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The present invention relates to the encoding of audio signals and the
subsequent synthesis of auditory scenes fromthe encoded audi o data.
Description of the Related Art Wen a person hears an audio signal (i.e
sounds) generated by a particular audio source, the audio signal wll
typically arrive at the person's left and right ears at tw different tines
and with two different audio (e.g., decibel) levels, where those different
times and | evels are functions of the differences in the paths through

whi ch tqe o signal travels to reach the left and right ears,
respectlvgﬁ9hi ll—%érson S brain interprets these differences in time and

| evel to givehtpRscpEhSDNot r@%tep%rtﬁ@ﬂt;dcﬂ@ dr R@tio st@ﬁls aﬁ@@u@'%%@&u%%'n%eg{% gnal is
bei ng gengﬁated bﬁPan audi o source |located at a particular position (e.g
I

di rect i SN ORNTCHT EPAMES Hded #dia8t 0 the person. An auditory scene is the
net effect of a person sinultaneously hearing audio signals generated by
one or CUIll1fY$§Q¥%%UdIO sources |located at one or nore different
p03|t|on5‘ P person. The existence of this processing by the

brain can beVU&edpﬁﬁmSymkheaﬁ&ﬁuﬁwdldQBMM%QﬁﬂﬁﬁmlMhﬁﬁ@mMﬁQﬂh@s&hQﬁﬁEs from
one or audi o sources are pur osefullggnndlfled to %enerate

left and %?aﬁﬁﬁW?“H?%M§F6W5WémﬁﬁﬁP“ﬁF andn 1t HEES F'H& 3i¥e er ent

audi o s@iffecesaudivge.b Lo«d:eatbe[d |eaéls, hE ik G0 (TROS ki OHS lev@@'a@tfhﬁéﬁor{s%fEhb@;ffc}eﬁ&éé‘ner
i agram of conyentional binaural signa

FI g l n SANro 1. WICTH

synthes?z@r %%dp %% 'H%th%%@&?ﬁ§g£“‘Wﬂﬁﬁﬁdﬁﬁﬂkgag%ﬁgﬁg“§lﬁﬁﬁpw¥%.ﬁ?, a nono
Si gnal ) perednG btdnanleaafr&ts m;’-‘:ﬁd d[’f’geghtes &Lﬁdhdﬁanﬂllegéﬂab §wé)fh|c @e:@dnﬂﬁ&;ﬁ@depuo’ii tﬁl{tlh&ie, V\ger e
a bi nau i efined t e two s received. at t ear dr uns
or a1 Seb el A8 ehd ARt e i SR BN LTI SOTHOA LS 210
recelveQMHﬁS@mﬂmﬁMspaimabmﬁmegn@mhmssp@mdumgmiamthﬁh;ﬁe&1ﬁﬁdu@a&uyh@ﬁm@f

t he aUdthj C§S(? a&%crre?d e%t g\égﬁ‘ Ct)rOmOt!'C gf\fjereﬁt 0 E(Hg:ﬁ%lg??x({()jé’\lglre Oa Frgfﬁe n%’gtp(le?%ﬁb) t he

set of spati cues P'ses. an Thte
val ue (mﬁﬂ&hmﬁdem@pﬁles the dlfference in audio Ievel between the left and

ri ght audio §i.qQn 4 an respectively)
and an inter -€C hgﬂﬁﬁcg%%hisﬁaegégééﬁg b?&hctb ?rﬁa% seg/ g sel/ré lES Vﬁgla%c{]%f'y Sl pahele " e
di f f er efisleo signalg frpe oo orangri Visferehietidie erurdehare plueMef uammoduﬁgmto sanrgitoleg aghaddhs as

recei Veg!dﬁﬂtmgtng?tha@gi% tﬁﬂper({eg%tth(ﬁﬁ{e%iffere%?ﬁ%%tsblyr s a}e Eoca p cg {“feierg posnﬁonas an

alternative, sone synthesi Ues I nvol'v
d|rectlﬁﬁﬂﬂéﬁéﬁééﬁvﬂtransfer functlon for sound fronlthe S|gnal source to

the eardr unssig, q|s§<9)vs aerf@{ ;@@éfl bltoa( (ﬂ%ﬁ;#gc@ﬁ’\% {%ﬁil @86k % érﬁpﬁéﬁéﬁcp?@)t LR,

(HRTF).  See, g. . Bl auert chop ySI CS O
Local i Z8Pei 2 SIN&]‘T&F"(‘%‘%@TCG 1ig@8 (.1 Wenmiea@hﬂlhg@ thgfleft ot right awdie signalo pirorised

herein shléﬁalr waéaré Qﬂlﬁﬁzrallsl%hﬂgs @ﬁﬂé%qg Qé th® }Wna@ g&g b(%sdt fie ear&IQJQ-b%Fa thfgmr l[n the

nono audi 0 Si gna generat ed y a si ngl e soun source can e pI’OCGSSGd such
that, viifeiior jodkeenaig seccoianl. paddptso ity eceiviea ssoofitgatibuice eoriesposgiag fodhd y

pl ac ed debided @Bﬂhdﬁ'o@&e@ﬂd@-%‘?&p&étﬁ@ @) tﬁ@l‘istemsr Sfrp@wcglamﬁlgrﬁéntz(t%nsg the shie Raa[u!liCTD
and/or FIRTF) to generate t
cues comprises an inter-channel leve! dlfference (ICLD) value (which identifies the difference in audio
level between the left and right audio signals as received at the left and right ears, respectively) and an
inter-channel time difference (ICTD) value (which identifies the difference in time of arrival between the
left and right audio signals as received at the left and right cars, respectively). In addition or as an
alternative, some synthesis techniques invelve the modeling of a direction-dependent transfer function for
sound from the signal source to the eardrums, also referred to as the héad—related transfer function (HRTF),
See, e.g., J. Blavert, The Psychophysics of Human Sound Localization, MIT Press, 1983, the teachings of
which are incorporated herein by reference.
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., [CLD, ICTD, and/or HRTF) to generate the audio
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-2 signal for each ear. See, e.g., D.R Begault, 3-D Sound far virtual
Reality and Multinedia, Academ c Press, Canbridge, MA 1994. Bi naural
signal synthesizer 100 of Fig. | generates the sinplest type of auditory
scenes: those having a single audio source positioned relative to the

