifted wethaaferdiPEE Hy refr(buﬂlidleﬁt(a)l’ﬁb@frd)edmefﬂlﬁeﬂer channel -

audi o conpression" J. 15Audi o Engi neering Society, .
55, p 331-351(2007). However, it wll be appreciated

BRIEIE@IESUIQPTTUIQ@F ?HE'I§ Ndgrited to this application

but may e. be applied to many. ot her audi o signals
i ncl udi Exgbédnmeatsazfplhaamsemmwnﬁ bsdusudibed, gryal sy of example only, -
a.stereo, s CLgnal In prior art devices

Mthﬁf/\%nﬁ%wtdth%\&a@?nﬁ G WRIh"ohg HRTFs or BRI Rs cannot be

efficiemgl Vi SRNESERALRST BY aﬁﬂi‘@acﬁ%@%%%@a‘hbﬁ %@aﬂﬁﬁaﬁra@ﬁgnal in
matri x operation performed by the 20 matrix unit

aCCOIdﬂn@#WébPHOIm; subband matrix nmultiplications are

limte r. donai nses

hevi ng Eean el Rt T By fbnet o B tfiah 67 Sﬁgﬂ%ﬁﬂmlgﬂﬂ
accofdaﬁ&WﬁhgﬁMﬁ{rt used for the transformation to the

subband tine donmmin. For exanple, if the transformis

a Fast sy} isen iltpsirssipn ofey mTYach detheenprmtion pée binewet sigpal in

_ gﬁgg% nsferred i nt.o N subband sanpl es which

accoFre ‘gi?lhkao ]H{g matri x unit. However, inpul se
res ponsleg 4 ihgeitet haevidé Hagpleesindm bihduralntiotsenal in accordance
adequa represent ed, One solution to

“’ithtS‘prg%‘ﬁ’%P@ﬁﬁsl(%CﬂPf‘olnM%@O& subband domain filtering
"~ approa g!
pproagh, V@ﬁhgﬂrri{tﬁég b gggfc%g% 5f %Et%[ﬂﬂ'lﬂl@ éﬁlle{] oi’g@zﬂ:lrﬁﬁg a

a matri x fi erern e
binawgalbvdnds greal & 4dcbtdanedwitil bersg embodinehts @lﬁﬂ@dnvmimbﬁ artdhe

?nljlb? iagl 15616? iy e%t%zlgg @véﬁlpgétfe ad Oll;lksesli[o%ils : 'le:r% or (t:ornlngf(lumcahon of an

audio signal in accordance with some embodiments of the invention
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1=0 hinz-Lk Ln-1,khrzi,k "21 yLon-1,k yRon-14 WD

2009/ 046909PCT/ EP2008/ 008300 12 Such an
approach effectively corresponds to applying four

WO P49 each subband (one for each pernut ECTER2008/008300
i nput- channel and out put cHannel of the matrix unit

311). ~ Al though, such an approach nay be
advant ageous i n sone enbodi nents, it al so has sone

PETACLED PEsdRIPHVANORIBE. ENFBODEMBRPEE, the system

~requires four filters for each subband whi
© si gni fi cardt {Plewmedscaate CEGHR ‘é&t?"@?neé‘ﬁd’%ﬂ@é’b‘{?%‘él applicable

fqes%ﬂhéﬁgmbsnaﬁlﬁ! sttB8 siphA) GRS MGno downtnEs M hGalitl B §paMAI

cases it may be conplicated, difficult or even
Fhepedls .Ilbp@ﬁ%uéalgté%@sm@w !l b ARpRprigiedor gepespion of a binaural signal

ﬁ)‘f' ﬁHdﬁﬁ@ﬂeXeﬁ&quMlﬁi at MIPEGSsusleSd" s%?hdl'ﬁ-rs%em&mcd using 4 so-

nmpul Se responses. 10Specifically, I
_ Wélﬂi | 35 gophgirgtioathad Rast chapggls ag, mﬁﬂh@ﬂﬂh@#@rbé U 'S Pokfgmono
BAAPM LA the St r&néﬂe f@@cﬁ&n@ﬁ%&dﬂﬁ}&goﬂtﬁﬁe@dﬁ@ 5o bl Pheial

HRTF paraneters and transmtted spati al par anmet ers
%@Iﬂ?}g@a@m scprdmgietres Stq}l%@s 12 Petatled information ondifferent tree

ﬁﬁt{&%ﬁf)é folRPR ﬁbrreT.h & %ﬂiﬁg renNsrebfan! Nerafiinau D?éch S.,

S|g depends on the co erence bet ween i ndi vi d

mme%dﬁr]é@%ﬁlsgﬁaﬂ@%é’ Riedserd meaywt,ﬁen@@ml@ Chong,K S.
RAPBARLALMG - BRASONIPEG QSdar S Rk cﬁeiemﬁu c&ﬁmkfiﬁlnl_chma

15|nd|V|duaI positions to the eardruns édescn

mﬂm}imgl fProd 423 AES ponyentiong M ienng. Aypstria (2087) and B\nweb@m}/ Hotho,

'_ gescpﬁeg&,g ,\S@t@%& £ 2DImbIRW, [4ARERS. fmeyo@{asc@&@pt ahk

in a st flstlcal (paranetric) manner,

srehiteg®rvcef dbroecon MBEG Sverordovindprd oB as-hoaned prdie Pomessmn” J.
A0S Ef mée%*ﬁg 95&1{':? Angl 35T (@b@f)eﬁ&#&gr 31 BSa _Ipprecmted that the

estimaled drrectly in the paramneter donain.
prestien & not himised-teithieapplipatBp dubmay ¢-8- bg applisd iy pagy<othen gudio

Sf € L 1
, s‘t%ﬁi&sh&&ﬁ Og;fm Bl-RRW Slrofi S5 Galsl Bk S&féwééé & igral-

dio rendering rn MPEG Surround”, Proc.
Bei j i ng, Mrn}aaqt deyicey sughas thagefFig 3 long HRTEgpr BRIRs cannot be

e B o Yl B r g by he

mfyx g 3t eetEask dhei sgbhané mtrixmulBplicatinns afedimied ¢ xepregent time
foxalel ﬁe ?é% 568 Ha%ink Q ahRGors RRTh Eér?e‘;pdﬁaltdr'ﬁne @r%lsf(m% time interval

obtaln conbi nati on of a decorrelator sign

wsadifor e marfon@ngm i thbylbh@ulﬁyn%dowmﬁﬁrr pRmplsaf BiF |h@aﬁfonn is a
%ﬂi zsouﬁsae %?m??ﬂééﬁ FEp gg% rbdl om%geg & trarsferred &lo N&ubband

ers Parametric
Bowie gfmh azq fod tecthempeltrias it émﬂ@sr:lp ingpulsasesponses ISpggn then N samples

\Eﬁl%%tbgadeeua%éi&)%pxj&%?ed.( 2005) and EngdegArd, J.,

One solution to this problem is to use a subband domain ﬁlfering approach

wherein the matrix operation is replaced by a matrix filtering approach wherein the
individual subbands are filtered. Thus, in such embodiments, the subband processing may

instead of a simple matrix multiplication be given as:

yz;k _ EI h[r;—!,k hlnz-l'.k} y;:-ik
' y;: = | Ry ok h;;i'k y;;-u

where N, is the number of taps used for the filter to represent the HRTF/BRIR function(s).
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Pumhagen, H., Roden, J., Liljeryd, L. "Synthetic

anbi ence in paranetric stereo coding”, Proc. 116th

ABS convention, Berlin, Germany (2004). As a result,
Wwaeodessry el ator signal matrix entries (hl2 BGUERRDY008300
follow from30 relatively 4 nple rel ati ons between
spatial and HRTF paraneters. However, for filter
responses such as those described above, it is

signific a@ﬁéhyan':’a?éxﬁaéﬂ' efﬂfe&t%iytcol;r@sp%s W%I@gfgnc# fokr ﬁlﬁs to each

coherence resul fromthe spat
pibhandr(ate foyerch e etjor o At Ehanel and PP CBBFN, 8@ matrix unit
bue is different for the first part (the direct
sound) of the BRIR than for the remaining part (the
| at e revenltboughi sueh an appEagpwey BT TRREIYS EP SRR T Jeyts: it
Ak I;S egtlmfa Ias%@clité(d gaﬂ(z @?L&o éxgn%plrquykfsﬁgn R4RE Edul Bfers for each
gah hange consi der a bt . For exanple, the
ﬁubb&td wjacu sigrificantBRinFrearay thel e@mlfsm apdh EeseHrpoEqUiEBIgRlg for the
wi t hout, fi ) ' IR tEJi‘Qi'if%Etﬁf & NiDRphssible t
ﬁﬁ"?"é%l{‘% or'imﬁ “?vml%t ﬁ%da% étcfsﬁ%{? nfag? gEﬁSm at |aon erties phssible to
pektagcthe paripyeters ghich ecavrately ¢reespand esthaﬁwraq* H JEBRIR fpulse
dlfﬂprences and a hi gh coherence). The 5 early
°€#9°&®t i ons and | ate reverberation, on the other
hand, ar e Spécifisally, Srabd simblp natrixemlfiplisetionnfFiig. 37the goherence of
Y ! Grdtransmitted
il S BC EBEEPIY B DK i B5Psns
safiflipatsktetcrshedmbebath paametoUypes ekist inl the serge (paeameter) domain. The
stochastd.c naf ug HaSidudl dolnd
ﬁ‘g‘rﬁf r%’Jes a“fal g'Ig’(")iIl dgﬁ%ﬁlasgmc ggoél (éllgﬁce% ocal i zation Souree
R d@mbed by thietspatiahproameiers), and thegroustieal @é@t{ﬂhfremyhe

Pl D BRGSO vt o

aiza poletende purs) ang Pﬁtfﬁﬁwsﬁo@mrttw@ﬁwkl ﬁ¢8ﬁrﬂteﬁen a stagshical

filter on
{R2FamEric 3'3& 2‘@"1 seiYwm % %farﬁgeﬂ%l on tﬁg hg{ﬁ%‘%‘?%ffew df spatial
padaingtaed HRIR prdchsinglRAiFbeoiipicd dieastly in tippayameter domain. This

g %F ”e?s !F Fﬁa&éﬁﬁﬁ&)m ﬁr&%ﬁ% g Bk n@sxh ?m(?ls@{lﬁ,legé Seltfabital ?J:{ﬂneters for

processing s
sfficiear 3D awdiid xendmng ugMPEé SvopwditPrew WE@@%%Q@@ ﬁ2007) and
he b|n
BhEpee Pl S K SRR 9P Sl s optcnins
Wik MMrNew gk (2807).yIpihe desirgd cohprsnes ipkrowms fheptpul élgnai with a
roaches .kn [
EORBRE R B R PPt oot B4 iR o
devotreletof signal mdabammgsnanabbmmm lof zuneliria opergtien. Thip process is
cco thys d 0 o}
%eg EFGS a, . ,pv%gngg ngb g éir(gﬁpam;thgchcg rrg{;h?ujérgv% Pir8etrit Boding of
mdieb apdib’G BURNSIR & Applit $1gnh1 Rioe P, pdd0T b¥731(2005) ynd Engdegird, J.,

el il YL AHELE SR A B

Pyt Ell'ﬁf”alﬂsmuﬁvdnnmg BIeFEﬁFGBIRlaF@(ZO@‘i)be used while
mai nt ai ni &% d’ﬁsultqlﬁe ela:%l)'(rlela%rg | RhA ehiidd d(éﬁrz alnd hzz? follow from

i mpl enent nprises a t1pl exer

' mlvuyl sitfipl¢ eiasibascietween spatinloand 2RT Fipiatamsterse daweivere for filter

%l S eslb‘fsqg U afscﬁ}%ﬂd aﬁg{}kgg :IS %&ﬁ&’nty Hie ldlﬂﬁf“lﬁg chiSuife the net

asltidnb ORsultilefrain the spa‘.nabdelcsthm s:pénnaa:lal qyathamb@nusg dreajesired

reereabelt el rd P ot DS QistsBy of B AR thap for e

dﬁﬂﬂﬂmgpﬁiwmahen&mamﬂﬁnﬂ si gnal i.e. IVI =1 and t he
N-channel audio signal is a 5.1 surround signal, i.e.

