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Met hod and apparatus for generating a binaural audio
signal FIELD OF THE | NVENTI ON The invention relates to
WO 20R2¢478Y and apparatus for generating a bi nabf HEPH P00
signal and in particular, but not exclusively, to
generation of a binaural audio signal froma nono
downm x signal. BACKGROUND OF THE I NVENTION In the
. 2 ; r d S

R e B g e B e s spat i al
audi o extendi ng beyond conventional stereo signals.
For exanple, traditional stereo recordings only
conprise two channel s whereas nodern advanced audi o
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
FIEDD bF =E novpNedORyY sound sources. Various techni ques
and standards have been devel oped for conmmuni cati on of
such mul ti-channel signals. For exanple, six discrete
channel s ' . : :
Cranom £t o o ao edto e il o AP S K RO b
avdtie sigoa @nd\incpactiaGlad g notexcipsively Dolgoyerdfayi afa binaural audio signal
standar ds. ver,, in order to provide backwards
ﬁggﬁap'g??oo?(wn;@%ll ali s known to downni x the higher

nunber of channels to a | ower nunber, and specifically

it ownm x a 5.1 surround sound
Qﬁgﬁ§$6p§ﬂg85hgﬁ%ﬂ$§€§tgpgaIIomﬁng a stereo signal to

be r elor gctuctmm)de%aﬂ &&Y% ﬁagtbeexg@brerdﬁe@dm mmldhaapa. abdio and

signal by surround sound decoders. One exanple s the
SpP @lllbﬁ’m&%‘fa&Gf%?’ftb‘}dé“&:‘?féfPWg“}?é(PWS’&?l TR pigpals ¥
eﬁhgﬂ_ 1) @laditio8d) AlerdoSreSNMBI XY cdhiprisedws CRANROs WheRA4 modern advanced

Adai tional signals are encoded in the ancillary data
aydip syssmsdlypieallyrige Ane prERcehannels,i as ihiie pepularel: bensFoung sound

] - E 1 h o ‘ e

VAL pRpARREGS BBl skl Biprlnce PR b ol ¥y pe
surtamadehbysoded smieceshe st ereo downm x. There are several

par anet ers. whi ch, may he ., use descrihe 't tial . ..

P oper t 1 ezt Eiies 4fg $ARardshafE B Blobntd GP AR pnigaton of
sichtmsultichamebdigmatsoBor exampk] sik iditretesohaimedssrepriegenting a 5.1 surround

cross-correl at.ion between the | eft channel dth . .
ST 8 FA TGl 0 SE0F U5S M APESSRT AR 198 Adwetcal Audio Coding
(ARE) BODEby DigitaPstefdatdie channel's. In so-called

(paranetric) spatial audio (en%&oders, t hese and ot her

par anet erlowver, & erdaktodaovidehrckwardpeomppatibility dids known to
dSWERR the Higﬁérqﬁﬁlbtexoof channels to a lower number, and specifically it is frequently

used to downmix a 5.1 surround sound signal to a stereo signal allowing a stereo signal to be

reproduced by legacy (stereo) decoders and a 5.1 signal by surround sound decoders.

One example is the MPEG2 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 MPEG1 decoder will disregard 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
wa@eaolcopar anet ers descri bi ng the spatial properCT/ERR08608300
the original audio signal. 2n so-called (paranetric)
spatial audi o decoders, the spatial properties as
described by the transmtted spatial parameters are
re-instated. rce. positionin curre . :
AJETHST il S PO i o e Rl B rpffisot spaal auaio
(M&dderspihasehad botirnfaraMuie aed Ex@ated Iﬁﬁnﬂﬁb bliginglouie® sig'mal in order to
add significant_ value to the consuner ﬁ Efrlence
a

P{%@F@( IpHWE qlgflaélgjivu@gq gzgtxc{egéquylbeq, g&f@‘?’ﬁ’fj r example ox\ﬁg a single
chdMibr gfus heads p%n%fet‘se(fetscnb‘ﬁ&eﬁb fsf)a(ﬁﬁi Prdpertids dﬁh¥fﬂ£ﬁf‘fhl bfdio signal.

recor rep roduce bi naural audi o si nas
Ic smtadled (mwrtnc)cﬁp@nlal aedip decadersthe spatial mpqrbes\m idegeribekby the

tr?ﬁjsr;%ﬂef ?ﬂatn%}gf’aw&rg htGe-ifstpgur al recordings are

two m crophones mounted in a
du mTy hu nm s&mﬂdpuxso poditiinirighie cureently genlinganieckst, espec1ally in the

e ENERITXCTRC I WM

téifhd chbRRnRaEperiBhdaatted Iposigiciddn BDseftbctii ety cifem(ixi‘g &1l ‘entedf-head’ 3D

that is t er epphoni c) di ngs i.n that
gf%‘ﬁr Sreiticalbh T# KBV fedeod ARLEERRD ngu?%ﬂﬁ éhil? sigpgjs which contain
speRIIRL S AN ifortRASS &) wRith HRMIRAR BASs setbieil € BBinduraltréJofdings are
recording is generally made for reproduction b
typicadly easlk aping twpmicsophopesaounigd in 8 ymamnnagy sq that the
r{PRIBEHEI Dieion o BE bR ot bR LRl S ks 4y
irflueaces plae tethe pleape eﬁthc danad a@gbﬁ ears. didural ineeardings differ from stereo

st.er o n or .
RS RO Bl PR o B i secontipe g generaty
iftynded forcd helads@t exledpheges, shersagnsttreavrdchrdingsie germafally made for
ger eltul:;n.}r transfer fu ctlons

IHEEREA YO 4R, RSP G ArhE oign of ol spadal

11§T6§ﬁimoﬂ RGinR @AF/ thbo ¥h&HnBR! a &64e6 édcBrding wéllé nétl [Govdlie thésame spatial

-known 't ype of spatlal per ceptual transfer
PPWﬂBt!qnon is the so-call ed Head-Rel ated Transfer

Function ﬁ@ﬁ)duaﬁﬁmﬁld @Ee‘?&)tphé(rﬁc)tdf%ﬁﬂ@gle PahtRk.g. 5.1) recordings

per cept ual ansfer function, I'so takes Into
meaydsuransfornddaipto) binpyral mehmgg;bytcn@vqmng gachgegulgr signalrywith a set of

B L e e S
hbiafdeddy andiRisEibyy othwin Dbjectd,etmdm bignal hve welldmgwe typerof spatial
certai sour.c 0Sifi t

refenol e inp GaiS freB Yty ity SAHELThelth (BRTS. an
afiératie t?:ﬁbpévﬂ spatidl perotptiial trﬁiiba‘ﬂrf&ﬂxct&bg\nhlbls albcy taltesing anﬁount
HRTFst er eby aIIo ng.a binaura

1p%q caused by qlenwg)l ilingand flogr ot a roo 1s the gmglrlr%}/koom Impulse
Response (BRIR).

Typically, 3D positioning algorithms employ HRTFs (or BRIRs), which
describe the transfer from a certain sound source position to the eardrums by means of an
impulse response. 3D sound source positioning can be applied to multi-channel signals by
means of HRTFs thereby allowing a binaural signal to provide spatial sound information to a
user for example using a pair of headphones.

A conventional binaural synthesis algorithm is outlined in Fig. 1. A set of

input channels is filtered by a set of HRTFs. Each input signal is split in two signals (a left
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user for exanple using a pair of headphones. A
conventional binaural synthesis algorithmis outlined

WO 200Bi0gnood. A set of input channels is filtereRChEPR08/008300
set of HRTFs. Each input siynal is split in two
signals (a left'L', and a right 'R conponent); each
of these signals is subsequently filtered by an HRTF

‘li\’? i oRec, Sanmen's TSt fise SR OB Tl by an e

Eéxﬁﬁxﬁg folige Jle@fréd ufd sgirte wisitpHIAK ldjindr sigaald aichs@bsequently
rig

t-ear si are summed .t o, gen the,rl ht
SWS@MCHEYG{%ET ledl;binay Fa? opRRiGYal & g’@ LFY Skﬁ%gﬁmt fgpmed to

&fé?atéﬁﬁ(%{ ghEbifathll di und encoded signal and
generate a surroun sound experience from a binaural

si gnal . FBecodsrpfiemas atgkaeyh S canreeeivasa ayours samid wpgagdrd signal
r
o KR Y RP  0l y LBe GRUE FELAP espton
smmnsmm knsouwblick xkixew aeureudcoutisigmbio tefconvrted to a surround sound

headphon Fi trates wher gjn.an
bigReel ST Barare e st b Pl pBiefie LR 1R R et npfpnones
3 pat i lal pllc':ig anglﬁ.lﬁtkatesda(?gdy&erlnmrélﬂ BMMPKZB(? gdﬁduﬁdilﬁkdoﬁer receives a
e-nmu tlp exe e tipl exer 1) resu
stepraisicap] Yish le;%ga 8 Jfﬁﬁmw blﬁ preapy is gpm “i*wggxed%y a
dbahiti Ffex&' o F)trés%ﬁfﬁgl iR sﬂﬁlﬁ Aindisrs B0 AJGOMURYil PlRah. TR MAtter bit
or stereo decoder (203) he decoded downnmi x is

steasbigeldcasipd asing a comentrebero pryeso degrier 29 Bhedegeded downmix
1@06&&%@ 511'1?' Qr% (Zbﬂz G/ﬂwﬁgie ; ﬁeg 4 ANRMHhRA oﬁ@ﬁl lha@led on the

par amet annel out put
trpnsnnéect@atlahpaaanm Emlllystyn B elansel aypuf Boen fredessed by a

btglg %Qs]‘.aytn %gl\s/ Is%g ng%)») és%% Par Iid gt dfq’ n% IZreQQIVB ] in § H#Q\H‘%lhoeutput signal

urroun sou Xperrence
ptting dumpuad sousid eRpaienapipniseauser. i S corrpl ex and

requi res substanti.al tational source '
further PR AU B PORAH § AR ans Bt siry AL tomputational
rebiircé and May further @eiicetaQdio\qaalg aRd ﬁlﬂm&udéfauﬁibﬂ:&&tlfacts

di sadvant ages, it has been Qropo%ézd t hat Bar anmetri

mul t i - chalfmEder ey eEcamsome ot then a8 i b hegn Rroposed that a

pRYafR#Hcahu1ECRAHRP IR PdR0ddr hbS sinhbinddabitiPa Blahirht s5HBEE higorithm

SI gnal can be rendered i n headphones wi thout requiring

sudthat meuhmhapnei signalenn b¢ tpndered in hepdphonefawishat eqquiring that the

e e
dswnhucdefahﬂjmnksl,-chahEI signabusisp #RTH ﬁlm$ ameters for
recreati

t he HRTE Isp?&legodeﬁs heglg)nlmq% @at%{gérarﬁéteré ?orr}g Ted g%g\%et 1lﬁult1—
chenhelsiinal sre ebinbined ith the KRTF ﬁilt&g im ki tle@ehaat“e :&embmed parameters
to eertetelnaura al . |In
wichann Sl Weapp o ArdBvpry siggil s Bengiare he Pzl fgnal. In order

to do so, the HRTF filters are parameterized.

An example of such a decoder is illustrated in Fig. 3 and further described in
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).
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An exanpl e of such a decoder is illustrated in Fig. 3
and further described in Breebaart, J. "Analysis and

waywhe®ds of binaural parameters for effici eneCBBEP2008/008300

audi o rendering in MPEG Sur4 ound", Proc. | CVE,
Beij ing, China (2007) and Breebaart, J., Faller, C
"Spatial audio processing: MPEG Surround and ot her
applicati s, New York (2007) nput
bi tstrea H}PPEP‘Fﬁ“ﬁé%B%tP‘in&g spafial RRERFETsARg 2 éﬁn b pignal is
r&b@@@by h YemEEiBiex&B0OIY The Ak isigh@X88ecdldd byl SivbEhKdecoder
gnhal is decoded by a conventi onal decoder 303
39%56@111{19&@14??0&0 ploYie@ dowrmaixeo downni x. Addi tional |y,
HRTF dat a [
roans. of AU EAQLER TR Hab Ord i BRAR0 R Horsf8 il by means o s
Hl?é"sl’ubaramgemﬁﬁctmmnéﬂé r BheaesultongrHbR e narametarscammls'h@h'n a
ener ate c to
C&We ilol'%laul,llll!ta ener tee (r:oS oblrr%cpe%aéargeq?rgﬁe%?ds to &% Wﬁxrﬁgpeirﬂgeters.
Theu&‘q;lafa&cétsaé ﬂesc:ﬁbeahe thabiaghéffeet ofthe spueihlgyasantdiéts hiethelRIRETF
E{ ocessing. The spatial decoder synthesizes the
CAEtal out put signal by nodifying the decoded

downmi X sTiphtidl QBRIAGEH nttREiz4shBe &hmﬁw@kpu@ﬁrgmy%&mymg the
SpeC| fically, the downnm x signal is transferred

degodeds dasynmig signpl degendsaren e hmawabgﬁranwran%mrfml% iﬂxe downmix
S%Qa‘i i eansm%d &4 &m*farﬁmi filfle E%onﬁg?b bfaﬂik&&ﬁ}n'xt)éw (or the
rovid decoded downm x signa a transform
C@qvgnmn)al dephéert3ﬂé maly simetiynprovide thealgeodep dewhinixadignal as a transform
t

SR a0 BBy PP R A e o
sutibands. Pler Subbarsl dowdwilx sighaliifedpea atatrixnunitr3 18 awdfictspebforms a 2x2

bﬁ_g(d Ift t he té g‘ntted downm x is a stereo signal
g %alloﬂb%?ac '3?1 tothe matrix unit 311 are the

two st er dotteitgiRshisted dbwhinix it b 3163l sidnalkhél v it signal to the

nono slfiinal ne of the input signhals to the matrix

TghP st 31 arsthe fK0 HeRTE sigpgindf the fnsmided dovsmixiiyp monp gigaal one of
tHQRrU 5ighAb RANS bR uriSI 1Mi¢ Bk midhoSRAYIRAY 't&rlﬁherld%hl)% g

of a nono signal to a stereo signa ; For both the
d?ﬁ@ﬁsh@ﬁwg@ﬁb(geulaa svEoRysasionaliupeixgg pf & mape sigwa 1o a stereo signal).
perfo”mlfol?%oﬁi 5915}(1(9911d§’l‘%}§580\5mhi§est rﬁéfnngﬁpglf ﬁ%msthe
nunber, n the s transforminterval) 1ndex nu

operatidne rratrlx el enent s for sub-band k, y " , y " kK the

two i nput 3 Isfor rﬁand k, and yL " ,y R'"* the

bi naur al |Jui u hsh ghal les. The matrix unit 311
feeds th }ql mal ;ag’t i gnal sanples to an inverse

where k is the sub-band index number, » the slot (transform interval) index number, h,.}"" the
matrix elements for sub-band %, yLo VR Ro the two input signals for sub-band &, and

yr L VR, * the binaural output signal samples.