| istener. More conplex auditory scenes conprising two or nore audio
sources located at different positions relative to the |istener can be
generated using an auditory scene synthesizer that is essentially

i mpl enmented using nmultiple instances of binaural signal synthesizer, where
each bi rréaiplgbr @@i:lgwaISesym HeBi Bapuli, 191 Snee g dherndkesintde Miinadiahcagingnal

cor r espaRdk NG Qs 2vAl § Hrent audio source. Since each different audio
source has a dlf?{erent ocation relative to the listener, a different set
of spati al cdﬂesiura‘sSl&r@ewmﬂwﬁrzgemroafg tgtenexlaxemameaipleaume@fsucgﬂ@lsceh&r: tieach
differe S ding to one .
crbod ot 12 oS ML SR s ' DGR s <43 S +6r Ewiine ng
an inpute afumredlsﬁlfgﬂt\?arlccsriemcdgt caﬁerpmpumucmerqhmwalo tenisehopen baeteran B pwt
audi 0 si,g4 [ vel o The in
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si gnal |S)§“t3r?ﬁ’é‘ée\§@eﬂdeaﬁfbb'gﬁelnéFlamaesmtfmimes@e@ ganrthiies tsd tgjmala) s@/ﬂécﬁoerb*moﬂid‘ilﬂ, to
processkRgrARr £QLMEHAL %ﬁ:}(:%@iﬁ:]] difﬂpéﬁ& aRd, Qrcghagg%szcr np%ca%%:(z)% sed theq stener

si gnal is adjusted based on the characterize T alrc8nvelspe t o
gener at @fterrat ssiafpertialagen ipusil g?rmhcrawierbmamaltdwenomgthdtf@ ememnm alt meimmh:@epe
substantially matches the input tenporal envel ope. According to another
enbodi ment, the present invention |s a met hod and apparatus for encoding C
i nput audi o channel s to genepatsé HnBmE (NN BHN o channel (s). One or
nore cue codg&orfif 186Nahab&hehiOfhe ptteyéqt 1956nmﬁametht09§n ﬁleBHstfoP&ﬁU&?J  The
C i nput channel s are downm xed to generate trans ted él(]
wher e CER% apdio gigeal Bavinggn dnryt teppesalcnyqipgtinte hrafmwelt sudamﬁgqaﬁevﬁgtam ansi t t ed
channel (E&bOfair@V(ﬁi@jaarFM@ﬂgutEtedﬂ?angfv@foﬁe @ft[flé 1%&1'&5@6 &Er;a Qgham%¥9r1% 18E in L(P[t a

decoder_of thel E transmt channe shoul per orm envel ope shapi ng
duri ng YEESHE RS BPeerind tezeneraing pocsed aeﬁaﬁlﬁeql(%l)erelm@e pogisieg decourgeibe

enbodi WEMt,audlblﬁgriM EBRIHrockRMEHIQENAISs AfLsRACALEH, AU Lacl Ee%tlﬁpﬁl@- ng(?rgler at ed
by the net of the previous paragrap 1!1 Accordi ng to anot her enbodi nent,

the pr e%“é’?{f’!’@ RERIEASRe 9 uawdé)rfwawherea iths BIPEEREARhea BYRPE Fefisigeyiall Ematches
t r ansm th¢ aguchagore bi{xspe. one or nore cue codes, and a flag. The one or nore
cue codes arg gﬁnerate ener?tlng one or nore cue codes for two or

more of the ‘CTRPEE LABAY bgg‘ EPEFRhIHIHPRE 2AIHINA &1 paratyy BT ¢eptipgt ed

by downnputkutip ¢HagneG th Q@umemaaamhsa auldhehenreRE? bne dthforf LRGokdS 1RGRAFALEE: DY
anal yzi, and the E transmtted

the ut channel
channel’ Ormgr é’f‘é‘e ?D?Fﬁlea\ﬁfl TﬁﬁFn upghapiprst edovgimingto eaege disderenghitthe E
trans mcmreadl(a)hemm&)!. Shouod :ﬁbrpefrtf]@cmpeweﬂl&nem@hsamhfﬁgsnduéd digh-degedi ng of
the E

analyzed to generate a flag indicating whether or not a decoder of the £ transmitted channel(s) should
perform envelope shaping during decoding of the E transmitted channel(s).

According to another embodiment, the present invention is an encoded audio bitstream generated
by the method of the previous paragraph.

According to another embodiment, the present invention is an encoded audio bitstream comprising
£ transmitted channel(s), one or more cue codes, and a flag. The one or more cue codes are generated by
generating one or more cue codes for two or more of the € input channels. The £ transmitted channel(s)
are generated by downmixing the C input channels, where C>£>1. The flag is generated by analyzing one
or more of the C input channels and the £ transmitted channel(s), wherein the flag indicates whether or not

a decoder of the £ transmitted channel(s) should perform envelope shaping during decoding of the £

transmitted channel(s).



transmtted channel (s). -3 BRI EF DESCRI PTI ON OF THE DRAW NGS O her aspects,
features, and advantages of the present invention will becone nore fully
apparent fromthe foll ow ng detail ed description, the appended clains, and
t he acconpanying drawings in which |ike reference nunerals identify
simlar or identical elenents. Fig. | shows a high-level block diagram of
conventional binaural signal synthesizer; Fig. 2 is a block diagramof a
generic binaural cue coding (BCC) audio processing system Fig. 3 shows a
bl ock di agram of a downm xer that can be used for the downm xer of Fig. 2;
Fig. 4 sbews {argﬂmpk[odg@gﬁﬁm;m‘mgn\l@gc synt hesi zer that can be used for t he
decoder of Fi Fig. 5 shows a bl'ock diagram of the BCC estinmator of
Fig. 2, accor thf‘fgjis‘teotg %?ﬂé“f%ﬁsrﬁo’d’f‘hf’éﬁﬁegcﬂf tetpeesenp fresinn willhivend oore ﬂFFiygppa&m