14=-6. The audio data is specifically an MPEG
Surround encodi ng of a surround signal and the
spatial data conprises Inter Level Differences (ILDs)
and I nter-channel Cross-Correlation 30 (1CQC

par anet er s. The audi o data of the nono
signal is fed to a decoder 403 coupled to the
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WO 2009/ 046909PCT/ EP2008/ 008300 14 The

decoder 403 is coupled to a transform processor 405
which is operable to convert the decoded nono signal

WO 2i9pP4680% | me donmain to a frequency subband HEHEPI908/008300
In some enbodi nents, the tA&nsform processor 405 may

be arranged to divide the signal into transform

interval s (corresponding to sanpl e bl ocks conpri sing

a suitabl g,0uehay i@fBI@lI&atHMeﬁ&}ed%eRﬁ& E Mhrike Ealderably with

Fouri er Trgnsform (FFT) 1 n each transformtine
timse dffoy gkamptizs thediestpptt 6f 2 BRER mardesasjberhe diregisopns Ghithet-room

Wirdchy). 'ﬁ% ﬂEQchéﬂéﬁﬂr@héﬁ%lrgﬁlopﬁ iRfh boricaisehifod pRperties

sanp I"ocks to which"the FFT is applied to generate
&ﬁle@gﬂ-@r N l@@b@g‘p@n@am argval time differences, anq aljgh coberence). The

ﬁgkﬁécﬁorﬁﬁﬁm&eﬁrg&aﬁdha%{hg btk Ha0g GRfien f'e@a'i:vely less directional.

rises a operating with a 6
wmpthe éevelrchﬁm@pmww@rthxa«tars areylgss pronopnesdche %ﬂl’eﬁ! kimgdifferences
- gré diﬁ": ttg %@J‘n‘iiﬁ dirto gl sl%%?@d kﬁnﬁé‘&?ﬁhé% aﬂ& ﬁ)e coherence is
I'n the req ency donai n.
@xaanyl ceses Qe lowcBily dungd @fdmallwoapww@%ﬁ @tnfallmmmaéﬁo capture
i
R A o0 B A B oy e
tespcmsammhnwatdqvendm omheqhmg@nmﬂan ¢he aptug] @bﬂeﬁmnw while at
1O
ea ﬁrfllg ghgltf@?g@ rll%gétksg gl?d ujd de%%ﬂéﬂ'rdgttllubsgam Bﬁr@fﬁéi@rts glgd the HRTF
ctmimtsem eqinhn@mmof mgynr@equp;gﬁerg_ diffiguitiie futfill with a limited
.due m&sél%g& he i nvention. - The
Pr Sor 405 and decorrel ator 407 are fed
to a mat r ilmsqunmslstcrmmﬁ@ thefdorrect colipeenngbatvsen phedueaymd putput
409, ] t:
e
Genmaéiv épaisible rusmg tteagiproaciesknowntfer thematrix npyitiptieatiop ppproach of
@?3 raré:eeds to convert -the nono signal- into a first ’
reo Signal. Specifically, the 20 matri x processor
409 perf oF@‘l allustates adevisk forgienasating ¢ hinavrakandie sigmplin pepordance
R e Ypholidons Fiebuont b 0L R4 apH DR e i
pubsiphieaion xszb@g:bmed withflow comepledty dibienns tp @lles audint @virporagagy with
f t he
ISt B o P@@%ﬁ&{‘% SRR, B palyRBlal Gy 0ARhvs 361
HBAFBRIRS thpe tuh:é whele mamtepmeg bysempleady ensnesrtical dmplementation.
bi naur al r
RTEs) BR RDe B hlpAR  aphipteflr 4O BARS ok udio daa bi
stepandschoeniphisessp abdio M- pkmnm’r@mb? signdh which @I sgopvnpipeof an N-

SHRER0 5do TBRR. 18 b 80Ale Mo bINGriCeR Gl pABledr 8Phor Bpmixing the
M- dmmvm au;]dlﬂﬁg?aﬂ ® thmumhemlet oudip a:ml/éx be ‘e'mcxﬁr: ewml the downmix
411

s ih ik Syhbilel DD R B SOUBhAL ol o Ll AR ukBu¥Giaal, ic.
Nepreseandib daga ﬁshpedﬁ@lly eul M‘EIEQF‘ mCOCB vg ofiacshugennd gignal aod the
L hﬁaldd%t%'c&%gm%s LR Pever D208 ’(1%9)93918 i AP EOAE W ation

(ICC) paramieters.

The audio data of the mono signal is fed to a decoder 403 coupled to the
. demultiplexer 401. The decoder 403 decodes the mono signal using a suitable conventional
decoding algorithm as will be well known to the person skilled in the art. Thus, in the

example, the output of the decoder 403 is a decoded mono audio signal.
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The followng will for brevity only refer to HRTF(s)

but it will appreciated that BRIR(s) may be used

i nstead of (or as well as) HRTFs). The conversion

o owess99 411 recei ves the spatial data frompCin@Erz008/008300

denul ti pl exer and the dataldepresenting the HRTF from

the HRTF store 413. The conversion processor 411 then

proceeds to generate the binaural parameters used by

the smatr Iﬁw% c%ﬁ? S4%9rs c%ga %M} APy tﬁgﬁ gl%césQQ‘ 469 %lcﬁls operable to

paraneters | Nt I naur a i

rcasvpn tisaletaled hmnb-lﬁg'ﬂ?al fratnahe fHovwdenggin t0| arﬁ&qhencg xvatrbpﬁdedomam In

[a ri.zatio TF an ‘

58 g B IR oG 8 GeRi 0y ol s Bfide B giomat o

&n@ﬁﬁn inervaBi(cot@bpoudiag e:ohamBEtHkmks cdnipeising raauum[e number of

REPAES b SertBR 8 o] pofec TRabfofp B ™) i ik fis o A nterval. For

pedniple tHeeHET thdyehelai 6aquoind FFP avith met reo e andie saﬂ;tlésnmxgcﬂnhdnd into 64

¢ b5t B g ATl G o S5 g

achi eved usthegpdcific exmnplethé wanaformp @rcmm-brems e&hpm 4 QMF filter

B?’Pgﬁﬂ%ééh?%%@g% g% Qagrmflels;r AW a'kf g\];é'll % for each bloc og gcrtﬂune domain
Pamipdese besubBaldisaniplpy @€ gﬁﬁratﬁl’ih thetfftquahes didridimn g

coherence_fqr the direct excl udi n i on .
Cone euep e ctar e ive et RGP HTPRLEES 5575 Fhired w
2 bhaeqludaed signas @dcordinglypth? kequenty sulband naee signal B fed® a
ecific t he tri efficients are
BEREraeE ST ottt p BeporsiuSEieoce T RuRistng. fpwitt be
G@fr&cﬁtﬁthﬂﬁnf)fmthﬂﬂe mRihod uf gnesitiggade-cinlackd sipail rhayce ee]
i. der at. of, t.he J.ocali zation or reverberation

cogsn T 1
REvR: ?tg’rc%q(gg 8" ¥he matrix nultiplication only
perfornms [The traforinlpeocdasi 405cinp deoasiaiongd720e fedth 4 ii’n&tnx

Bttt AP0 R A pRERRT IR A0 P RS B tat i Of the raono
Ciphan adnvéll gs tbé @bbdndirépaésesitaidnat s geh@atekesecbﬁelatemhgrae IThe matrix
of t heﬁgér ect .,sound beiween t.he. chan

PHESSEF A PRESSH PAEIoE 6 PR T BT B ST e} peciicaly, the
enekfipradegot 409/ perfor@ise it haltipliedniph & gemabbinddivey by: -

dlfferent audi o 25 channels of the N-channel signal

5 L3 atial data and specifically based on

[ élf{ EgiEe paraneters contained therein. The
in each of the binaural channels are

then cal cul ated based on these val ues and the HRTFs
associ ated with each of the N channels. Al so, an

 vhpesetdRlaredhd smplens therinpy sigoals ol th hanx pocsiew109.he. in the

D R R Ry B RS SR e B P Berorelated
#gnaB0 the cross correlation and the conbi ned power of
t he bi nau [ t.gelg r
channel i ?‘é“’%ﬁ%ﬁﬁﬁﬁﬁf" 31/1% g&;ﬁ%ﬁpg@e &%ES%H&@ de{’ &gs on the
Parurtpuerstesy gsnaettdinrbspensetto thy HRATGSRIRS. dn the exaﬂmle, the

i ' f L
ER0E L bl BepeR | FalbF b eR ol B BE B 0BHP Bl sl and
w@ﬂmnﬂm@mﬁmoos/ 008300 16 The
matrix pre £
217 whi ch> %’gﬁgﬁér aqﬁ' %%%?293% B chffed b tcg’g‘érs%]‘%mcess‘"
dilrvehichels furthdinre chlnkﬂ tdot}w flerhuleplexey 40 h@dsm é%PeTzf strrgyhid

r

Sk Bl BT Lo BEAPIRERD) (P iy dp it BIR(o)
nmono signal and no cross coupling of any signal from
one channel to the other is introduced. 5
Accordingly, only two nono filters are enpl oyed
t hereby reducing conplexity conpared to e.g.
approaches requiring four filters. The
filters 415, 417 are subband filters where each
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10 Nk Z=C vyo r4, where y represents the subband
sanpl es received fromthe matri x processor 409, c are
the filter coefficients, n is the sanple nunber

woormwespendi ng to the transforminterval nunmBer/EP20ks/008300

15 is the subband and N is1fhe | ength of the inpul se
response of the filter. Thus, in each
i ndi vi dual - subband, a "tinme doiniin" filtering is

