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the head-related transfer function (FIRTF). See, e.g., J. Blauert, The Psychophysics of Hziman Sound
Localization, MIT Press, 1983, the teachings of which are incorporated herein by refererace.

Using binaural signal synthesizer 100 of Fig. 1, the mono audio signal generated by a single
sound source can be processed such that, when listened to over headphones, the sound source is spatially

placed by applying an appropriate set of spatial cues (e.g., ICLD, ICTD, and/or HRTF) t© generate the
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transmitted channel(s) are generated by downmixing the C input channels, where C>E> 1. The flagis
generated by analyzing one or more of the C input channels and the E transmitted channel(s), wherein the
flag indicates whether or not a decoder of the E transmitted channel(s) should perform envelope shaping

during decoding of the E transmitted channel(s).
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Fig. 15 shows a block diagramm representing at least a portion of a BCC decoder, according to an

embodiment of the present invention that is an alternative to the scheme shown in Fig. 10;

Fig. 16 shows a block diagrazm representing at least a portion of a BCC decoder, according to an
embodiment of the present invention that is an alternative to the schemes shown in Figs. 10 and 15;

Fig. 17 illustrates an exemplary application of the envelope shaping scheme of Fig. 15 in the
context of the BCC synthesizer of Fig. 4; and
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In one embodiment, a BCC decoder has an upmixer, a synthesizer, and one or more inverse filter
banks. For each of one or more different frequency bands, the upmixer upmixes one or more of the £
transmitted channels in a frequency domain to generate two or more of the C playback channels in the
frequency domain, where C>E>1. The synthesizer applies one or more cue codes to each of the one or
more different frequency bands in the two or more playback channels in the firequency domain to
generate two or more modified channels. The one or more inverse filter banks convert the two or more

modified channels from the frequency domain into a time domain.
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ase n t hat one._.t smtted nnel
Typicat BOL ol FEWEL ot G! Ll P REBOATE FOoRBRAT o pgannel vl
difference (ICILDE 3p0 ﬁiﬂér%aﬁxfe&ﬁé‘ﬁ’ﬁldtibﬁ dcch anta ebtim#Asd Batwsen cb@&in pairs of input
channels as gﬁﬁhﬁ@té gzﬁgu%)ngm q h t rpgg{cﬁﬁg P@%}gﬁ%f?%ﬂ%%ﬁ Bilggt%%etween which

particular pdiRPbS i8Rk RharlnB Rl BCORIBS atdW@tikk@asm tted channel for
each pl ayback channel . BCC encoders. and/ or decoders

ICCiaa praTesPRISE froths cakprenae of abiraywl ienah whibiiwrglatest to the perceived
width of theRRlid &ﬁ%eo Fﬁle LAGdr YL Rio bR, AR L he @blgérén@tl, ‘?é’ﬂv%%ﬁ the left and

recorders/ players, digital audio recorders/ E ayers,
right channglo pf the aesyltingAunesiural signaly Bersamplerthe celesinge pishe batuel signal

correspondl{xé @@M&%&E«i/ feaf bIYt%R'ér antag&{ogxﬁ{'r{ ét?éte a{lp ﬁfﬁ%ﬁl{?ﬂéi}/&r éhr%g ’the coherence

ansm t ers eCGIVGFS hone enter
of the binaugah cbignel/¢carespramaingrto symg]e velin playing solo. In general, an audio signal with

lower coherence is usually perceived as more spread out in auditory space. As such, ICC data is typically
related to the apparent source width and degree of listener envelopment. See, e.g., J. Blauert, The

Psychophysics of Human Sound Localization, MIT Press, 1983.



Generic BCC Processing Fig. 2 i s a block diagramof a
generic binaural cue coding (BCC) audio processing
weysiemas200 conpri sing an encoder 202 and a deeOu&P2005/009784
204. Encoder 202 incl udes downni xer Z 06 and BCC
estimator 208. Downrni xer 206 converts C input audio
channels x/n) into E transmtted audi o channels y(n),
where O El . In this specification, signals expressed

Depéilida@n e piidichRPhshRat@hetht ENBmE@iRE Bu§b 8aghSis 248 'c!)x?espondmg
signal s expressed using the variable k are

BCC codes maxpl feneryudrshairaqtiy F“g‘i‘fﬁ?‘%er 2 pieiered i WA sHElabpe ofistarage device
for subsequenRI-EIBPILRELR 204 OVBFENNih P On GRSk &5 ”E%ﬂsxhﬁtén may refer to
either the time domain or the frequency domain éﬁ
cither direct gapsnysionr toxpdrogdarer stowse Boskseatsst provision iver dedadoutIn either case,
decoder 204?&:@ vEs tgp @%@Jﬂﬁteﬂqqgorcﬁm% bidg Lo E?or%ggorpa%geé AR mE r|;11xex1ng and
out - of - band side i1 nformation relative to
BCC synthemmsntz the B{Prcedeeth eandérothe Warameingted Tygip clanEEEnoo@s than £
ncl ude one or nore of inter-channel tine difference
(typically, b\(t |“€t'|"{§fess%ﬁ{ye £) pRxhsrkjaudia ghanngls f’FzZF‘S rfe%au(lp@ﬁ_l@ybacgn Pepending on the
i nter-channel correlation (1 CC) data estimted between
particular impiemeniptiony HNEX e cph puer WFasHHE| sstherdhatime feea rprdhe frequency
domain, frequency and time. The particular inplementation wll
di ctate between which particular pairs of input
In addiign tethe BECEresserées dpwn siip hregneric®SGanda o processing system may
lude add
include a 11‘17&1raf gﬁ&ﬂﬁg%fxg?ggaﬁgcs?%gsr tg %ﬁ’%g@p@éé&ﬂﬁ&u@} §iﬁ9£‘l§ at the encoder and
then decompgf@mhg eudidprsegnai s thet deeodan dispectiyalyc é',hestehagdlb om@bcstrhzey be based on

conventlonalfag%‘élr ?@ﬁrgesgf%% &hﬁ;gxhs%wn%%cimxgags suclgas ﬁhose frll%g{ %rb%\g]s ?,9218

naur a exa
modulation (B€M) hiiffdyiemaiak B(DMS(DJ’GM) m@ﬁaﬁm@RﬁMQADBCM) orchestr a

spread ou ver an auditorium g ically I
Whef ARG O ETSHLE THE TR i 251 pReL codng 1 abfe o represent
multi-channel MUdi €& HOME bNPbi@tetondy n@h@ Mg@érltnmnabm isReui®dQo rdglesent a mono
| ower _coherence is

|
audio signal SRS o, e 76 B OF B s 5 A 0EC AR B e aehanne pai

contain aboubRRCRderHS f Sldghitudel 165 iftrntib® tHa¥ Rh §8dib Wate@bhed to the
apparent source w dth and degree of |istener

Not @p W@ﬁfate SERCCeoding, byt alsq;gtqalqp@kwardq'p@gag@@m pknest s of interest.
A single tran&fu‘ct'él’:ll msgﬁ 9(1 d'THdE 1{1 Irhf 'E)Eﬁn?,‘ %Rzg?’%tg@g gp gléxﬂgchannel

he pa app |cat|on
signal. For rmmwéhag <Gompt @W%Mrm@l@@}m@h@gndrﬁymbacnon, hstemng to the

transmitted sﬁsr&?{kgg' § L%qhg In{e otdI of P};egengigé al%eaqld %atgn §r¥ R<E e%{ofgg (r:neoélg

storage device tor-subseque
reproduction byuidmmmdBCQ @ddm@epeﬂaefbfog aso behesed ict enhtrico Bmslnhg séreicas involving
irect transm ssion

. "trans refer. to either
e delivery o GG SRl oY pF - oD ot S, PRt Petapudio
radio broadcai€in@sletems din®eteARincEARHE sterde 6O HRlti-2HIAndl QREbAESIT HREBCC side
, . _transmitt audj o channel s .and side_informati on and
information Cﬁgg %@gdﬂ?ﬂ Qe Bersnu e ehape! uéPﬂ‘@goﬁ-ﬁé’aB@dmes exist when
downmixing 6RUEshatuf ICRAIAISIoltwb REm Bighi1a et drigsbraus kg BRABRE! s 1 Nt O

nore than E (typically, but not necessarily %@k
BCC progei5exap<iip gienals mateedaiy timegnd ferﬁueaeme@plwayb frequency

resolution us&EiR EREHPEN A aldd®y the frequency resolution of the human auditory system.
Psychoacoustics suggests that spatial perception is most likely based on a critical band representation of
the acoustic input signal. “This frequency resolution is considered by using an invertible filterbank (e.g.,
based on a fast Fourier trarisform (FFT) or a quadrature mirror filter (QMF)) w-ith subbands with

bandwidths equal or proportional to the critical bandwidth of the human auditoxy system.



particul ar inplenentation, upm xi ng can be perforned
in either the tine donmain or the frequency domain. In
waddadictusa13t o t he BCC processi ng shown in Fig. BCTAP2005/009784

generic BCC audi o processing system nmay incl ude
addi ti onal encodi ng and decodi ng stages to further
conpress the audio signals at the encoder and then
deconpress the audi o signals at the decoder,

Generic Dowmgixéet i vel y. These audi o codecs nmay be based on

b il o R —_—
input audio sigakl] Thd gal i BEM) eachlbibhiad cemporeht BENY B Mhed. 08 irBSl@RIMMALion of the

audio input gémug Q@;lcrlev%x}ts én amgﬂ %g]%)é%:gt&eglgg ql}g{gg%ﬁémy?cgiérpcg 'g In other words,
the power of @a k@62 Bdmpdtkhts ﬁraa@mhe"auﬁh i9 oftt1gRdes orasﬁnagerhhhﬁ @heBsum of the
I GQUI re

slight|ly higher th

power of the @&?@%ﬁf*g SR BRSPS % F@cﬁgﬁ mﬁﬁ 4 dpynaiging fecglanigiagecan be used
that equalizdsiBe f&i gl &dh | tdilPhe pddkdPof aidkhl lcbiapsiRha nb@&: gﬁﬁ%l?ﬂal is approximately

channel pair contain about two orders o magn
the same as fhecQrresHPRGHRERAVEP i I3 ANPARChAGEFS wavef or m Not only the

Fig. |3%Y1\6\pé Jﬁl@él@dégraﬁgg‘ acd%%ﬂgxerg% 1k 8 Het@emcmgﬁxer 206 of Fig. 2
conpatibility aspect is of interest. Asin
according totqeripin mnmlp@dntymmfgﬁféﬂl systeny %M@mlmra}OMQ Hidvenbdnk (FB) 302 for
h rijginacl ster mul. ti:ch

each input chInnEl 3 e)o ;2 d?ijr{uxm% E_))Foclgg%g &p t()pté neal} sécafil(l_)g?gerlrm &%%%% ﬁg(ﬁ an inverse
FB(EB)MB@Mﬂﬂdf@ﬁb@ﬁuhbhﬁﬂnglStenlng to the transmtted sum

siLgnal is a valid hod of esentlng the audig

Eacly e brod 3 &rfovwio?ag? PREe (ofod @5?% glie taresFPoadi it input channel
| nhanc

(o) in the tﬁ%ﬁﬁﬁaﬁ%ea%%?%&%Pﬁéogff%f%éss?fh@d 470 8B 3G . prgmivine
block 304 d&é{xzr_nglfccl:s rgzach n%l\ﬁg)r ald or € croar_gé:pr})% {I]lg in ulfl g?e%’ﬁmé:rgvﬁ nglg%ﬁgog(gng sub-
band of £ d(ﬁﬁima'mddthﬁafcy st@nan ceafficiedts.i E@.haam &) rgprayhatie ddwitiRing of the kth

BCC side information can be enbedded into the existing
sub-band of inpanewifeaner(FchapEelk),. Aal(dYowszenapbid it ubsbaat ctdownmixed

when downm xi ng rmulti-channel audio to two sum signals

espon 0 ereo audi o. BCC processes audi o
“mﬁhwnmiY@%b %&ntﬁEégétﬁﬁgﬁmwflne and frequency resol ution.