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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transformunit 313 which transforns the signal back to
the tinme donmain. The resulting tinme donmai n bi naural

wGa@aakessan then be fed to headphones to proviPET/EP2008/008300

surround sound experience. SThe descri bed approach has
a nunber of advantages: The HRTF processi ng can be
perfornmed in the transform domain which in many cases

can redu t . of . 1 s Ch
et he. sapte HE LA EREREng bad bEPALAEE il H2hafkidiml AL Sfhicn in
niahg cabes\uii rediRe girealumbEhef teamsfolmes thiayare fequived @y the sasd mapsform
is .very low (Lt uses only multiplication by 2x2

domeip; slﬁe”éi‘é%qrge‘i?swlgdg‘f %{‘ﬁ)”'”rnﬂﬁé%@ﬁldent on the nunber

of si nul tAReQHpleRHY o tHe prstRidE: is Véry Gaw (ib8sea pRlyi iRl tiplication by
bot h nono and stereo downm xes; HRIFs are represented
2xhmatriges)yangd snvieeallyindapenrdenien he ARBbE Hf sialiapeoys apdip ghpnnels.

Itgﬁrrlg 8§ &%Eg to/ ﬁ&tg nﬁ)fng Il SiBfeb YowhiRgY.er . the approach

sonme di sadvantages. Specifically, the
HRI[Fs @eecrapliesentad| iy a yenytcabipactfrnneRNEdencedan §e fransmitted and stored
rel #iivzi y short inpul se responses (generally |ess
VPR 'CHEYt r ansfor m i nt er val ) as |l onger inpulse
r espons esHewseqtthdxppteph ese hissdnieydisatheanpes Bpteficadlydthe

PRSI A BRE Rt B SRBOSER Rt enrty
156 Hiah RS Pink RAS intSPEG b loagérliMpulbd R sunpesaasivt by piptaktyd by the
does not work with echoi¢c HRTFs or Bi.naural, Room ..

PRI IeEEedBRbRIH ST EbRs T 4t hE PRIGRFRIE DPIGIEPIS T PFis

NRFhnRal halifg Tl Rhdek Yor FREBLratibad) ShdteridaRy, a@dpprdach typically does
approach. Hence, an inproved systemfor generatin

. g.a
nby wierlrveith eshelic SIRTFgron Bingsial Ropa Iapvise Ragpenses (BRIRS) pyhich can be
i " g . Lhility,
R ot B SR Q300808 ot Lokl L
reduced rHeweayacmpsagd systa for gengratingscbingwwaliagdibisiginalywould be

o different audi o environments .woul . S.
a4 apiaRear et e R AT SR oS By BhAssR
peEeiBnte) foilthted abplymentitiopatedycedlrbsouicatueagerand/or immated

one or. nore of the abaove nention dj sadvant ages
oBRIRPYOP CLEReRl e A0 HORFTEO L5 AV £ r st
aspect of the invention there is provided an apparatus
f or generat%&g a bi naural audio signal, the apparatus

SEBMARY RF: THIE BN¥ENGIONecei vi ng audi o data conpri si ng

an M ch anR@éor@Hé’lgﬂhé {RAIonREIRD0 Bref@YBI Inktigite, lleviate or eliminate

N-channel audi o~ 5ignal and spatial ?ararreter data for
onp i mprepftirecabiove mantinakd disedvantagegrsinight of in ay seretinatios|

audi o According to a first aspect of the invention there is provided an apparatus for
generating a binaural audio signal, the apparatus comprising: means 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; a stereo filter for generating the binaural audio
signal by filtering the first stereo signal; and coefficient means for determining filter

coefficients for the stereo filter in response to the binaural perceptual transfer function.
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signal ; paranmeter data means for converting spati al
paraneters of the spatial paraneter data into first

whRwau@h9 parameters in response to at | east OPEI/EP2008/008300

bi naural perceptual transfet function; conversion
means for converting the Mchannel audio signal into a
first stereo signal in response to the first binaural
paraneters; .a stereo filter.for nerating the
bi naur al BdSAELRAY 29 AR fRIpy AP IRER plifle s1El gp b eenerated. In
parti@ilad] emBinenesf the itBhtidieansudearcodbimtion of figubndytaad time
coefficients for the stereo filter. in reseonse to the RTF
proFesHiAE 10 ESPErATAR| SignalsarRoting FRBDICHOIRRRVITRS B/0r HRTF or

BREYs Hth BYe Fph1SPHeshoasesOANEH cBnp RYAY AnpléHEtionGnddebe achieved.
gener at ed. IR particul ar, enbodi ments of the invention
Theagrocgssing may b iimplemented ithrley cempytationgl ad/er MINeRNE SSPRGe
adQndgnerate bi naural signals reflecting echoic audio
environnments and/or HRTF or BRIRs with |ong inpul se
r es pons esTheMdchaunebayglicedavinmik signalmest spe¢ificallyebe dymono or stereo

.achi eved.. Th rocessi,ng na e | . nt e i .
S Lo 5 g Pl f RLSITRIARA 04 oA R o
5.Mog hamﬁbu@mgrm.m?iﬁal pargmeter doymayp mbfﬁcam_,]t d:qm}’g_ise alilnter-

nmono or. stereo, signal conpri Si a do 0 .gher
o e a1 e SRBon s A BEIY e ot Bl e
bidhurdl percepfua Pt fes g abn(s) Mgy SOBRTRlor P BRARBa8sfedRhEiONRY.

specifically conprise interchannel differences and/or
cr oss- corAesbrdingie agioptienad frague pithe inyentieng th 3pRaratyy firther

c rraé{%ée u%@%‘é E%JI traRSoRRRE Wa MLdhaRRI fldid P 6O/ $time domain

R transTer function(s). According
tot 0subhamiptonmiadnds vlzrein ¢hefonvérsion meanstand the stereo flgrds amrapged to

further comprise [ transform ng the
mﬁﬁ"&‘#}gﬁng“g%&f‘ ‘?)h %béﬁn?&;ﬁ%ﬁbgﬁﬁ%a omain to a subband
donmi n arThevbatuinayt previde facditaedimpleaentatmndredired s¢senrso
filter is arranged tpo individuall rocess..each .
deasia AR B SonmRan S bR BN AR Prpress PR 2PRRatafEy g rogyentions!
dfRainkial@dki@fnd. Pl ement ation, reduced resource demands
and/or conpatibility with many audi o gtéqocessi ngq T
appl i cat i dieerdingte a&_s"%@‘i‘ﬁé"ﬁ*f‘%ﬁ% © Yive “n@dﬁ'iaﬁ_ P 3R Hnpulse
rS6GRE OF HE biRuAPpQBLHneN @hndt&ahintitidn @kcebMea fraléfMni upBate Fnterval.
ration of an 1 npul se response of the binaural
per cept ualhetingsntipe may gHew iap imprevedshinausaltte signgl i@ b generated

' r ] [ ' I j :
SR S SO AR O 0 ) B Ain
caroespbeding tp.audio eprirdringanksawith tong echovazmevedheration charpeterssties.

bi naural signals, corres di.n 1.0 envl .
i th | angRidnBne e PP P ok e Bkt T (AQE b neans i
aRerpRd €0 Séhetate, &6t cagt subbad, Stemb wupuodaniphes sulbsvantiviiyss; t he
conversion neans is

[LO] = [hll hl2 ][LI :l
RO th h22 Rl

wherein at least one of L;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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arranged to generate, for each subband, stereo out put

sanpl es substantially as: ' wherein at |east one of Li
war@oRiIeos a sanpl e of an audi o channel of thePCT/EP2008/008300

M channel audi o signal in the subband and the

conversion nmeans is arranged to determne matrix

coeffici ents hxy in response to both the spati al

par anet er, ta and t

per cept the FaHE ey BW@PH%’WO’I‘E% ‘f‘%“é?‘ t?é 8“0 kp peicrated and/or
mhﬁé&dﬁé@&n@l&lkﬂw al to signal to be generat ed and/ or may

reduce conplexity. Accor to tlon feature of

t he |nverﬁq°6‘i4mgttﬂé“é’8%?‘¥a?€‘?ag‘ﬁ? &‘1‘3§8 hegpfpeans
cdririsPy: Qehfl 39 vﬁfﬁ@@ﬂﬂ)bﬁﬁﬁe é@éﬁt@kh@@ﬁ fulsk FRPOISEs of a pluralit

rlg‘{sponses of g plurality of EI naur al e;n?e tuaF P d
of brizavedl @prcmmdtuamfsr foetians ﬁ@ﬁ@ﬁpﬁgdmg)todf fffréwesﬁtm%wms in the N-

sour,ces
cqaﬂléelis 1 mecoe P&Q@r@ﬁx{?hg gﬂqu%\%\é?&ﬁt é‘gs conbi ﬁi géhﬁﬂgﬂﬁnon of
c&fe&pc&ﬂbgmdbffglenmeff fthecxubhztrsl re;ﬁresehatiemsb bachnieans for determining

Wﬂggtsg' t at Ib(F) FB%ggﬂ tons i%r t? o\yelgﬁtgé coman%m\é’eh g&bgnsg o the
sﬁggquap@ﬁét&matan response to the spat i al paraneter data.

The ‘invention may allow an i ved bi naur
be gener athsdnsatPnmayalloy ap i °¥ pays tsignaﬂ R e %enerate‘?and/or
R rddufdlt ipled Whﬁgﬂ’&%' ToWr Qogipldritg Fethigh fnaYityf filtdrbefficients ma
coe%dful cl enl%gl‘r%a e deterni negi) Aglgord%% to}f an e 4
bodetermningd. feature of the invention, the first binaural
par amet er ]
a correl a‘?ﬁcgn‘ geeo %H&ﬁaanne ¢® @%’@%@n?&%&%%%%mm
cahpyiselcohéFeree fpemmetess mdicatvd ofe earreiatm bereeentshaanglsf the binaural
si.gnal .to be generated and/or may reduce conplexity.
a‘l“hgﬁlﬁml] cular, the desired correl ati on may be

effici ent’?y:l fbatm‘éimhgohlbw an ilmproved bjlagral $ignad pebeagenenated and/or may
R ey IR P IPF O R Bl P vided by alow
chBpleRBHGRrdtRR peSSiofRRriaL. rspéblﬁt:hll}n aQdw mﬁﬁéﬁf}aﬁbband matrix
properties to the binaural uch ert
s e sDEEEF psvioEmed § IARAEF PR e Bl Wofgnerende propertes
ﬁ‘lg lﬂirfahﬁgs%ﬁh@ uch bRIpertied nfa§ bEREiddu&d-pribhtesthe filtering and without

ea ure nm l'ow correl ati on or coherence

rmuamdheﬁlt@s tocke medified. ddns.ths featyreanay dlloggarsslating opghgrence
ow. O it [ ature of
CPHATRVER D gnc\6 m{ﬁ&ﬁ% l rswﬁlaﬁgﬁgﬁ%éﬁgﬁﬁ“g’fs do not

conpri se Atcokdmg to amptiofial Ifeaturt iof the iimentien, reefiretrbinaural parameters

i ndi cative
do not comprise at eas one oﬁoca%zatlon paaxr']a¥ne ers Q&ca’uve of a location of any sound

source of the binaural audio signal and reverberation parameters indicative of a reverberation
of any sound component of the binaural audio signal.

The feature may allow an improved binaural to signal to be generated and/or
may reduce complexity. In particular, the feature may allow the localization information
and/or reverberation parameters to be controlled exclusively by the filters thereby facilitating
the operation and/or providing improved quality. The coherency or correlation of 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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source of the binaural audio signal and reverberation
paraneters indicative of a reverberation of any sound

wa@eomponene of the binaural audio signal. The fPREI/BPM08/008300

may all ow an inproved binawal to signal to be
generated and/ or may reduce conplexity. In particular,
the feature may allow the | ocalization inforrmti on

axcl usi vakSroRrE R ppRo Cani by o anf R istorfieptmeans s

aRRREdtd @ierMib/ tRE filkdrQ ok Micatsi topifleved leasadnktof locdlivation cues and
coherency or_correlatjon of the binaural stereo

rey BERATREPS Cypg yorshe E'éﬁ‘tf?]oquldé’cﬁlw ‘t he conversi on neans

t hereby af.qu %ll%Q/r arnen tdveabmatar a5y t enerated and/or may
| ocalizati on an reverberation to be controll ed

redn@hecpmﬂ@m/l In mrtd:umetheamred tpcalization priey ¢rberptieyy properties may be

o SRR B SRRl S At v

anlcﬁ;tueg mgne:hbhauﬂiolehenrommﬁéuocbleefﬂcsemlg snmilhte¢t at | east

one of l|localization cues,an r ber tlo cues .f,0 .
t he bi naurgrr 'O&ngpgﬁ%ﬁl fea %/tzlgm}'reg a’{lluﬁl(gvl&'lé:hannel audio
sighR oY Bdnd bitBs! Ex@hal%h@ fh@'cohﬁérh@n ﬂﬁﬁlﬁhﬁﬁl@ﬁhg&mdf geher®)a decorrelated

reduce conplexity parti cul ar%éhe desire

su@@aﬁrqnzﬁrﬁwoepdlp élﬂéﬁ‘t?é‘ﬁ‘é? BERSTAS: fti S@éeowab%‘/ a matrix
meuﬁtf li%tﬁﬂltdp}ﬂh&f @\%hApes BiYa Siel2b @%ﬂalfdohﬁoﬁﬁlhg ¢heldeBsredMted signal and
ding i nproved quality and in particular allow ng
tl@ngﬂOe%lld@lSegDabdl 0 envi ronrrents to be efficiently
si mul at edpy 4184% v'e@% auxfa?t%tsﬂn'%l & gdnBBted from a
audi’o

|nvent|on 10 SI IS a nono
mund isignali agd/ak rrtayn dedUhecmnpiv’esz Iropaﬂmdm;sthﬁ svantirgadalioy all

%‘uaﬁéf%rgrﬁl e]{S $50°8 Lgrrag {1%9 P%h%p?l tgfbfn% ea? g(;ﬁilés"lggx?aé?djg{/&gerated from

typidal lyiavmabtelsphtlad:pirlamateappl ied to sanples of a stereo

signal conprisin decorrel.ated s
2t o | GREINHE FSTELAETHES e TGH o Pip FaURAced o Relfod of
Qﬁé?ﬁiﬂgaa' bihdural 'aGdﬁ@'sngBﬂ, e 'ﬁ%ﬂﬁid&!énfph@nﬁg&emﬁg Sthdjdﬂ addta comprising
and may reduce conplexity arti cuI ar fl

an Mehnnpdwuﬁw@pl Rringa 110W1€e|lesuqf éaf‘g uqig siggpl and spatial

pgﬁﬂl%{eﬁhétg Q?r%gﬂhﬂﬁ %%-'ciﬂm}al ﬁ@% ffnad Hfjﬂhé’ NoéHARRY] abidlo Bi@gnal;

generate mtypically avail abl e spatial paraneters.
coueding spatial parametetreof thesypatial pafametrss daiy it fitshbinaysalnarameters in