il ust r atres tehigloganekatdioRs@bidnCGhPa £

Fi g. }k stlra es@t he energtl on o@aﬁdéggd@ta%#dqhg CO' e l%drgwm%isddlwg !)FI g.
8 shows A BFEERC A agraewy smilprasidentoat demots of t he BCC synt hesi zer of Fig.
4 that can berig usadmlam_@ IBLOLdacRgem $f%19x%ﬂ%n§ft§na‘?} aﬁ?ﬁaf’%n{gcs])gul ti-channel
audi o si gnal e 6}C§I Ietransmtte sum  si gnal us the spati al
cues; Fig. 9 |¥Iuss‘"ttt%t REVe P eI iahigayreicrs %ﬂd@g\@@@b@dwptdwaamaS)subtband as a

function of frrgaqulem;)a biocEHi@grarﬂth§mlﬁerMap&lﬁ bgh% t@mcra%%f%&% &“szat | east
a portion of ra ?QC %?) according to one odi ment he 'pr &sent
i nvention; Fi'd “F"ISF Oﬁ]éF‘Fﬁf“%f%ﬁcgﬁehﬁﬁ'é?fyhaépw beasadi forthaodecedeeotdiny @1 ope

shapi ng sc herimg O fhokis g blotOdibgrarh Bethe Qgﬂ%ﬁﬁﬁat&fofﬁﬁez §&qu§r¥g% Qlfbsél Slin@fe o'ﬂhg 4

Fig. 12 |r43 Jsirat ]es an alternative exenplary application o e envel ope

shapi ng 'schene”of "Fig. 10 in the context of the BCC synthesizer of Fig. 4,

wher e envel op&. §hapiang thegcappbh 8ACTD dhd IRt FR HEQIRLR| audE)' gs. 13(a) and
(b) show posgj bJ7 ‘?lustra es(g]ment at i ng‘igﬁ dIm'ahe TPA and the TP of Fig. 12, where

envel ope shapl hg' I S apprEa At &yimchwacippdpier than the cut - of f
frequency frpig. Fihgws 4Wocl diagsant at-asmplamexRiFR bathy BAPRLAEALEr FRf 4 Ih&.#BYEl Ope

shapl ng, f context of the |ate reverberation-based
CC synt %92,:; gg(s;g ﬁ‘é%%géf’e%e“?’*agédgieﬂ oUrSH-chype; deisighal garen apingltiremitted sum

10/815 signal s} plesghowadd @t/ 04 as attorney docket no. Baungarte 7-12; Fig.

15 shows a b e ortion of a BCC decoder
accor di ng tohgﬁ%”&gn%gg%n lrt ot’g?‘ﬁ@ §ré°r‘ttw‘ adﬁ ag hiFpetios ohkeaeicsr nat i ve

to the schen®gshetmvsiarbldek giagrh®; re}ﬂsgntm@@t ]shoy\@oraortﬂfaﬁccddea@:reamdbﬁim{g%@ml ng
at | eastm@dRnt 4o e i BEGJecoder, according to an

Fig. 11 illustrates an exemplary application of the envelope shaping scheme of Fig. 10 in the
context of the BCC synthesizer of Fig, 4;

Fig. 12 illustrates an alternative exemplary application of the envelope shaping scheme of Fig. 10
in the context of the BCC synthesizer of Fig, 4, where envelope shaping is applied to in the time domain;

Figs. 13(a) and (b) show possible implementations of the TPA and the TP of Fig. 12, where
envelope shaping is applied only at frequencies higher than the cut-off frequency frp;

Fig. 14 illustrates an exemplary application of the envelope shaping scheme of Fig. 10 in the
context of the late reverberation-based ICC synthesis scheme described in U.S. application serial number
F0/815,591, filed on 04/01/04 as attorney docket no. Baumgarte 7-12;

Fig. 15 shows a block diagram 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 diagram 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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enbodi ment of the present invention that is an alternative to the schenes
shown in Figs. 10 and 15; Fig. 17 illustrates an exenplary application of
t he envel ope shapi ng schene of Fig. 15 in the context of the BCC

synt hesi zer of Fig. 4; and -4 Figs. 18(a)-(c) show bl ock diagrans of
possi bl e inplenentations of the TPA |ITP, and TP of Fig. 17. DETAILED
DESCRI PTION I n binaural cue coding (BCC), an encoder encodes C input audio
channels to generate E transmtted audi o channels, where CL> 1. In
particular, two or nore of the C input channels are provided in a

frequency domaisn;s(BNe sRIELISIK dimF-fs GHEosGOE B IR KIGREF AL 64T 9P, £3GD JPfi 0ne
or nore qlfferent frequency bands in the two or nore input channels #h the

frequency dormain. In addition, the Cinput channels are downm xed to
generate the E transmtted channels I'n some downmi xi ng inplenentations, at
| east one of the E transmtted channels is based on two or nore of the C

i nput channel's, and at |east ondtehLEPRESERIEHRNN tted channel s is based on

only a singl & tﬂ)mrad)éuetcb@nﬁﬂﬂmuin 6B es & MpANGdiS AR BLneratt BCC coder
code estimator, and a downm xer. The two

has tmou‘& ter
or more ? f“t %&*ga%wﬁw (’?%)‘ R PHEFHE GO PHBOTES] iy GinPEHARHEE Srefraiicd
time domed fneqmmce d@maif, I’a@nﬂ&l&@@bﬁoﬁ@ﬂ@&dﬂes J@@né‘f@t@@foegatch B b: d6RalrRl[S one or

nore cu of one or nore different frequency bands in the
two or e ‘gg%z”ﬁ%“gsr”%‘é ?‘T%%dto""c’ﬂ%ﬁ}éﬁ“ge’s i TeRgvaRRY qpéwrugwﬁﬁt%éemtwne i nput

channel shammzlsgeﬂamﬁrexdd hegdnertte ARSNidntRidte CHANREA] $1 soMIQE @ EREL inlplenhdhtaBEs, at
decodi ng tgwcﬁﬂg§ng£é§ﬂwg%alolc anQFIs are decg ed to(generate C pl ayback
audio Cchannel s £9 CaEr " Y5t Wdenogrore AT est a%??ﬁ@?éﬁ?“??%@ﬂency