The frequency resolution used is largely notivated by
the frequency resbpqy@dn of the n a-uditory
system Psychoacdus s| suggelst 5 thpt spati a
perception is mosty(Kel y based,0h) a critical band
representation off the qced@gtc i nput, signal. This (1)
frequency resol utlion is| considered py using an
ixivertible filtgr aag (e.qg., @aﬁ]f on a fast Fourier
transform (FFT) dr &' quadr at ur'e or filter (QVF))
W th subbands wi th bandw dt hs equal or proportional to
the critical bandwi dth of the human auditory
syuem(knaic[bwwhmngln preferred

the transm.tted sum signal (s) contain

where DCE ream;aQu %té g}'rp‘%ﬁ% B nf“he i nput audio signal. The
Optlﬁ%ﬁ? %ag?g{éeg lgsﬁ% 598 ﬂ]faf%tag %ﬁ 8 mluhgalhers 3%, eXch of which multiplies a

corresponding downmixed coefficient yl. (k) by a scaling factor e(k) to generate a corresponding scaled

coefficient )'7', (k). The motivation for the scaling operation is equivalent to equalization generalized for



audi o i nput channels often results in anplification or

attenuation of signal conponents. In other words, the
woausro48873t he signal conponents in a "sinple" BAMEP3005/009784

often larger or smaller than the sum of the power of

the correspondi ng signal conponent of each channel. A

downm xi ng techni que can be used that equalizes the

sum si gnal such that the power of signal conponents in

downmixing ygh SHIFATYSYYHRIG BCIRFDIH RFheh@yl-t 1hifie dnpvbchpanelp gre independent,
coryespopgi ower.i.n all i t,. channels. Fig. 3
then the poe R OF P R BRASF T o Rl AR B i i s oo

used for downm xer 206 of Fig. 2 according to certain
i mpl ementations o 55 5yst e qu Downmi xer 300 has a
filter bank (FB) B0Z'¥of each|iapit| channel x/n), a
downmi xi ng bl ock B®%,:n i pHa)sical i ng/ del ay bl ock:
306, and an inverse FB (EM):B08: f or» each encoded 2)
channel yt(n). Each filter baphk 302 converts each
frame (e.g., 20 ),,0f a cofpesponding digital input
channel x,(n) in %ﬁ?%%ﬂ? do F%%% 0 a set o f input
coefficients ¢ (k) in the frequency domai n. Downm Xxi ng
bl ock 304 downmi xes each sub-band of C corresponding

i nput coefficients into a correspondi ng subband of E

e D QBRSSO doncl coel ) EhSnt 5o EQURLLON LI oo

-

coefficients \xx Jc), x2(k), ..., xc ( Jc)) to
Pz 1y 1s thgpovesraf sibtthed Mofsofutbbambelf downni xed coefficients (J)
1(Jc),y2(k),...,y (AJ as follows: ) where CEis a

real,-val ued Chy-E.d m xing matrix. Optiopal . . .
it o SR e o s OB L B BT B’ Forcno P Rarp Py siens vl
310, each o f which nultiplies a correspondi ng
be larger or gluatlsnibsetatconifuted wsitg Hquagign J2)bduedo sigadl amglifieativos o cancellations
: . C ' ef ficient o
wien il (g RISEOLE 2y AL DERRSDILARARS) S REHIHE) Al
operation of@guatioal( B agptie €qn ahb-batds dolloyed by ahd walthefopedawnot xiudigpliers 310.

e seating il il R e S e ¥R o power p

~( of the downm xed signal h sub-band is given
by Equation (2) as follLqws: [Hhene CE is derived by
squari ng each natri%%ékgﬁb in thhe C by-E downm xi ng ®)
matrix D CF and P x (k) s Pker of sub-band k o f
i nput channel i. If the sub-bands are not independent,
then the power values p ~ ,k of the downm xed signa
where p; i ik thel3gb-baid get <dlas somputed by Bauntivh &), fdnpyl.6 ds pSwidg of the
“"Equation (2), due to signal anplifications or
.cancel | ati ons when si |, conponents are in-pha.se or
corresponding gowgmixsf é‘éliél?ar}%%’é%tlg z\r@)y. To prevent this, t ie
downmi xi .ng . . . . .
In addition to or instead of providing optional scaling, scaling/delay block 306 may optionally

apply delays to the signals.

Each inverse filter bank 30 8 converts a set of corresponding scaled coefficients ,(k) in the

frequency domain into a frame of a corresponding digital, transmitted channel y,(n).

Although Fig. 3 shows all € of the input channels being converted into the frequency domain for
subsequent downmixing, in alterna tive implementations, one or more (but less than C-1) of the C input
channels might bypass some or all of the processing shown in Fig. 3 and be transmitteed as an equivalent

number of unmodified audio channels. Depending on the particular implementation, these unmodified



operation of Equation (1) is applied in sub-bands
foll owed by the scaling operation of nmultipliers 310.
woheoeasd7dang factors ejk) ( 1li E) can be deri ve#CU&iP2@®s5/009784
Equation (3) as follows: wWere p ~ ,k , is the
sub- band power as conputed by Equation (2), and p
is power of the correspondi ng downm xed sub- band
signal j I (Jt) . In addition to or instead of
audio channelg maghit oii migho pot meded g BIGCestimstvaR0hof Il 2ay ebiepatka SB6 transmitted
BCC codes. MY optionally apply delays to the signals. Each
“inverse filter bank 308 converts a set of
In an mcpﬂdhmeqamstd ioff dosaalied 3@0hhif geaeretes 8 single(skah sighaltylie), E=1 and the
frequency domain into a franme of a . corresponding
signals X, (£qjoficachsubangradiepeh @ﬁutaharﬁwéf axg afdnd anAIﬂteﬁélﬂ}él*PIFﬂgWIﬂS a factor e(k),
shows all C of the input channels being converted into
according to Eqyetion(@ggeiodlpwdomai n f or subsequent downmi xi ng, in
alternative |nplenentat|onsc one or nore (but |ess
than C1) of the Qi ght bypass sone or
all o f the proce¥ §§%ﬂzygléﬁfb 3 and be “4)
transmtted as an eqU|vaIeﬁi nunber of unnodifi ed
audi o channel s. Depending on the particul ar
the factor e(k) 6Bk 4R (5} fEesBowaanodi fi edaudi o channel s m ght
(:%?Eh?gPF%ﬁ%ot ééiused by BCC estimator 208 of Fig. 2
in generating the transmtd ed BCC codes. In an

i mpl ement ati on of downm Ef:gOnggat generates a
single sumsignal y(n ~) [ the signals x ¢ (k)
i.egdut _channel c¢ are added and )

of each subband ac
mﬁéﬁ'* act g fc)’, according to
a

then multiplied
Equation (4) as follows? tHe* tor e(k) is given by
Equation (5) as follows: where p ~ (k) is a short-tine

estimate of the power of ¢ () at tinme index k, and is

a shorttinme estinate of the power of " 2 |j ¢ () e
where p. (kg m?ﬁo%gxg%%{ggﬁgg f%{ ﬁ)etz)éﬁ?nis fg?g]ﬁz gt glﬁ% ;ﬁd&gk tng S}j r(%) is a short-
transmtted to the BCC decoder. . GCeneric BCC

time estimate @ltﬂ% e\xgelr %g ::E 80 FKQ?V\?&% g&ea?lggdesgl'bg%{dggl]gg%a m%eghbac]k to the time

F|g 2 according to certain inplenmentations of BCC
domain resultiy $t thenu2D8ignBOC p that ik @shsmetteddd@hdBESCaledddet er” bank 402
for each transmtted channel y/n), an upm xi ng bl ock
404, del ays 406, nultipliers 408, correlation block
Generic BCC 4hesgnd an inverse filter bank 412 for each playback
channel aé Each filter bank 402 converts eac

Fig. 4 shojyta bk iagremend sdbfely mgthesigen 400, that cambsiset &4 deﬁaﬁiﬁﬁép‘* of Fig. 2
according to c¥rt§1£ Hﬂ et ods cﬁ%é@g@{e% 308 BE $RtheBlerl408MEs a filter bank 402 for

coet |C|ents y . (k) the frequericy domai n. Upm Xxi ng
each transmittpd eheknelindz pnumguwbihcls‘!ﬂé delens 466, Bultpliere4Q$o pekmalgtion block

transm tt ed- channel f|C|entsA|n 0 a correspondin
410, and an inggpp,falieybank 412 for each pl eback channel X, (ns P J

Each filter bank 402 converts each frame of a corresponding digital, transmitted channel y,(n) in

the time domain into a set of input coefficients ¥, (k) in the frequency domain. Upmixing block 404

upmixes each sub-band of £ corresponding transmitted-channel coefficients into a corresponding sub-

band of C upmixed frequency/-domain coefficients. Equation (4) represents the upmixing of the kth sub-



of C upm xed frequency-domain coefficients. Equation
(4) represents the upm xing of the i subband of
wonresaasd’s ed- channel coefficients \y (k),y 2(KPCI/EP2005/009784
., YE(k)] to generate the Aflli sub-band of upm xed
coefficients ( ( r) , S2 (k), . . ()] as
follows: where UCis a real-valued E- hy- C upm xi ng
matri x. Perform ng upm xing in the frequency domai n

s oo SIS TR 50, A2 5B ML B s o

value 1(1z) based on a correspondi ng BCC code for |ICID
upmixed coeﬂﬁteﬂts(ﬁ(ﬁl’)&ﬁll(k)th;’:&&(k})easdﬁmvd‘sed | CXD val ues appear
bet ween certain pairs of playback channels. Each

mul tiplier 408 appliesya scafin ctor a k) based on
(A ek

a correspondi ng de for ata to ensure that
the desired I CLD 5 appe en certain pairs
of playback chan gggyfyorgel ??SEB | ock 410 perforns a (6)
decorrel ati on operati oh A" *“pbased ¢n correspondi ng BCC
codes for |CC data. ensur e| th % he desired I CC
val ues appear bethéE);ertai ypz 9 of pl ayback
channels. Further description o f the operations of
correlation block 410 can b e found in U S. Patent
Application No. 10/155,437, filed on 05/24/02 as
Baungarte 2-10. The synthesis of |CLD values may be

where U ;. isgrsalivalogid] Bbprfeunmhiaing ragixs Werfhesing uphixingiotherfd equeacy-domain
val ues, since |ICLD synthesis involves nerely scaling

enables upmiging $aiiz-apaoictd Sidjmidhaly iSba@eliﬂf@trD sghrbandar e t he nost