%P&??gl ?gttl aspgﬁetrmgaéﬁ gl%@ ﬁt&aﬂgfelafug&t%u E@dvelgfﬁg ﬂ%at échannel audio

S|ng recelvihg au
sigasifintos first saerned\,ﬁngma mtekpoasnjuoahesﬁgnbmmbdl papnzetetsingamesating the

Of a?fugxg gg{l‘ﬁq Ey ﬁ@ggxi).ggths Iﬁgﬁ gkﬁegrs?gé% ete r.agli, it?{ coefficients for

R sttt iRdr iR vsdbenss tOtha kt lessd BEbinaural pz:mptual trqmafeafaatmxs

of the spatia araneters data i.nto fir
par anet eP§°"?qli mg to rT{'aher aspect of ?he mventxon t[?ere 1S prov1deaé a transmitter

for transmitting a binaural audio signal, the transmitter comprising: means 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; a stereo filter for generating the binaural

audio signal by filtering the first stereo signal; coefficient means for determining filter
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response to at | east one binaural perceptual transfer

function; converting the Mchannel audio signal into a
WO Roosi4@d®er eo signal in response to the first PCTEP2088/008300

paranmeters; generating the %inaural audi o signal by

filtering the first stereo signal; and determ ning

filter coefficients for the stereo filter i n response

to_the at | east e .bi naur al erce transfer
cqebfiientfor tesksrat \T@ iR EFSBRRSE FRete E@k‘ PpeR(yd ransfer function; and
m'eﬁié%“r&iﬁmxﬂﬁ@fh% birhuf 8Ydi6l§igna. transm tter for

transmtting bi naural audio signal, the transmtter

conpri si n‘@comﬁ@ anotherraspest of ¥ invgalien, dherals Pameds trgsmission

Sl PR 0409 Ry T B i

cmmpnsmg'l gueaﬂsefoMechamg ahdia lsﬂdta@omipg’siag an ¥-thaanel-aut@rsigeil being a

audl 0 t er dat.a r

g ot = Poinnb BTG p iR Suf REP Sl SRLY il o M-
cHanhé&taubioRpnakbh taNahEimRl sudidsiges, gﬁmtérmlaatmémaﬁir comerting

bi naur al perﬁépt ual transfer function; nversion,

STRUAHRATRRS R OF B PR LPAHBC GRSl RGBT gsmgnse toa
1ehét’onb bﬁlﬁ%?ﬁér&pﬁﬁﬂ{radsfer FRFBORNBnVePsibh thehhs fof cdhivBrRitp ale M-
paraneters; a stereo filter for generating the
chnneliwdio sieal itoss @'ﬁbﬁtﬁfb‘}/ signg! dpFespRySe iethe fips bingya} pagameters, a
t?;fe? Her fof g?ﬁ i'dtfﬁ m%ufhgrméﬂﬁlt@'m&‘in@ @he first stereo signal,
tercoe |C|e or the stereofilter in response
coeffi¢iens nigansfor dbtepmnme diitgntoefficients for teustareq Blter impagponse to the

o8 I 8 0P 88 SRy g,

apd Oxeceleer far kcawsgtt&ﬂnmmrﬂymdxe gighall transmitting an
audi o sig the transms system i.ncl udi n
transnmit t"g %trolag?tﬁﬁr as iﬂg&f’&? veption, (RIS p&%‘%ﬁl % ag gpdio
réeOfitig Eevite ferteddrding @ balaualsidio sigadlahe b&lio g:card@hgmvmcx comprising
of an N-channel audi o signal and spat.i par

meaRsfor EeIipERYTiA datesempEHam AR M-ehiand agi?la ey mg downmix of an

NXHaRR B6dio SighAIAnd E&@ﬁi arRAS & BELfor AethAidERao M-Einnel audio signal
convertil n q{)at I al” par arret ers of the spatial paraneter

tafthe al-q:haws fap gmgaalnaamaetep@nawemrfgr qonverting enpsial Ragarpgters of the
éa%%l\s;ﬁarﬁﬂe(?exlﬁa&qmoﬁrsmﬁamgxmlne{eﬁ'?lﬁ%s%fg delid ﬁ{ eln gne binaural

ersion neans for converting t anne audi o

perceptad! trandfer fandtions¢ons¢rsios m@hgfwa konvertingshroMschaneel apdio signal

uﬁ%ﬁzt sé?t%%gl'sl{gﬁlgl ?c[r?gnr?stgl 0 éﬁ%tgbtg?a{fa? Pir'gm%%fs f os'iereo ﬁltteﬁ' for

géreffting Sliecifqural iagdia Isngneldg'f filteting rtite ﬁmtaan&recf signadly entoeffmemt means

er. coefficjents faor the stereo_filter inre nse
419) FR et o or e TP Eepee W Btadra
BR&1Sal h@hsfér faRGHdh! dndBeank for Rk ddadifn@ihe ditdu] BudIOSghaland
a receiver for rece|V|ng t he binaural audi o signa

Accor di ngA¢eerdingtorpapthasasaeat obthe dnyeniion, dhers i§mr °‘t‘1‘F@rqem?t§°d of
trgﬁs@{ﬂt gq H.Pag%(ﬂo Egﬂﬁrﬁib REaRR\Cb ?nglﬁé re&FAhsho @ata comprising

I naur sl gn audi o record &? evi ce
ag prhanaelragdmmsl eing a daveinyik 9§ am Nethenuih pedie sigpaliand spptial

param'vter H&%‘ of upr%lilxqulgo th%'l\ﬂ-%ﬁlinngﬂlﬁﬂ) ﬁgrg?m N-&fam?erl] audio signal;

converting spatial parameters of the spatial parameter data into first binaural parameters in

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

binaural audio signal by filtering the first stereo signal in a stereo filter; determining filter
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N- channel audi o signal and spatial paraneter data for

upm xi ng the M channel audio signal to the N channel
wae@po+s®dgnal ; paranmeter data means for converPCTIEP2008/008300

spatial paraneters of the dpatial paranmeter data into

first binaural paraneters in response to at |east one

bi naural perceptual transfer function; conversion

ns for .converting the Mchannel audio signpal .into .a .
cqatpants s e AL resporth S8 D hkerfsppaf Bitsfey fpfiin; and
trRenafRE MeSinaurd hedieQighal. t er for generating the
bi naural audi o signal by filtering the first stereo
signal ; ARSPIiRg BRnOhELASEE 21§ iIPVERtiQ theFeis .Rr%deefiiai tpgtod of
u;&%&fng'aﬁ&l}e%eifv& altiausdl 86EE sfghhll BE nehddeSRPASIAg I LrdiMitter
bi naur al perceptual transfer function; and neans for )
peréaroning the stepreofbieqeivinglaugiodiayg comgricing amdeeraanel gudig signal being a

ot he. i : . . ]
SRRSOy 5 GRHID L bt B G e
cimmhéleddiocignal oithgN-chamel aidigsignadi convkating spetigpasimeteraiof the

M channel audi.o signal being a downm x of N:- channel
seqtial ranerr Ay TR R PR Mhapndito R ot Sog gl
pelagpthdl eI inAied] DnSergng thetM-chiitieNudidigiall indalal fiest stereo signal
_signal; converting spatial paraneters of the%dsgati eil lteri
inyepnonss tortheibshbipsirg] marqmatery, gengraling [ bipurab pudio signal by filtering

tHeFRHRQRS&D dighafin d KA ARAES dRbMAKINA FiltBEdceARIdAB! fof tha Rt filter in
function; converting the Mchannel audio signal into a

rgspense tasthe bingus] pareaptyah transéys Surakion,qnd fransifting thg bingnral audio
. : ; ¥ i | . .

SRR iy pRRGRb he S5 ob kR et ith B B lgnal
det er mi ni Aggofding orapothef dspéat of thefimventions thereis providedtaggomputer
in_respqn to the hina [C I

Pt PR e ite TR ofEv s AR et P Blhogs, |
Accor di ngTHese aiodthe raspesefehtucds ahd edvantagest dfobre, invéntioe Wikl be

rovided a nethod of transmttin nd receiyving-: C el
SR ain B ASGIeg s el Ris BE A PR ep dfshflehereinatier.
transmtter performng the steps of: receiving audio

dat a co%i Si r;g\pan M channel audi o signal being a
Bdlih RESCBAP BIONOE AR PRAVEYSS si gnal  and spati al

par anet erg i BmERE ot BT inVefiSor Wil BLARSRBEA, b9 Uekyd FEkAREE only,
to the N-channel audio signal, converting spati al
witireforenes to thyf drawings,gamhigh par amet er data into first

bi naur al r I, o I : :

Igg'r @fé‘g{) Slg.ﬁtrbt%nr cﬁ?ﬂ %B?r%aéhofoﬁ%%neﬁﬁﬁﬁ oP4{'binaural signal in

bi naur al transfer functio converting the
abdocdancewith pooki at; si gnal into a first stereo signal in

response t.o fhe first.binaural r t I at | .
tho bi nadtg 2 RanibisEpghdt 3 Ppropd B Forkfalion BF{ Gl Wgnal in
abdoedmee withpAbrdr) a stereo filter, determning filter

coefficients for .the stereo filter_.in response to the .
bi naur al &rtignitustrationfanappion fpbgﬁnegﬂgno a binaural signal in

abdordbnbd With BRotd#e Di naural audio signal; and a receiver
' the step of receiving the binaural audio

f
gieg nal m Aech diupfEptescn davise e seaeping 2 Bipawrplaudiosigig] igrpccordance
WithSofhe'cmbBiheh A BF 1R iFRIRGE;S

Fig. 5 illustrates a flow chart of an example of a method of generating a

binaural audio signal in accordance with some embodiments of the invention; and
Fig. 6 illustrates an example of a transmission system for communication of an

audio signal in accordance with some embodiments of the invention
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program product for executing the nethod of any of

above descri bed nethods. These and ot her aspects,
wo e@b01@89 and advant ages of the invention w | | PGEEP2008/008300

apparent fromand elucidatdd with reference to the

enbodi nents) described hereinafter. BRI EF DESCRI PTI ON

OF THE DRAW NGS Enbodi nents of the invention will be
D?hﬁ%%tﬁ"r?escfiﬁPWNQfF PHATRIBOBMNTY [N reference to

e drawi ngs ig. I's an illustration of an
approach Tlmrfoklmweg de¢scoptiof fosusks omembddimens af the invention applicable

acc rdance, Wit is an i.ll stra n,.

o RRIaRG bt e EPiane doiia ot APIEIGH Al Hha
clmAsE. qalﬁﬁﬁlciﬂaxt fhelieb@iptioh Wiill bé Gpprapriate @R gédetdtivh b8k b@Aural signal
of an approach for generation of a binaural signal_ in

fox bessiphanciePipavasiop fiogh anMPEGruground saqund, bit stxeast crioRRAASRg 2 50-
caﬁea 9@85 rgrg%uan BiaP A" Bhafhtl R isphsd @ﬂhxcht@d m;wfﬁansq 2 mono

sone e diments of the invention; Fig
dowm mvc (the Brst ‘poé’).cvd-clranel refonsiructine tihe gecond aﬁ hmdhso@nacbf

%gﬁg{e@#ofég ia?%)mlggtﬁ t?f%e s%gt'uﬂ: ?Il gﬂ:@llea ﬂ]é’@l"):)?aglog gﬂ ‘aﬁ"fe%rft tree

he "I nventi on;
stnickuted daatbe Soumd ir Kanp) J IQbrlmgt KaBsevbsm on Fazl}w,t(éni)isoh S,

(o]0] ati on of sign in _agco dance '
Sy S e R e K.,
MFE@@@MB@WO ; HME&S;’@I\EP% Et@hda@&\fdﬂ@ftﬁmmndoédnﬁmnbl@m&&hannel
on enhodi pents_of _the inventjon t

2y eelag s Por- 2R enmapntione éean@uf’ﬁﬁ a@&@ﬁqaag Bersaart, J., Hotho,
cAqupRtas Pf Séhu@érb' il bbe®WSRa! dPar CHaBAG FoundNconcept, and
partl cul a descri ptl on will be approprl ate for

argbiteefuze pf)'ihe @q‘ce!& MPEG $ugourd andard e mpliizchasngh audio compression™ J.
ALGREH wta,lsulsg;s&wns@g? F/ﬂfﬁ%ﬁ bbﬂungwéwf Nelwili be t;eﬁga{aed that the

encodé&d u configuratio
idvaaidﬁ is hetrinmtesl tathis mpmat(omﬁm may ed. tryapplied foimany otlger pudio

Bl R bl Sl ipun el b Aereo signal

par amet erlhpéivt arhdevices suthrag thad of Fige3,dongidRTFeor BRIRs cannot be

tailed info ion on different tree structures c
ofS R FRPSSFRRAL Y e Paratheieiged b ehati o BBl Rerogmed By the
madi 8iit 31¢. In eSS the sﬁaban&’bﬂaﬁbﬁﬂﬁlﬁxphé‘dtwné@ﬁ maiied to]represent time
H | pert, J., Rden, J. , Linzneier,

detrejp gmpse rssponﬁﬂSﬂ_JGVlsa P ﬂs{fﬁan Wh’ﬂli'éOFEﬁBORﬁDEGh% fralﬁé%{f'b“me interval
u&:‘& Cf offthf hﬁﬁs?&ﬁnaﬁ@toctﬁ%hm EmBHbrhhin R RR&hpI&UFIN transform is a

Proc. AES convention, Vi enna, AUStrI a
ngg ] gm)era‘m@sme(ﬁﬁ"g)' gach FFT intervaloof N samples is transferred into N subband

samples which are fed to the matrix unit. However, impulse responses longer than N samples
will not be adequately represented.