bands, tblné t@nsfmmde:hmfnclb feebaded oh balp e |inglt ek Ghanheps cedneelypm xed in a
frequency dofaj ner r. more of. the ack chanpels.in the
f requenc % donarﬂmﬁﬁﬂggeﬁ %EgCP&Q&ﬁthP”ﬁ%F5”%&@“@6§33¥§P@M8bﬂFVb YRS h
of the 6‘eﬂwwmﬁmmwﬁ&ﬁbﬁmemmﬂ$HWbeqmeﬁcymbamﬂmiunmthRMMnnmﬁmwmmemphaybaCk

channel g.4, : GQNRI 1 Lo generate r modi f i
channelgafQw&g&ﬂgﬁeﬁ%gg&ysp Haﬁ%dag dcghaﬂﬁe‘§M§?3”§%%€29W95qqﬁ$h?ﬁe
frequen@VUﬂubhﬁﬂhmﬂhiwmarmDWEOM@nahnmuHmngmnehupuwmmmgdbmmheﬂﬂmiahmums at

| east omgnRfs té%cr&e@le@%&%&%nt?&%? ells wflcle C‘pl%sled on at least one of the E

transmtted channel s ohe cué ctode, and at | east one of the C
pl ayback chdnBELsiesodingak sensoiticdmidio chamichigheaiconied ofgetdae € plaplanis mdid ed

channel $a@ed. INAaRERA&NLalor Qrﬂyor R dlf?qui?g'e%le&y%g 2 &Iogdl ment . 8 BCC

decoder has an upm xer, a synthesi zer fore inverse filter
banks. ‘ﬁ%?me%cwaﬁﬁhéﬁemuﬁwﬁﬁheﬁﬂuﬂﬁeﬁemmn@ﬁ@@ﬂ@ﬂ@yObanuefﬂmhhﬂupmkxer

upm Xesh@nels @f th&BERe, dBrlHQn theﬁer(‘%q?,gm bhed &ha Pjg%l)(?es L agpheg RAYENGYhARRBI N to
generate twg or nore of C pl ayback channe
more different frequency bandq m the two or more playback channels in the frequency domain to generate

two or more modified channels, and the two or more modified channels are converted from the frequency
domain into a time domain. In some upmixing implementations, at least one ofthe C playback channels is
based on at least one of the £ transmitted channels and at least one cue code, and at least one of the C
playback channels is based on only a single one of the £ transmitted channels and independent of any cue
codes,

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>£>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 frequency 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.



frequency domai n, where (>E>-1. The synthesizer applies one or nore cue
codes to each of the one or nore different frequency bands in the two or
nore playback channels in the frequency domain to generate two or nore
nodi fi ed channels. The one or nore inverse filter banks convert the two or
nore nodified channels fromthe frequency domain into a tinme domain. 5
Dependi ng on the particular inplenentation, a given playback channel nay be
based on a single transmtted channel, rather than a conbination of two or
nore transmtted channels. For exanple, when there is only one transmtted
channel , eachEmﬁaﬁm@onpbayaaﬁmngg@@n@b§ gﬁepg@ﬁ%dgﬂa&gﬂ%angmﬂ¥%nsggtted
channel &mgp%%%a5|tu tlons HIXIgg corres s to copﬁ]ng th
corresponélng TreAHDRs ‘éﬁ HRREINaton A tve o omsteipys dheraeks e et ivdin

t here i s therd Wo@}’l&nd(l‘aﬁﬂﬁfﬂd&%%eﬁ@h@ﬂBﬁthe Ctpn?bagpmaﬁr%rm edbo% tf"lartrml SR l%lﬁgd
using a %%&é,c%lpr that copies the transmtted chann for each f

channel . encoder s S a/ B RS HeP Y i copEng @fél@r%msa@@m&uratrmnaedmjmr of

syst ens & sapploi gaticadns in iviiel ke ROhn1yf QB (rERNRY Bthanfl] gﬁé i Vel qs‘i?be tmpl mented
recor der sfipl AYSF S, gat%opla audi o recorders/ pl ayers, conputers, satelll te

transmtt er ST TecervapsoriEdp té”f?'&ﬁ%‘?ﬁ“ﬁ’t%?"é?%%é Yb\?@‘r@a”ﬂp rrestrial broadcast
transmtters/ B@@enmwsandhemodeesrm@r Heamdaﬂsemed%%& 8lfBher SCLATRV: G iRGREET

t P bl ock di f
o naor 8 "R G R SOOI BB e g ey st b2 SoRpr -Simgamic

encoder Q@Bﬁain@/raerd%@atéas tr20ditteENEEITQE, (302 hiINEdaMdQ S AAWI/XEL 208, fnd BCC

esti mat Oémert%Qlﬁ; { converts C input audio channels x,(n) into E
transmtted audi (I?QCE h?}(l}%lnéom% AY" SYS{Hdre CE?1. In this specification,

signal s expressed using the variable n are tine-domain signals, while

si gnal s @xphiessed.disifg the variable k are frequency-donain signals.
Dependi ng on the particul ar inplenmentation, downhm xing can be inpl enent ed
in either thdig 2hea dodsliagraoroft lgencfic elqmmeye @Omg(ﬂt:(:) aBGEp@8dshinRLm208

gener at gm [TROWN; els and transmts those BCC
codes as glq;t% %@Qﬁﬁodégﬁg‘a %G}r] Cgau(fale ?H‘bgﬁ 2(92”]" SrivabnBe 208128¢ BGE cttgnadie E

transm t4#8d audi o channel s. Typ| cal BCC codes include one or nore of

i nt er - channely,tl, M C i nter n | evel difference
(1CED), and i nter- gﬂiad;?r?g[ V%'gsoﬁ 9')8ﬁha(“f1?l,‘t5 (”ﬁﬁ’foaﬂé%‘t“?‘%‘i@@ iqsbeyskner t ai n
pairs of‘””FfﬁﬁﬁEZéhé[ﬁhieISi@mésaﬂan Sf@ﬂﬂﬁiexpmﬂsedfumflg Qe ULRBY n@ﬁdmﬁd—d@ﬁwam@ﬂﬁa!s while

arti cukiahald ; i r|ltatéa . articular pairs of
Pnput chgnrlle%}&%gcgst @éoaée)% \é\élékggtf%?mp ddbml @é[gaélm%%? dh‘ﬂ%‘a”fcﬁﬂf he

coher enéBP!gRengitipg. davmaiing cgrizlimphaeedd it sltlreeihamed ddilﬁlaut h&h@ﬁéq@&lcya&nwa dth of

t he audBoCSoUL4E- M t.he. ), SQurce.. coherence
bet ween the |eft zaogg& ¥ ggtcgﬁgﬁﬁgﬁ i Phe &8§]Lﬁnfl(i %%%B‘a?fgﬁﬁsglos%ﬁg(ﬁé?qes For

exanpl e ¢ "é"‘éBﬂ*ﬂé’roéﬂ'éé’fg#ndtSWe rtﬁiJrnaLmlabla@;\Iegmaﬂe Egansnesgandb digannels. Typical