Each%(ﬁllém?({% aax)%pli{cﬁ g td%i [ ecllt &?%c?lba eu é)g a é:orreéggn&ilg uﬁb{?%ggg rfgrfICTD data to

ensure that tHeldiesifat I@Iﬂ]ﬁ‘/alﬂ&sdalppeeﬁ begwaén certdim paite bf playBatk dahaelkl Ghth multiplier

408 applics 3GUEBAGIR €09 DTo0 0P BTo BT GO BATRAOA LD P SBige et the

desired ICLIS RS Fhpe ke Bettdh céiteh Sail 0P plaghapR WRmnelb. @&@é]atﬁﬂrﬁkfb@l@ K10 performs
channel A$ proxi mates the correspondi ng power of

a decorrelatigsrqpgiaiien 4 brsed OmERITSPEREBRC cadseiggdat datayo grsure Hiat the desired

ICC values a@}m etévsel%,z' Al driagl Cﬁlf_aufs%\fvpﬁ%r&@ﬁ\lzl}zlaa'ﬂggg f Fﬁggkg g%ﬁmgt% of t%c(:: operations of

correlation bipal 41 0rvhug e ﬁqomd i SuBkdent BPDication NoO 0/k5484, filed aml 05/24/02 as
qBanneI pairs. In that case, BCC synthesizer 400 would
syht hesi ze | CTD and | CC val ues only between certain

The yhihesiadf IQHID salubaunly belvsnseblitidniesharbte kynticdis b ICaID asndalCC

values, smcef[ ﬁ of cor. r es d| n %lys%{;%l I?gzo o eﬁ@%ogn fg JsC ent i%lﬁgocu)es 1D e most
commonly ugdl @ir&oﬂbnam@y hﬂ&hsﬁdﬂ@rﬂxﬂﬁ‘é impofdant mﬂmﬁmﬂ@vaﬁleg appraxioas those of

[l E of the t tted | t
e gl s Sy T SIS SRS SOTMELEC LS, i

factors a,(k) Q<28 Stie2h sbibbahd 8 P@tdrmy LHEREEIRR it 1h8 BGb-bAHE p&¥er of each
nore (but not all) the E transm tted channels n1 ht

playback chagyq) arpsoxdppaicsohe apmesavndewoyﬁbe@é% Prginal iRk 2ycHo b
One 58 mg}?e@él]% ngp&)lf Raiffely oV §1g9£l rﬁd@ﬁctaﬁ&m iﬁﬁﬁs&;ﬂ@g‘mﬁmd ICC

I ed channel's that are not sug%ecte
values. As smhytha BECk datg mlghtrmmctud@m%a@eﬁ%vaéwé fegrall P@l@fpatrheln that

case, BCC S}t%thoem%é( Q@ﬁkw&ga Qﬁ%ﬁ%iza& av A ?Ahﬁéb %QI gg&ﬁ lcértainrl:hannel pairs.

ono

Each mverse?ﬂgxe ngl?ka n{lleclzosnvgx% a se{ otj%orrespogclilgg seysn‘?hegged éoeaf?Bfeh&d:?,. (k ) in

Baumgarte 2

the frequency domain into a frame of a corresponding digital, playback channel J?:,- (n) .



to synthesize one or nore of the other playback
channels. In either case, such unnodified channels may
woeoswdfest ed to del ays to conpensate for the PCT/EP2005/009784

processing tinme invol ved in2the upm xi ng and/ or BCC

processi ng used to generate the rest of the playback

channels. Note that, although Fig. 4 shows Cpl ayback

channel s bei ng synthesized fromE transmtted

AlthonlieFige hshowb gl £ oPWRSraAdnsitted Etannelbeiig @hveptel ghitathe iR Rkhcy
hannel s, BCC s esis i.s not limted to that nunber
dormain for I BRI MERR B rOR T T T4 0 ARG Lag. One oF more (but

not all) of thepsr bt ke BRNAEL S1ig@ByAes RME dRUTREthe Bfocsbiap &elloﬁm in Fig. 4. For
i ncl udi %gnunbers reat er tgan or_less than

exammple, one gp ey P e FaRTRIEd SETRHS RN RS BrRUinc Shar &atmrawéwcted to

any upmixingC hed¥agtisn kosbeﬁﬁféJ&{e dr ol ofl tBS & pldiBRcKIcASBTRQE @fmodified channels,
transmtted channel s, Perceptually rel evant

in turn, mighterbup Florpos §aveja paaissi asdefieeneneliestoadithR GG nioesssing is applied
to synthesize 81%"& sheRals ath%t%ﬁﬂ%fk&%hgﬁlsa Iﬁ'El@l{e?@asQ udﬁﬂn&ﬁo&h@@ Qlﬁzlnnels may
audi o signal such that D, and | appr oxi nat e
be subjected toelayso ke ecgpranedtn Er é}@@soceﬁsmgﬁ@n@m\fghvmh t}mmtm xgigepmallor BCC
processing uSE&tO%@ﬁC;&% Jhg‘%spgf thé E\gyl{agﬂ( &h %BCIL CTD, ICLE, and ICCin
fion to auditory spatial i I'mage attributes is
Note thptse) ot Figrohbwd §olabaitchapeds la:hnghaahqsrzgd Frrgph Eagansmitted

channels, whér@ é(;ver 8%? ps gﬂﬂger 0 Bgﬁgz\a/lgﬂgeu‘ﬁ c%%nﬁxgls 3%}?(3 S qh%l% ;g Pgﬁehrfl%gﬂ? that

number of playthkl bklemleés plorpsesal( BRhEisberO)ff ptalybadmhlarnnﬂs cdnltes enyt Surdber of
channels inclr‘%llati S r£ et vveenlvvl f .the X udi %‘r&i%‘ even%ﬁ
 IMCYTIER B ré QB SPRUAY o5h a’i‘ RPN EYe opg vhefrdhe number of
playback chamalk isye quidl td &t lesspBdntthe @fmtichef RiRlsRstteddommyer , t he
rel ati onship between | CC and these properties for
general signals (and not just the BRIRS) is not

"Percentuallv$él£v§i119 aifRenRE betwebfhifo 8iddndy! ti - channel audi o
ignal s usually contain a conplex mx of concurrently

Assunéze@ } v edote seadl el syndhesiges 'chﬁ@rg@ &r pyitickfmel pediosisgalzuch that
ICTD, ICLD, afeeh %B;Sx%xfn@ﬁéjﬂhe oA h M c%@é)&dthee ﬁgglnl}]ag aevﬁ]cféﬁ%gp In the following,

ggaces or added by the recordi ng
the role of ICHIP{ICEAR, aaﬂIISZCon ecdation ¢p anditpmtspatial |umtgee§sbm is [liclueyednt

Know?eg  at ns sﬁ'ﬂf&h ﬁea?fﬁ%e&qp?el bhal ?(Ir ofi& %u(ﬁt% xﬁ%yrlﬂl ;1 ?(Eﬁ? ars related

requency pfa ﬁIS S
to perceived dixyctioﬁﬂ'Dthﬂb@;suhndg biyralwbom hlmpldseyreaﬂnas (BRiRS)@Iﬁ oaé source, there

S PO A e i e
the early and biterpemt iofttis: BRIRsS Phoiveddr, thepulaiakiip bétsedhICCQBMI tbse. prdfteties for

. str i.n enbodj tS(ﬁ BCCis to blindly
gﬂmmlﬁgm§§ﬂg g%?éﬂFﬁ§§g§EaE§S§ Wﬁﬂdthey approxi mate the
StereCAE ERSPICIMhMY aGA6 Sighdls GNEIPEI@ iR @k‘or?&l@é RixdfBWburrently active
Fil terbanks wi th subbands of bandw dths equal to two
source signals suprgigrapessd & e flegied itenslcemansaesWisdiatrerordimein qaelosed spaces
or added by tHéSr&grdllngfeﬁbﬂ@er £bi a?ﬁﬁd?é.l@gcréa%‘ﬁgalsﬁatiah%résgl@n aﬁjffgrent source signals
qual ity of "BCC does not” nota rove when choosi ng
and their reflogfigyh epcmedql@férﬁ@yreg@smm @ne-frAqmmplam diyisam cryﬂected by ICTD,
[
ICLD, and ICE eﬁlﬁéﬂ %%%%%%P%gﬁ ﬂ% fg&#‘.ﬁgffey nlé el{éseciyé it 441 Fdlatl B Rtween
mstantaneousﬂ(ﬂ’ﬁhgﬁ:hlﬂmdﬂﬁqmé autmpqdcaaenfahtbctwrugnd spabal impression is not obvious.

The strategy of certain. embodiments of BCC is to blindly synthesize these cues such that they

approximate the corresponding cues of the original audio signal.
Filterbanks with subbands of bandwidths equal to two times the equivalent rectangular

bandwidth (ERB) are uised. Informal listening reveals that the audio quality of BCC does not notably



| ower bitrate. Regarding tinme resolution, ICTD, 1CLD
and I CC are typically considered at regular tine
wonvwrnsd7s. Hi gh perfornmance i s obtai ned when PCTRP2005/009784
I CLD, and I CC are consi derdd about every 4 to 16 ns.
Note that, unless the cues are considered at very
short tine intervals, ttxe precedence effect is not
directly considered. Assuning a classical |ead-I|ag
improve when chngimiglfighay dreduescy resdlition. fA ddveer [fiegepngairgsiohyioh ady biedesred, since
r I e
tresuls in less [GATF, IG5 B DAL B el S Boqdcpand g i
lower bitrate. | s not considered. Despite this, BCC achieves audio

d H f about
chardlr%#%'(xetré(so{u pré,)e(lge ICI,‘I.trb 3l %8 Qqu%w& R@soi%ig%:c}gi’%% 1%.5 trcl:%e

intervals. High pqnfotmane;amoytaihﬁ@ whert ICZﬂﬁ) tIaLD, aruijliClﬁJ ¢ gnaﬂldieredl' fiwut every 4 to 16
of t en- i eve di.ff.erence. bet

ms. Note that, gt e €F G eznar Sy hk FORI Ui RC PRRGTH<Be: Tigt s no

directly consideredle S\ sb@hiig@ctldssic laatl tey p’a&ftg"%omfd saivalifiOE e Epﬁhncaiag Ifzmig@ a

time interval wh?rté%ag }tl) g%{%tg q%é gpélétg%sypé,gtﬁ?rh c fzirartgo% dﬁ%@ nt n cﬁénot
considered. Desfoﬁ’é {194/ BOC aSI0ERs AlYQRIESreBE Qe PinkARv@EEE MUS‘:m,scér@bﬂabout
ICC may relate to a range of auditory spatia

and
87 (ie., "excellepinggdiogualityh o aerageand Wi nsAT o L 0G foreqrigin sudl Sigal ne
The ofteh- Q&ﬂi@%d"}%rcé_}ghuallg sHABgiRat MWeéncl:I@renéé:E@nal%q s%s?z'é@ signal

o esti mat ed itrate for transm ssion of these
implies that cueyrglatert fozewidamnge obradiory santiad imeagesiodes b impbieitly cpusidered by
| .

synthesizing IC”I'? éér%cl))a gﬂ((ij Y% F’ct regﬂ %{an K gﬁter\;a‘i oIﬁ é}lf%gﬁlzdvghgt §cgrlxe% {rg{l}g«gﬂtg are given
on how ICTD, I¢lI)sand IGE” mhateldtstorgangeroddduditnry spagiplnighgae atidbweshannel .