One solution to this problem is to use a subband domain filtering 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 ) hil hlr;-l,k hlnz-:.k:l ylv—lk
y;.: s h;l—l,k h;’{"" y;;u

where N, is the number of taps used for the filter to represent the HRTF/BRIR function(s).
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G, Koppens, J., Schuijers, E., Oonen, W, van de Par,
S. "Background, concept, and architecture of the
WO e@eft69MPEG Surround standard on rmul ti - channePCHER1008/008300
conpression” J. Audio Engingering Society, 55, p
331-351 (2007). However, it will be appreciated that
the i nvention is not limted to this application but

e i e BB S el PR wsa ePprBiers ocaet

sdbﬁarﬁi @h&fdRadh ;g&ahtaudrnompm lchaint] ad\outpascimundi ofi shetrhatix unit
of Fig. 3, long HRTFs or BRI Rs cannot be efficiently
3 igpresented by the paraneterized data and matrix

oper at i Oryj tdagh FRY bk ¥dvaRiabeodid In sdnie @hbdiirhent
t he subbangl%n%trlx rpM’tplp |ca%|ons argellmied oo,

als@ passoum astocnteddinedyantagep Fos example GIFSYECRAGIUHGS éour filters for each
Sl}%ﬁ wglich g@{\g@?ﬁ& Pﬁ‘gﬁgp&e tc?m?fgﬁl& LRNRIRED rEduHF:ments for the

trans mat1on to the subband
pilocéseing OFmathermdreyin enanpohses 1t|rn‘1aytli¢e:omphm¢d; diffi¢ut or evgr impossible to

Fourier Transfor FET) gach EET | I
gFneTyle @ﬁ@?fé‘mﬁg‘* ﬁn'f 3RFU % AT Sg (\illﬁ Cﬁﬁar eﬁ?ﬁg Ulse
re{s S&Iilt rix Iunl t. II—llowever i mpul se responses | onger

an sa t b d

sol ution SnH%Cl[%ﬁflg o%ﬁlp eﬁqtﬁgﬁ@ eé%%tr eg)g:ﬁg gttﬁxgc%herence of

tkfe'ﬂufa‘ﬁfdl e&nﬁrz-eﬁ gélsshmvuf&mitmmte melprmtmw papafi@trs and irsnsmitted

replaced by a matrix filtering approach wh re|n t g
spatidl pararoeters bessalepth pRrameter YassRXIst i gsamen aranjcter) domain. The

cc%g%ﬁ% OERE %mam?flgﬂeg Q@ﬁ&dp{)@ﬁl@ 3 SheichcBBYWeBS ﬁﬁﬂﬁ’d&f scﬁmd source

e matri x mu ['1'cation glven as: where
snrghas (asmbﬂ:nbcxi by dnpspamégarﬁmctetsh and thetagoustienl pathvay 8ﬁtn the

e HRTF/.BRI R
BT 00 D5 B b T R0 BB R catatit, i
wighéreiiceaanies, nad HRTR uramfeo ﬁmicnqmstarecznhdm;ubeg 2 glatigsical
‘ channel of the matrix

3.11). Alth
R e S R R DR
réHd%ﬁ’ng‘ﬁﬁl BRTE pRteRiigahe be ehrmcbaame&@bea thé-parareetanguinein. This
the systemreqwresfou‘[ filter e Esub
prdeessHS desgnbedi ia Baeabyart, J crARbEs apaéy%%‘?fﬁ P gﬂ*’dameters for
eh?é&VBB%u&ﬁqeﬁqeﬁHEHIMpt@rs&ﬁan@f PRRSKIME; Bé?};ﬂg mmmnmn and

I'n many cases ey be conplicated, di fficult or

Brcqbasleb IFelhtroC %Swenaitaedlp ipeocessingMPEGs Syiruan aa%etaﬁraacpellgatms ,
LAY A 0 P SR, onapiA i
theJencB ac¢dmhng: umac qm:zﬁedfvahlh cabbeehiringd by enmbiratienieéa
G5 S 0 o AR A S0 i s
dedpided RBrtbaan, 1. henslam'ar (Sp &ohireisel,)A.dSchaijers, h‘é‘arametnc coding of
stereo audio”, EURASIP J. Applied Signal Proc. 9, p 1305-1322 (2005) and Engdegard, J.,
Purnhagen, H., R6dén, J., Liljeryd, L. “Synthetic ambience in parametric stereo coding”,
Proc. 116" AES convention, Berlin, Germany (2004).

As a result, the decorrelator signal matrix entries (h;2 and h;;) follow from
relatively simple relations between spatial and HRTF parameters. However, for filter
responses such as those described above, it is significantly more difficult to calculate the net
coherence resulting from the spatial decoding and binaural synthesis because the desired
coherence value is different for the first part (the direct sound) of the BRIR than for the

remaining part (the late reverberation).
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coherence of the binaural signal depends on the

coherence between i ndividual sound source signals (as
wale@enidsed by the spatial paraneters), and thePCT/EP2008/008300

acoustical pathway fromthd3individual positions to

the eardruns (described by HRTFs). If the relative

si gnal Ievels _pairwi se coherence val ues, and HRTF

transfer descr st ati
( par amet rﬁrp ﬁ'n er%ﬁh{ th%fqul&%e‘f 8‘265! e rcgg u#%ge %845%%%13' with
tifnB EF &3 @RAYhple, Otheﬁfse pirt of a BRIR mal deseribethe rdg'ecarsduddR'ﬁEthout room

ol s T & Areioiaen dpesioprisun il baREh fpefie

reﬂ%@l@h ¥y E? RO dPraHb@s hiid AHivAlitindedli FbreRak, Ne bdigh édhérence) The
ficient 3D audio rendering in MPEG Surround”

eartwgﬂem@nf anfatepyerker{t oo tha eihephandpars often I:FlatWF‘éulFSé directional.
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ALY FASEH gl:%gﬂ’g% %q%?aﬁ)lzaqi?e o(rjpre}é%a o(}u 1mE§rtant rofapture
abdueatéTP BGt tﬁisgﬂt@l belniffivai becanse 1awmilﬁrreqmre leat &itel oohereﬂ'delcﬁ the filter
ri bed i n Breebaart

d
rq%rggffsggég Ieﬁfmggj 8epge ne PR the pogition ﬂé‘;fl%f ?cft%aq ggtaﬁ Wépo&se Whlle at

1Rl SR PinRRUHE full. fillPRASd e «Jhoum)a&pe@diox&hg rsgdnaPpmmeters apd the HRTF
1305- 1322 (2005) and Engdegrd,

cgefficipats| Thig ambigation gf s thisg P Eenl t%ﬁz}f&hwb plmted
@f@%’e"qﬁ&%g%“epgr oc. 116th AES convention, Berlin,

As a result, the decorrel ator si gnal
mat rix enlnrsum@la('y antdrnining thetdresat dohereneedievsondhg binaural output

Iatl n
st SSuiie Y Sorsst HHEaFREaGH s e dHLDL B G and
sﬂl_S)pMelly irrtpolsﬁbls using fh'ecaapxtohghesrkncavrdfd thiegudttix multipdicatitnapproach of
t he. net coherence resulting fromthe spatial decoding ’
tERT% ARaur al synt hesi s because the desired coherence

val ue i s Higf4 BlustRdtes Ddevidedor gensiatifpa bméﬁrhlemdiormial in accordance
sound) of the BRI than for the repain art
withsemesmbedigentsiof e iBpration; g 41q 4pscrio q’aﬂ gﬁ?@n@ G marix
niufGdtichfsh BcORBInbd R5th (WA cSMABLE) HiRdtmG G LI Yudie édi'ubmli\iems with
For  exanple, the first part of a BRIR nay describe the

lofigreshe oswsuerberation Wachste - &F pastiqudar, thepysienpaliqwsilgng
I-F'lglif! ﬁi § bSO whilk %ﬁﬂtﬁ’iﬂ% l(ch{)jxh%lgkl%I ddacﬂ}actlcal implementation.

za ion properties reffecte I evel
di f f er encEhe daviteaxomprisds atdemltmlefo‘:M(Hnmagh reg¢iviescanpugie data bit

Th |
SRIEISEI oS T PR AR B sopmpat
chﬁﬁx‘él didi@ﬁgnanlrlﬂbddxﬁdsm she dalnecdnmttﬁés sqiatﬁa‘l paBMERs dhefmnpmlxmg the
the ears ar Ss oun e
R LRGBS g1l g NP At e e el ARamg)e o downmix

sighaf 98 nn8GpRalileC M2AtHdd ehell- chﬂﬁﬁﬁaudﬂf@gdahﬁ acohairena@ signal, i.e.
I'S I n many cases quite low. This chang

Nfc The 2udi¢ deta msaa@ﬁtqulé@nul\él’%fé |SP€°‘F'}%‘6F?“&’P1% ofyasugrgped signal and the

spatial data comprises Inter Level Differences (ILDs) and Inter-channel Cross-Correlation
(ICC) parameters.

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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accurately but this may be difficult because it would

require that the coherence of the filter responses are
we bangedodependi ng on the position within the BCI/ER1008/008300

filter response, while at tihe sanme tinme the ful

filter response should depend on the spatia

paraneters and the HRTF coefficients. This conbi nation

of requir ts | ver ifficult to fulfi ith a

limited n FOQ?F é)églgr"‘i&’ %‘F"éﬁ@mlpﬁ°°§iﬁﬁﬁ%‘?$w£‘°h is operable to
cOREARRE McBdkdihieh aﬁﬁme@él%@ A6:8aiRes Wﬂ@ﬁhefnb}es@bm&xkam In
output signals and ensuring its correct tenpora

sesahembesimpns, by angform Rfmessor 405 maybe arangamh A dméﬁ ¢hej signal into
%ﬁérﬁ‘?’in dlﬂﬁpﬁ‘g’égpﬁcﬁn iehﬁo&@ @519?1‘?51%‘% kln@m nfu%er of

e matrix |ca|on pproacho prior art.
sétnpgles) and perfmnraafasSFmeWmefom (FigBrin eachitragsfarm timguntgtval. For

aud|1$ r%@ eﬁﬁf%'y %f a0 %rgld S L) :A%lttge %8&%5 %uéf-ﬁggagﬂ al”re[r%g’t ?ng%fwlded into 64

sarhple blockddotwhidh haFFDiis applied t‘d)gelﬁéxdte\/ﬁﬂd@rﬂpﬁkl sabbapd eamlblys
filtering to all W audllg’ntgnvir nments wt

| on
or rever b@rg ?pGF\‘ GXHRP et H?“? Py ROGESSOF E?J ‘g"sfsh%&MF filter
baksdpRiatiaL et d400ashpldRTiandiBinh MeertA). Tifis UBEEAWBIICR of 64 time domain

mai ntai ning | ow conpl exity and practlcm

S?WP%ﬁéﬁ?‘ﬂlapéﬁﬁmPfW@f%léﬁﬂe@éeddBﬁl?ﬁ frequency d9g®in t i pl exer
401 whi chiiRCSiaKRE, f r@ééWeﬁ s%&ﬁs Q'rﬂon%tsfgﬁﬂrﬁ'li%ﬁ o be upmixed to

conprises an audi o’ M channel “audi o signal which is a
adinaural stexsd signalNdbeondingly athd ifisqusdngn a#bbamdnma@mslznaéw fed ppea

dﬁﬁ&%ggo%gﬁrl kﬁ) H@r‘éﬂe?}a d? %51?%%{&&%1@5 3 {hgr 'Hg)ﬁ'alnﬂ il%e

S|gna anne |o Si gnal .
appretiined ﬁyaemyfsunalﬂe(amhlod of géreratimgrma i coselgted sigha naayrt@msed
' ' e N-channel audio signal is a

“ét{h%&?‘{?ﬁ'f‘%ﬁ’ﬁ&f°§‘?8‘ﬁéﬁwe“ % N=6. The audio data is

speci If e agﬁa/u@@fowl?!ﬁﬁc&sbf wﬂuhderec@fhm@r 407 age fod to' Dmadhix
signal and the spati al data |se nter Level
PrgcFsser i dbuy ?h_m%eméw&ca%?re‘} 184 b G TeRsrep Biigh phe mono

hﬁ@s w28 BRLs8bBand IEjfesebidiith Gﬁhél%&ferattéa%eB&Mat& gpedl. THe matrix
ed to a decoder 403 coupled to the demultiplexer 401.

PHisessaretQfupcesdstogervsitle trweo sigA) infp grilsst stpsqorivgngl. Specifically, the
vvelérllvf ﬁ%l:&s&qlﬁy SR A malGk grﬂ.illtmlcﬁ‘tllcgﬂﬁ leh dHBuBGank! _Fl?]\len l%?

known to the person led in the art.
t he exarrpl e, the output of the decoder 403 is a

de o di o signal.The decoder 403 is coupl ed
# ,processor 405 which is operable to
WL UQp ‘oded nono signal fromthe time domain

to a frequency subband donain. In sone enbodi nents,
the transform processor 405 nay be arranged to divide

LA 0 KT AR LSARESAPAU Al % e
specific example L, and R, are the subband samples of the mono signal and the decorrelated
signal.

The conversion performed by the matrix processor 409 depends on the
binaural parameters generated in response to the HRTFs/BRIRs. In the example, the
conversion also depends on the spatial parameters that relate the received mono signal and
the (additional) spatial channels.

Specifically, the matrix processor 409 is coupled to a conversion processor

411 which is furthermore coupled to the demultiplexer 401 and an HRTF store 413
comprising the data representing the desired HRTF(s) (or equivalently the desired BRIR(s).
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sanpl es) and performa Fast Fourier Transform (FFT) in
each transformtine interval. For exanple, the FFT may

Wb e00s/060poi nt FFT with the nono audi o sanpl esPOFEPZY08/008300

di vided into 64 sanple bl odks to which the FFT is
applied to generate 64 conpl ex subband sanples. In the
specific exanple, the transform processor 405

0 i ses filter nk tin th a.64
B Bl v i ety srf ol o HELE R il appririse g BRIR() may
bé LB ifkMRRIOR (SrallMlefiss) IBRTEY) bR wdnsatiph ?Eocéds@r g1ane¢entes the spatial
in the frequency domain. In the exanple, the receiv

d
dgt!a & the gergulﬁiﬁmsergng the da\yg(ﬁegqqsq.ngmg @eg-g{’t}bﬁ:pwéae {{ngestore 413.
Tgt Eﬂgﬁﬁio#?ﬁ@&%r 91 oieh p;(!ée&g g&l ga%we tht Bﬁm&{aﬁp&fﬁﬂam used by the

_ o0 signal isfed t ecorrel ator 407 )
myénirepracessor #08 by conviegingttheispatialgiagametdrs intethading birlagrahparameters in

relséoﬁ@éltnimg‘ﬁﬂ@od&%i ated that any suitable nethod of
g |

nerating a de-correlated signal may be used w t hout
detract i ngowe¢vemii the exaniple} the full paremdterdmatidmofthe HRAFmd spatial

405 and decorrelator 407 are.fed, to a.matrix pr sor
PATEICRIFGESSHTY & BENEFAIS AT SRS Binghrah ignal s os gelfwleted Haiemhe
binaaPs@ithétbrs @eddh thdvQathiR MeulGHIPaAdn afly Yélett past dfit& desired HRTF

subband representati on of the generated_ decoyrel ated

respejivs) In prrticulan the bingira) paramsters,ayg epimatebips theslirgghipe(gxcluding

eAr\Ere ABARNS st ale rbviireratioh) bBthe SIRATFPBRIA SHIR This is achieved using the
Specifically, the matrix processor 409 perfornms a. _
conveniionahparamefer estimation pracessalsing Wsbfmtpegk o6 the BIR THtime-domain

bbb MP SR o 1A ot s i, SR O ok Bt
celpeaict far tiedirget part (excludinglocaliztiomeucs sinthzas devs hangl ar $imef

the nono signal .and the. d rrel a i . TFhe
Ry g e
nthepedudficients dre ghricracd talonpak flece ther desigeinehatse dr Rorrelation of the

response.to, the HRTFs/BRI.Rs. .In the exanple, th -
AR AR H R R R S

chhdriatite recei ved nono signal and the (additional)
spatial channels. Specifically, the matri x _processor