%é Eo%%%gl v!nﬁ ?(Erqapé(v]gtg OBEI gfeﬂgﬁé{ﬁ"(g rb?P E&fﬁi a:gv?regigltgmhgﬁ%ﬂg{(s) may

PRYi Rt er 0 accoun
wb@dm@teaa nploess Mlbzm) HRfst)r His doyvecmiort progessood bh receives the spatial

|
Ig?r% %’rgeﬁlf'nsdem Ehple I ?ﬁﬂ? oma %pr%fe 'm?éz]% %Typﬁ%% tﬁygkﬁgt@% 7 41‘3.
ffb&: tcElVerlan broctds& /Ehen\phicedils |tc5gancltateaha ltmau&ﬂ parameters used by the
EB( p&oc rrﬁ or 29 aréo' Vot 6ﬁagg g ?R%%gnﬁrgalmlte nt%)%h f?rﬁt%maural parameters in
pﬁpmmsuﬂheHBTFMMherlng each subband signal in the
ti di [ i t Th [ .
overal | SHEPL Pifle SeRpEy by g} remmeEe A of LEFR TFgifepatia
béragiBiets angesary tolpehdige al owasut bihamat dignaf is hbtecalenlawd. Rather the
' f ller. | bb d

Pl e S B P g TR B R LT TRTF
%pdi@emlil parfi¢dldrethe biayralrpatatistess dry esitriated d"ﬁrlthtehmdaﬂ dext:mdmg

B ORI B SR AR b e
Bmﬂeﬁtﬁahd@aﬁﬂ&ley sétianakibh p:ea:esk; anilng ictfinst pekl R therHR KR tymeedomam
HIEN NG R SN AT

bdhkﬂb(l&@ ﬁxfhéjdu'cc(t part-(chghiding | lo\ﬂlizauon cues such as level and/or time

RS P GUR R W I % 7 PRI P i e campld e

panixebyfieiefits hﬁe@éntﬂ(tvd foaaiykBiZect tip desirdd cabiereaoeairpbresiation of the

d filt th t
PR g o b et et ioh AR g st S M e Sl

thardchegistidsime direction. The filter characteristics are

nthe cxagpl & aneraed ool eoh b SRR e

" gifisthe aﬂpdtlBﬂT:a mabpesrodesoakddyis nbﬂ’tﬁe finall bﬁﬂmﬂ@%lixillbﬁi i@ Rtlger an
_re_ ter ne onse to. the e -
PleEnfied B el GARTHRE detorst ohitenst BFibH facsgoupg petween

ﬂeuﬁmbagatlon and Iocallzatlon characteristics of the
gener at ed, bi haural signal. ar ntroduced and. .
Lo r ol § o Fhehiand rprriun B ot b BERERR oAMcints by are in he
eahpleaebsrated by Rt ehlmtlg parélatble signs! poiverd itk diglegindugio
re not. affecte he filterinp SS n o
Hofasliorsly N efannghsamlraped angh S peE o8 AHCPncalg biskd Sn teve
&ﬁére chs &‘dﬁhﬁi’efﬂ Iﬂfélﬁznﬂg'h? Petatidi b&ﬁérsh m:uﬂpbfcﬂfje Hil¥@ral channels
ut . 1s_fu er.l terec I n
sﬁ@%ﬁs&%w ok vl SRR T A S e b s N
éuahﬁe@sr Nsopdhdéxgﬁztm\hﬁfe fﬁaﬁtliicr?Ss%oﬁﬂStwmhtﬁeen {B€ binaura] signals is
ucrr | at.e etvve the left t-e |
o AR LROVTS 1o o o DY Fhnejs e g R TR, Based on
b wﬁyﬁcohelaumafdrtﬁé @inihed |padeﬂﬂrﬁdﬂmauai sifid€ aGoledne@easure for
tﬁgal;aggilzﬁl %lqp%]%gé:ﬁlﬁ?lgtg% aqadztﬁe {nhtlgltx %&%mettr'esg?e dete(r)mmed to prov1de

~ this correlation. Specific details of how the binaural parameters can be generated will be

described later.
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coefficients. Speci

R

15filters in response to the desired coherency. Thus,
the matrix operation proceeding the filters

deternmi nes the desired coherence of the direct part,
wihdoaroida® remai ni ng reverberation part will PpPCT/EP2008/008300
automatically have the cornect-(low) correlation

‘i ndependent of the actual matrix val.ues. Thus, the
filtering naintains t he de-sired coherency introduced

by the na rocessor 09. T i n_t he device .qf
Flg. a4 tHaeHe M%ﬁessﬁéf’@rféf?éwgﬁg‘? LRl 5 g iglare operable
lfﬂagdhbrmezﬁb SfRit bingirginiugid siggady bmexﬁﬂg&her&ezkb ¥ighdl @ERER€d by the

409, are coh ame ers |nd|ca

HXQT%FFFSBH&[%Q bf?fa‘i f thedyo f‘ﬁ%a %’is E%‘Eﬁeﬁ pndiyidpatly as a mono
Sikzi) @hd nd QW \¢Bliplink bﬁ&@ sligiﬁlaﬁ’ﬁi‘ﬁ ekechelhcNOitheaRg@ 4 lﬁﬁoduced
Iocallzathgaagarane ers |nd|cat|ve of a Iocatlo

A65PrBRINP crengriliers arq gmployed therehy restugipg Romp gty Sompared to
egw@bﬂﬁaﬁghgﬁw@ FouBiterk S |nd|cat|ve of a ,

rever ber a oun one of aur al,

audi 0 sig ? lt%flﬂﬁgfﬂ'fﬂ'g §@, ﬁl}i{'ﬁ 9 eac %ban ts individually
ﬁh&écﬂ@b&ﬁﬁs“atly GaclpéfRhe St REnCaslitdDnphiie RedpBERYER) filters, in each
subband filtering by determning the filter

ebbid nerfarmuiag 3 fikteringigiyen spRsipntidy%ct t he | ocal i zati on
cues and reverberation cues for the binaural audio

si gnal . Specifically, the filters are

caup d toixa coefficient processor 419 which is

furt et %@upled to the dermultipl exer 401 and the HRTF
store 413. The.coefficient processor 419 determ nes
the filter coefficients for the stereo filter 415,

thele | ?%pﬁ‘&@rﬂ?ﬂé Quiitand Henphk RRLRE] fréth PRIHARL Hx%beskfr Qﬁ§ fceaf‘e the
function(s urthernDre the coefficient proces

fity C%t”@@r:%g it the sapRle numbey fqorreending Wwebeissnsiorn ;l_ﬂt@‘x@ fumber), k

e ABEhnH AEENHLE Ietngthdﬁﬁﬁrn'iﬂ)tﬁfe rbdp8ndeiok #RMilter. Thus, in each
cal | t he HRTF_ i npul se

yisiypiswbband.a “dampdepeind ﬁlltémlgh“é P {rEBethbesbresendipg dbepgocessing

FO8 bhiP H SEndICRRRAME HAUCHH ﬁ\ké‘nﬁd RYbnt Edbﬁmfsﬁﬁlﬁﬂes from a
interval this results in an inpulse response for each

pahtyaf tepsfumdptesdlsband rather than in a single
subband ¥ Q0P HR4EARREI NPRE A&+ B8 %Qe&&ne& mTtll::le domain of a

coefficient. The inpul'se responses for each

?qﬂmleérmftd@}a#és%ﬁbﬁﬂﬁgthf OMFa Bihich is qop gritigally, samplads Ity pasticular
2R afoWI B F:%@mﬁ@a&iﬂinﬁ ﬁn&u@’ﬁ@ rgiea.en&h%t NiBh g;@&l&oﬁ Btittering

o each of the N H [ter inp

are plied
&@E%@a’eﬂmt&vwmm vith vepyasdiltery Tbh@mép%ﬁ qvgrall SNR for

ﬂi@hﬁeaﬁ PleRleRafREE inf th€ 50 I riAgt QAR AHaskR HaR o h;k ehbr §1%h@ﬁcantly
appro I ate power distribution between the differen

@vers@esﬂ supleand dempip Silters c#he deﬁéedf diretly from the given time
&‘&%J filfel, %béﬂ&ﬁﬁl%&ﬁ@@ﬁxé&;&ﬂm\%}nbut@ EheQBBHER Hﬁﬂam filter
l'ater. The output” of the filters 415, 417 is thus a )
@W??P@Bd%@tﬁdimp dospine Slierthiy) 15110 BF ageqsnd somplpx modilged analysis

[.gpal t. ffectiv uII ur r.qun
A0 R At P e SElp Bl (PR e s S P g g s
&éﬂg@kﬁﬁ@mypled to an inverse transform processor 421 :
whi ch 10 perfornms an inverse transformto convert the
subband signal to the tinme domain. Specifically, the
inverse transform processyr 421 may perform an

g@é*‘@\)ﬁ("ﬂﬁ gr(r’fr‘“l)"I Thus; the output of

the*i nverse transfOrm processor 421 is a binaura
si gnal which can provide a surround sound experience
froma set of headphones. The signal may for exanple
be encoded using a conventional stereo encoder and/or
may be converted to the
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15anal og domain in an analog to digital converter to
provide a signal that can be fed directly to

headphones. Thus, the device of Fig. 4

wontmonsdepar amet ri ¢ HRTF matri x processi ng apdT/EP2008/608300
subband filtering to provide a binaural signal. The
separation of a correlation/coherence matrix

mul tiplication and a filter based | ocalization and

rbegati o
E'ér%rlg" %f%gdtﬂ f<'§i(irﬂagr(r:§:§ ers c n be r eadé%yé%%%'gu \[\%&?& Aler
eq(\g} haalgmam As grmdamp@pemné domdih t]iltermthcl@m rngstwill be gonverted into

pure filtering approach ere fhe coherency paraneter
Rsciar 4 bbind ey ese F 851  trcas gty |

i mpl enent Tht ARerGRRREBAIcOfte B thélidarPleQiRherktyPRTeMct both aspects of
processing allows the coherency .to_he efflc%,entlgeﬁIt
€r

ths Pt pasametsrees Vet asdpprcs of the dfdred BRAgs- Sreciticalf
SN 53¢ 8@ nined 3 RiSonsd REMSERTF ingRdde %Bﬁéﬂ@@é‘fiihd AR Sspatial

t he advantage that the synthesis of the correct
%ﬁ@ﬂéﬁwuffb‘}la%%%eféFfai“r?ea“ﬁéfwlﬂz,@“‘?ﬁﬂhﬁaﬁqei’%‘ﬁﬁ plohg eeaprgted

biAGurSeRhBlrd ﬁﬁo&ﬁcea mdnﬁﬁteﬁ @9 tﬂ‘etmérsarmé doR¥RfihEsrabhéddhey of

(by means of [ters) is comp eteiﬁﬁseparated and

e praat ﬁhﬁbleagﬁlm’@lswe ok HF9RISA s, Al ternE AR tgh the direct

Fa’n{ b&hSfilkeds i tdEaBﬁﬂth@reﬁ%d ﬁénc@ %e%&?&m@ BAME Birect sound of the
[tering I's required. As e filters are typical

hgpvgalé@;ﬁyp @)ﬁlllmﬁqq-,@ the Hﬁgpeglqu@a‘txp&opggnon The Iate-revcr};cratmn part
BEtht Eﬁéﬂ‘. Q)ﬁttlieQﬁherthQQi SORRIRY kd te dndorfelbitiRelveen the left and nght-ear