Fig. 5 shows a bl ock diagram of BCC estimator 208 of

Fig. 2, according to one enbodi nent of the present
Estimation of spitiat¥emes on. BCC esti mator 208 conprises filterbanks

FB) 502, ,whi.c s filterhbanks,h302 of
inthe fotheait 4 ROUGE TR OF STTGRERBBaC NaF R AN dy b o
transmission of ﬁ'l@}- [@qubrElztY amnebdbSpaRdtied cak befst Ofew &BOHart thh€ ReMBCC, it is
r equency. supband enerated by filterbanks 502.
possible to trans’EgtSYfr'Fﬁ? AR TS 21 BETelngf e e £ afhablisapotiraf for a

mngeaumochmﬁQﬁ foll ow ng neasures are used for ICTD, |ICLD, and
| CC for correspondi ng subband signals X (k) and X2 (k)
Fig. 5 shgwy a thieek diaggam o BeE smao? (S it Aetcger<hing wme embodiment of

the present mver[t%@?%?(? ]E:rse}lrgésgct)rl(@ tccélﬁ%r?sq?ﬁ écelfr?glgkﬁ(éFBi(geﬂg, Whg(ﬁ') m¥‘§' B@th@ same as
filterbanks 302 of Figs 3, end estinatipw bloélusld wbirhgereratehlCTEY &L and B)C gwmtial cues

for each differeng g!acllgevxvlsc:y\égbet{agd (gjé(ner:ate%)ff{ﬁlte%a%](s 502.

Estimation of ICTD, ICLD, and ICC for stereo signals
The following measures are used for ICTD, ICLD, and ICC for corresponding subband signals

X,(k) and X, (k) of two (e.g., stereo) audio channels:

o ICTD [samples]:

1,0 (k) = argmax{® ,(d, B)}, @

with a short-time estimate of the normalized cross-correlation function givem: by Equation (8) as follows:



d2 = max\d,q} (9) and p~~ (d, k is a short-tine
estimate of the nean of X1(Jc - d )x2 k - d 2 ) o ICLD

woO 20@8J04537® | CC. 12 (&) = max F 12 ( 5A)) . ( 1PQ)Y/E®2005/009784
Note that the absolute valud of the nornalized
cross-correlation is considered and Cl12 (A:) has a
range of [0,1]. Estimation of ICID, ICLD. and I CC for
mul ti - channel audi o signals Wien there are nore than
two input channels, it is | ¢d)ky sufficient to
define | CTi®p qQLI a=—m=z%%L§%;j!—;aF:,channel (8)
(e.g., channél nunber/p) (dndd Dp,dithed,¢hannel s, as
illustrated in Fig. 6 for the case of C=5 channels
where Tlc (k) and AL |2 (k) denote the ICID and I CLD
respectively, between the reference channel 1 and
channel c¢. As opposed to ICID and ICLD, ICC typically
has nore degrees f;eegﬁgkéjgﬁ?}cc as defined can
have different val'les between all’ possible input (9)
channel pairs. FoagCthanmﬂhg{duﬂere are C(CG1)/2
possi bl e channel pairs; e.g., for 5 channels there are
10 channel pairs as illustrarted in Fig. 7(a).

2\ S . ' hat nof o _e subband
and Pss, (da esa%%lbvrﬁglgiengé%g@&%gﬁjgf ?&‘Q vgc?lagé%r e?z'é t'i mat ed
and transmtted, resulting in high conputationa
o ICLDdéBdpl exity and high bitrate. Alternatively, for each
subband, 1CTD and I CLD determne the direction at
whi ch the auditory event of thé&g@k} spondi ng si gna

where

conmponent in t Ad,sUbband) og slenderad] - One single | CC (10)
par anet er persubband may then\ &, d to describe the

overal | coherence between all audi o channels. Good
results can b e obtained by estimting and
o Icc:transmtting I CC cues only between the two channel s
with nost energy in each subband a t each tine index.
This is illustratedrin Fi 7 : ere for tine
instants /fc-1 a%@eﬁ)thgggﬂgdég%’%g?rs (3, 4) and (1, (h
2) are strongest, respectively. A heuristic nxle may
i ni . t 1 h |
Note B HEBRQLOE RIBE BF B} BBl er RS o e BRI TR () s =
nmgegkggﬁan1of an i nplenentation of BCC synthesi zer 400 of
19g” "4 that can b e used in a BCC decoder t o0 generate
a stereo or nulti-channel audio signal given a single
] tie i D %ﬁhﬂpﬁ épatial cues. The
e S ' j FStbbands, where (
When''there are more than two input channels, it is typically sufficient to define ICTD and ICLD

Estimatio

between a reference channel (e.g., channel number 1) and the other channels, as illustrated in Fig. 6 for

the case of C=5 channels. where 7; (k) and AL, (k) denote the ICTD and ICLD, respectively,

between the reference channel 1 and channel c.

As opposed to ICTD and ICLD, ICC typically has more degrees of freecdom. The ICC as defined
can have different values bet-ween all possible input channel pairs. For C chanraels, there are C(C-1)/2
possible channel pairs; e.g., for 5 channels there are 10 channel pairs as illustrated in Fig. 7(a). However,
such a scheme requires that, for each subband at each time index, C(C-1)/2 ICC values are estimated and
transmitted, resulting in highh computational complexity and high bitrate.

Alternatively, for each subband, ICTD and ICLD determine the direction at which the auditory

event of the corresponding signal component in the subband is rendered. One single ICC parameter per



denot es one such subband. For generating the
correspondi ng subbands of each of the output channels,
wdebmygsads, scale factors a ¢ , and filters hcParaP2005/009784
applied to the correspondi ng subband o f the sum
signal. (For sinplicity of notation, trie tinme index k
is ignored in the delays, scale factors, and filters.)
| CTD are synthesized by inposing delays, |CLD by
subband mayp thah baige dandies@Deltlye aopilypirgenge betwp?realbﬁudmhfanlnﬂer Sood results

[0ces S|n ho
can be obtame%gyé/%stl tgranes\ér\ﬂﬂngli% §nl§' E?%lelyﬂr}]ltg ﬁ»éos clztéan]nﬁléq with most
energy in eadeilmbmd(ﬁi eacletmhetxmiem 'lﬁbld ISf 1Huxmatehem FigTI96), Xhexte) Br time instants &-1

and k the ch%q?ef%yi%oagg %Paé) k5 M %‘g’]zelcfgyel)?l\% hfl}rkstls n&ﬂgnafrztf uged for

determining €CC Getwedih éhed@thérychhmtel t)ahﬂ reference channel, dh is
conmput ed such that the maxi nrum nagnit ude of the del ays
dc is mnimzed. The | ess the subband signals are

Synthesis off¥p&tiaf du@dl, the less there is a danger for artifacts to

occur. I f the subband sanpling r oes not, pro
Fig. Bisttivsarhdogh dtaerrsm P%@éldmkwaﬁta?%of%é% R ‘ﬁ‘gﬂ Of\é"lé$ -&yfaat can be

used in a B(Rlaﬁkc&ieﬁ td g@ﬁ’é}@t‘é AR RMRSH-SighYel Budio WghilGiveH lat SREIE transmitted sum
| -pass filters. ICLD synthesis In order that the

signal s(n) phmttmpatsallbdmmd’rhet gmadignahg(veis desimpestdliGh BebbBEds,2viekd 5 (k)
bet ween channel c¢ and the reference channel 1, the
"denotes one §@dhRufbafidoFer gcm@hmg liiek @atipphdingspbhsrids of ¢4kB pEfake output channels,
follows:7 - = (1 onaII .I he .
dcleys d, seBitsinte. and TEB b PEaPYeHgs I ePaeaidite R B} hs owp pgnal. Por
simplicity oPfotdtid€ tReWRke Rtlek Is igithdilh teRRRANE |s6ald: fastoggjaral f11t6rst) HETD are
wer of the I%PUt sun1S|gnaI Si nce the tota

synthesized gy irgeriae delaysaiCiioheicating el Chuipakine e§°15?1@§’é>ﬁﬁéfarsr fhe
processing sh@@n AU S8 H@olied HaSpeR@nARkd 3k kdBak@sul ts in the
absol ute subband power for each output channe
approxi mating the correspondi ng power of the origina
ICTDs?ﬂ%Qger i nput audio signal. Gven these constraints,
cale factors ac are given by Equation (14) as
The l6lkysOWBre Getblabinsy RbN @S ISTDR G &K Biabcordib® b Bgpiition (13)as follows:
aimof 1CC synthesis is to reduce correlation between
t he subpant s after delays and scaling have been

appl i edj .\ aff D cJbi$ can be
achdev @ﬂm @f—fﬁ‘ﬁg H‘%ng %ﬁf%cnﬂéé *Fi g. such (12)
t hat Q-a(ry@)J_q_D are effectively varied ng a< C.

functlo df freqdency such that the average variation
is zero in each subband (auditory critical band).

The delay for the referenice channel, d,, is computed such that the maximum magmitude of the delays d_ is
minimized. The less the subband signals are modified, the less there is a danger for artifacts to occur. If
the subband sampling rate does not provide high enough time-resolution for ICTID synthesis, delays can

be imposed more precisely by using suitable all-pass filters.

ICLD synthesis
In order that the output subband signals have desired ICLDs AL,, (k) between channel ¢ and

the reference channel 1, the gain factors a, should satisfy Equation (13) as follows:



Fig. 9 illustrates how ICID and I CLD are varied within
a subband as a function of frequency. The anplitude of
wOQhds/asd3| CLD vari ati on det erm nes t he degr eePOT/EP2005/009784

de-correlation and is contriell ed as a function o f

ICC. Note that I CTD are varied snmoothly (as in Fig.

9(a)), while ICLD are varied randomy (as in Fig.