409 i's colhysder meriy medtinlicatentnly peskams pprt af 5_11 dgited prqcessing
aﬁ@fh&%ﬁ{pﬁpéﬁh@ &H@ix%oée?so? 69 (eI iFRhesiRlurd] QknAMAt Rather an
RTF s 13 co he d h

ore 4 rising the data representing the

infergiediate (biRTEAD sighal thatqeflacts thhddsired pehetkast ofethie direct sound between

trg%gén%;s.The following will for brevity only refer to
S) but it will appreciated that BRIR(s) may be

used i nstEeecindurd]l paraastevsein|thefoym dRiHeshatriX beefioentehs aenn the
S s N T RN AT T,
chdmaclbiOT the N-etiz@nél kknal based on the spatial data and specifically based on level
difference parameters contained therein. The relative powers in each of the binaural channels
are then calculated based on these values and the HRTFs associated with each of the N
channels. Also, an expected value for the cross correlation between the binaural signals is
calculated based on the signal powers in each of the N-channels and the HRTFs. Based on
the cross correlation and the combined power of the binaural signal, a coherence measure for
the channel is subsequently calculated and the matrix parameters are determined to provide
this correlation. Specific details of how the binaural parameters can be generated will be

described later.
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The conversion processor 4 11 then proceeds to
generate the binaural paraneters used by the matrix

woe@ees®or 409 by converting the spatial parankCBEBR2008/008300

into the first binaural paréanmeters in response to the
HRTF data. However, in the exanple, the ful
paraneterization of the HRTF and spati al paraneters

necessary_t o generate an output binaural sign i.S  not

Cal cul at SHc TEHTR roCe GRS SCHRAC 1o 30 As AL S0 il 7 operable
td §icfiBd the SutiiM Binddkdl 68dib ARnAVyMilleth) Belstp@ digrd géddeated by the

desired HRTE response. |In particular, the bl naural
mairiaprecessos 489 .Spseificatly; earhfod the tie signpls dt filiaed individually as a mono

SPASHS Rt 50 0 B s
Acoordimgly, omlyltwp aoaofiltens assempieydddherphyorcdwnng eospplexitysempared to

first k_of .th ti me-domai n i npul se response
e'&h?"f"ﬁﬁﬁ‘%ﬁﬁ“‘f‘ﬂ‘ég ﬁl‘—#_r'ﬁ{%gr amet eri zation process. Only
t he r esul Thenfiltegdiesy ¢Ttare babtbahd Altets where epelr subbaxiah irdividpally

ocal j zat.i cues .such as | evel. and/ or tine .
PR e ABEaD: P o e irEvipy b Eiole TP BRansh GFIR) fler, in cach
suBbAREorfdrmide EriItRE igfven sEOSHTBhMy by:he matri x _

coefficients are generated to only reflect the desired
coherence or correlation of the binaural signal and do
not yjancl ude consi deration of the I ocalization or

Mexdy bendatt on characteristics. Thus the matrix

mul t%pl i cation only performs part of the desired
processing and the output of the matrix processor 409

is not the final binaural signal but is rather an

wihbiear lepdsantsathé Bibband @implesirgpedled filoat the efatrbcgrecedstve 409, ¢ are the

esi red.coherence of, the, direct saund hetween the
R Etientor s B Saroe MRS (TP aig tp A TS gD fpral number), k
i8¢ bibbakPAIdIN & BE [ehgthoof tiditipule td3porsx oMbt Giltehe TR irtehch

iIg%/_first calculating the relative signal powers in the
' i ‘E‘Pf%

ful sphband; @i Hreiema” dilisrng isperpuned haebyirngingshgmgeessing
ﬁg,ﬁa Belify i RAfdeR trfRfofm AErvans Qmeii&alakaeuhps%sgamaﬂnﬁré@ from a

Ifference parameters contained therein. The relative
ppeality of transtommtintefvalshe bi naural channels are then

cal cul at qﬁ% Eﬁ;ﬁﬁ : .
associ at Zﬂlevvl %ngg{i:‘igu(;{ﬁ §ltg ﬁg C sgﬁﬁg!f&sgg SO, grﬁn the domain of a
cemplex tredulated didtef bank; the QMIH sehichois met aitically saetplesle s particular
bi.naural signals.is.cal.culated based on.the signal .
RREHos FrSRentyh g GRS BUE R DB Rfr-PRe ek ®08n by iering
esuh sublsand 5igasl if the tRhadireetiomwith BepacaerhiltéreThpepwltin®bverdlESNR for
bi naural, signal, a coherence neasure.for the_channel. .
et ey s BEPGAB Rz av e RlasioE PoR 2f ey geniicantly
shlfer AAbR6 Y NB6sel sAbiinA dbRGint fltePs A bE AbidddUirectBPRE ftheCgiven time
details of how_ the binaural paraneters can be .
dg@ﬁ@ Alterd partigulagly attractive method to compute the subband domain filter

corresponding to a time domain filter A(V) is to use a second complex modulated analysis
filter bank with a FIR prototype filter g(v)derived from the prototype filter of the QMF filter
bank. Specifically,

o= Zh(v + iL)q(v)exp(—j%(k+ i)v ),
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described later. The matri x processor 409 is coupled to
two filters 415, 417 which are operable to generate

w0 b@oudoput bi naural audi o signal by filteringPCHEP2008/008300
stereo signal generated byl1fhe matri x processor 409.
Specifically, each of the two signals is filtered
individually as a nono signal and no cross coupl i ng of

BB, ELL i AT ERORPM gk AUl B e

qaMhhO yEkapd &k ah )éxdrﬁlﬂel,cu uirge &Qﬁ?ﬁh itteit witle 0007atapsl wilbbecanverted into
approaches requiring four filters. The filters 415,

a get pf &4 subbatrbAkers all having 18apy in tb%\t;me dugdsiond i s
i ndivid u?rlgleyf {e} t;_ﬁa?z{c?éiiis 1(%05? inf t'h g&%{_}t%to%&ﬁct both aspects of

filters
thespaiat parsmbtbarad wedrab aspms g»f ﬁlefdemedrHIh"ngg Spesrfically, the ﬁlter

tantially by:./=0 wh ts th
T TIANE e E
lochdonf duké §ich €€ tHel revesbYrationrant Sodaligatisa B‘hﬁrﬁctﬂ%ﬁbﬁd&f the generated

bAHGaLSUEIALA TN SHOrRERT A Gy KD P R G o cobersncy of

tﬂe%@&%ﬁ o‘?fthetlh@auf‘dl lsigBls ¢ ar-Ehié'f’ affédfedaiChe ﬁﬁéi"idg ééblﬁllnng that the direct

a "time domain" ltering'is performned
parh eﬁ tébﬁltm isc(alingsy cph@rexpra@é ésmerﬁlge gohgnenescdfiibe dipechsound of the

bﬁla&q e omngaggmeatb‘;rd{@{nege%ﬁa@.g :&Pﬂé}a@&lc Q'HE‘fateSH:QEx"BQQtlon part

ur al ty 0] I nterva
oﬁuhg lﬁ:ltbrsrmmhé pdlat hamdsm @bsuMeE® benncoreldted betwsen therleftand mght-ear

fi ne ﬁ tt}e ou l es)f)egf ?élﬂ‘%vﬂg ?lwg% l?ét' u&‘&qgl?tea rlﬁdelpendent of

cr| S par
thé&fé}l@'énoalolf mlgn@r fed irgo ize filtere Hhmmnan mibilificationt ie rdgyaired for the

' enented a h.pr.ecisi by, filtering.each
fleil bndwap@?amfl esteq EorFerey Ohuins ot apR o8 Bi9gFeging the filters
déthﬂlﬁés thd 8&3irt®SatletdnboOMe diédt pﬁNvalefthé féﬁlaimbg flerberation part

i mpl enmentation is in the 50 dB rang & Rﬂ$ aI|a5|u9
Wp‘é?‘!t‘"@ﬂthaﬂlé hayerthe C%rreghﬁlw):%%ehvogﬁa gpgpden ‘E% gepal matrix values.

TPr > O t Hﬁlﬂ%ﬁ@fh@ dééuleh %Blﬁer&fw upd%dq&rd' byate Qﬂa&&cﬁrbééssor 409.

ven time domain partlcu ar |

attracti vBmﬁ;eln ey ise @6ﬁrguﬂ,ethc h@a@emtm Githe %rmtoéfhe matrix
SISO L0 o WSROI L e (e

c&téhtmndiet:tepp ehehmbk ef thq(tm)am audie digﬁaloHowmr phest paamgters do not
ilte
AR R SRt st RaEH of & sold Sppse af e binaura
a?‘ﬁmls t&@ﬂzﬂ @r Ea)VErbbﬁtliS% piragefets Antsmbatm rw e Irévefbemtxeh of ypesound
| er as taps an_exa onai n
cpmpqrgAt %.(tbm bingysal audigsignal. Rather @sw'é? a’rfr‘ﬁ%ra&‘e%%tcs Bt
ifttbd SR IRE fubldqBErt s@btand Bkl thBddt@Rinihg thie TRtef éd¥ficients such that

di rection.
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 demultiplexer 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 processor 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 interval this results in an

impulse response for each channel in each subband rather than in a single subband
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The filter characteristics are in the exanple

generated to reflect both aspects of the spati al
wQasoaeioer s as wel |l as aspects of the desired PRIVEB2008/008300

Specifically, the filter cad&fficients are determ ned

in response to the HRTF inpul se responses and the

spatial |ocation cues such that the reverberation and

| ogal i zat h t t d.Dbj
TR Ao LRSS B LSRR PP B
cHanGel§ afeltRdrfubrieddh a@iﬂi@ﬁﬁ@ﬁuﬁhohh’ﬂxe@veﬁgﬁi thaedré amﬂleﬂ feeach of

bi naural signals are not affecteg éthe fi nl
thed HIRTRfilton ppyl§sareapopess erefletermyped imEsspqose ko ¢ Stial tsta and arc

sﬂdi%lf{wﬁ}t aletsl‘ﬂ'gx%dqﬂ t1'6:5@11‘% e @ﬁﬁ‘rofn‘?ﬁe g dgsutich bEt'W%en the different

rect” so bi naur al output is fully defined
clannelheSpecific dgitiaﬂsgoﬁ-mw th filyprepogfiicigmnts cpade generated will be described
| at e-reverberation part of the filters, on the other
%and i s assumed to be uncorrel ated between the |eft
and ri ghtTeasutrut bf e Siltersd 1 hetides thoea etatepsublahd rdpagsentation of a

oGRS i R R e B R DUAFRISR

hk&!@ﬁ&e@ OrHedilicts 413} 4 ONaré Soupleito laft Shvese taliforini prioesssorid@ 1 which

response to the desired coherenc Th t he
ORI GHY B GEBYBITR 1P TORET [F ety sieeal it fhe Srmefpmain: Specifically,
Sl dr & mOfdeh PRicessef 421NBaflpdrffin apafiverse WMF @rahdferm.

remai ning reverberation part wll automatically have
the corr eEhus( the pytpeiofiths By ersmiransRIBPERREENT 4ok lstar?é“a“fal signal
h §& ok Héhd nreg AmRSignal may f
“%Eéhu%hgl req e{r)%kﬁ%ym?—ntrod%ceﬁy t he rra gnat may ot
epamyle bs mcodﬁﬁxsmm,nvcmwnﬂ@t@m/fm@ed@fandiprgma)tlbc ¢aaerted to the
aﬁ)%gg (? rﬁflf ip ﬁ}ar aar{l% éé 8§glt ctogse ef E(%rg?lg% gglgﬂgtt%éanatr)eefed directly to
headphoece par arret ers i nd| cat ive of a correlation

bet ween ¢ I t blnara audi 0. [ .- .
rovever . - PRBCEe davte ke 4 Gt o sRicT0 i prpoessine end
sﬂ%aﬁdrmt@ﬂitfg to petvedetd biflau@dl s thlI'ﬁé bephratibn 6fy caifelutidn/coherence
source of the binaural audiq signal, or revergﬁratlon

npﬁéwawe{t@hgaqon ané a fitgrcbased 18°4‘@9%?”o%‘9é?‘f¢6‘1‘?’%1°“ (5ring,proyides a
sYAEM VLR réqhﬁe&’%d}ﬁﬂét@xls cated féa&lygélﬁ‘lllcrutéa%h@é atrh&ﬁ)esgnal
aramsters characteristics are introduced b

Speti§eailyeintcostrdsbterropuré filteringragptopchiwhere gherfiohey e%qyepafmqtfé s

| C e
B LBl SRR oAl b R o
pmogmig allSps dlief doberkhay, to bh efficidntlp centenlled evamfbrapplieatigns based on a
coefd{?l Ci ent ocessor 419 which is further coupled to
E‘F xer 401 and the HRTF store 413. The

coeffici emuspme@ameéd asbbaoadﬁhmm: ad@ntapethbi the eynthesis of the

coefficients for th stereo fjilter. 415, 417 in.. o

cPBS SPREETTS DHBEASS RLHF AP PIS Gaion] i gncraton oflocalization

chéﬁwd'r%G&}atloE%} RABIRE ﬂle ﬂltesas) q&&frrf;il&él? BépaRitCadTBHitrolled
receives the spatial data fromthe denultipl exer

m@pemmﬂw Fastherpioze, the nyeber of fHiers i dinmited ¢upwo as no cross channel
fﬁ@:ﬁfl% is%cgtmeﬁ dAiS{i}gt?i%tgﬂs g?ébtgém%ﬁ;‘rﬂOM%IEplmnstﬁe §ipRANARR

are
multiplication, the complexity is reduced.