In the fol | ow ng, Ee0|f|c exanpl e of how t

filters prchenerthe P%P%Oﬁ 1L mccrﬁapmtﬂ@.hgaya kel mpqorrplé?ed, independent of
'%%Eﬁér&ﬂc@@it the ﬁ%fehl Rl ifd it Ali@sl HehdelnoRSodsiRe6SH B @uirdd Yor the

t he exanpl e recei ved SH%nal is an MPEG surround

fileers mrpwameéﬁ@ed@aredmfgenay ys; the g oReratigR pipreeding the filters

bASHHRS Mol debileRohd?Enct OF ih0 Wirdld pAE WRNY 1FE ré&hdlﬂm%’f%vé%ﬁ&ﬁhon part
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Surround rs ht Surround
Thus, 111 e device of Fig. 4, the binaural parameters (in the form of the matrix

coefficients) used by the matrix processor 409 are coberence parameters indicative of a
cérrelation between channels of the binaural audio signal. However, these parameters do not
comprise localization parameters indicative of a location of any sound source of the binaural
audio signal or reverberation parameters indicative ﬁf a reverberation of any sound
component of the binaural audio signal. Rather these parametersf characteristics are
introduced by the subsequent subband filtering by determining the filter coefficients such that
they reﬂect the localization cues and reverberation cues for the binaural audio signal. -
Specifically, the filters are coupled to a coefficient processor 419 which is
further coupled to the demuitiplexer 401 and the HRTF store 413, The coefficient processor
419 determines the filter coefficients for the stereo filter 415, 417 in response to the binaural
perceptual transfer function(s). Furthermore, the coefficient ﬁmcessbr 419 receives the spatial
data from the demultiplexer 401 and uses this to determine the filter coefficients.
Specifically, the HRTF impulse responses are converted to the subband
domain and as the impulse response exceeds a single transform iﬁterval this results in an

impulse response for each channel in each subband rather than in a single subband
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If:Left Front Ir :Left Right 10 The spatial data
conprises in the MPEG data stream i ncl udes the

foll owi ng paraneters: ParaneterDescription CLDrsLeve

v tdoenmspwe front vs surround CLDrclLevel diffecememosnosson
front vs center CLDrLevel dsfference front left vs

front right CLDBLevel -difference surround left vs.
surround right 1CCfsCorrelation front vs surround

(‘tlcl’ll él?]? ugéul%oer}eg rgs% fOﬁ? c?%g{s’lafril% e??ér%@%&n%k Et!r) gall}ﬁ 8f the N

bl&hﬁels/ae ghan pwommeld ini agmgmmmmmi Ttie vEighte tmeare epptlied to each of

ﬁﬂ ﬁ‘éﬁ@ﬁ ﬁggfrlglﬁlélﬁ%regpons e¥r%11‘;|1gt§]m r?s$n1§se % thg rs]pa%gl &at}i and are

dkoifikdliypleteanint Do rhynlttif the Iﬁpﬁrbpnatq}rmeélstubm&ﬁgnewdeh thipdifferent
si.on

esc ny rocesso 1 .
e Saren detds oL TG RGP BB TR wilf e desoived
Q&Eerence which is a paraneter reflecting the desired
co erency et ween_t.he. ch ou
P onnt Y RS e e e S AR W P i Yaosia et BMHR reribilion ora.
B@hdralaﬁdlblﬁ'éﬁalp}m aﬁﬂih@éls eohalaes mifulbarrband sigeel wikBpresented in

heaheeporte AR HBoal Rkt oS BumS e e b busrtsAsbybics

_ p&fdois hinGdisd tfankfofin Ed‘ﬂ:‘onmwhé subbarddi signal to @ettibendomain. Specifically,

fg]%eq,légg %an? %ralldprgcfess%p 4 Rr-rll_ailzy ;g:eo ot a %ggrisen(thquusr}e [ 1 ght

Thus, the output of the inverse transform processor 421 is a binaural 51gnal
which can provide a surround sound experience from a set of headphones. The signal may for
example be encoded using a conventional stereo encoder and/or may be converted to the
analog domain in an analog to digital converter to provide a signal that can be fed directly to
headphones.

Thus; the device of Fig. 4 combines parametric HRTF matrix processing and
subband filtering to provide a binaural signal. The separation of a correlation/coherence
matrix multiplication and a filter based localization and reverberation filtering provides a
system wherein the required parameters can be readily computed for e.g. a mono signal.:
Specifically, in contrast to a pure filtering approaéh where the coherency parameter is
difficult or impossible to determine and implement, the combination of different types of
processing atlows the coherency to be efficiently controlled even for applicationé based on a
mono downmix signal.

Thus, the described approach has the advantage that the synthesis of the
correct coherence (by means of the matrix multiplication) and the generation of localization
cues and reverberétibn (by means of the filters) is completely separated and controlled
independently. Furthermore, the number of filters is fimited to two as no cross channel
filtering is required. As the filters are typically more complex than the simple matrix
multiplication, the complexity is reduced. _

In the following, a specific example of how the required matrix binaural
parametc;rs and filter coefficients can be calculated will be described. In the example, the
received signal is an MPEG surround bit stream encoded using a ‘5151 tree structure.

In the description the following acronyms will be used:



5 p which is the coherence within a certain frequency
band between the left and right-ear HRTF for a

certain virtual sound source position 9 which is the
averagesphase difference wthin a certain freqermoys/008300
band between the left and nPght-ear HRTF for a

certain virtual sound source position 10Assum ng
frequency-domai n HRTF representation H (f), Hr(f),

for the lgffrand rightneal s, respectively, and f the

f requency i ndex, t hese araneters can be cal cul ated

accordlngrDoR fﬁﬁmbmﬁmml—HADH (f) .fri(b)

~1=. 1115 | R f(b) f=f071-0-1 15
49 = argz DH (f) E%%“%E%ﬁéﬁi(f) ( )(f) J1-1(h) P

Wher e sunsati on acroé@nﬁmﬁ&hp&wﬁ@rned for each

par anet er band to re§yl%%|n Jf.one set of paraneters for
each paranéter band b Fe 1 Nnformation on this HATT
O paranetérlzatlon piefsssoodn be obtained from
Breebaart, J. "Analy nd synthesis of binaura
paraneter§ Tor efflc?%a¥§ ‘gﬁdlo rendering in MPEG
Surround"H‘Proc | CVEeftBesnti ng, China (2007) and

Br eebaart , Falleﬁg . . Spatial audi o processing:
MPEG SurrgUnd and ot ﬁ lications", Wley & Sons,
New York (2007). The above paraneterization process

1 RS S PR bW SRR AT E bl

foll owi ng, the | oudspeaker position is denoted by
PlL(X), with X the qu aker identifier (If, rf, c,
|'s or |sg). rorameser Eﬁg? Pirst step, the relative
powers (w tdLDrfsespectLetrel dﬁ’mqwﬁmtvsﬁurtdued nmono i nput
signal) of 5. 1-gha a are conputed using
the transm éd CLD 5@Qﬁ%? FHE & at i ve power of
the | eft-f Gl chanrlehrelldst‘fmmefrmhyeﬁvs front right

CLD, Level-difference surround leff vs surround
right
ICCs - Correlation front vs surround
ICC: Correlation front vs center _
ICC¢ Correlation front left vs front right
1CC; Correlaﬁon surround left vs surround right
CLDy. | Level difference center vs LFE

Firstly, the generation of the binaural parameters used for the matrix
multlphcatlon by the matrix processor 409 will be described.
The conversion processor 41 | first calculates an estimate of the binaural _
coherence which is a parameter reflecting the desired coherency between the channels of the
-binaural output signal. The estimation uses the spatial parameters as well as HRTF
parameters determined for the HRTF functions.
Specifically, the following HRTF parameters are used:

P, which is the rms power within ;11 certain frequency band of an HRTF corresponding to the

left ear
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(GD2r, (CDf ), with 10CLD/10 and 1 r2 (CLD) =1 + 1
CGaD! Simlarly; therelatlve powers of
wdeoeniess channel s are given by: 10cr, 21. = @CLEP2008/008360
(CLDfr )r2(CLDt ) crc2 = (GQD)rZ(CLDte) = r2(CLD)r,
(CLD,) crn2 = r2(CLD)r2(CLD,) G ven the powers a of

each virtual speaker, the | CC paraneters that

represent 15 coherence val ues between certain speaker
pairs, and the HRTF paranmeters PI, P' p, and 9 for
Bavelfichvis titeurms pboerdsieeak exrtaint firguetcn basl df ea HRAF toorspbeding to the
ofhthe resul ting binaural signal can be estinated.
ThI'$ s achi eved by adding the contribution in terms

of power a for each vi rtual Ioudspeaker mul tiplied

by .t he power of t HRTE . ch

P e e rripPee pifp ey ieaisiged RRAFERIPE on nd right-car
HRITFdokuce etaib wirtua Bsobhd8darce Adsitionn onal terns are

required to incorporate 20 the effect of nutual

correl ati ons between virtual |oudspeaker signals

@hﬁﬁﬁh e a‘tfdf@c @ﬁ&& |defregérice d'lltﬁfneir @Afe ﬁe@fenéﬁiﬁn&lﬁ&ﬁeen the leﬂ and

é’ﬁ‘g ﬁﬁ]{: the’é&a{ ama({ ?pgﬁgtg‘%{]dl g processi ng:

MPEG Surk r Qumh ﬁ‘ec@kﬁlﬁﬁdo&iﬁlﬁi }{R'EEF k@mematidhlm(y) ac(f)S'aﬂsmleﬁ and
w Yor 200 ect e
cH3y R ‘a)%w g oy AR B AP BB el
sd&amn@lto{nz 25 (with respect to the nono input
channel) |5 given by: 2 C= -2 (-cyr .F12 (Lena;

(LB Rs)0.", L -
be’g é@%‘?’gé 1a\t| <(:c 12 cos(O(Rf))+ . 2P, (Li)?,
(Rs)'P ’)crfrcr "ICC, cos(Q(Rs)) WO

2009 E)f 909PCT/ EP2008/ 008300
P = :i 2

r

. Sf=r)

' F=J b+l
Q= al'g( > HANH, (f)]

I=ii5
f=f (b1

S H(NH, (f)‘

1=
FP,

r

Where summation across f'is performed for each parameter band to result in
one set of parameters for each parameter band . More information on this HRTF
parameterization process can be obtained from Breebaart, J. “Analysis and synthesis of
binaural-parameters for efficient 3D audio rendering in MPEG Surround”, Proc. ICME,
Beijing, China (2007} and Breebaart, J., Faller, C. “Spatial audio processing: MPEG
Surround and other applications”, Wiley & Sons, New York (2007). '

The above parametenzatlon process is pcrfonned independently for each
parameter band and each virtual loudspeaker position. In the following, the loudspeaker
position is depoted by P(X), with X the loudspeaker identifier (If, rf, c, Is or Is).

| As a first step, the relative powers (with respect to the power of the mono
| input signal) of the 5.1-channel signal are computed using the transmitted CLD parameters.