9(b)). One could vary ICLD as snoothly as |CTD, but

this would result ingore ¢at@ ation of the resulting

audi o signals. Another m8thdd for synthesizing ICC, (13)
particularly suitabl éifor multi-channel |CC synthesis,
|s described i n nore detall in C Faller, "Paranmetric

ti-channel audi o coding: Synthesis_ of coher ence
Addltlonallyahle Qutpuf sehhandy af erederatdy é‘%‘é‘lﬁﬂ%‘ft‘?cf“ﬂh@?*othpr%@ ofglpmpwer éall output

channels is el@AUNRPOw or WY iGHut AN slgNAOCREE BeQ6taNGHENM B¥hal power in each
reference. As a function of tinme and frequency,
subband is prgperEsd indhestm signgl, dtis nermatizadiparesylitin theeglnobue sbband power for each
v
output chann@gég)%?oexgrgat%%‘?ﬁ% %&C%&gﬁgg‘iﬁ\%r So‘? E%?)?ig nal n%ﬂc?ofd?ggl#)lﬁtoz{#@% s?gnal Given
these constrajids, dlppichle @cm@h arhgiven bbeEcsqgtmt(ﬂéJ asdpetvspe of the

resulting sig spectral envel ope of
the ori gi nal rfél G/ hver gted and unrel at ed
| CC synt hesi=s t n| esz or ster eo SI gnals (or audio (14)

channel pai‘rs) 1@%@’2‘{@% pr esent egthdrvgis®chui jers, W
OComen, B. den ‘Brinker, and J. Breebaart, "Advances in

paranetric coding for high-quality audio," in Preprint
114t h Conv. Aud. Eng. Soc, Mar. 2003, and J.
ICC synthesisjegar d, H. Purnhagen, J . Roden, and L. Lilj eryd,

In certaRbBSLikfenta ﬁﬂp&f 1t spﬁﬁ@m {o' £dgt %5%%1&@9 'thQveex'l fhe subbands
Preprint IIT h 2004,

after delays ardhsoating hetve b@mpnlﬁed;\mtbwt afg@tma &TIB @rnétI@@Dh éfbes day be achieved
,
i i A e I
frequency sudhﬁnahtéb avefege ariigtiononzapé inBBG fblanddenlitbery critited tand)i ch
Fig. ¢ ﬁ gtrr]az?rs] owI g%gﬁﬁgbaarr]%\%ltn%d WIQE aﬁbﬁa%cf as %ﬂ.ﬁ%t{bél CPf frequency.
The amphtudE -af 6 ED lﬁ.‘cﬂCLUlﬁrrﬁuaﬁ éetél&ttmds ﬁa&i‘ekreb mbdmbmhhbmﬁtﬁ it ©dntrolled as a

function o f Igﬁ: o&l tEC%gC'BIg @BCC ) tsx%go %s[yi? gPl%ngﬂ{fﬂ? ﬁadwd randomly

(as in Fig. 9('6)}1 @hé BELI AR ISV h e §Bodthly aSICIDg Buﬁfus mﬂ)ﬁlﬁré‘dﬂﬁrﬂﬂ flore coloration of
i o, pl ayback The upgraded systens transmt the BCC
the resultlng a

iPsientlked sum signal through the existing mono

Anothé}frﬁéﬁw fdﬁényh%mzl‘M ',I(t‘@ ;ﬁ%hiaﬂ? Elﬁ{abhé £br BRHUhnBOIC nthesis, is
CC si de 1 nformat to-is is applicable to

described in mtqmlem %E@l@%é’?drgn@mlilﬁhaén@cﬁaﬁlﬁg ingC Ssmeliesis of coherence
cues," [EEE z Cbn%‘ gzc’z Qndt 5 B5P 3@5’ Yfeteach! F@L ﬁp\'ﬁg{& ark Fhe %ﬁ)ro%ed:ﬁerem by

. ere egr ees O ucti on er o
reference. Ag p fimstipn ofednecmirfmaumcyl fpedific m@@t@ drtiffiein! lategeyaybezation are added

to each of th@btgﬁlﬁ cﬁpn%QlQ ‘?cl)rsacﬁig%kg grdgsilleﬁ e rﬁ&&iﬁ&hall&? gpe%?r‘iilt $bdification can be

applied such that the spectral envelope of the resulting signal approaches the spectral envelope of the

original aurdio signal.

Other related and unrelated ICC synthesis techniques for stereo signals (or audio channel pairs)
have been presented in E. Schuijers, W. Oomen, B. den Brinker, and J. Breebaart, "Advances in
parametric coding for high-quality audio," in Preprint 114" Conv. Aud. Eng. Soc., Mar. 2003, and J.

Engdegard, H. Purnhagen, J. Roden, and L. Liljeryd, "Synthetic ambience in parametric stereo coding,



the audio quality wll be. Signal processing details
for CGto-is BCC, such as how to define the I CTD, |CLD,
wanawelod378ues, are described in U S. applicati eaTaEe2i08/009784
nunber 10/762,100, filed on70L/20/04 (Faller 13-1).
Di ffuse Sound Shaping In certain inplenentations, BCC
codi ng involves algorithnms for ICID, ICLD, and I CC
synthesis. | CC cues can be synthesized by nmeans of
in Preprint 11@’1% Cexmwr #hdaEng.gSdch dMayi 2964 thectearpmge nt Dothrofiviech are incorporated here
correspondi ng subbands. This can be done by

by reference. frequency- dependent variation of |CLD,
f requency-dependent variation of |ICTD and | CLD,
citorpcc all-pass filtering, or with ideas related to

reverberation algorithnms. Wen these techniques are

As defip&d @EvicdsBUBTC &ih @8 ahSleménted Widhaerathag I?nﬂefrﬁ’@ﬁussmn channel. A
| s,.are no eserved

variation of Bég g%as%egrgqllq%%}ég%ﬁvg%c%%%ﬁ%@gsné 6udeq %}Wg?rgiﬁx@rt a5 98 single (transmitted)
channel, but at B$hanicl) @htsieS 363 BEOLTEYe 41§ (dt datY twioOmBtera BHs@RHUC-to-E BCC:
over a certain period of time, This results in

o BCCwith ppe Eprsmigray %k@nn% PEVEEhb RSV <EpREle Beif for upgrading existing

mono bys@35é BRkRreo o%ngﬁﬁ-%ﬁérﬁleparuﬂi@%ﬂa?b&kOfTﬁceﬁﬁg%cﬁd systems transmit the
enbodi nents of the present invention relates to the

BCC @mva@ pum sighaltthrongh S grgfingywrng e%ﬁz@nw@ye,azv@@@ddmonally

transnfGABAEL BECUM L R0, Yo -Ray BcER y

amrrt‘ha% are Si mﬁdlgr to (%Hhat o ?‘%ﬁ%‘%‘%g‘%aﬁ%’:}@gﬁ% ei @4"?‘& drds
Compaablsoccrdéxgtvﬂﬂ?ehetrhel qudivpor al envel ope of the ori ginal

L ar.

0 C—to- i cep cgsC Céa?ag)g{t% }r{ltj; soqg{f ¥e91t H%ﬂ% {Tlleductmn of the number of
transgtteali eiwadels nlt BCSplecteé tlfacﬁhe mese aluyhomheinudls gt are chynsatiited, the better
theaucé'CLD f ]ﬂtSI s that applies a tine-varying scal i ng

B@Pg 0" appr oxi mat e each signal channel’

Signal procesdirtgl’@étﬁlﬁ?d fop auetOBEC, sirh at ]itﬁv wakfnoth & IGITS,IEDD, ﬁidgﬂ@|c&es are
per.cussive, | n t he t enpor al

descibed n UG SipliEign Soralcmbep Kb EesbOrmagh o bR R 150>

sufficient toproduce synthesized signals that
approxi mate the original tenporal envel ope closely
Mw@‘ﬁ@@é&ﬁ This section describes a number of approaches
In certExg 1%1&9&1%&%% rB@C %H&lﬁ ok QS| aY, %otrlkﬂ?ﬁs tféﬁ@l’[‘beﬁly tah&’ fEC synthesis.

Furt her nor e, ecoders do not have ‘access
ICC cues can becﬁymbeStzeﬁr’pm mlanwf\ﬂgfcopelamg thheignat iqpmmehends igribd errespanding
v -
subbands. This ggr‘rilsbfcn %to{xé)bobs ﬁgﬁle‘hpf d%Pg 9{ %g@&aoﬁl Ig%g? gr?(el:qn'gﬁﬁ?l-éiﬁpendent variation
of ICTD and ICh@t, @Hehassfilsariny, ot \hﬂk Bleasgelaiod &i rdeerhmfajmnat godithms.

When?xﬁ %?%négt oadfg ?p}%liile%g Ilg ielgnaL Oﬁ‘v éemg aﬁc vep 1oRe glbaéacttenstlcs of the

signals are noti pﬁésﬁmmi | SpBcificallys whmimpsmcd tohﬁnmavte,nthedmtﬁrﬁdrﬂea& sighalt dmergy is
é oW n rinci ? Eetr nsm tted audi o _channel s

likely to be spr(ep gver a LPRIIOGE) (1§)e.. s regu 51plaﬂ‘él scsblﬁlBané)fei % geso]or

"washed-out thi@satschannel s wliich BCC synthesis may be based on -

are analyzed by a tenporal_ envel ope extractor for
A gen?f}?é?lﬁn‘tllélﬁﬁé papfain prpkedimentiplithe RressPERenHen relaics|te the Ghservation

that the sound 6$htBresiz& WY BCEAREdr ROt HAPhiVRE sRElraUhRGKiedi i Ehat are

similar to that of the original sound, but also resemble the temporal envelope of the original sound

quite closely in order to have similar perceptual characteristics. Generally, this is achieved in BCC-like
schemes by including a dynamic ICLD synthesis that applies a time-varying scaling operation to
approximate each signal channel's temporal envelope. For the case of transient signals (attacks,

percussive instruments, etc.), the temporal resolution of this proces s may, however, not be sufficient to



o The subsequent synthesized sound for each output
channel is shaped such that - even after |ICC synthesis
Wo 2t6/0as878hes t he tenporal envel ope det er m nedPOTER2005/009784
extractor as closely as posi8$i ble. This ensures that,
even in the case of transient signals, the synthesized
out put sound is not significantly degraded by the | CC
synthesis / signal de-correlation process. Fig. 10
produce syntiekiosiSsignaly thet kipsto figasathe epgied emiporg] atvelopasiosdy pdulgh OThis
: of a B coder. 100 accqrdi t o..one enbodi nent of
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As shown in Fig. 12(a), TPA 1204 and each TP 1206 are implemented in the time domain, where

the full-band signal is scaled such that it has the desired temporal envelope (e.g., the envelope as
estimated from the transmitted sum signal). Figs. 12(b) and (c) shows possible implementations of TPA
1204 and TP 1206 that are analogous to those shown in Figs. 11(b) and (c).

In this embodiment, TP processing is applied to the output signal, not only to the orthogonalized

signal components. In alternative embodiments, time domain-based TP processing can be applied just to
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adgal n ter this processi ng
analysis ﬁlterhankmwe ,dopseot gmplhiyenjavadysisiwindoivag cal cul ates the

The QJI%quﬁBﬁ/ﬁﬂenng-based technique of Fig. 1 7 can also be applied in the context of the
envelope shaping scheme of Fig. 16, where envelope extractor 1604 and envelope adjuster 1610 are

based on the TPA of Fig. 18(a) and the TP of Fig. 18(c), re spectively.

envelope.



residual and in this way "flattens" the tenporal
signal envelope. In the case of TP 1710, the inverse
woi2bdemasa7e- i ntroduces the tenporal envel ope repCeseniosdos7ss
by the LPC coefficients frah TPA 1704. For the
calcul ation of the signal's tenporal envel ope by TPA
1704, it is inportant to elimnate the influence of
t he anal ysis wi ndow of filterbank 402, if such a
Further Altashaftig@Bmbeditgsd. This can be achi eved by either