In the following, a specific example of how the required matrix binaural
parameters 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:



domai n and as the inpul se response exceeds a single
transforminterval this results in an inpul se response
wo or09m&®9 channel in each subband rat her than PET/&P2008/008300

si ngl e subbandcoefficient. 1The i npul se responses for
each HRTF filter corresponding to each of the N
channel s are then sumed in a wei ghted summati on. The
wei ghts that are applkigd,to each of the N HRTF filter
i mpul se rédfonses ar g‘egé{‘%’f“ﬁfned in response to the
spatial dedrR arRigltrchageeci fically determned to result
in the aptpropri ate power distribution between the
di fferentf:channel s. SpRtrhangeldiails of how the filter
coefficients can be gaRenRt@dnii(s) be described later.
The output of the filters 415, 417 is thus a stereo

5 subband represent at i &8n6f chgnpglnaur al audi o si gnal that
effectively emul ates f rround signal when
pr esent eglgi‘n headphorlfgg.si&lrh‘é&dfjilters 415, 417 are
coupl ed tmw:an i nver skight&ngbardn processor 421 which
perfornms an inverse m%sfqrmto convert the subband
signal tothe tine d iﬁ(.)nSpecificaIIy, the inverse
transfornyprocessor 42f Right performan inverse QW
transform Thus, the output of the inverse transform

10 processor 421 is a binaural signal which can provide a
ThE EfaRHNGhtS Mt sEXRAhd MIPEG ddiPfteamSAiludds iRCRUIPNRBPSrameters:
The signal may for exanple be encoded using a
conventional stereo encoder and/or may be converted to
t he anal og L . log to digital converter to
provi de a g%gﬁgept hg%egé}g%{&ge fed directly to
headphonesCLPhus, t Hevelalifferenasffrani ys surovndrbi nes
paramet ri L BTF mat o RERGESS! Mgy ANdkndyDand |
filtering Fo Brovi de™a bi nalr al si ghal . The separation
of a correChDyon/ colevenifferamterfront leftl vsifmint ogliti on and a
filter bas | ocal i zati,opn..and reverberation filtering
provi des aEgPStem mﬁ@?@idsff?rﬁlécersgaﬁ?nggagﬁi\?w rs can
be readily conputedfgat e.g. a nmono signal.
Speci ficall in contrast. tq a pure fi]Jtering approach
where the er ency (Pateiatiopdiont & YP¥Rdyl t or

i npossi bl ej¢@, det er g1 fodPls&idRRt , t he combi nation
of different types of processing allows the coherency

to be effiK¥@ntly cdmreltiondroat/leR vs fontight i cati ons
based on ajd@no downirtidiol dttounditteys diSuilPREH:! Ded

appr oach has™ he advantage t e synthesis of the

correct co@ikPence (Hyevelsbfisrende center yedtlE x

mul tiplication) and the generation of |ocalization

cues and reverberation (by neans of the filters) is

conpl et el Firstigphe gertativAGf eertitaalkd]l paramerdensad fntheymatrix
15 lT}I;grthelﬁrmre t he. number of fi.M)ers i.,.s limted to two

tim{ga%qnolysthe Matrixprocessor 409 will be described.

The conversion processor 411 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.

20 Specifically, the following HRTF parameters are used:

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

left ear
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filtering is required. As the filters are typically
nore conplex than the sinple matrix nultiplication,

WO b@oerypd exity is reduced. In the foll ow ng, BCT/EP2008/008300

speci fic exanple of how the@drequired matri x bi naura
paraneters and filter coefficients can be cal cul ated
wi Il be described. In the exanple, the received signal
is an MPEG surround bit stream encoded using a '5151'
tree structure. In the description the follow ng
PAGKIGH K% The Mgl gowRe witBRick der@in frequereban® BBMNERTF cfresPoriding to the
Ri ght channel f : Front channel (s) s : Surround
right®ahel (s) ¢ : Center channel Is : Left Surround rs :
Right Surround If: Left Front Ir : Left Right The
spatial data conprises in the MPEG data stream
piwhadhuie €& cohereias| Within mgerpran frapteaeysbanPdetween the left and right-ear

di f.f.erence front vs surround
H@ﬁ%ﬁ%rgg% llﬁ%ygsP%kgguFegﬁ§tvs center CLD f Level
difference front left vs front right CLDs Level
di.fference surroun eft vs. surround. right I S
otishdp thejayrags phse 3»# eLqhcs Yithin 4 @éﬁ@dféaraw &??%C"F’?%t?e left and
rifBt-Gaf BRATF fof S berfedt VitbAtso fouRRipolitbs Vs front rl ght
CCs Correlation surround |left vs surround rig

CLD
| fe LevelAfpming fegquencydomsin YRTF F@rﬁae%twryfln(ﬁh@(ﬂ for the left and
aj Iyt BlcyRAdAMRES parddeds EAY bel dARulated
n?ratrlsx W?P{) ﬂ?g ?‘5%5’ the matri xpgfocessor 409 \?vlatel
aggordiegstor i bed. The conversion processor 4 11 first

cal i mte of the binaural
f=/(b+1)-1

P=1 Y H(NHH )

J=/b)

[=/(b+1)-1 .
S H.(HH,(f)

I=f(b)

' S={ 1)1 .
(p=arg( Y Hz(f)H,(f)]

F=f(®

>, H(OH ()

_ | s
PP

r

f=f(b+1)-1 ’

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 parameterization process is performed independently for each
parameter band and each virtual loudspeaker position. In the following, the loudspeaker
position is denoted by Py(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:



coherence which is a paraneter reflecting the desired
coherency between the channels of the binaural output
WG e@nakeo0dThe estimati on uses the spatial paraneCEEBR208%008300
wel | as HRTF paraneters detérm ned for the HRTF
functions. Specifically, the foll ow ng HRTF paraneters
are used: Piwhich is the rns power within a certain
frequency band of an HRTF corresponding to the |eft
-earPr which is the rnms power within a certain
2 fr RTF corresponding to the right
% s S@Eﬁ&ﬁ%(éﬁﬁﬂ)?&%ﬁ? terence within a certain
v‘mﬂirequency band between the | eft and right-ear HRTF for
a certain virtual sound source position f which is the
aver agp0PMHse difference within a certain frequency
d dmmnothe left and right-ear HRTF for a certain
virtual sound source position Assuni ng
and f requency-domai n HRTF representation H (f), Hr(f), for
the left and right ears, respectively, and/the
r- (A1 Lndex, these paraneters can be cal cul at ed
( L CLD/10 ; ;
accor ting“ P8 Where summation across/is performed for
each paraneter band to result in one set of paraneters
for each paraneter band b. Mdire information on this
HRTF paganibdrRf; tiedtiafifle PHWES 9 tHeaithdieharitield d¥e givieh ®N
Breebaart, J. "Analysis and synthesis of binaural
paraneters for efficient 3D audi o rendering in MPEG
, Sur " BEIJIng, Chi na (2007) and
%y Br %{(CgkaﬁQ# "Spatial audi o processing:

, VPEG Sur r égg nd other applications Wley & Sons,
g, L sQﬁz 3$ The above paraneterization process is
per f d ependently for each paraneter band and

o eédﬁ:?-ﬁrisfiﬁgpg gudspeaker position. In the follow ng,
, the Iouds gaker position is denoted by Pi(X), with X
o, TR4CL &e‘eﬁs identifier (If, rf, c, Is or Is). As a

first s ep. he rel ati wer ect

power o 1ygn the pawers ﬁ’p ea l?&iﬁtélfli sp%‘é]l(elrhtge Zé par aeg%r% Fl'iat represent
cohetbritedaliRl BetWRER irbiin Sisdakér gakis, éﬁ&ﬂéﬂﬁﬂlﬁiﬁrﬁh@ers P, P,, p, and o for

paranmeters. The rel ative power of the |eft-front

eaclt'hetnddbudspezgaeuehie ﬁyt;sﬂc@l@_t@bmte}r of thelreyudting bxp@gg sjgnal can be
estir\rll\/lat‘eg This 1sqlch1eved by adding the contribution in terms of power o for each vn'tual
loudspeaker, multiplied by the power of the HR_TF P,, P, for each ear individually to reflect
the change in power introduced by the HRTF. Additional terms are required to incorporate
the effect of mutual correlations between virtual loudspeaker signals (ICC) and the
pathlength differences of the HRTF (represented by the parameter ¢) (ref. e.g. Breebaart, J.,
Faller, C “Spatial audio processing: MPEG Surround and other applications”, Wiley & Sops,
New York (2007)). " " | |

| The expected value of the relative power of the left binaural output channel a;°

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

o2 = PHC)o? + PA(L)oL + B (Ls)a? + PA(RF)a? + PA(Rs)G% + .
2B(LNPRNP(RS 5,5 41CC cos(@(RN) +...
2P,(Ls)F,(Rs)p(Rs)o,0,ICC, cos(p(Rs))

RECTIFIED SHEET (RULE 91) ISA/EP



Simlarly, the relative powers of the other channels
are given by: r,(CLD )t,(CLD fc )t2(CLDf ) ¢c 2 =
WO 2@0ei39hs )r2(CLD fc ) s = r2(CLD )r2(CLDs) QG@EREP100&008300
powers s of each virtual speaker, the I CC paraneters
that represent coherence val ues between certain
speaker pairs and the HRTF paraneters Pi, Pr, p, and

St LBl B RAE Emel PR B o2 e

estl rrat ed This is achl eved by adding the contribution
s for each virt I &oudspeaker

o t PHiCER+ IR SdteEge SRR B SR T or hch
ear indi vaamaf)m@"q)p(mdrm;laoyeos(meafgyu .n power

{0 | noor poratO A RIMHE e SR EorT el at 1 ong

bet ween virtual |oudspeaker signals (1CC) and the

pat hl ength di fferences of the HRTF (represented by the

pararreter f) (ref. e.g. Breebaart, J., Faller, C

Sp atial Based on gimblapsssumptionyRiGusSog siumladteem:dq\ms Hlbe expected value
i catio

R deE S o sRar oSBT g Bt o b5 AR ok ©

b| naural out put channel a (with respect to the nono
i nput channel) is given by: ... 2P1(Ls)P1(Rs)p(Rs)
sl ssJCC s(lq,ﬂgi#( Rs)) Si mi | afB{C)R (68 o(€)sixpt ip¢€)) +Hpower
for the right ch 2(C)s2
+P2(Lf) sff +P2( E’?%f"s%??%??)%@@(ﬁs)(s? 25 +.
2Pr (LFf)P r (Rf)pmﬂ(Rf)R(lv)batﬁ)em(sW(fuﬁ) +.

2P (L) () (oL A LS B oo on
expect ed val ue forzﬂ(Re)fb(rlbs;s(m)mopﬁ(RL)BRB
B(Lf)P.(R)0,0 ;ICC, +..
B(Ls)P.(Rs)o, 0, ICC, +..
P(Rs)P.(Ls)o,,0,,ICC p(Ls) p(Rs)exp(j(¢(Rs)+ ¢(Ls))) ..
B(RNP.(Lf)o 0, ICCp(L)p(Rf)exp(j(P(Rf) +¢(Lf))

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

ICC, =KL—”R;—>|,
0,0,

Based on the determined coherence of the binaural output signal ICCg (and
ignoring the localization cues and reverberation characteristics) the matrix coefficients
required to re-instate the ICCy parameters can then be calculated using conventional methods
as specified in Breebaart, J., van de Par, S., Kohlrausch, A., Schuijers, E. “Parametric coding
of stereo audio”, EURASIP J. Applied Signal Proc. 9, p 1305-1322 (2005):

h,, =cos(a+ f3)
h,, =sin(a + B)

h,, =cos(~a+ f3)



10

15

20

25

30

* of the binaural signal pair can be cal culated from
(LBRB ' ) = s2P, (OPr (Op(OQcxp(j f(O) +...

W@ 200p0§6909 P (1 /) p(L/)exp(;> /1)) + ... sr 2f PiP&/EP2008/008300
r(Rf)p(Rf)cxp(j f(RF)) +..23sl Pl (Ls)Pr(Ls)p(Ls)cxp(]j
f(Ls))+... P1(Ls)P (Rs)O1 GCC +... PI
(Rs)Pr(Ls)sl ssJCC sp(Ls)p(Rs)exp(j( f(Rs) +f(Ls)))

PpEpr (EI)O§R& Pr(Lf) sIf Gf ICC p(Lf)p(RF)cxp(j( f(RF)
2T EFY P T Ahe coherence of the binaural output (1CC B)

is then given by: ICC =, Based on the determ ned
coherence of the binaural output signal ICC B (and
wiithnori ng the | ocalization cues and reverberation
characteristics) the matrix coefficients required to
re-instate the 1CC B paraneters can then be cal cul ated
S 0FArczeED) ) onal met hods as specified in Breebaart,

J., van de Par, S., Kohlrausch, A, Schuijers, E

" Par amggt L ,coding of stereo audio", EURASIP J.
Bpprerast_SrommaPn(@ge. 9, p 1305-1322 (2005): All =
cos(GA\FFE) A12 2sin( a + /3) A2 1 = cos(- + b )22 =
sin(- + by i followind the Seneaikiek 88k Gited cdBfficiditChyathe coefficient
Man( ) In the follow ng the generation of the filter
prosessor ¢li%ewillderslgsartved.coef fi ci ent processor 419 will be
descri bedg: &Hir . ' f i
responsest Sy Rt ERRARGhRIRER Ahbab: 7, SRHLAF
péraeual transfer fuastjvordirespondingl iof diferent sound sairees i the dbinapral audio
t hel bi naur§l audi o

signal are generated.

Specifically, the HRTFs (or BRIRs) are converted to the QMF domain

resulting in QMF-domain representations H;% ,H" 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 and right binaural channel respectively, n is the transform block
number and k denotes 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

HJ%, Hyh, are given by:

& _ k [k gk Lk gk Lk ppak ok ppmk Lk prnk
Hiy=81 (’LfHZ,u ey Hys + g H e+ H g +’cHL,c),

k k[ k prmnk k prngk k ppnk k prak k n,k)
Hpm =8r- (SLfH;,Lf +sp Hgys +SpeH e +SpcH gps +ScH )

The coefficient processor 419 calculates the weights t* and s* as described in
the following.

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

Rl ok k| ok
Ih=0%,  |si|=0%
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signal are generated. Specifically, the HRTFs (or

BRI Rs) are converted to the QW domain resulting in
waRmBodead n representations Hx ,H x for the |RET/ER208/008300

and right ear inpulse respéhses, respectively, by

using the filter converter nethod outlined above in

the 15 description of Fig.4. In the representation X

denotes the source channel (X=Lf, Rf, C, Ls, Rs), R

and L denotes the left and right binaural channe

respect i Vb, 1 wedeht ?& tgﬁ@e’?ﬁiﬁmm&ﬁ&\dmgrf@% gl@'ﬂq &tial channel is

denot es the subband. coef ficient processor B

selnesed forasoespgsd tathg QOWWY\@ of thet ¢hiapnedr  coef fi ci ent s as

e L T
S f f I ff h
R N BLL A fqu oty (o

t UHL,U + '"/ L, R + R LLRs +t C t L, %

the qutputshanngl § =g, k1 andgetrhe pawer gain of trfilier &7 yéfbesdeﬂgted v (oru)
RRs ' s Cp Rc h The coefficient processor 419

theal theiscatiegs gaitseg st adinsted o qadet teRehigyedescri bed i n t he

following. Firstly, the nodulus' of the linear

combi nati on wei ghts are chosen such that: 30Thus, the

ymlggt for a given HRTF corresponding to a given

spatlal channel is selected to correspond to the pomer

| evel of that channel. Secondly, the scallng gains g *

are conpu ed .as et .

b1 naural At BOVER s b AShinsh peron P Yn sEE eaigs that ar

cBifstdr Tn edcR parahiRte® birdy thef tRuaslingCam be Bmittedftbnk &k filleemorphing and
power gain of the filter H Mye denoted by (s M) ,

perlammed rg‘e,dafvmﬂgt g HRHE gemepteoliy preyions SR Wer 1 o

achieve s r.M= s v 10 Note here that if this can be

achi eved prOX|nater with scaling gains that are

b@ﬂspmﬁﬂ+ﬂg each paraneter band, then the scaling can- -

be on1tteq%fron1the filter nDrphlng and perfornmed by

%md?f?“ﬁ )he matrix el enents of the previ ous section

4,0- B bty cos(a+h)

hy, = ggsin(—a + ) .