The relative power of the left-front channel is given by:
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-New York (2007)).

22 Simlarly, the (relative) power for the right

channel is given by: =P, (CQa + Pr' (Lf)O1 f + Pr2
(Ls)a,, + P, (Rf)a + (Rs)a, 23. -+ 2P, (Lf)P,

W&k Ldn- via vICC f cos(O(Lf))+ PCT/EP2008/008300
2P, (Ls)P, (Rs)p(Ls)o- 8a "I@C: cos(0(Ls)) .
Based on simlar assunptions and using simlar

techni ques, the expected value 5 for the cross

product LaBs of the binaural signal pair can be
calculated from (LBR;)) =

| ) Br, O(CD +... a,2 (Lf).Pr(Lf Lf
afErRCL)?)(Gﬁlﬁ)ﬂrémg})Pr a,2 (Lf).Pr(Lf )p(Lf)

exp(j O(Lt))+ er (RD P(Rf)exP(.10(RD)+ L2

- withl3(Ls) P, . (1, $)P(1.4) exP(is&Ls)) ---

0- p(Rs)Pc&RESp(Rs)exp(JO(Rs))+ p(Lf)P,.(Rf)ava,fICC f
VB (Rs)al a+ (Rs)P, . (Ls)o-p(Ls) p(Rs) _

| "‘(gxp(J (DERSPP°O(Ls) ) ) + p(RE)P, (Lf)ava vl CC

fp(Lf)p(Rf)exp(j (O(RF)+0(L1))) The coherence of the
anfhi naural out put (1CCB) is then given by: 10 alLa8
Based on the determ ned coherence of the binaural
r Gt 71 CCB, (and ignoring the | ocalization
cues and Teverberation characteristi cs) the matrix
coefficients required to re-instate the |1 CCB

et hods. TRUETRI aﬂ%%r’?‘%ér‘é?t%i ol St G LR T

S., Kohlrausch, A, Schuijers, E. "Paranetric codi ng
of stereo audi 0", El JRASIP J. Applied Signal Proc. 9,
op=rABRRR(QIINORNCLD, ) h11 = cos(a + 13) hu =sin(a +

f|) 20h21 = cos(-a + fI)
o? —r,(CLD yr,(CLD,.)

or=r (CLD,.S)r, (CLD,)
o2 =r(CLD,)R(CLD)

Given the powers o of each virtual épeaker, the ICC pMetm that represent
coherence values between certain speaker pairs, and the HRTF parameters Py, P,, p, and @ for
each v1rtual loudspeaker, the statlstlcal attributes of the resultmg binaural signal can be
estimated. This is achieved by adding the contnbunon in terms of power o for each v1rtua1
loudspeaker, multiplied by the power of the HRTF Py, P; for each ear individuaily to refléct
the change in power introduced by the HRTF. Additional terms are required to incorporate
the effect of mutual correlations between virmal-loudspeaker signals ICC) and the
pathtength differences of the HRTF (represented by the parameter o) (ref. ¢.g. Brecbaart, J.,
Faller, C “Spatial audi‘d processing: MPEG Surround and'other'applicatiqns", Wii'ey & Soi;s,

The expected value of the relative power of the left bmaural output channel 6;°

~ (with respect to the mono input channel) is gwen by:

o= PHC)o? + PHIf)o + B(LS)G2 + BRI, + PA(RS)TE +..
2P(LA)P(RF) PRI )50 ;ICC, coS((RS)) + .
2P,(Ls)P,(Rs)P(RS)5,5,,ICC, os(§(Rs))

RECTIFIED SHEET (RULE 91) ISA/EP
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5a= 0.5 arceos(ICCB ) /3 = ¢ aRt61l. YRcri. tan(a)

In the followi ng the generation of the filter
woefbosbent s by the coefficient processor 412CwHEPI00DES300
described. Firstly, subb an@ representations of

i mpul se responses of the binaural 10 percept ual

transfer function corresponding to different sound

i | e ener at ed.
g%lg%?l?l ca{}?l E&aﬁ%ﬂh ?%ﬁc%ﬁ?%sg@@’ thlt cgnverted to
t he QVF dormln resultlng in QW- dormln
repr Qk t eﬁt ear and
Flﬂghtﬁzzgﬁ B‘g ffr eé éf?gegﬁi(‘%}s)ﬁéct r V&5 by usi ng
the filterfg EHICEuers i dbove in the 15

descriptiorp s)fFug)A(szd),ott@Cmem@sgnt ation X denotes
the source channel (X --Lf, C, Ls, Its), Rand L

denotes the left and ri ght b| naur al channel
respectively, n is the transform bl ock nunber and k

denotes t %esfa snm%r assum%t d:)sns ta%d téf 1{% szrﬁ?a?ftcc é\%? qn? exlpcctcd vaiue

processor 4 hen proce erm ne

foe dieferost protisct AsR A ofitht ivkerd] Spmabpaiatan be cadéulated from
correspondi ng coefficients of the subband 20
representati ons H3 ,H :kx . Specifically, the filter

coeffici ey ar t he FIR&F}b 1,,H km
are given by k%é) %é{}\:FgLf Caé@ﬁﬂ}]ﬂﬁ i Ls
Lis RR LR R L %‘R W1 kw
S ka'ftA' Si sfk -1h2mﬁf)§(mﬁd%f)exp(ﬂmﬁ%a The ) )
coefficient processo e weights 'L
and Sk as descri %z’(ﬁﬂ%ﬁ@pﬂﬂ%?’ﬁ&@ﬁtwstly, t he
nmodul us' of the Ia’ﬂﬁaﬁ)fqmjp(ﬂa)texﬂwmp)g-hts are chosen
such that 30 piryp(RA)G,0,ICC, +..

B(Ls)P.(Rs)o, 0. ICC_+..

P(Rs)P.(L5)0,0, ICC;P(LS)P(RS) exp( j(#(Rs) +¢(LS)))+

F(RNVE.(Lf)0,0 ,1CC, p(LNP RN explj($CRN + (L))

" The coherence of the binaural output (ICCs) is then given by:

LR,
ICC, = ____l( ) ,
0,0
Based on the determined coherence of the binaural output signal ICCB (and

ignoring the localization cues and reverberation charactenstlcs) the matrix coefficients

required to re-instate the ICCp parameters can then be calculated using conventional methods

as specified in Breebaart, J., van de Par, S, Kohlraqsch, A., Schuijers, E. “Parametric coding
of stereo audio”, EURASIP J. Applied Signal Proc. 9, p 1305-1322 (2005):

h, =cos(o + B)
h, =sin(a + B)

hy, =cos(—a + ﬁ)
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Thus, the weight for a given HRTF corresponding to a
gi ven spatial channel is selected to correspond to
wheompownes | evel of that channel. Secondly, tReT/EP2008/008300
scaling gains grk are conpudsded as follows. 5 Let the
normal i zed target binaural output power for the

hybri d band k be denoted by (ayk)2for the out put

hanpel I',=L, fl, and let the power gain of the
?%ﬂf%ﬁ*ﬁﬁdbl, be denoted by Km)2, then the scaling
gains gr* are adjusted in order to achieve 10

Note here that if this can be achi eved approxi nately
Wi''h scaling gains that are constant in each

par anet er band, then the scaling can be omtted from
the filter norphing and perforned by nodifying the
et PPsrcersdffbal s of the previous section to 15hit= g
Leos@+,13) hi 2 5 silga /3) h g Rcos(-a + hn g,1
%ng&g.% wanpPHOr this to hold true, it is a
requi renentof hat ‘tlhe unseal ed wei ghted conbination
LNLN+ H kk -n,kk’-.n,k ,k nn,k H1 II1-Ft .11 If .
L, LfLs L, inikefolipwingcthe seiemeen of e filter goefficignts by fhe goefficient
proéessdt 4D Qilkbd de@erbedRI . RAT r a Rs" R Rs 7. have
power gains that do not vary taoo nuch inside

par anet er Firsthvel _bb%pgngqn?txoxg o yppplse responses of the binaural

perceptual transfer function corresponding to different sound sources in the binaural audio
signal are generated, - : 7
Specifically, the HRTFs (or BRIRS) are converted to the QMF domain
resulting in QMF-domain repreéentaﬁéns H% HyY for the left ear and right ear impulse
responses, respectively, by using the filter converter method outlined above in the
description of Fig.4. In the representation X denotes the source channel (X=Lf, Rf, C, Ls,
Rs), R and L denotes the left aﬁd right binaural channel respectively, n is the transform block
number and k dénotes the subband:
The coefficient processor 419 then proceeds to determine the filter coefficients

as a weighted combination of corresponding coefficients of the subband

representations H;"% , H 3% . Specifically, the filter coefficients for the FIR filters 415, 417
H* H are givenby:
HY = gh U H, 7k Il HE O HIL +GHTE),
Hih = k-l Byl + sL B + st H iy + shH b+ sEHTE)
The coefficient processor 419 calculates the weights t* and s" as described in

the fqilowing.