BCC codes include one or more of inter-channef time difference (ICTD), inter-channel level difference

(ICLD), and inter-channe! correlation (ICC) data estimated between certain pairs of input channels as a
function of frequency and time. The particular implementation will dictate between which particular pairs
of input channels, BCC codes are estimated.

ICC data corresponds to the coherence of a binaural signal, which is related to the perceived width
of the audio source. The wider the audio source, the lower the coherence between the left and right
channels of the resulting binaural signal. For example, the coherence of the binaural signal corresponding
to an orchestra spread out over an auditorium stage is typically lower than the coherence of the binaural
signal corresponding to a single violin 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.



to an orchestra spread out over an auditoriumstage is typically |ower than
t he coherence of the binaural signal corresponding to a single violin

pl ayi ng solo. In general, an audio signal with | ower coherence is wusually
perceived as nore spread out in auditory space. As such, ICC data is
typically related to the apparent source width and degree of |istener

envel opnent. See, e.g., J. Blauert, The Psychophysics of Human Sound
Localization, MT Press, 1983. -6 Depending on the particul ar application
the E transmtted audio channels and correspondi ng BCC codes may be
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to a de subsequent provi,sion to a decoder ei t her
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hi gher &ﬁg} V\zfé]f{;llﬁ3 is re uired to represent a nono audi o signal IS 1S so,

because W&ﬂﬁﬁM W)I%E‘BP"W@@@BE@%D bet ween a channel pair
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wavef orm l\lﬁ) the | ow bitrate of
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cor r espgnds Tlﬁs iasdybaeusd mwRKIer@iCcrhecen, gidet céia%&ﬁ@erpa[ chihHet ﬂ;al%ﬁtﬁﬂ%bout
si gnal . For ei ve t hat do not support stereo or nulti-channel sound

reprodu%“f(ﬁoéqﬁe's |“?{5‘8W?‘h’§‘sst"bfo’f“??€°“ trmistrieredeteim signal is a valid method of

presenting tie oaly diecommtr@tr: loBBCORodiRVERIA0H lith BackWAGs FoRPEAMNHE hpOA is EGUbRENT .
BCC cod}\nggﬁ%n t heref ore a:fll so be used to enhance existing services

i nvol vi hg “He e\?é‘i"&’ls'é? CHBTRYGLA A P oRBERYINGK ot Bhvaisial $EfE? PrEHE el audi o.

For exadignak, Foextdteratnt AOR@ sapiditQerea di fau[lﬂ rcﬁ@;ﬁ@lassﬁaldr}gprocﬁﬁéﬁére NerGidito BR
e BCC side inforpation

A L S DI N T Y o N
capabi | dqtipesnte BCStcodiheern diasneton: Xise Be Wbl {ol enhaphbadigthg Siaicd inOlvingBheSidRes) gmal s
t hat CORLS308 ngna{ena!%weal;aes mu?illj-gliaacn)he! audio. For example, existing mono audio radio broadcasting

systems can be enhanced for stereo or multi-channel playback if the BCC side information can be

embedded into the existing transmission channel. Analogous capabilities exist when downmixing multi-

channel audio {o two sum signals that correspond to stereo audio.

BCC processes audio signals with a certain time and frequency resolution. The frequency

resolution used is largely motivated by the frequency resotution 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 transform (FFT) or a quadrature mirror filter (QMF)) with subbands with bandwidths

equal or proportional to the critical bandwidth of the human auditory system.



BCC processes audio signals with a certain tinme and frequency resol ution.
The frequency resolution used is largely notivated by the frequency
resolution of the human auditory system Psychoacoustics suggests that
spatial perception is nost 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 transform
(FFT) or a quadrature mrror filter (QW)) wi th subbands w th bandw dt hs
equal or proportional to the critical bandw dth of the human auditory
system génBReLLGIRAgWNM Xing In preferred inplementations, the transmtted
SUT) signal (s) contain all signal conponents of the input audio signal.
The goal is tRHatefese mpdénepntationsohpomentited sunf :Ulgkriays RBitit &l et coBiphRn of the
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(1713) 302 fGFE 38a6R ab
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nsec) Ofeadh 1@;91'( ERERONGH, RS0 ShQixtn lblo'c@@w arpﬂﬁgﬁhﬂc lir %lblock Lqe and'an vcrng f3
into a @Eb 8 i nput coefficients z, cy do DOWH

bl ock 3 d %fﬁi%@é“se”é%ﬁdﬁ"ﬂbﬁlb’éﬁd of C correspondl ng i nput coeffl Ci ents
into a correspONGNGSHD-

coefficients. Equation (f?éﬁg%?gggﬁ?ggﬁﬂqbégg%%$%%ﬁgﬁg%ﬁﬂﬁygL?ﬁpmCHmngand
of i npufg&ede e doain I@@ a sedof jnprQoofiipicnts X, (A X tn thkirdqutrey gengn.abewtieinkt h
sub- ban? 013‘3(% wnm xed EfflClentS (Y~(k), Y2(k), ..., Y:(k)) as follows: Y,
(k) Xi g foz"RTlxﬁs e&‘:[}%u fetpfbofC qfryspo I(gwlpuX@c(eﬁ')memqérrt@a Eyrrespanding sub-band

real - Vabﬂfédb@myedﬁedwm@ﬁlangzoﬁﬁtﬂ’eh% b@ﬁan'ﬂ)@Epr@s@@(L lh@gl)\dﬁkﬁﬁﬁgl@k Qe kn 306
conprises a, set of rrult(lpllers 310, each of which multiplies a

cor r es pBRdichgPdsarifisised( Tde st (0i-ent- (7)) tlenetye the i albingd datbomied (K) to

generate a correspondi ng scal ed
coefficients (J,(k), ¥, (k),..., v, (k)) as follows:

(k) X, (k)
v, (k T, (k
y( ) =D, xzz( ) , )
Vi(k) %o (k)

where D, is a real-valued C-by-£ downmixing matrix,

Optional scaling/delay block 306 comprises a set of muttipliers 310, each of which multiplies a
corresponding downmixed coefficient §,(k) by a scaling factor ek} to generate a corresponding scaled
coefficient 77,(k). The motivation for the scaling operation is equivalent to equalization generalized for

downmixing with arbitrary weighting factors for each channel, if the input channels are independent, then

the power P54y of the downmixed signal in each sub-band is given by Equation (2) as follows:



coefficient Y;(k). The notivation for the scaling operation is equival ent
to equalization generalized for downm xing with arbitrary wei ghting
factors for each channel, If the input channels are independent, then the
power p,,(,) of the downm xed signal in each sub-band is given by Equation
(2) as follows: -8 hyi(k) PRi (k) Py,(k) =Dd. P.v,(k) (2) P, * (k) P+ -
(k) where D.A is derived by squaring each matrix elenment in the Cby-E
downm xing matrix DC,. and P.v' (A) is the power of sub-band k of input

channel i. If the sub-bands are not independent, then the power val ues
P,,(,) of the downm xed signal will be |larger. or smaller than that
conput ed using Equation (2), due/@, $ignal Papplifications or cancell ations

when signal conponents are in- hpse or o L of|- phase, respectively. To
prevent this, the downm xing op fa#ﬁ np of “EGuation (1) is applied ing
sub- bands follomed by the scaling :op ration:of mul tipliers 310. The scaling
factors e; (k) (I #i #E) can be derjved usipng Equation (3) as follows: e (k)
_ FPy . (3) y(k) is the sub-bapd“poner &g nputed by Equatlon (2), and
Y () AP R S SRAE SRRl DB 5T 6, BTN SHlc PRl 1
scallngéggbgyﬁgtgghmﬁpgo toRtienal ly apply delays to the S|gnals Each

i nverse I'ter bank 308 c nverts a set of corresponding scal ed coefficients
y, (k) in tHhéthe fubegueneynodadaiendenntien tebranmalods g, o orf tesipendixedpsighiagiitl &k |
transmtted channel y;(n). Al though Fi 3 shows all C of the input
channell&regier ﬁgalk@bﬁvetmté@npqﬁ@cbiStnﬁé:qw@q%érr@y toofogpal anpiBrations i sugelgfigns when

downm X§ g colnPorhi %ﬂﬁ%ﬂd!@or oqpé)mt @lJeQRSly. @Qﬁre@'m Rl Be fRMmikiBSSpetban C 1)
of the i npu channe é pass some or all of the proceSS|ng shown

i n Fi g.of Bagayen Oe istapelied i qt@éodn%ol ied Buihe sfebrg orerind rmuglien At F 8413 di o
channeh§nm§§? HQMﬁﬂuﬂ%eEQﬁm@§§ﬁ£@ﬂ&ﬁh(kﬂghﬁﬁﬁﬁtat'0” these unnodified .~
audi o channel’s m ght m ght not be used BCC estimator 208 of Fig. 2 in
generating the transmtted BCC codes. Ip gn inplenentation of downmi xer
300 that generates a single sum sigfaF . E=i and the signals i(k§) of
each subband of each input channel c¢ ar¥“ddded and then nultiplied with a

factor k ccording to Equation (4) as f ows: C .
eh(ere) p mafs the sub- ba%d power gs computcdgj Equaﬁon (% ancyv?)ylm 1s power of the corresponding

downmixed sub-band signal v (k).

In addition to or instead of providing optional scaling, scaling/delay block 306 may optionally
apply delays to the signals.

Each inverse filter bank 308 converts a set of corresponding scaled coefficients ¥,(k) in the

frequency domain into a frame of a corresponding digital, transmitted channel yi(7).

Although Fig. 3 shows all C of the input channels being converted into the frequency domain for
subsequent downmixing, in alternative 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 transmitted as an equivalent
number of unmodified audio channels, Depending on the particular implementation, these unmodified
audio channels might or might not be used by BCC estimator 208 of Fig. 2 in generating the transmitted
BCC codes.

In an implementation of downmixer 300 that generates a single sum signal y(n}, £=1 and the

signals X.(k) of each subband of each input channel ¢ are added and then multipiied with a factor e(k),

according to Equation (4) as follows:

y(k) = e(k)iic(k)- 4

=l

the factor e(k) is given by Equation (5) as follows:



Y(k) = e(k)jz, (k). (4) the factor e(k) is given by Equation (5) as
follows: -9 e(k) _ (5 F)j~(k where p, (k) is a short-tinme estimate of the
power of xjk) at time index k, and p,(k) is a short-tine estinate of the
power of I1C _|I zjk). The equalized subbands are transforned back to the
time domain resulting in the sumsignal y(n) that is transmtted to the
BCC decoder. Ceneric BCC Synthesis Fig. 4 shows a bl ock di agram of a BCC
synt hesi zer 400 that can be used for decoder 204 of Fig. 2 according to
certain inplenentations of BCC system 200. BCC synt hesi zer 400 has a filter
bank 402 for each transmtted channely, —an upm xi ng bl ock 404, del ays
406, nmultipliers 408, correlation bIockéﬁ%p( and an inverse filter bank
412 for each playback channel i, (Q% Eact f%er bank 402 converts each
frame of a correspondi ng dlgltal P ﬁﬁfﬁé@'channel y,(n) in the tife
domain into a set of input coefficient (k) in the frequency domain,