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

combination

k prnk k X kppnk
tyHp + ’uHZ + tR,Hmf + tR,H[.R, +tcH ¢

k Hn, H H + an an,k
Siritp s +SL: RLs TS Rf RRr T Sredlpps +Sctpc

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 embodiments 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:



Al2 =g L sin(a+b) fh gRs(-a +b) h22 =gR sn(-a b) .

20 For this to hold true, it is a requirenent that the
wan@eakead wei ght ed conbination If Lf + LXs + RPCTL/BP2068/008300

IRs" L.Rs + 1C' L,CQ - S2 R"* Ls J - s Rn R"1 R

j .. Sfi R" Ji siJ--soc pWR "' c have power

gains that do not vary too nmuch inside paraneter

bands. Typically, a nmain contribution to such

variations arises fromthe main delay differences
#betmegn the HRTF

In other embodiments of the present invention, those delay differences are
5  adaptively counteracted on the dominating HRTF pairs, by means of introducing complex

valued weights. In the case of front/back pairs this amount to the use of the following

weights:

k k - . p Lk (o'::-')2
1, =0, exp —1¢Lf"u7———)—2 ,

10

[ (0"‘ )2
1f, =0, exp| jo —TU——T}

. Rs
15 s,':/ = 0';/ exp| - j¢:}ka —_ |,
+

(o8)
k k . 4 Rk R/
SR: =o-lu exp J¢Rj,m )2 ’

and s} =0} for X=C,Lf,Ls.

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

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

X (H )(Hik)

(CIC)k = : N7
H:\I'..szl )

[zt ) (2

25  where the star denotes complex conjugation.
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responses. I n sone enbodi nents of the present
invention, a pre-alignnent in the tinme domain 30 is

w@esoboseyed for the dom nating HRTF filters andPCT&P2008/008300

simpl e real val ued conbi nabon wei ghts can be
applied:= = - In other enbodi nents of the present
i nvention, those delay differences are adaptively

counteracted on the dom nating HRTF pairs,

nea of

i nt r oduci g RIEIASF ekthy Rhase dnvEAPBIRE 4 tojue ilﬁefre&i% iipfie choice of a
plflefsE’ R gl@ G tRhiki Eleﬁ Bf $7 QH‘BH{H‘ tJ &t&ﬂ% pﬁ%% chfvet\JHi"ch is varyl g as slowly

follow ng wei ghts: and = Rs .
asssiklefaga ﬁ)@cﬁOIEOLﬂie stband-lmdex fk X | s t he unvvr apped

phase an onpl ex ¢ros Qr '

Phe subbapts ieicf BR AP argls rifefelet ' BE LA BAORIHURAD above i
twefoldeFira adrebyzdéﬁaeiéaytcbﬁpaisaﬁiom eentbackofikers pnor to superposition

ation. The ose ase nmxa s.to
whi2D 15408 4 i Rerones whish piodgls R v geaL g Borkporing o a
sdﬂr‘éetﬂd@itﬁﬁ betweer thel fonPhEthe batkapbaker, Qecﬁﬁwﬁﬁreﬁwey fhe variability of

is Var%fbl g as_slowy as possible as a function
th?fpot"ﬁég%mﬁcﬁfé ugsggledifilters. The role o f the phase angle

?\7{) ?g}sg erl?_the COBerg‘%C%?[gg}“%gleﬂs?%gm%&I%w 183 nl%&z\&% iRa a papameter band

oI bﬁyﬁrrd%hd RAB thdd drR! e Bia@al Sftpd UREHRBkldse eomn@ bhen intended,
| eads to a conbi ned response which nodels a nain del ay

ag it frdlopisiroasthemeldting t o a source position between the

front and the back speakers. Second, it reduces the
variability of the power gains o f the unseal ed

IEC) 4.6¢ KCC-ICChe coherence ICC Mo f the conbi ned

filters HM HRM n a paraneter band or a hybrid band is

| ess than one, the binaural output can becone |ess

coher ent 'f'ﬂ'éesﬂldtlﬂﬁ ﬁpfﬂ% rolﬁ@m'lﬁ aéc@idlaﬂé%‘swﬁﬂ QM dibodiments of the

relation | CC BQu . The solution to this

‘presai irvention ;am:medaxmbﬁw tIﬁC,sﬁnh;eéqrbwmntEme@n@nf detﬁmélon defined

present invention is to use a nodified I CC B -val ue
Yor the matrix el enent definition, defined by ice; J,
| CC

ICC, = min{1, 58
"ICC,,

Fig 5 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 received comprising an
audio 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.

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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[ ICCCCNJ ' Fig 5 illustrates a flow chart of an
exanple o f a nethod of generating a binaural audio

W@ 2@naledsdn accordance with sone enbodi nents o PCT/ER2008/008300
i nvention. The nmethod star2% in step 501 wherein audio
data is received conprising an audi o M channel audio
signal being a downm x o f an N channel audi o si gnal
and spatl al g)ararreter data for upm xin the Mcha l

audi o si gHaP 9 oisollowgd by iRV Aharedn e Gingrral aydio,signpd 1s
gbr?eraftéﬂ $Pﬂﬁ‘§1n%%h§ﬁ§pst§rg§ sx‘gﬁzﬁrn? i st MRati al paraneters

the spatial paranmeter data is converted into first
b| naur al ﬁmm@@@lﬁs)f Fig. 4 ey dorsxamplede ypebig agransmission system.

P B PR PS8 P8R S o s

xmmvﬂaﬂcredm’tmsmwenﬁboﬂknem afrthoingé¢ngioal Thertranempsms gystam comprises a

o AT RGBS p R Lk S0 RHEH s

nfa9bedheSintnad. filter in response to the binaural

perceptual transfer funct is.followed b

step 509 ‘B Hepifl ‘Fﬁéa”ﬁ?lﬁ’a‘b? gfms é%r 4?°°fdlng device and
t1GOG R %63 Rya sfléﬂai Flhl ¥ deliBebhtiif »%ifll b%taﬁbl%@xa&ﬂgﬁhﬂm d)tHerteﬂﬁ)odlments

stereo filter. The apparatus of Fig. may for exanpl e
arangmigter 4nd receiven mediusas ip they appigationp gnd Brptherigyrpesee d'or

f
;ﬁéwg&sﬁﬁm@ 6b| FRHE tﬁéfeegﬁvay@b%ﬁ H¥pafi OF A %Ie%%,gt .

an aual o si gna I N accoradance WI
ﬁaxfctwrhvduy mdamy @g pravide intesfasimg smotbcr sigret souraes apdastiagions.
i S. CO edtoarcelv&e

SPFBRHM B FropUh #08 oh feLoreetcp el i FuHe g senerate an

ehdvided Bmﬁurall sigriahemeolatiag the Sureotmdpbwnd signal. Thaesdodéd binarilksignal
|s a e ordln devi ce and the receiver 603 is a
J%'E?'é‘f‘e %‘H‘Eesit will be appreciated that

In ot her mrm@gbeai@ieteﬁarﬂplé WABRIH didnal reddiding Gt MR s SUPYorted, the
used in other applications and for other purposes.  For

UARWRIPTCE0 | cREFiFes Aligitizes 0B whichrereaies phanaleg B hificshash (surround)
gﬁM thet lpéfn%r‘t)efd 18 aldi RAFPEHI (PAIsE @B@é Waﬁlaiea)/s@ﬁﬂ by'§¥fnpling and

provide interfacing to other signal solrces or
ad@% -tordigital ieenvespersi fi cal |y, the receiver 603 may

receive d]%??&‘ﬁo% W Jo?lgﬁg o3k SR f‘%ﬁ? Lot ﬁ{ &cBdes the

an encod aur a atlng
PEMImakltE¢hgnadl sighhlan eamoo:timde Wwith anierdod s gt@htlmayn theespedofic
di striput ed

i B R R BB N SR kB AT s
The ancoder 609ris Eéhibledadnhetw@sk Rartdingitedr i62 £ whehl feoshies the encoded signal

axrlc‘f Cm(teelr}[ %ess tg rt]heaﬂ?elrgeg 65%j ! Ie_ngtr\]avao trans&?tltjerr rm%lyjlr%ra%smlt the encoded signal
to the receiver 603 through the Internet 605.

The receiver 603 comprises a network receiver 613 which interfaces to the
Internet 605 and which is arranged to receive the encoded signal from the transmitter 601.

The network receiver 613 is coupled to a binaural decoder 615 which in the
example is the device of Fig. 4.

In the specific example where a signal playing function is supported, the
receiver 603 further comprises a signal player 1617 which receives the binaural audio signal
from the binaural decoder 615 and presents this to the user. Specifically, the signal player
117 may comprise a digital-to-analog converter, amplifiers and speakers as required for

outputting the binaural audio signal to a set of headphones.
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signal that is converted to a digital PCM (Pul se Code

Modul at ed) signal by sanpling and anal og-to-digital
w@emwves®don. The digitizer 607 is coupled to tPEI/EP2008/008300

encoder 609 of Fig. 1 which8encodes the PCM mul ti

channel signal in accordance with an encoding

algorithm In the specific exanple, the encoder 609

encodes t.he gnal n EG encoded .surround ,soynd .
Sheoer” bkt b oRar drcrgion e e HBpas d8dribed
etnbEdHZhs b the fhveniib whth k&FERhAAS difitfert RGREASKAI ShitH Al pRdtdssors.

interfaces to the Internet 605. The network

Howgrernit wilk e apparant thatanysuitshde disribaaen ofi fgqaf:é]onglgy betaveen different
ﬁ{ggggﬂa‘f ﬁﬁlts6oqz)r<§c|3§s9}§% \NO}; lEla%sleﬁ‘ Wahogla @Q:% ng E‘E&En the Giedfdn. For
conprises a net r r

ecel ver I nterfaces
examnpilé) d’uﬂanibealiu}etlllﬁ@zﬁethwcbwmrfohndcbbyaaepfaﬂg @ibcessorsexs gpmteollers may

t he .encqQde n fromthet e . .
o PRI By AR L Rt JBg grsion
ufitsbar¥/balg o b@sdeh as Rfasies td sithble mdawi foeprotidinigghe desctited

the specific exa | e where a SI aI Ia jng function,
FingtRApORAEG et U GODLE P GIGE AL O RDF B LR MY cxEamization.

si gnal pl-ayahvehfidd cXHbEimplGRdtedas aﬁﬁﬁuﬁbu@ FornfincRdRg Rardware,
signal fromthe binaural decoder 615 and presents this

sqtzmrneﬁrus@re orsm @pmb@amnyof these. Bhegpyantipn gy ptiopally ke
% ﬁté(? aﬂegi ? d&?mlsgﬂwﬁl‘a rr‘erﬁﬁﬁgtecgn ot R nidkd 842 pﬂ)@@gsors

ers as r or outputting the binaural audio
asd/g:rmgltetl @lgaalsmcesa‘orm dhelplenanis and camponenss obgnakodimend of the

uge tloCFt rr]rg)ﬁ &&?lc?lﬁg%ﬂc?sﬁ H, a§18 ﬁogﬂ?ﬁ? lnr*x%lellﬂ@fte&l "Hy'sﬁ%le way.

MITVent ron rence
Ittleéd ehedmictibnality inap bk impletsntedioh qmmtgtesmo irsa pllttnheveﬁumts pr as part

e apparent, tha n i tabl ri bution .of .
o e BEHERL DAL B i v ity hecPlseRien i £ s Sglp unitor may
bBpRERANP A fRYtidiAlY AR Hibotdd et et diffetdit umg; dnd PrRadestors.
i nvention. For exanple, functionali t EI ustrated to

be per f or skpuBl theapseseat iBvrior basaen deseribestip coprestian Wﬁ]?/”me

e&%o&ﬂeﬁ@rlfrﬁq)omﬁté@@d RARInAGE ReQpedfic foPhlsetAoHE hérein. Rather, the
Hence, references to specific functional units are

senpepf the pirsertdpyentien isdireitedroalysby the aerompanying dlaims- Additionally,
aRﬁch?éhq fDurk %fay‘%é&& 't@ﬁ‘éj?é‘s&mﬁ:h IHPE@HIIE t}onvAf idul@mbodiments,

catrve trict Togical or physical structure
ooe slilighinitireadrt would Téveghine that vasious: eatulys of thgld@mbt:@ cmbeiments

bl ..
AP BRI  S: Bpcqporisins ons

nﬁ’ﬁézkcliﬂb thbrp’l\édeucehﬁ‘ o'thwblemﬁlk etistags. | east partly as

comput er software running.on one.or nore dat
pr 0cess or BUTHERSP: 2l @?&ha?ﬂd@}dé‘ﬁ 1‘?5?‘1088&?}}‘% Ofa‘?ﬁ@s elements or

nfRHIRARRPS nA) Ge %ﬁlﬁﬁ@ﬁt@& By @fg aﬂﬂn@ﬁlﬁh@ bIBBéessdr. Addtionally, although
i nvention my %& cal | functionally and

mdevgﬂwélferawrwpmebmm ded i diffcrent glaims, |ﬂ&swy possibly be

advantageously combined, and the inclusion in 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 particular the order of individual steps in a method claim does not imply 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",



I ndeed the functionality may be inplenented in a
single unit, in a plurality of units or as part of
wordwenidoonct i onal units. As such, the inventi oPCTYEF200&008300
i npl enented in a single uni2? or may be physically and
functionally distributed between different units and
processors. Although the present invention has been
Jdescribed in connection wth so odiments, it is
s T Cnerond 5 oyt arratuds A RIRNG. EFgenes Sotgh feulqims ar
piRiideld 18818 a8a clRAEMAERY exalpR sheW RS tRfcohdiRed bERMMIng the scope of the
invention is [imted only by the acconpanying clai ns.
clagioy injapyaiayy, al t hough a feature may appear to be
descri bed in connection with particul ar enbodi nents,
one skilled in the art would recogni ze that various
features of the described enbodi nents nay be conbi ned
in accordance with the invention. In the clains, the
term conprising does not exclude the presence of other
el ements or steps. Furthernore, although individually
listed, a plurality of neans, elenents or nethod steps
may be inplenmented by e.g. a single unit or processor.
Addi tional ly, although individual features nmay be
included in different clains, these may possibly be
advant ageously conbi ned, and the inclusion in
different clains does not inply that a conbinati on of
features is not feasible and/or advantageous. Al so the
inclusion of a feature in one category of clains does
not inply alimtation to this category but rather
indicates that the feature is equally applicable to
ot her claimcategories as appropriate. Furthernore,
the order of features in the clains do not inply any
specific order in which the features nust be worked
and in particular the order of individual steps in a
nmet hod cl ai mdoes not inply that the steps nust be
performed in this order. Rather, the steps may be
perfornmed in any suitable order. In addition, singular
references do not exclude a plurality. Thus references
to "a","an", "first", "second" etc do not preclude a
plurality. Reference signs in the clains are provided
nmerely as a clarifying exanple shall not be construed
as limting the scope of the clainms in any way. CLAI MS:
1. An apparatus for generating a binaural audio
signal, the apparatus conprising: neans (401, 403) for
recei ving audi o data conprising an M channel audio
signal being a downm x of an N-channel audi o signa
and spatial paraneter data for upm xi ng the M channe
audi o signal to the N-channel audio signal; -
paraneter data neans (41 1) for converting spatia
paraneters of the spatial paranmeter data into first
bi naural paraneters in response to at |east one
bi naural perceptua
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transfer function; conversion nmeans (409) for
converting the Mchannel audio signal into a first