Firstly, the modulus’ of the linear combination weights are chosen such that:

Kf_ ok E|_ ot
Itxl—ax: |Sx|"ax
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contribution to such variations arises fromthe main

del ay differences between the HRTF responses. In sone
enbodi ments of the present invention, a pre-alignnent

wa zébdsdopare domain 30 is perfornmed for the degimatiganssoo
HRTF filters and the sinpl ed4real val ued conbination

wei ghts can be applied: WO ) '

2009/ 046909PCT/ EP2008/ 008300 25 Ix S = kk X XX In

ot her enbodi nents of the present invention, those

delay differences are 5 adaptively counteracted on

t h e dom nafhug ghd FiEhIad 4 Sven IR TR SRS Rhdih o DL sPatial channel is
npl ex val ued wei ghts. In the case of front/bac

6§‘P‘F§d ‘PﬁP%esaﬂ%ﬂ}Ht‘hetR?“Fh@Vﬂ%tbé?cW “fol | owi ng

Wei ght's:  gecondly, the scalin gal(@%* )a:ecn ded idliovdksaLL 10 nk
12 Kk Its SOTHexprRe ™S &1 f+a|_2)1' and 4 =

(Let the E%aﬁzﬁ%gt,b@auﬁ@o&gu%w&%f thé KybriddBiK x S%Qenoted by (o ) for
OR'Rtio

the output chantiel ¥ = L, R, and let the power gain of the filter X7, be denoted by (o}, M) ,

then the scaling gains g; are adjusted in order to achieve
Eo_ ok
O p =0y -

Note here that if this can be achieved approximately with scaling gains that are
" constant in each parameter band, then the scaling can be omitted from the filter morphing and

performed by modifying the matrix clements of the previoﬁs section to

by = g, cos(+ B)

hy =g, sin(a+f)
by, = gg coS(~x+ )
by = gg sin(—a + ) .

For this to hold true, it is a requirement that the unscaled weighted

combination
L H +t HEY b Hhe + O Hh +tEH [
bty Tl g Ly Vit ps ¥t c
N3
H;U +s,-_,HR_L,+stHRRf +SR,HR'R‘+ cH;,c

have power gains that do not vary too much inside parameter bands. Typically, a main
‘contribution to such variations arises from the main delay differences between the HRTF
responses. In some embodiﬁ:ents of the present invention, a pre-alignment in the time domain
is performed for the dominating HRTF filters and the simple real valued combination weights

can be applied:
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+(ds) and 4 =a,k, for X =C, Lf,Ls. 20Here Oxxix, is

t he unwrapped phase angl e of the conpl ex cross
woreaviion bet ween the subband filters Hi nt pgT/ERZIS/008300
Hx"tx, This cross correl ati2én is defined by E(Hz' xf
PG,. (erg - \Intyi2 (BEIH ;,XJI2(1111:Vist2 WO

2009/ 046909PCT/ EP2008/ 008300 26 The

pur pose of the phase unwapping is to use the freedom
in the choice of a phase angle up to nultiples of 21c
n=dreey. to obtain a phase curve which is varying as
slowy as possible as a function of the subband i ndex
k. The role of the phase angle paraneters in the

conbi nat i eNoth@leMbbditnenis OF Bie pfeséik WRERIOH, thédedslay differences are
realizes a del ay conpensatign_of the front/back .
pdaptivghscqypiespted gn Q{?E@Pﬁ&gm HBAF Rpirse ﬁy fgapg of ingroducing complex
GAGRI WEEhtd. BSBOBEE oFMRIbBadAGE thiFariPRrbito @R1AY of th&Bllowing
corresponding to a source position between the front
¥Aighishe back speakers. Second, it reduces the
variability of the power gains of the unseal ed -
filters. If the coherence 1CCm of the conbi ned

filtersil 1 LawaHRMi[n a paranmeter band 10 or a

hy BPL e phaifiui-s, tzeSs, tHan one, the binaural output can
becone Less dBhérafit) then intended, as it follows
fromthe relation

ot )
1, =0, exp.lz et %} ;

(o )2 +(ot.

and t} =0y for X =C,Rf ,Rs.
2
. ot
=l exp[-jm WL—L--}
| o)

Y
eSO, exP[fﬂ?f'fxs (;.Tzf(-;?] ’
Rf R‘

and st =0t for X=C,Lf,Ls.

Here ¢, is the unwrapped phase angle of the complex cross correlation

between the subband filters H}* and H}%, This cross correlation is defined by

-

: E(H}f#)(ﬂ}‘},)
(cIC), = —

S|l (spef
(zhl | (3t

where the star denotes complex conjugation.
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ICCBm =1CCm |CCB 15The solution to this problemin
accordance with sone enbodi nents of the present
invention is to use a nodified I CCB -value for the
wiarownd@benent definition; defined by CCB | BCBER1008/008300
ICCm 1. 20 Fig 528l lustrates a flow chart

of an exanple of a nethod of generating a binaural

audi o signal in accordance with sone enbodi nents of

the invention starts

i o dat °F Eupetof DRpeoHBHrerg n Ml B NEp afbioc or 2

‘ phadi: fngdd @"tﬁlmdk@lﬂg)fandmwndem toobtdin aphabt @inenviath i@ ushying as slowly

and_spati ararreter data for upm xing the
%ﬁ%ﬁﬁé?ag’ﬁ ‘B‘ |t1beerP PEMIEEEN channel audi o signal .

Step 501 iThe foM dfQuEshabyangleqraldE ih e@bRbinhgnIPaduilalabove is
Far aneters of t he spatl al paraneter glb”& s converted
fojdKipst it renliges f defay,capmprseidgncot it froakhagh Slters priof to superposition

kbR Wadd toR&HABRLY RkpdnkSRBELE oldl£ihnhia Qelatii@P cHE¥pdnding to a
foll oned by step % vvherel n_the M channel audiQ

SQUERS ROSifign S5 i T AR baEspoakers SPEPAG! tefion fhe;vrability of

R PERESRIrs Of thBQndchled igk.naur al paraneters. Step 505
is followed by step 507 wherein filter coefficients

are det er i theephprspceal GO @f the cpinbiped filiess Heg dansie atpgrapmgier band

T T L A Y

fsat fotiveslfrby tistrelati®O9 wherein the binaural audio
signal is generated by filtering the first stereo
signal in the stereo filter. The appar at us
efcFl a¢1cd, may, f or exanpl e be used in a transm ssion
system Fig. 6-illustrates an exanple of a

transm ssi on system for conmunication of an audio

si gnal ﬁ'ﬁ'ftf&h ARRES ISR iSRG IGEDRMHE SRR sntRliindl& of the

i nventi on transm'ssion system conprises a
presenkiniention isa0 usevgthedifi¢ds 16Qurpaledifor e matrixsdimear defigBion; defined
hrough a network 605 which specifically may be the
t er net . In the specific exanple, the
transmtter 601 is a signal tecording device and the
receiver, 603 js a signal player device but it will be -

mr&,g;n%; }1 i n other enbodi rrents

Fig S illustrates a flow chart of an example of a method of generating a
binaural audio signal in accordance with some embodiments of the invention.

The method starts in step 501 wherein audio data is recewed comprising an

.:audm M—channei audio signal being a downmix of an N channel audio s:gnal and spatial
parameter data for upmixing the M-channel andio signal to the N channel audio signal.

Step 501 is followed by step 503 wherein the spatial parameters of the spatial
parameter data is converted into first binaural parameters in response to a binaural perceptual
transfer function.

Step 503 is followed by step 505 wherein the M-channel audio signal is
converted into a first stereo signal in response to the first binaural parameters.

Step 505 is followed by step 507 wherein filter coefficients are determined for

a stereo filter in response to the binaural perceptual transfer function.
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10 a transmtter and receiver may used in other
applications and for other purposes. For exanple, the
transmtter 601 and/or the receiver 603 may be part

Vo 2@9046a89scodi ng functionality and may e.g. PpCOVPZI®s/008300
interfacing to other signal27sources or destinations.
Specifically, the receiver 603 may receive an encoded
surround sound signal and generate an encoded

The- encod PR REPLNPE Hitie D8 M AR o B

* @bﬁtﬂt&dﬂiytfﬂténhg)theﬁim Ete1R0 Uigﬁﬂfin the stereo filter. I n t he

specific anpl e r di functian is

SCppor t ed 10 AEPea S i F o B Peaip it alth S isRDh item.

6%76 Whisdes ARRANSS oﬁﬂtrﬁﬁﬁisﬁgn @ttein fof: bamneica(isnlof amandh)a signal
nal, that.is converted t a di gi ﬁh PCM (Pul se Co

Wo preqncg it syRa Fm "%%Pfﬁp? BRmIHOY 1AF BRSEEsiaR SYYRT °°mP”SCS 2

, &Qlisﬁﬁtféi I60Nwhidh Eeustediotal rE@ived 803 thidugioalpdteerkt60s whith specifically

enc g{ 609 of Fig. 1 which encodes the PCM nulti

RUAREE WPl in accordance with an encodi ng

al-gor it hmin fhe spd&ﬁic&mﬁpié Ithe Sabite60 1tiN e sight edeidingRvice and

ncodes € Si an MPEG enpcoded surr und oun
CSFtaer S SHOT BB SOV i Ba iRy er embodiments
b &a&&ﬁﬂc’ driagd re@&&eﬁ\lﬁhly(ilbedﬁﬁ @ﬁieté%?h&d:?ﬁnﬁ%ﬁ meﬂles plgfa@sle .&og
|nte ces to t er pet e petwork
ﬁ%.l aalf@?ﬁ e eRgve SRHBaY %P"’é‘rf’ila geseoding 1o
ﬁﬂaﬁmmsr aﬁ@&ay b EOpte¥ldd MRerfEth@ fotlier BI@Anl sources or destinaliogs.
recei ver 603 conprises a.network receiver 613 which

PRRCEcAlkn 816 1pqsTveR 03 PRYIRTREYe AERCcodrdisuperRdsonad signal fpslggnerate an

&&oamwei biphl GMGRAGHS bigfhathd Sduadbibhe The d3fcatd Bififural signal
The network receiver 613 is coupled to

QaBW%B?%W%QW%iWW1 ch in the exanple is the

~devi ce of 1fihg spedific 3Rdhplé Whers B@@hillr&oﬁmlmh&xomﬁk&bﬂaoﬁted the

si gnal playing fungtion j ported, e receiver '
BERsmtlsy B%m?&ﬁfﬁﬁ digitizer thjﬁ'aﬁ reSpiNGFR ag ngigrmwmceﬁnnei (surround)

§iBIMETS cbdiRrdd 16 aligthl POMI(Pulsd Qs IMdduRed) ignabbyaustplihg and
decoder, 615 and presents this to the user.
rtpidigate] §pnver§iRn-si gnal player 117 may conprise a
di gi tal - t ghedighioe G0 BMRUHISA to tBEFIchder emgsofargi 1SREAKAESdes the
R R AT R TR
SARPI0he 9@&8@@0&@2&@& tRO838H a28h MPEG encoded subtoudl solind@gnal.
F@grec ated th t he aboye descrlg n for. cl rlty
ﬂa‘élei’éﬁﬁ’%é BoUPIAI %I REFO tEpaster §1 BTN oded signal
sRfREARCS ol the Ridric® 689)Thé BARbIKARAmittEY xﬁ@ tRMShit the encoded signal
grocessors However, it w || be apparent that any

e teiver §0%thrqugh the dpredft §%8nct i onal i ty bet ween

di ffer ent ThehRedivd? 864 comipirisss DlierdrR FREITET613 mseh bﬁemeﬁm the
wi t hout detracting fromthe inventjion. Far