RSPy b e B LT by P A Fajiira e e e,

BCC decodérl cblﬁle BRI K c\MﬂeﬁﬁrﬂFS@C Ebﬁﬁhegl@idgyma Brﬁcaﬂﬁbhéﬁhéeﬂﬂfeﬁg@ﬂ&a ing when
convolutiaon/filteri ase echpi que Fi
the termpors  GeIgpey SERFEpEH TR AP He g thgt e Piisis of envelope
shaping dorSIRAPH VY aHE48RtsAMat Bivelopd SaptiiSmBy BEea)® pﬂn@&ﬁabﬁﬁé/@iﬁabhng control
1604 and envel ope adjuster 1610 are based on the T
can be achigyged py: g. 18(a) and the TP of Fig. 18(c),
(1) Traﬁs?e%p@c@éohgﬁl M‘a'ﬁéﬁ&gﬁ is dNeEt@([ RRLh 1 e MR RhSHIBCT ransient detection
decoders can desi gned to selectively enabl e/ di sabl e
can éﬁ\ﬁ@ﬂ@pﬁ@'ﬁ@h’éﬁ lng logkepheadeanpe® to eff@tively eleapd @pt endyithy transient but
ooty AR ol L St SEDATE A AR
inclgdent hesi zed signal fluctuates sufficiently such that
f o ,
) bB%r\?xg{;gtsg Ee&rﬁ)a?al glﬁx@e %%:_) g@gg % rhﬂ%d%& peu% § gt%a\{(%j’ t?%%rmme when
tha@ld a mgﬂcm madehserig poen irrd@htingnhdaeccarrbnoe\oéd triaysien(;land

r ans.i e det t| on det cted, .then
o HoimpeRear Tl Sitiphe gt aRE ahbeaBedtifitician s
spepfiedpdsheld)it tdh YessambODkt-thiReghalnnasicit@r 8fghBofiiow@tivg. The
gﬁ@ge not. onlél%{ﬂa‘ ransi ent but al so the signal
Ral¥FIs R poRRMt th PEFTUMH 2HOSHIT I Possi bl e ways
) Ran@émﬂi@st ®Edctib8 ThAO Sk SRtharids MhkidBe tédngold 8hldHe i§ NEctuating
nporal envel ope of the transmtted BCC sum si gnal

PSC‘-tdé'r%Pé‘P’éb’m I suchiferieeriome tipasientighé he foteqtedkizeg Tﬂ’mrw%éxg)could still
be a%;(lgﬁ ‘%@é ' Qger{sggp &Qé'glz%n@p%eﬁfoﬁist% N LdknarBPd O

am nfi ng aln of the predictive (LPC) filter. If
AdditivealhP® cp;rtemu lmplemqnfgmnn e de prevepeobsible drtifdvtein iealisignals, TP

processing 1%1 Bot%?éhe?%k%?ﬁﬁaéﬁ?%éﬁhﬁtthett{h%lzﬁgcpﬂm élgnatiéf‘ﬂ% nt or

SISTIS €O fed on
Furthéreospgotilaumesuas tacousel iatioBCQ @)com el detee: sxshen TP processing

should be acqiet e? Bcbe tﬂe gnc?oﬁﬂgiag %c[%fs?] go ag [ Oi%a 13%1% { %ls 1? ﬁgg ulg)ﬁlog more
sophlstlcateﬁ algorething (e #0a i)a’rﬁdiﬁ‘ebtﬁﬁﬁhoﬁbmblt M) dﬁﬁlﬁ&ta&&ci@wﬁl of Rhen TP processing
should be erg%lﬁg Z’ﬁgegrre]: qlbﬁf:{ 1(3 é%%l%l(lglléﬁgﬁ 3 pl iggay eeria’gg élg?ﬂécf l?ega)sc%ve) can be

transmitted AR BCORBEd¥y %4 i) a6 Bdrt GHtRe didPLEORALtRh IO R, 2).N or der to
prevent possible artifacts _in_tonal ﬁ%nal S,

Althopgitbe Rresrgt inyention haphsen deorirred it the cenriof WQﬁOdﬂﬁéCh@mS in
which there if ARPN L@ et thShaRAM ihvehtidrs cBh 9o be implemented in the context of BCC

coding schemes having two or more sum signals. In this case, the temporal envelope for each different

"base" sum signal can be estimated before applying BCC synthesis, and different BCC output channels
may be generated based on different temporal envelopes, depending on which sum signals were used to
synthesize the different output channels. An output charnel that is synthesized from two or more
different sum channels could be generated based on an effective temporal envelope that takes into

account (e.g., via weighted averaging) the relative effects of the constituent sum channels.



Furthernore, sim/lar neasures can be used in the BCC
encoder to detect when TP processing should be active.
wei2o@45318 encoder has access to all original PaPEP2005/009784

signals, it may enpl oy nore4sophisticated al gorithns

(e.g., a part of estimation block 208) to nake a

deci sion of when TP processing shoul d be enabl ed. The

result of this decision (a flag signaling when TP
Althstighithel pfrgera fivemidh hestib edreddstaleslth tHeednteat df B Bdding schemes

s part of the side informtion Qf Fig.
imvotving 1K, S0ED g Ciontes RO Basiens HSHDT 67 AL BBl eBied i b gnaxt of
other BCC cbmmg B&hea R trﬁzﬂtvm@fon@%d:&dmg)fmm types Whédabs (e NeLbSnd Icc,

singl e sun15|gnal t he nvention can al so be

e
but not ICTI?WF@%@H? BEPTR S s R P GroeBAMOBIaTn e seqenef BCC syrathesis
processing ah@\éxh\}%ﬂ)ﬂevéﬁap@ﬁ ?lslm1$fe%iﬁir§pleﬂiéht4tﬁh§ F{ﬁ%ﬁamﬁl@ 8vhen env-elope
enpor al envel ope each ferent "base" sun13|gnm

shaping is anpélﬁd befreientyedosningignale 28 ipFigs g apbto.prelpresthapingeryld
altematlvelyqﬂe 1ﬁ1§fe%hte§%ﬁéi‘ﬁ W ghan Qﬁll tRosdRMbOEIRR ﬁ{a@Elﬁﬁil \/\,2 #@8synthesis),

ferent tenporal envel opes, dependin
but prior to I§Ma a@mg}waﬂs sInshes egfeasinantss prveiaps shepingrrould faéplethto upmlxed
Isb tRut channel that is synthesized

signals db%%%ﬁ??ﬁgﬁg@%ggﬁ%mA&#%Qrent sum channel s coul d be

Althgeghehaprgenb awedion lhame@f desotiieddn the wpusetiof Biedodipg sthivates , the

es_ i u :

present mveltltieﬁn can \'c/lgsoceg ]gné%? Qlt[ tge gg%tg}?{ }f\ﬁéen ; '}u%% ng%?eséhgé gllg)emg mn wlnch
audio signalcira rdaebseléieﬂ bmtgeh aﬁche moesssing thanweeds tooh: doaslalzesiymals.

Althfqll?él&*;%/ ?%genlt %ft Bptiop &s&g ext (ae%f r&géc%%xg §ot%;?)ﬁ2>‘i: grg}gglimtaﬁons in which the

encoder receivty &iplut ORii€ ﬁ@naain&ﬁb thighe daphAiRId @flerbtes triv@nG el R4 {o shals in the
ot her BCC, codi ng schenes I NVO V|gg onl one or two_of
time domamtaﬁggg degpdes rchﬁ@é hefrapgpitied preigsi 3l el Q’f@am Bift generates
playback aucﬂ@tslghﬁg_ B the B QbmAR Ql‘ﬁrprégéhﬁm%i'ﬂbﬁ lsQ{&)@Lo fiMR&S 1k example, im other
codes. Mbreover, the sequence of BCC synthesis
implementatipng,eay S gr BAE of he BB Petratapiiafgnfafexpaslyaudip derpisepdd be
d in H&@h . For exanpl e, when envelope shaping is

represente Im*fled to Fﬁe uency-domai n signals, as in Figs. 14 '

BCCaﬁmdodle@S argir deengers siad Ipanped autayuctien vl pyvimborpéreted into a vaxiety of
different apélﬁggtio%gﬁﬁggyggem%d%%ﬁ%}ﬁﬁgé%g ?&%@Eﬁm&ﬁ &ﬁl&?x%ﬁ C%E%%ddlmttl%n, movie
theaters, brogdoastings stseaming, atdhe recerphiodi Tbese snchele sedtapefos baypding/decoding

transmission%%%l, Eo)zl' %Ee(ﬁg@%),lgér?egmtgg E#‘Fegl] )é,e %Pf hlglgeal 1%2&%1% N Zoﬁlﬁsmatl gq%criia (e.g.,
compact disdsN¥igitdli versatiiad disbe @ermld&ﬁ@ddt&lﬁﬂhps,l’haim&lﬁ@ nh&xdry GirdB@ﬁB the likke).
codi ng schenes, ent |nvent|8n can al so

BCC encodersand/atde QdgTsiTAY @ ggg SFRRiQYSddr eypssnd Same & Sfﬁnﬁc’élglé‘ihﬁ@ for

example, intEMSHRES ftwAre\WreHubl infdHdicd t51iRBRLISwIB Lusdf ik hteRiiAMeH (Rfion, Tole
ot her audi o processing that needs to de-correl ate

play, strategyjagpentare, SPERERIGHCRS. TOE§eHeadePEh e bpaFhEemEbandor cducation
that may be ﬁﬁﬁl ﬁémgﬂuﬂl [ chiRte S3thtfGms mhe%rfge 'ﬁl@ﬁalero @@C‘ dhciMetsGhd/or

he encoder recel ves i'nput audi o nal in the time
decoders map badricorronaedianndio tesgr dersipiyens pé@D ¥Dgistbss. BCE pacociers
and/or dccocfek%ﬁ f@?ggh&ln@&?or&?cﬁm@?ﬁ?é a‘ta'eC ﬁJp aglokgﬁlg{r 1&1@5}2%{6%%%3.1 d ecoding
(e.g., player, pieagdea)cﬂndauﬁwm sppdjreet end lnctbl’neratmmm anti}ngtdambpirtes ére.

encoder, rlpper Vi tcfer, anclljuke %tx) so limted. For exanple, i other

The present invention may be implermented as circuit-based processes, including possible
implementation as a single integrated circuit (such as an ASIC or an FPGA), a multi-chip module, a

single card, or a multi-card circuit pack. As would be apparent to one skilled in the art, various functions



i npl enent ati ons, any one or nore of the input,

transmtted, and pl ayback audi o signals could be
woemedds1sed in a frequency domai n. BCC encodeP€TAR2I06/009784

decoders may b e used in ca@ijunction with or

incorporated into a variety of different applications

or systens, including systens for television or

el ectronic nusic distribution, novie theaters,

of circuit elpmodcioasilisoge implemantdgs practdding steRGe P o Bikre P3ES$8m. Such software
l, ud g transm Ssi ons

' syste f.or._encodi ng/ decodi n
may be cmﬂ\l/clpyg? 1 %F ‘%S%g‘ﬁ[% A ’dxgetg g pro efs’sorsQ{Cécp-fzqnﬂrgl’lercqtgeg}cral-purpose
computer. i nternet, intranets, or physical nedia (e.g., conpact
discs, digital versatile discs, sem conductor chips,

The Pk Py en Crrorgbadindas thedpian phecihadkend paEtums dakmestioing
those methodf) AT 1R preleHOROER i oHBYn alsS Be BALEIR R¥EToi o an 2028 M8 died in
tangibl gstggg, i ncl udi ng, for exanple, interactive software

gible me% Sl donpy digksticss 60 PMsghard diives, of apg etherfagchine-readable storage
medium, wHeRtig ivhaél b Al Ry 1odHRH Gntd LY %gﬂg}ﬁ%}( QiEs
. ._sinul ations, %Igci ng, sport s, arcade, card. acgﬁx ’%‘6‘%}}%* & computer,
the machine becames anaRpaptus furguadtions thranvensipn hEhquubdentsimetfomrcan also be
embodied it fobR b FEREL RES, £ L, JFurther,. B :
encoder fs9p and/ or de¢ o(gg ?%L@g% g%lg rsltgge(rab%? SPREf ﬁnf?dgﬂﬁ’i(@ded into
and/or execiptedchyrafeackyips, ay tresmyitedieR@OVDsSssibE MBANBGE cRRGAIRIE 25 over

lectrical wifth) al.so be incorporated. into PC |
electrica W1S Qgé%?lgx%g%ﬁpgké P?éé— o Jmfsh gL via ﬁ@g‘%‘aﬁf}gg%}s racihg}opa}'vherem, when the
program codg ea;lggﬂedl gitoend exequitealybara, mﬂiﬁﬁxgd@bh asladﬂ %nﬁmge_tr,\/tﬁé Bachine becomes an

at.i ons inpcorporatin igital encodin
soprstus ol AR 2 Bl WAt iy e pragreson th pogram
code segmerjtadoetbine Ji tH I fpo@seMto hrovidoh hﬂﬂgpé"@é‘viéé @hdt B?&-QQ@ Qflﬁggcﬁﬁly to
Seciﬁcloim.rcgt-based processes, including possible
P g?ﬂﬁ?’ﬁentation as a single integrated circuit (such as