WG L@oow98? gnal in response to the first bi naur BECT/EP2008/008300

paraneters; - a stereo filBer (415, 417) for
generating the binaural audio signal by filtering the
first stereo signal; and coefficient neans (419) for
determining filter coefficients for the stereo filter
IMSsponse to the binaural perceptual transfer
function. 2. The apparatus of claim1 further
conprising: transform neans (405) for transform ng the
M channel audio signal froma tinme donain to a subband
domai n and wherein the conversion neans and the stereo
filter is arranged to individually process each
subband of the subband domain, 3. The apparatus of

Icl ai m 2 whepRRamtes fquesierabing abingaral aydie signal.dbs sppagatysrcomprising:
_the bi naupal, payic t)l‘f@lj re&eﬁﬁﬁé fnﬁflo BB ebhpikifX A0 hafhel audio
“transform update’interval . The apparatus of claim?2

sighalrbeing at dosvnpgm vfansiN @hanmhmhf( 84991} andsspatizlpatpaeter data for

BERERENE MR A0 YRR b NBa5R) AASHRGETD, 7

-l east on epavimé.ter chmdnans (431 lau fqrameetucg‘ spatial @axamtemnfrthmiipatial
of the hﬂchﬁg g in the Sy
PR ISF data ip Esh mia‘é’a al’ %{ﬂ %’& "% RAES L0

tlafséd fusdtPAL S hxy in response to both the spatlw

par anet er data and the at.|east one hinaura o .
-per cept uafonveraias means (GA) fopponverting H@q‘érfgé‘?‘%b fudiq,gignal into a first
sfekdd s'ign%l mgsrrp%h& tb AR ﬁ‘r@(ﬁ:fufxdu?dl ehlm@RANS (419) conprises:

neans ovidin bband representations of i

npul s
- r es pons esa stf:rea fige é5,|4t19) for generading she hingusa gudig)signal by ﬁlteﬂng
g@@&&gogggﬁgbﬁrs corresponding to different sound

s urces channel signal; - neans for

Ipegsat o bl mauraPSGrceptual

- -det er mi ni cgffidint friehiise(d | Hdef dqt@mnsﬁbgr cacffigiegtstferthe stereo filter -

n,of cprrespo n cients of the
‘%%B%ﬁgqtgﬁplgg‘érﬁf (feBRl pgans% %el%gnsﬂ ‘for deternining
wei ghts for the subband representations for the
ME|ghted ination in sponse to.the spatia
paraneter*@ﬁﬁ@m35$°gﬂémég T E"RS I8 ai m 1 wher ei n
-the firstgishamAdand BI03)Ehr afsféraiiiy ths M-channel audio signal from a

time domain to a subband domain and wherein the conversion means and the stereo filter is

arranged to individually process each subband of the subband 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 (409) is arranged to

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

[Lo] _ [hn h.z][lq]
RO hZI h22 RI
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coherence paraneters indicative of a correlation

bet ween channel s of the binaural audio signal. 7. The
wappanaons of claim 1l wherein the first bi naurBCT/EP2008/008300

parameters do not conprise3at |east one of

| ocal i zati on paranmeters indicative of a |ocation of

any sound source of the Nchannel signal and

reverb ratlon ters indicati f a reve ration
WhFreg ) 1888 OE DB i P B apmril o e WP et Fdio
s@nalﬁ‘ﬁm%@iﬂﬁﬁ@ﬁﬁ@m@ﬁoxﬁle&hdﬁ thedB &Y Rtangdd¥® deerhink Ghaik coefficients
nmeans (419) is arranged to determine the filter

h defespasise it bpth the spatiabparameter dagaanddheatdeast reingustlipsreeptual
ever beration cues for the binaural audio
uéﬁﬁéfﬁﬂggﬁ The apparatus of claim1l wherein the audio
M channel audio signal is a nono audi o signal and the
conver sSi neans f.:. 4
5decor rel a aapg?rétﬁé P‘fl%nm?fv}?gjenotﬁ%)g%u S%méﬁ?eagse{b%ﬁéc?%ﬁlses

-gener at e rhéwds fdrrpsctvuﬁhg subbarsd @p&berhm:oas ﬁﬁltrrplulse responses ofa
Itlplcatlon l.ied S

t
olSgafsy P el percabibeh et £ Sagqpn@ FarRRETH e FEHEm A sourees n

thei NURBdnnellknat® Met hod of generating a binaural audlo

signal, the nethod conprisingrecejving (501) audi
-data ¢ onpReass fy dﬁﬁﬂmnﬂgéhﬁﬁlteféﬁeﬁf’ﬁleﬂsg’dél W%&‘Ftﬁbc%’bmmwn of

cpaé@g eﬁ%g éﬂ}m'bbﬁ}d%é}ﬁs%h&ﬂéﬁs spati al

upm Xxi ng e hannel audi o signa
-to the I\mem fiegldeterrdiningswejghts for dprspbbandmepresoByions for the

wfepgﬁefi <8 ma xtner(ess o;e th S s?)gt%l anRRf @t ers data into

I'nau ra ters sponse to at |east one
bi naur al erceptual transfer functlon converting

6T gnal hefhﬂ@%“%ﬁé‘lgkf%“d' B o e b Gforise

c&fb?&fcébhrﬁﬂetéﬁ(lﬂdlcdthe obh BadlAioncbeeleen Shainals olf yhe binaural audio

filtering the first stereo signal; and - determning

sgBdl7) filter coefficients for the stereo filter in

response to the at | east one binaural perceptual

transfer function. 11. Atransmtter for transmtting .

7a bi naur afheaapatratus phelaim 1 piereiny tha §rt binayralrswsmeters A not comprise

apﬁé’sﬁ/? é}é‘fqgw 11%8% Ja%neﬁé% ﬁl'd Lk &léqb&tlgﬁlbﬁammﬁd SIuRQ of the N-
annal - audio si gnal elng a downm x of

chkmdanmahmmﬁWQbQMQmamm@mwmnmnqnweqﬁwunﬁﬂmﬂﬁmnﬂQwW§mnﬂ

component of the binaural audio signal.

8. The apparatus of claim 1 wherein the coefficient means (419) 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 audio M-channel audio signal is a mono
audio signal and the conversion means (407, 409) 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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upm xi ng the M channel audio signal to the N-channel
audi o signal; paraneter data neans (41 1) for

w@owgpsdddng spati al paraneters of the spatial PEr/EPEDE008300

data into first binaural pa&taneters in response to at

| east one binaural perceptual transfer function;
conversion neans (409) for converting the M channel
audio signal into a first stereo signal in response to
-the firstreesivingioaN) yuliodata @%enswgsqnidééamei o il&fi@ being a
délsﬁz\%ﬂxfoqran gﬁﬁgﬁ% 112080 sipRalind 3phial Pzﬁh‘xﬂét@r HIRRbpRKking the M-

ering t irst stereo signal; - coefficient neans
clfatip@l)aufliorsignel torthd Nichannie] dudéo sigeadf fi ci ents for the

stereo filter .in ' . L
ranet er PEUTEFOS RN Dahelf ot hE QR pabhAER LR o firs
bhamalpaimeerdiiprespansato. at 1ast ohe birmnmipasiparal gyssferfutiation;

transm tting an i ignal ,. the transm ssi system.
-1 netuai ngreRveriin %) B M ERhor AR RLRR Fafe Y Seilin
rdsPénsk &5 @k Yirdl Birdbdl Farstaétdrsconpri sing an M channel audio

si gnal being a downm x of an N-channel ?udl 0. Si

nal )
-and spat i gsReBHRHPEPLthe Bpural Fidiq gnak by §lterng the gf%éﬂﬁ’é’f’ signal,
21‘ngdi o signal to the N-channel audio signal, paraneter
ata neans (41 1) for converting spatial parameters of
-t he spat i deterpiniegS0@) filtratceeffipienss forrthg stere Aligran response to the at

| 4| t bi I
BTG bR ERR AR fhellen. 0 ver st on moane. (409)

for converting the Mchannel audio signal into a first
tereo signal in response to the first bin .

lE'ar amet er"g,tr aﬁsn%‘p‘érr %Bgﬂsf’}‘%‘% ¢ i’ﬂ? }lra!liuf%‘o gg?aigﬁé%%?nasﬁltﬁeé
cbmpristhgiaur al audi o signal by filtering the first

stereo signal, coefficient .nean 419) for determni .
“filter cg‘éF?‘ﬁséf@n?@s)ff%‘rref%‘ém%?@%g‘“? F%‘P%?S“f%anr@écﬁmezg“dm
sigRallRthghi AKX oPAT INRRAMR! addicdigrat ind dpadilipaumetsd data for
means for transmtting the binaural audi,o signal; and

upmixdeg:the -chapnelandio; signabtortheNmhannst sydiggignal si gnal .

3. An audh gabactdh M &5 chiNertifCphtl ParameRi G EAdpatial
audi o si S%ar\{&?étt he au%ﬁag@ﬁe?:or [ nge devi ce ?or?prf:i. Si n?: P
parameter data into first binaural parameters in response to at least one binaural perceptual

transfer function;

- conversion means (409) for converting the M-channel audio signal into a first
stereo signal in response to the first binaural parameters;

- a stereo filter (415, 417) for generating the binaural audio signal by filtering
the first stereo signal;

- coefficient means (419) 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 (401, 403) 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,
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* uprRixinghe M-ﬁhainna aydig sigmakip hey-change

- means (401, 403) for receiving audio data conpri sing

an M channel audi o signal being a downm x of an
wok@bamed audi o signal and spatial paraneter PEI/EPI008/008300

upm xi ng the M channel audi3® signal to the N-channel

audi o signal; paraneter data nmeans (41 1) for

converting spatial paraneters of the spatial par ameter

data into first binaural paraneters in.r onse
- Teast on@eisIvies A8 MAPCUAL (4 COTEN OB SPot P MIEGHES of the spatil

padrBHUEY th{lﬁn&ﬂgﬁkrafx&%@ RIT¥§ohdend at lagst Whe biamiel perceptual
audlo signal into a rst stereo signal in response to

traniséer fynceion, i naur al par aneters; a stereo filter (415,
_417) for 8{?%%@{ k?b%ﬂ{'&h?gaﬁﬁg M- cﬁdnﬁ@ladudm’mgnal into a first

“filtering ste eo signa - coefficient Treans
stéréo i@mlﬁmresﬂmmemnha ifingy binalutabpareroetessj ci ents for the

stereo filte t th . .
30 st K ERRIPToh &bl LUy SRS SBAHS) g
thglmg@feaélo sagi? 0 Si gna: 14. A mﬁtSOd of transmtting a

i naural audi o signha t ho
recel Vi ng:ogt[g'la}egt rag&né %l@;.gq eﬁrgmg}g fnpngﬁ%%h@?nta% tlg)e stereo filter
%ﬁﬁ&e BehdWinAursl PerEbitalatandfer AincdsaNagd audi o si gnal

spatial paraneter data for upm xi ng, t he M channel
- aud| 0 Si gnesns fQ§ trapsmiggingthq biapural aydio signghand converting

a PRl bPor RRLOIER'AY Sinflalld)Gio Mt 8! paraneter data into

|naura paraneters inm response to at |east one
bi naural perceptual transfer function;converting the

1%2 Bgﬂggl .‘%%Ud (9 ref%cl)r%n ldgvﬁg ?orz?fcfok é‘ %Igpau%ioqéq al tﬁE audio

I naur a ers; generat’i ng
récOiny degice abmpticing si gnal by fi I tering the first

stereo si naI ere det er m ni
-coeffici f‘{ﬂq ?9?3 rg?eévdng ?Lded ?at”f ﬁm?pé’ésﬂgnser}\q tcli)’arfq%?audlo
m?he{l deingla dé%ﬁﬁ)pbi%ﬂ Nichaihef fidio sﬂgﬁl i spatad) @arameter data for
ransmtting the binaural audi E"A@F‘a%‘ls A net hod

go3lidi o si gnal ,

-the met hqg LR dafl fMéins ?41tl§ ﬁﬁ‘%ﬂﬂ\khﬁfg sp#fal PArdinB@rstdTehe spatial
steps of:" receiving audio data conprising an M channel

paranietor daty indo fitse bingural paoARRAt§TX In response to at least one binaural perceptual
transfer function;

- conversion means (409) for converting the M-channel audio signal into a first
stereo signal in response to the first binaural parameters;

- a stereo filter (415, 417) for generating the binaural audio signal by filtering
the first stereo signal;

- coefficient means (419) 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 into first binaural

parameters in response to at least one binaural perceptual transfer function;
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of an N-channel audio signal and spatial paraneter
data for upm xing the Mchannel audio signal to the

wok@banyed audi o signal, - converting spatial PCT/EP2008/008300

parameters of the spatial parameter data into first
bi naural paranmeters in response to at |east one
bi naural perceptual transfer function, converting the

M channel audio signal into a first stereo signal,.in
-response T8vEHES fliegét"hb‘}"ﬁb%}}dé? SIgna) uyiQ¢ &P ,StebeQ%lﬁné]t Ip fggponse to

tHe TRt Rhralddk® signal by filtering the first

stereo signal in a stereo filter, determning filter

-coef fi ci egenerafing thehénayrad pedio signal &y ﬁiltﬁn%@s&ﬁsgétefe@ sighal in a

st?}cgqﬂ{eﬁl perceptual transfer function, and _
ransm’tting the binaural audio signal; and a receiver

- per f or mi ndptérininisg Blterabeffierais\orthe staro filtanimradponsedd the binaural

signal. 1 conput er program product for executing
p?‘ﬁ%’%t“ﬁi}%"r&ﬁnﬁ}?y’ %‘fdet he claims 14 and 15.

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 spatial parameter data for upmixing the M-channel 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 function,

- converting the M-channel audio signal into a first stereo signal 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 15.