Tntsemet POramdivehjch; ip P‘E@Bi‘da‘f’éﬁet"& threenprded Siepal °B‘;ﬁh%'é‘?§éﬁ“§{eé6m
Pr 0Cessor $h@hervR réceivied13 i§18pRE tEBihAFrackoBt 61 H @hich in the
same processor or controllers. Hence, references to
ggwplefiy Befemeaf&igal- units are only to be seen as

r ef er encefy, hOsprbifit @RI WRE a kighal Blapivnl; AindSor i8 ﬁlpported the
descri bed functlonallty rat her than indjcative of

eqiyes 603 Bughergomgriscs B yigne! playes 16 & pich r@Five%tgehm%@hasﬁw signal
1618 et @é&o&am Hnd Ogmem ®Ghd WRer2Becitichily e QighAlpMyer

i ncl udi ng har dwar e, oftware, firmware or any

Y3 Ay Fampese acﬁrgltqlréws@aioswequwe Amplifiersyng sprgkers ﬂﬁamtyreé dor
HHEIERAS Bl b8 S 4 bl ofeaBBRUL o7 SOF L e &

runni ng on one or nore data processors and/or digital
signal processors.. The el enents and conponents of an
enbodi nent of the i nvent i on may be physically,
functionally and logically inplenented in any

suitable way. Indeed the functionality may be
implenmented in a single unit, in a plurality O units

or as part 15 of other functional units. As such, the
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Al t hough the present invention has been described in
connection with sone enbodi nents, it is not intended
to be limted to the specific formset forth herein.

watkenqsstshe scope of the present invention i 8CTERIOIEES300
only by the acconpanying cl2&i ns. Additionally, 20

al though a feature nay appear to be described in
connection with particul ar enbodi nents, one skilled

in the ar &b‘\é@%g%é%&%gg thatethe &%tve He%cn Qi%g fod‘%ﬁhyy oS dgscnbed

t-he descri S nay be
ambﬂdiﬁialﬂcef the tolerdtion vmh\rdaﬁen@no dilfferehfﬁmnﬂoaal mBits Etnki@rocessors

#gw](e%g SI ngzgplgglfaé g@/(’t suﬁ%])ﬁ? (ﬁ%‘lr‘l { xr(])% o g.rrns Song] el-ﬁ %etween different
Iﬁﬁﬂtmﬂaﬁmﬁﬂs onpﬂoba‘scﬁdmaﬁbeplhsﬂdl ﬁith{iu] dﬂ:facﬁ@'ﬂﬁn thelnemﬂ]itins For

T W L TR —

bé ﬂérfdrﬂétﬁlby the sdnhly REceSRY olx@nirdlizks Hente| mafechntdses guetific functional

cl.ai ns, se ss i b advan
e oty S getis TR IS Bn B Brr e desgribsd
Pﬁtct@dg}idyy'aﬂl%r/&hanﬁng@d’mb B4 sthdt Mnglcaf ﬁqjhys” e sthtleml’d)dr organization.
easli e or advan SO usi o
feature. | BB iTeRED b TR et R SRl IO Fiskging hardwar,
bdftWaied) fiAwark Or hety @nfbﬁiaﬁ@ﬁdit}thé@bltl‘h& aivbﬁ[onlnmgilo@ﬁdnaﬂy bdn at
30the f eat re i s equal l icable to other c
PRIt i palyaa foipeutes SOt ARG PROS gf Ehcss ts ggessors
Eﬁ?rldigiﬁl .dilamghal ﬁ@ceﬁ;kcﬁ? Mhe dl@m&ﬂi aﬂdrq@hmomgs I?s p)eahd lfjddﬁnent of the
oraer I n | e eatures e an I n
BAPRtIoR ey be P -‘éﬂf&“ efrmC&Pﬂﬁ“pfaP %B' igplemented, m any syifpkle way.
ﬁ:ldaédﬁ:h @Iﬁﬁ&m@ﬁty lnmglr?y lﬁlﬁ[@lﬁeﬁt@ﬁn atsm@ra uhitSh 2 bm]fqnqr $famheét as part
IS Q t he the steps e er.1. or ne
b e AL s Sheh e o ay B HpRUPadbiep g &g Wit or may
HOpIReical X el tignallly dlsGblte) beﬁhmmffa{eﬁnﬁrmaﬂ pmessars

V\D 20091046909PCT1EP20081008300-, 29 o
"second" é‘?‘g"‘b%‘ thiopresPeeT Bten kéi’sﬂ?f’et?r‘%?‘i"lbf)d mﬁS‘F@Fté??c“é‘th some

ShBdRBmédis, ﬁthﬁnﬁﬁ litedBed IR 1ipdiRM ikckbel spreifie lfgtmast farth herein. Rather, the
aI | .not .be constr ued s [

clarifying exanple

Sapae et e ERten i it Al by s rorrath o G bty

alptoagtpd ﬁ&nﬁ@ﬁampar@d bertl;:sc&:bbdfl {h&idﬁﬁﬂctlwmpaﬁﬂl@hﬁ Embddigents,
tus_conprisin ns or ece|V| aul

efeﬁ%'!a %@eaﬁww@ﬁﬁtﬁs@{m atd'aamgsl ?fél?er?ﬁs gﬁg%d‘fﬂdszms

by B\chhaAN 8dcortdhlicQvith waben&aaﬂl S tlalmsphe &R Comprising does

data for_ upm xing the M channel audio signal to the

Retekeliieche Bratenes iofiFaplements 8efet er data neans for

conver t i NGusiRaibr| alﬁ@ﬁg%ﬂﬁdﬁiﬂﬁa!l@ﬂlsbmfh phizality af means, elements or
par anet er data into first ral. paraneter

F’é@*ﬁ%ﬁ%@ 1p3y bgrumplemented e %. ea‘Fm‘;S’é PRSPt 3%%%* é'rfhwgh
fndRAdublOBa e O MY bS indRdéBia Akt cl@aﬂﬁvtﬁésb iy pbdidly be -

M channel audio signal into a rst stereo

advantageously combined, and the inclusion m different claims does not imply that a
combination of features is not feasible and/or advantageous. Also the inclusion of a feature in
one category of claims does not imply a limitation to this category but rather indicates that
the feature is equally applicable to other claim categories as appropriate. Furthermore, the
order of features in the claims do not imply any specific order in which the features must be
worked and in paﬁicular the order of individual steps in a method claim does not im]ﬁly that
the steps must be performed in this order. Rather, the steps may be performed in any suitable

order. In addition, singular references do not exclude a plurality. Thus references to "a",



signal in response to the first binaural paraneters;
10a stereo filter for generating the binaural audio
signal by filtering the first stereo signal; and
woedobigvent means for determining filter C e P iraPeNns/s08300
for the stereo filter in ré@8ponse to the binaura
perceptual transfer function. 15 2. The apparat us of
claim1 further conprising transf orm neans for
tLr ansd of m n
RS Dot ARGl SR A GO LA AL e
peaiied arekliy e ddrdyiag e)fam;ileedhaii sotde censgred dsdimiting the scope of the
iglelduaIL% process each subband of the subband
GO A 2" Y23, The apparatus of claim 2 wherein a
duration of an inpulse response of the binaura
perceptual transfer function exceeds a transform
update interval. 4.The apparatus of claim2 wherein
the conversion neans is arranged to generate, for
each subband, stereo output sanples substantially as:
25 LROYLh2l hh221LR111 1' 31 wherein at | east one of
LI and 124 is a sanple of an audi o channel of the
M channel audi o signal in the subband and the
conversion neans is arranged to determne . matrix
coefficients hxy in response to both the spatia
paraneter data and the at | east one binaura
perceptual transfer function. 5 5. The apparatus of
claim 2 wherein the coefficient neans conpri ses:
means for providi ng subband representations of
i mpul se responses of a plurality of binaura
perceptual transfer functions corresponding to
~different sound sources in the N-channel signal;
10neans for determning the filter coefficients by a
wei ght ed conbi nati on of
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correspondi ng coefficients of the subband
representations; and nmeans for determ ning
wei ghts for the subband representations for the
wei ght ed conbi nation in response to the spatia
_paraneter data. 15 6. The apparatus of claim1l wherein
the first binaural paranmeté&Ps conprise coherence
paraneters indicative of a correlation between
" channel s of the binaural audio signal. 7. The
~apparatus of claim1 wherein the first binaura
araneters do not conprise 20 at |east one of
CLAIMS¢al i zati on paraneters indicative of a |ocation of
{ any sopnq ?&M forUendBEndN bibBARNAldi® Sigﬂﬂl thaapiparatus comprising:
- reverberation paranmeters indicative of a o .
. Tever bgeais forreobivingyaudoutith compingan Mrcheprel grdig gicgpl being a
audi o signal. 8. .The apparatus o ' [ e -
downgbertianat engbaiiic Pend PR ngutt PRl FortRliER e
‘ [ . G iegdl: at | east one of
chann{;loéggﬁ 521%1%5? t$ ihe e BhshnbLavdRS §1%gﬂ,

tion cues and reverberation cues for .the

_ bi naur pdramee datginggans for converting wepdraramRetyF of fag;spetial

~wherein the audi o.M channel ' i gRal. i ' wal
paranlgaaadnigriar B AR PR e B 10k Ik Bl Oereepa

transf&efﬂﬁ&?)tne a decorrelated signal fromthe 30 nono audio
signal &nd to generate the first stereo: nal

] by a |
- mat r i xconvetsiqp liﬂems'ifgh(?@ﬁﬁmné dbg M“é}gﬁﬁ? @g&g%lgglagg%c} %grst stereo
. Ssignal conprisipg th lated signal and the
signal ip ﬁﬁpa{}?ﬁtg%éﬁ ﬁﬁgﬁl}:‘am eSS, recei ving audi o
data cQRRESHIRG fancdiemiiap tel binmilaudiogreal be fiHering the first

downm x of an N-channel audi o signal - and spatia
stereopagrairendr  data for upmi xi ng the M channel audio

signal t tcfgnelt' %&F%ﬁ@é‘serﬂ&ﬁh@ HeDBR ficients for the stereo filter in
conver £f sp&Pla paraneters of the spatia

respoR@ 18RS SihsurgBpeacdpiad trhisfatfubétivawr al  Spar ameters in
response to at |east one binaural perceptual transfer
function; converting the M channel audio

, signal finto a.fkL8Liash §rRehe coRtising: response to the.
© first binagrar

par anet er s; generating t ﬁ .
. bi naur atansfofth encaing fraitrapgfofriing @l Q«ﬂgchaﬁyéelfaiug@tmg{ag g a time
signal; and determning.filter iCi .
some oo 45 o G595 b EAT bc
arran S BYRBYiREA F RIcER cal K aibbhRT of thasibband domain. :

3. The apparatus of claim 2 wherein a duration of an impulse response of the

. binaural perceptual transfer function exceeds a transform update interval.