It willbe APING 1@4deAflo bt XA variBud Blahdes GIHR dBRAWI b Bterifls S
o A ] e e ¢ guélets D Aéh]\%nt@eﬁl?ia’ 4012cgln§angements of

card, , . _
the parts Whl&‘bé%vﬁé?ﬁl fescyhed 4 iflnsgtedin pider prexplaipahd mtise of this invention may be
made by thodeWRiTled RS 8 artGlifioidt fepahtS ! Lol enent ed. . .

as process i g stepsiin g? lrsb%)r?tth%érlog ¢ 0 ?@8 ?nglfcﬁl 08, Sy expressed in the

following claymf.t war e may be enployed in, for exanple, a digita
j I ' -control.ler, or geperal -purpose
| AIGIROR Bt G R TR i oo G Bl eD o BRDBa PP fgence
with correspgnding 1dklimg} tndeks tiendaiappetaabnsekerivise pp19 G bt iehrisBQR8ce for
- - 0 T resent invention can al so be enbodied in_
implementinf TR0 51 o/ MosB 5B Host HEPLHS B0 e irgies e Tolmiid to being
implementedsmithht msictilapeyudicsket t es, CD- ROVs, hard drives, or any
ot her machi ne-readabl e storage nedi um wherein, when
trie programcode is |oaded into and executed by a
machi ne, such as a conputer, the machi ne becones an
apparatus for practicing the invention. The present
i nvention can al so be enbodied in the formof program
code, for exanple, whether stored in a storage medi um
| oaded into and/or executed by a machine, or
transmtted over sone transm ssion nediumor carrier
such as over electrical wiring or cabling, through
fiber optics, or via electromagnetic radiation,
wher ei n, when the



program code is | oaded into and executed by a machi ne,

such as a conputer, the machi ne becones an appar at us
wobanoepusarsi ci ng the i nvention. Wen i npl enent edCOMP2005/009784

gener al - pur pose processor, 2he program code segnents

conbine with the processor to provide a unique device

t hat operates anal ogously to specific logic circuits.

It will be further understood that various changes in
the details, materials, aeg gangenents of the parts
whi ch have been descri bed [lustrated in order to

VVecmﬁmpIaln the nature of this invention may be made by
ski | | r
A BRCrg forefie of it SRl dentl 0l SRRECHRIA A RIED o an cutpu
audio mgnathalrrgan Altpuh cangordl leavedipe, ke mcthocheonlimismew ng nmet hod
tfahcul ar sequence
characiGgi Bis s BarR ML Eh GG bl PaRMRE I
processirgahd atpluomhcomgmi tol geeeraterp Ipyocesspdaudicctigral, whesejuethe prdcessing de-
I npl e n Q or all o f those steps, those steps
condawSt%%? “)%§§§§g$ly intended to b e limted to bein
adjustirig"‘lthb epmmm dudiot figital pased o wheashagastyrieedciopCiiompysral\envelope to generate
the output §yd Tiorgl hefFh W'l B APl Bkitifhs the input tempora
envelope. out put audi o si gnal haV|ng an out put tenpora
envel ope, the nethod conprising: characterizing the
i nput tenporal envel ope of the input audio signal;
2. Theihoawssiafglaithé, whqreih tewticessgiggomiprises injerrsbmatke cerrelation (ICC)
processed audi o signal, wherelLn the processing
decorrelates the input audio signal; and adjusting the
processed audio signal based on the characterized
ut.te I
3. Thé mgehntron ok ea}m WF%‘QIH%%?CE? Q8 19&% %%\?ne ofpcgewé ccﬁlﬂfg (%CC)
synthesis. substanti ally mat ches the |nput tenpor al envel ope. 2.
The invention of claim1, wherein the processing
conprises inter-channel correlation (1CC) synthesis.
4. Th8invekitéon afehuirh |3owh¢rém¢hed3®ﬂ %fnthmle fgthar ¢omprijeSat dgpat dne oif inter-
e
channel et 8 {chg 1P DT R SOl e YL BT sl
furt her conprlses at | east one of i nt erchannel | evel

dlff Len IS

5. Togiye@ @ e artg oSy MHEE TRl s HARDE LR o0 pyhesi.
2, wherein the ICC synthesis conpri ses

6. Thcla %veentﬁo%vo?cp &}t W, erem 18 a%}{lng gec%mﬁ)rlses

characterizing a processed temporal envelope of the processed audio signal; and

adjusting the processed audio signal based on both the characterized input and processed temporal

synthesis.

envelopes to generate the output audio signal.

7. ‘The invention of claim 6, wherein the adjusting comprises:
generating a scaling function based on the characterized input and processed temporal envelopes; and

applying the scaling function to the processed audio signal to generate the output audio signal.
8. The invention of claim 1, further comprising adjusting the input audio siggrnal based on the

characterized input temporal envelope to generate a flattened audio signal, wherein the processing is

applied to the flattened audio signal to generate the processed audio signal.

SUBSTITUTE SHEET (RULE 26)



6. The invention of claim1, wherein the adjusting
conprises: characterizing a processed tenpora
wenwlfasof the processed audi o signal; and a#8CuaP20§/009784
the processed audi o signal ased on both the
characterized i nput and processed tenporal envel opes

9. The FReBGNES R EmliINGhR L PUt audio signal. 7. The invention
of claim6, wherein the adjusting conprjs

€S: .
the proceyeing zandraes 2 wearralaiy! Fronretcr signtladhe cgifelaied processed signal; and

the adjusft‘fﬁg i @5dBikd %At hibidlatddfrobésasiasmado plepaiRzaladrist@bp&sdd signal,
and applying the scaling function to the pr e

cessed
wherein the Qutpwtsignabis gpneraseddw famming thead siRdpIReesie Wf@fﬁ‘éﬁe ogrelated
¢ invention of claim1, further conprising adjusting
he i nput audi o signal based on the characterized
i nput tenporal envelope to generate a flattened audio

10. The PvdR@n of UMERA] Wndrblf: Processing is applied to the
flattened audi o signal to generate the prqcessed audio

the charaxtqgiziie, i appiied oplneesres Ber Bedugredssef e RRErastie: signpkand

the adjusﬁfngQ§§ﬁJli@Q ofI§ REh ARSI BN il eRtibLIf HeqSroREsaEEaRaTsifan Nal
and a correlated processed signal; and the adjusting
is applied to the uncorrel ated processed signal to

11 . The $RRBL&T 6f MmP@] Wed&F: processed signal, wherein the
out put signal 1s generated by sunm t he adj usted

AL { . . g
the chargsitesizingsie aprlied Aaly toxfiesuenrdes of Hedrnyt aglip stgnalabake aipgeitpd cutoff
ank®. The invention of claim1, wherein: the
characterizing is applied only to specjfie )

the adjusiting s anpdied gnl@?o frmerr%ffﬁ @f thgm%ssgfl @Hﬁ? §igaﬂ&%w?ethe specified cutoff
adjusting is applied only to the specified frequencies
of the processed audio signal. 1 1 . The invention of
claim 10, wherein: the characterizing is applied only

12. The §iRvehfiGANERGIMES whdreih BSchl JFRI chtdblerikith GR@broddieme, aad the adjusting is

. specified cutoff frequency; and the adjusting is
applied to a Erpgranetderntiy sighlf r equenci es of the processed audio

si gnal above the specified cutoff frequency. 12. The

invention of claim1, wherein each of the . .
13. The dnventien efrlaimrlg, widmin prcB o §sichyactariP ke Bapsips-Agd the adjusting

is individualf;piﬂg'li@&jtot AfrerehtsRAMEIMAEOMRI N signal . 13. The
i'nvention of claim 12, wherein each of the

characterizing, the processing, and the adjusting is
14. The lilﬁ@hﬁbrg%laliﬁﬁ 12PPher&H _tHeQre%hén&ﬁ B&Hin SbABPondIHBRFRNE Bouribfitransform
The 1 nvention of claim1Z2, erein the frequency
(FFT). domai n corresponds to a fast Fourier transform (FFT).

processed si

frequency;

frequency.

15. The invention of claim 12, wherein the frequency domain corresponds to a quadrature mirror

filter (QMF).

16. The invention of claim 1, wherein each of the characterizing and the adjusting is applied to a

time-domain signal.

17. The invention of claim 16, wherein the processing is applied to a frequency-domain signal.

18. The invention of claim 17, wherein the frequency domain corresponds to an FFT.

SUBSTITUTE SHEET (RULE 26)



15. The invention of claim 12, wherein the frequency
domai n corresponds to a quadrature mrror filter
WO@M6)045316. The i nvention of claim1, wherein eatmrefos/009784
the characterizing and the 28djusting is applied to a
ti me-domain signal. 17. The invention of claim 16,
wherein the processing is applied to a
frequency-donmai n signal. 18. The invention of claim
19. The invidtionWi€Raii 17, tWiRrdi e frequemncddomain cogespesihtnd@MIb an
FFT.19 . The invention of claim17, wherein the
frequency domain corresponds to a QW. 20. The
20. The invieRNERYF cRn 0f futth@icomfrisifzut ¢tbrariniog mbrihst to gnadéet ardiseble Hiy
.. mﬁeth I to enable or disable the characterizing and
characterizing anf the U§4& ng. 21. The invention of claim20, wherein
the determning i s based on an enabl e/ di sable fl ag

._gener at ed n_audi q_encoder. i
21 The i S5ERTL RSN, A2 B PRGN Gk LSRR L Pt
by an audio endoli& tiEte b @eriited theinpst dndis eigmah anal yzi ng the input audio
signal to detect transients in the input audi o signha
such that the characterizing and the adjusting are
22. The in®@Mdén beelainf 2@ 08¢ Hiealetfrmaning a5 based ton jagalpzing teddput 2udo signal
. JAn apparatus. for converti n. 10l ' i gnal .
o detect transiy QBT e EHpOra river bp ity DY UEpBlEnR a, cnab1ed if
occurrence of adta@fledt ihd¥dcid. an out put tenporal envel ope, the
apparatus conprising: nmeans for characterizing the
i nput tenporal envel ope of the input audio signal;
23. An appaRaR Sorfcofivepimpeadspun gudidwégshalating ad inpuigemgpeh] dnwelope into an

. .generate a processed audi o .sian i.n..t he neans
output audio sifig s Pga SuPRE ST e aiat Bao Bt ey ARt 02, (0L
means for chdfltterisihgma liipuateahpombameelope ofithie urgtut mylic ignapr ocessed
audi 0 sjgnal based on the character.i i.- pyt
L I e
for processing fsR@apfaditp dé-corestothalinpiundiopignsludstt ant i al |y matches the

I npyt tenporal . envel.ope. 24. P '

e tor g PR SRR acl g SRRAATLPL M ARGEL b <
generate the ouiiY 8ld@pdgrialjtwhesain thel bipitt t@ngbal eivglopt sibstantrdly amatabet the nput
tenporal envel ope, the apparatus conprising: a n
@fvel ope extractor adapted to characterize the input

tenporal envel ope of the input audio signal - a
synt hesi zer ada

ted.ta process the i ' ' I
24. Apparifs iysoayaios & BPyALLS S VR R an dibut f‘l’g‘fﬁﬁré‘?éehg”ﬁ‘%Piié‘% outpuit
audio signal ha¥¥@lah 6GtbaREmpcraladeaom@ihé apgaamocomprising: t he i nput audi o

si gnal ; nd .a envel ope.adj ust er .adapt -adi . -
o cveops a5 004 Db B AP Ly PR L AL
a synthesizePdidpted RIfREead the Mpet mie s gnal)engenatite afhesessad putio sighl,ovhereim
the syn’chesize?rI ig Qd%lpt'e& ‘co\l\g(l1 ?c!o?‘rlepatg tﬁg inl%%ta lfitlo §i§n‘£’f;°a58' envel ope

an envelope adjuster adapted to adjust the processed audio signal based on the characterized input

temporal envel

temporal envelope to generate the output audio signal,, wherein the output temporal envelope

substantially matches the input temporal envelope.