Upm Xi ngw}kHr@pk(/AQéla sliéﬂmlﬁé%tuﬁ%ﬁ@atww}a%dx P/t) zl-f-u%@rr{a%§ p%ﬂ&j';ﬁg() is a short-time
transnitted- channel coefficients into a correspondi ng sub-band of C

upm xed Js{ﬁgy&qupogg (Cg?];c?n f ghﬁlﬁecﬁsqlg tnldsp 0 gral?sform‘tpdr b%?{%ttlse ttlﬁ?eﬁd)or%gim xi ng

of the kth sub-ban Tans anne coe I cren

(k)) to ggng ?ht[ﬁes;uh%[%%l flCl ents ~s

() o o E e *a}érﬁlt'l%ﬁ%ﬁ’snﬁtiﬁd‘({ﬁme?ﬁ&% § U0 (8 (- (k)
Mk) where Uer |s a real val ued E-by-C upm xi ng natrlx Per f orm ng upm xi ng
in the fgoguenaysaommin enables upm xing to be applied individually in
each different sub-band. Each delay 406 applies a delay value d, (k) based
on a correspbifdf HgwBoEoghdieeripef 4 sxtgteaize §00 asun be wshdfor titveda 884 ¢fde. CTD

val ues &p@Qﬂrfg D edARERpeREd RIS &%d@sy@t@m@b@y@@@ gyn@lh:@r@&%b@ has EEGE, JTH idzl%[' er
408 ap %s a scaling factor a, (k) based on a correspondi ng BCC code for

[ CLD date HEN TR BN s Heupmieag blagk 40 dolaysdQferulsiphnsnd08erpletay thask 49, n
pairs Oﬁn@&ﬁﬁgﬁﬁhh&hﬁﬂﬂﬁﬁ%bn&@ﬁﬁﬁ%ﬁ%ég dg@h 410 perfonns a decorrelation
espondi

operation A based on corr for 1CC data to ensure that

the desired EGE filtviedantesd2appeat edaﬁih’ﬂﬁ@ﬁ\fac&l‘rb@brmnl}?d g, @hnpli@brekechannel s.
Furt her descrlptlon of the operations of 10 correlation block 410 can be

found i Helims dopaip dig @ ool inruhesedicians. ¥, 40/ in 45, fegqency dqresdn. dipnosnpei0ds

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-band of

transmitted-channel coefficients ()7] (k) 37, (k). )j’.'s(k)) to generate the kth sub-band of upmixed

coefficients (E,(k), EZ(k),...,EC(k)) as follows:

5,(6) 7. (k)
S !

szf) o |2 | (6)
5. (k) Feh)

where U, is a real-valued E-by-C upmixing matrix. Performing upmixing in the frequency-domain

enables upmixing to be applied individually in each different sub-band.

Each delay 406 applies a delay value di(k) based on a corresponding BCC code for ICTD data to
ensure that the desired ICTD values appear between certain pairs of playback channeils, Each multiplier
408 applies a scaling factor a,(k) based on a corresponding BCC code for ICLD data to ensure that the
desired ICLD values appear between certain pairs of playback channels. Correlation block 418 performs a
decorrelation operation A based on corresponding BCC codes for [CC data to ensure that the desired [CC

values appear between certain pairs of playback channels. Further description of the operations of

-10-



Baungarte 2-10. The synthesis of |ICLD values may he | ess troubl esone than
the synthesis of ICID and I CC val ues, since |ICLD synthesis involves nerely
scal i ng of ' sub-band signals. Since |ICLD cues are the nost comonly used
directional cues, it is usually nore inportant that the I CLD val ues

approxi mate those of the original audio signal. As such, |ICLD data m ght
be estinmated between all channel pairs. The scaling factors a, (k) (I #i #O
for each sub-band are preferably chosen such that the sub-band power of
each playback channel approxi mates the correspondi ng power of the original

o 1 cat e o o T Benh Goi BB ohyle kS5 g heic ORAI BeC dat a
m ght noBayerieded.] CTD and | CC val ues for all channel pairs. In that case,

BCC synt hesi z t hesi and | CC val ues only between
certain channE{e Sf}rgl&rs R aé)ﬁ%?“ﬁ%“é%ysbﬁ?sf e @r’cs‘ﬂﬁ"rﬂ!%a’h‘i?qyéﬁ‘h%qft[§¥'a apCCoplues,

corr espoﬁ@ﬂerﬁgia@W‘Elﬁesmz@deecmﬂyf1c¢lm@m QJbZ),anc(:anal?n stabercLiy euensy mdgnai n into
a franme @fmn%ngz%éﬁrgar&qulrages llt %Iu%uall mBrc 1?4%0%%{ [ﬁﬁé%&@(ﬁ{)&y? %cg %[H?Qm%lgg% ehOfFI g:

4 shows all E'o he transmtte anne
f r equenche @I’éﬁ‘r‘ﬁil' Wd'ofsﬁﬁﬂa's u‘bgecdfuléml) dapmuightibg ea:ndteBﬁﬁwpdnmeB@inag)ans Mhe scaling

al t er nat ;M6 L, APl & ne..or n the E

transmi ttaedscﬂi;’(;nI %2%0%%% ban &< P& (g‘ﬁr%!y?} el”lsu%‘fth’i‘ﬁ@ é}%gg‘é‘f“?‘i@f%&ﬁlbm in
Fig. 4. WPHC@%b?mpat'eppr@neammhe mmrea)o@dmg hevet sRNSHgitaBidpe Bainelenamay be

unnodi fied c bj ected t mX|n ln addition to
bei ng one or I&}?ﬁ@)r@g‘ho )t/gﬁto @gfﬁla? ely “Jsf%ﬁ'r\’éqd Calﬂcﬁlggoé SYIHS %@ (¥ ¥Adnhel s, in
turn, V@‘N?S e suchpilie BgE Cia@tmrgiawnet lnabudeeCT Ds&UCasarues RF ﬂf&}@mﬁ,hﬁdﬂﬁle n$hak aasy\hl ch

BCC pr 0GRSSiAlledi S, ¥ . i ne nore of the other playback
channel's. 11 ef%zﬁe‘?ﬁ%s@% Estﬁéﬁxtqﬁl%%dﬁ |8Ce: [e?l Oﬁ’%qeéweﬁ‘hﬁf”ﬁ)‘é Efﬂﬂf &éf%d to

del ays to conpensatalif:eanit 148 PHRRESSE] MG oldsPBh iR Ve Ted e frBEnUENE X
and/ or BCC processing used to generate '? esf:‘[gr?nesn'{é %i‘t et hee peaylbgckrné aﬂﬁeel S.