4. The apparatus of claim 2 wherein the conversion means is arranged to

generate, for each subband, stereo output samples subétantially as:

.‘L-o Ty hy, LI}
|:R0}:l:h21 h22:|l:Ri :
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11. Atransmtter for transmtting a binaural audio

signal, the transmtter conprising:

nmeans for receiving audio data conprising an

M channel audi o signal beind'a 15 downni x of an

N- channel audi o signal and spatial paraneter data for
wherghmitdeang ovdel Iaot & isel saandé of i gl cltaonelhd e hemnedl audio

. _audi o signal: . arameter data ans for. .
signfighth TG Lt s poryarian PR e S potnesd L paRe malix cocfficients
h,, iR2EspOReab bEMlBe bpHial parkiSbiePHNRUR@heRATRARINE binatiful perceptual

response to at l'east one binaural perceptual transfer

~ trangf ¢t 20- conversi on nmeans for converting the

M channel audio signal into a first stereo signal in
response to the first binaural paraneters; a stereo

5. filter TheagRReias dgni Nehbieltte abeffididhomsi@ndmpbies:

filtering the first stereo signal; . .
- coef fi ciewts freBioyidieg subbaed repFispyationsiod impyas Fesponsas of a

oBF oL T RS SRRy Pl s

the N«chaswl ¢ighadg t he binaural audio signal. 12. A
transm ssion systemfor transmtiing an audio signal,.
" the traWsHsder dricEYRIE e ﬂ_@?rmﬁl lesg%bx # #Righadicepmbination of
corr&RERIih® bOWiCBRARP HEQNbBAAGEYEG AL ngal & comPri sing
ah M channel —audi o signal being a downnm x of an
- N chanmakarsUdr detsingniak vanghts fatthatubpandueptesentatiing foothe

] i Xi ng t.he.M channel audi o,si gnal to the N-channe
Welgﬁﬁag; cgng) Jl in regponse %o the spatial p FFétd@V‘ data means -

for converting spatial parameters of the spatia

paraneter data into first. binaural paraneters in

r es ponsEhe appatatusedstaimnlewbensinuthe firg dinaul paameteasneafreprise

L. function, e g e onver si on, means [ X

coheranat BFPIETY ndicqpgnherreliitng S So"ff&ﬁ? pipgpral audio
signfit ereo 5signal in response to the first binaura

paraneters, a stereo filter for generating the

bi naural -audi o signal by filtering the first stereo

7. signal, ppe apparatus of claim 1 wherein the first binaural parameters do not comprise
at least one of localization parameters indicative of a location of any sound source of the N-
channel signal and reverberation parameters indicative of a reverberation of any sound

component of the binaural audio signal.

8. The apparatus of claim 1 wherein the coefficient means is arranged to
determine the filter coefficients to reflect at least one of localization cues and reverberation

cues for the binaural audio signal.

9. The apparatus of claim 1 wherein the al_ldjr{) M-channe] audio signal is a mono
audio signal and the conversion means is arranged to generate a decorrelated signal from the
mono audio signal and to generate the first stereo signal by a matrix multiplication applied to -

samples of a stereo signal comprising the decorrelated signal and the mono audio signal.

10. A method of generating a binaural audio signal, the method comprising
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coefficient nmeans for determning filter coefficients
for the stereo filter in response to the binaural
‘perceptual transfer functi%[], and 10 -neans for
transm tting the binaural dio signal; and a
recei ver for receiving the binaural audio signal.
- 13. An awgeingadiding caapides froM-cleant dudg steral keing aldownmix
audi o signal, .the audi o recordi ng devi ce, conprisi ng: .
of an 5-chapagl udigrsignabend APAHal RFATE e, éii%E‘ febhRPEig e M-channel audio

'signM'tgw%lh iagdiﬁ!s%ﬁg{; bei ng a downmi x of an

N-channel audi o si and spatial paraneter data for
- upm Xi ngorvieeirlgsphizal ipetaneicts of thie gpalal paambierdNdathammétst binaural

_audi o. signal ; ramet er. -data nmeans for_canverting
paragisiery eSSt B e Rc g RETEPRASE B9t | nto
first bpoiasiile (RAMVABRIBESUAD S8RPARS § (9 sRted $AR 1PR8ponse to
bi naural perceptual 20 transfer function; .

the lanshvipawilgraranesiers; f or converting the M channel audio

signal into.a first ster Si | dn.re se.to t.he .
first beride pePumiebiaio feul B ey R Gyerso sighl; and
- gener at i&aermbiiRgTiRAvsSHiciapdifer the gBRb Mér frl deb@InsO b thbat least
first stereo signal; 25-coefficient neans for
one biaperehparcepiual TaBser f9Belian ci ents for the stereo filter
in response to the binaural perceptual transfer
function; and neans for recording the binaural audio
11. si gnal . Alfanémitet iedrapbmitiag s Bidatiahgudio bignglhatraasiditer
si.gnal, the nmethod conprising: 30 -receiving audio
comgatBZ:conpri si ng an M channel audi o signal being a
downm x_. : gretilel ' sRad ko s :
paranetgggggﬁgk%%? p%@iing %ﬁ@hﬁﬁyﬁﬁﬁﬁh auéﬁ%mos%mﬂbmnga
dowsingnall antM-chitemeNawhiapined! aad dpaiat pgambter data for upmixing the M-

converting, spatial paraneters of the spatial

changgl, Séﬁ%élé‘{)'g‘eiﬁ'f;%ﬁ’f“?f@{dl%?l ral parameters in

- responsg.h@e@t gdig ashnORe c&h\%@t‘i&%é al?Alh b of RSB
function; WD 2009/ 046909PCT/ E 6)08/ 08300 34

parameter data into first binaural parameters in response to at least-one binaural perceptual

transfer function;

- conversion means for converting the M-channel audio signal into a first stereo

signal in response to the first binaural parameters; '

- a stereo filter for generating the binaural audio signal by filtering the first

stereo signal;

- coefficient means for determining filter coefficients for the stereo filter in
response to the binaural perceptual transfer function; and

- means for transmitting the binaural audio signal.

12. - A transmission system for transmitting an audio signal, the transmission
system including

a transmitter comprising:

- means for receiving audio data comprising an M-channel andio signal being a

downmix of an N-channel audio signal and spatial parameter data for upmixing the M-

channel audio signal to the N-channel audio signal,
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converting the Mchannel audio signal into a first
stereo signal in response to the first binaura
parameters; generating the binaural audi-o signal by
filtering the first stereo sBgnal in a stereo filter;
S5determning filter coefficients for the stereo

- filter pavametspdaismetns foheoiienting spatiggraceptierabf the spatial

transfer function: and transmitting, the bjinayral '
pearagG o8 g 5L brvaiial PRamRlR SO (o e iR gH perceptua
trandi@QBhMicRY @ binaural audio signal, the nmethod 10

conprising: a transmtter performng the steps of:

- recei vi srgvalsingneias forconpenisg iy Mrchrmesth andielsigaaldnty a first stereo

. i.gnal bein downr ni,x._of an_N-channel audi o signal
signd] i RSpoE s s Tt oo bafim s Lpmi xi ng the M- channel
- audi 0 si gerb filer fdrgehtrefaiime birueil Qudib §izahl, by filtering the first
15-converting spatial. paraneters of the spati al
sterep sieAlet er data into first binaural paraneters in
respons . r. .
Fin ot ot S or Wl B hit ARARERIIE bR fhrin
respis@ tathe ibiviaarad péicetialstaesep fiwicgoalandn response Mt he
first binaural paraneters, generating the binaural
audi o shggmsfopsmIttiae thepipgaakaudia sighaga@g si gnal i n
£ P determning.filter
arecgigef ?g({cgﬁ[tlﬁsé%g?{nta éalg‘fidel(r)glc%nﬂ'l ter in response to the
bi naural perceptual transfer function, and

transmtting the hinaural .audio,signal; and.a . .
13. [ aceiv et%m ﬁgc?lf) SFRTHEE ?ﬂgc%f()é [56(\(9{(11}1%82’}@ altlerI% signal, the audio

recordidaih Rk BRPHGng! gnal . 25 16. A conputer program
product for executing the nmethod of any of the clains

- 14 and mé&ans for receiving audio data comprising an M-channel audio signal being a™

downmix of an N-channel audio signal and spatial parameter data for upmixing the M-

- channel audio signal to the N-channel audio signal;

- parameter data means for converting spatial parameters of the spatial
parameter data into first binaural parameters in response to at least one binaural perceptual

transfer function;

- conversion means for converting the M-channel audio signal into a first stereo

signal in response to the first binaural parameters;

- ~ astereo filter for generating the binaural audio signal by filtering the first |

stereo signal;

- * coefficient means for determining filter coefficients for the stereo filter in
response to the binaural perceptual transfer function; and

- means for recording the binaural audio signal.

14. A method of transmitting a binaural audio signal, the method comprising:
- receiving audio data comprising an M-channel audio signal being a downmix
of an N-channel audio signal and spatial parameter data for upmixing the M-channel audio

signal to the N-channel audio signal;

- converting spatial parameters of the spatial parameter data info first binaural

parameters in response to at least one binaural perceptual transfer function;
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- converting the M-channel audio signal into a first stereo signal in response to
the first binaural parameters; -

- generating the binaural audio signal by ﬁltéring the first stereo signal in a
stereo filter; |

- determining filter coefficients for the stereo filter in response to the binaural
perceptual transfer function; and

- transmitting the binaural audio signal.

15. A method of transmitting and receiving a binaural audio signal, the method
comprising:

a transmitter performing the steps of:

- receiving audio data comprising an M-channel audio signal being a downmix
of an N-channel audio signal and spatiai parameter data for upmixing the M-channe! audio
signal to the N-channel audio signal, -

- converting spatial parameters of the spatial parameter data into first binaural
parameters in response to at least one binaural perceptual transfer funcnon

- - converting the M—channel audio signal into a first stereo ssgnal in reSponse to

 the first binaural parameters,

- © generating the binaural audio signal by filtering the first stereo signal in a

stereo filter,

- determining filter coefficients for the stereo filter in response to the binaural

perceptual transfer function, and

- ~ transmitting the binaural audio signal; and

a receiver performing the step of receiving the binaural audio signal.

16. A computer program product for executing the method of any of the claims 14

and 135.