25, The invention of claim 24, wherein:
the apparatus is a system selected from the group consisting of a digital video player, a digital audio
player, a computer, a satellite receiver, a cable receiver, a terrestrial broadcast receiver, a home

entertainment system, and a movie theater system; and
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substantially matches the input tenporal envel ope. 25.
The invention of claim24, wherein: the apparatus is a
weysicmasxel ected fromthe group consisting of BCUEg2E08/009784
vi deo player, a digital audo player, a conputer, a
satellite receiver, a cable receiver, a terrestrial
broadcast receiver, a hone entertainnent system and a
novi e theater system andthe system conpri ses t he
the system gpruprisspthe exeloagtestractomn hesynhesier 289 the spyelapg adigsicfe| ope
adjuster. 26. A nethod for encoding C nput audio
channels to generate E transmtted audig ﬁga.n 18] h
26. A methaddorracoting € Bt padipghangelp i egpgrat LIHESHHte ‘f‘@" @ﬂ‘éﬂe (s), the
method compriSR es for two or nore of the Cinput channels;
ownm xi ng the C input channels t o _generate the E
generatingonaprneTe Eearodesafnnéye 8y motghd fie (Copy "ljg““ﬁﬁd anal yzi ng

ixi r CratdtRLE 1GRBNAG ch ,BBerEC>E> 1; and
dovnmisi 15 ol Lok WL LGRATAGL Al BemEC L 1
analyzing wieethmeremf theof iap degls a1d thpd fanspiffrdihpqngls) to generate a flag

C dicati I $) ul.g qRekf e RRY ShaRsl(H apk1A pedstii dFelope shaping
indicating Wheg%ggbgﬁlﬁéggf&?ﬁe °E'transmtted chanr(182I (s). le27. The
during decodingrof €reth twamswoited thamele), w xerei n t he envel ope shapi ng
adjusts a tenporal envel ope of a decoded channel
generated by the decoder to substantially match a
27. The invenipo ph¢laisrifewpreinthe snyaieneskapineadigtsarieArys! epwlppe of a
& [\AG APRALEh Iy fREcheNEAFbrAtntelbpRRif b catttdipdnding
decoded Chamgﬂ%ﬁlﬁrg*eg bggﬂegg%é&rbét e Etransmtted aug(ib 0, chaﬂr%inel (s),
transmitted ch4rnel. appar at us conpri sing: nmeans for generating one or
nore cue codes for two or nore of the C input
channel s; neans for downm xing the C input channgl s to 1
28.26.  gdneppareuy feenEotingr{dimput avdiochamals g ganerajis ranspifed gudio, channel(s),
and neans for analyzing one or nore o f the C input
theapparatus%oﬁna{)ﬁlg@gs and the E transmitted channel (s) to> generate
means for gerferaige pnTioramrs wye ovies futwe pr mere ohthgdciBadchyrelfne £
transm tted-ch 1 ek LMtV ShREs) SR £ 1;
means for 88?%5“@&@60%%33&2@"%%% tqsg@%aaasm tted channel I(%Ss)ﬁ .

and 293f h Apparatus for encoding C input audio channels to

enerar e & hhaNS ? &H?Amﬁ 1§ W@E%smiﬁg@cﬁﬂ@ 35 Usenerate

means for i 51Rg" mgrec%fggé Qf} Pvator adapted to gener at eﬁif))neLgce
a flag indicatiy whedlie® ocite a dadsier bibthe Ftenemittadehanesl(s) sheuld;psiiepm envelope

. . channel s; ag_ad | xergdapted to downnix the C
shaping during ﬂ‘?ﬁﬁ%n% ﬂfath?lg %n?%%\gégn%er a% éﬁ't he E transnitted

channel (s),

292 Apparatus for encoding C input audio channels to generate E transmitted audio channel(s), the
apparatus comprising:

a code estimator adapted to generate one or more cue codes for two or more of the C input channels;
and

a downmixer adapted to downmix the C input channels to generate the E transmitted channesl(s),
where C>E=> 1, wherein the code estitmator is further adapted to analyze one or more of the C in_put
channels and the E transmitted chann el(s) to generate a flag indicating whether or not a decoder of the E

transmitted channel(s) should perform envelope shaping during decoding of the E transmitted chhannel(s).

0.28- The invention of claizm 2927, wherein:
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where CE 1, wherein the code estimator is further

adapted to anal yze one or nore of the C input channels
wanawetonss7E transnitted chanael (s) to generate BCTIERZ05/009784

i ndi cati ng whet her or not &0decoder of the E

transm tted channel (s) shoul d perform envel ope shapi ng

during decoding of the Etransmtted cfciannel (s).

30. a8 The invention of claim 2922, wherein:the

apparatus is a, syst.em sel ect.ed f . Aro -
the apparac R &3l TH 5 R OL TR YR oG e el £ gl S Binger a digial
audijo recorder, aWdinfutére aGaRHIte transmitteputcable tansatie] 4 fetrestria wearicdt Grysmatter, a
b . cable transmtter a tertr e_sg 'Eli a. 1l broadcast
ome entertainippnf ¥t aud 2 movig fheater VP hent system and a movie
the system tdigRiathecslesimandaidibe dywimixerconpri ses the code
estimator and the downm xer. 3 1. An encoded audio
bit stream generated by encodi ng C i nput audi o channel s
31.29.  tAn @esveicbdudiditstraans ganktaced byedéwlingianpe lidip, chafreilsdp generate £
cue codes are generated for two or nore of

. one or . nmor _
transmltteda“df%‘g’a‘@e}(%g’d’i%eﬁ%nnel s ;- the Cinput channels are
one or morélawreodes edte genegerbfontve dr niaraolthe Ctiguit dhanelel (s), wWiere

. CE 1; flag i ted b lLyzi f
e it i s SRR E B AR NEITD, SRR oy
a flag is geNdMRERIy ahdiild @ dr RBieCTIRSC Wpet dhafinelrandiic A trdeatder chadnel(s),

. the E transmtted channel_ (.s). shoul erf nvel ope
wherein e i s AR T8 SN c6fher Ene e R O Bgrouta peksi
envelope shapi@&fﬁiﬂ@ﬂéﬁ&din@&ﬂjh& h &aﬁgﬁﬁéﬁi‘t&fﬁ?ﬂd(e)dar&h anneld( 3) , the (r::ne

or nmore cue codes, and the flag, are encoded into, the
the E tansipiiebtf@alieh (o1 Sirbels i codess A g TG HEResgh gno the Sheoded

audio bitstream@l t Stream conprising E transmtted channel (s), one or
nore cue codes, anc a flag, wherein: the one or nore
cue codes are generated by generating one or nore cue

3230,  CA&Soded! aldiWbitres®Edn i sirlpetrABsniied chaha@Debis; orinfée &me codes, anc
_transmtted channel (s) are generated by downm xi ng the
a flag, whereinc j nput channel s, where CE 1; and the flag is

the one or ©E61RBHAIRIEs RreAdabiill BY g@Rfatiaf ofi@drénddé cielaedes fol putd or more of the
. channels and trie E transmtted channel (s), wherein
C input channefshe | ag i ndi cates whether or not a decoder of the E

the E trans{rjlfté_@ HiheRS) £H80RAtADY doRAMExEhdIBE EAPR @AMRLIOPFhSNEPEAY, and

~during.decoding of the E transmtted channel (s). 33 .
the flag is grneratechbyieanplyzing preor maae offhe Fa9nuhghaardload dre Feraaymitted

channel(s), th-Eiﬁ@feqmgﬁEQféatem&ﬁér R nAAERCSRE RN L A¥HRIEE chaBinel(s) should
executed b y a machi ne, the machine inplenents a

perform envelope shapitie fdwing despdingiof e &iransmitied shatnelssi gnal havi ng an
i nput tenporal envel ope into an output audi o signal

havi ng an out put tenporal envel ope, the method .
3331 A peshierrsadeple medium, having encoded thereon program code, wherein, when the

program code is executed by a machine, the machine implements a method for converting an input audio
signal having an input temyporal envelope into an output audio signal having an output temporal envelope,
the method comprising:

characterizing the input temporal envelope of the input audio signal;

processing the input aurdio signal to generate a processed audio signal, wherein the processing de-
correlates the input audio signal; and

adjusting the processed audio signal based on the characterized input tempoxal envelope to generate
the output audio signal, wherein the output temporal envelope substantially matches the input temporal

envelope.
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characterizing the input tenporal envel ope of the

i nput audi o signal; processing the input audio signa
woaog@maga7at e a processed audi o signal, wherei nPCIAEP2005/009784

processi ng decorrel ates theli nput audi o signal; and

adj usting the processed audi o signal based on the

characterized input tenporal envel ope to generate the

out put audio signal, wtierein the output tenpora

envel ope substantially matches the input tenpora

envel ope. 34. 33 A machi ne-readabl e nedi um havi ng

encoded t her.eon ram cod wher ei n
3432 %nglgmr%@g e fﬁgd@ Y FERHC dt creon pnrggra gge wﬂgrem when the

program codel ¥RkedHU 1S aanensﬁinb CtHe hachlmmpkdnnglt@ mnl;hud fagukdoding C input audio

channels to g??]eéatﬁzgt S 0 1(2{:36‘ Elégﬁlgsm tt gorg Iu?g channel (s),

néetl ng on nore cue
generatmgQiﬁe or fn@fe dnweodes forawe oofortepEth€ (7 iyput chaha«ds;el S;

downmi Xi n e Cinput c el s ener e t he
dovnmix RS KPP Sl B R EREAEd SR e g e
analyzmgoéhﬁe S'mdrPbLhe T ihfie clﬁnhél@ wdd thd B ﬁkammﬁdhmtmel(ﬁto generate a flag

SAINE L1 L MO R AT R
during decod Gip2sThEE Grilsnidti@hendegE)Y or m envel ope shapi ng during

decoding of the E transmtted channel (s).
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