Not e thértequea'tytdwmaghmﬁn@améofsdmwasp&q@lgaygb@pl(slagzdaa;n(n@h@[ keing synthesized from
E transnmitted channels, where C was al so the number of original input
channel s, BCE'&ygk higst dlopg alhBof ¢ wrswitted ehan et beingaiertedofito pheafydgaeamky domam

channel sor salit@ecg&ﬂ@brﬁlxmgtdh@B@@rﬁ')&EssiQE llp«ljl%}[tgﬁgé(lr@nﬁw@m b %ﬁpoﬁgozg@sﬁ &V%

channel g} g'tnd udi n unbers greater than or even
si tuat i OKF¢ HRRBYIESY é““ﬁhﬁﬂj@\i byrss spragydick thetvensersing shogvnerqbam tiwr@raiﬂpésmet han

t he nunbencrebf th¢ Basiick:d @Qn&ﬂ@ﬂé}@e%nmof BLGRRIRk ayaz %t%&é%&ed% %}n I%D(?I]%S

bet ween a%gﬂo channel s Assuning a single sumsig zes a

stereo OrooPT P-OERR AR MetioR dhe o mdrckshatnelshgse Uflﬂ@lﬂ’ﬂ)ﬁed IC@LlDafS amtrm, @bt be,

appr oxi batle nchtmeveaﬁlbé aﬁd@@ﬁﬂf@&cé:b}ﬁﬁne%fto thgh @U(ZQJ:’&@&ISI f_}l&d&pgheﬁ' tg%}gn bresiddbab D€
follow n ICLD, and ICC in relation tory spati al

i mage af’ ?frelogtthf" 8@6‘" Péaya? g(‘f{fé@‘élﬂ In phegeastSuhg@mat e chapratsimgy bhewbidoisd td debsbs es
that f oo congengudiot 0 yroeas@nd 1imd G ANk ChRxBLnd/&! IBEE Grocessing used to generate
the rest of the playback channels.
Note that, although Fig. 4 shows C playback channels being synthesized from £ trans-mitted
channels, where C was also the number of original input channels, BCC synthesis is not limited to that
number of playback channels. In general, the number of playback channels can be any number of
channels, including numbers greater than or less than C and possibly even situations where the number of

playback channels is equal to or less than the number of transmitted channels.

“Perceptually relevant differences” between audio channels

Assuming a single sum signal, BCC synthesizes a stereo or multi-channe! audio signal such that
ICTD, ICLD, and ICC approximate the corresponding cues of the original audio signal. In the following,
the role of ICTD, ICLD, and ICC in relation to auditory spatial image attributes is discussed.
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to perceived direction. Wen considering binaural roominpul se responses
(BRI Rs) of one source, there is a relationship between wi dth of the
auditory event and |istener envel opnment and | CC data estimated for the
early and late parts of the BRIRs. |-fowever, the rel ationship between |ICC
and these properties for general signals (arid notjust the BRIRs) is not
straightforward. Stereo and nmulti-channel audio signals usually contain a
conplex m x of concurrently active source signals superinposed by
reflected signal conponents resulting fromrecording in encl osed spaces or
added by t he keswk ficially creati a

i npressi on, Dj fferiﬂﬁ?g%%l%%gﬂ%g%rgg%%%%ﬁg forGes augt?'@ﬁ%‘&t‘%é“%@@bpa{f refated

di f f er ent® ‘?eécﬁl"%g“qcho't Hféh@l??|Clarlﬁldf0ﬂmm€qu@yr0ph1armﬂuIsc‘Fkup&stgi(BRe{sb eciheshuby, h&IR,

| CLD, alﬁi:lcltmhlmt\@an VYo n time and fr

case, the (ghl‘on bet ween {?iﬁesa?gﬁ#a%%,gg@d 9{ TFD TR ﬁg&sgﬁy‘éﬁﬁﬁ"“ﬁ%m "HSry
event di FEEEIORE PaTkOISAIRIRE omprves bie oatiosshipdevebviCSUsd (Bheprsicriat Bgyerfa:
certain epbodbmeint fisohe BORs) i$ndiQubldBdlyy Synt hesi ze these cues such that

t hey appr oxi \rlr\%ate the corresponding cues of the original audio signal.

Fi | t er banks w't'i° QiSRG o atindgiatupe e euin 2 @mples nix afzsnduhentigquiveal ent
rect angustoarceb@niwhlxau rinpoldalRBlesREE: 4 [EvEd s that the
audi o qual,it F gé do es%r?ot not a%@ﬂcom'p@ie%g&%k%%ﬁ S%gmﬁm B Oﬁgrspaces or
frequency ‘redd TJ?"F(B 08 MEYrGetedpr aFth@qﬂéﬁ*é%“ﬂségmﬂeﬂtrmgrmssrmyDb"éercuhemurceslugnass mde it

results thar l*eﬁ&ﬁlonﬁc@a-@y dlrfekek :ef}@r@: i %tl%@fx‘é%ﬁné ne. n?ﬁglstr&]eplgd ﬁg rl%q’%)n]éit d to
t he decod q1 thus in_a |lower bitrate e resoluti on, D,
| CLD, and W RPE & Simetend e det fsauaey. rleglw tairse them@atuontbewcalusstamanie@la

per f or malh‘@"@ i@mbﬁcﬂﬂiﬁﬁid Mlﬁﬂiyle@pdlréc@rgan@srﬁgnall %r&g &n ﬁg&sdbgigﬁ q"hﬁ?tpa?ege/%yer y

4 to 16 a nl e e cues are considered at ver
i nterval sgﬁ aig I\I'gb‘%‘r”é Sd’iﬁgg ‘%’F’;EE‘{W yathadte s et suph théfdh@ladwedlaie,ﬂ@sum ng a

cl assi ca;brr¢seadi4dgagesp)atwe oﬁigmaabmgls@tan muli, if the lead and lag fall into a

time interval of cues is synthesized, then |ocalization
doni nance of mﬁ}g@rl%(gadg Sg%ﬁ%cps Ear?é‘r"lﬂ*&sé%a' o pingsgh b aleBrTtang i doeividindi o

qual i ty (FRB)ascesed Inforan lnmmh@@%amﬁﬂ%a&ﬁ@ﬁ@h@fﬁ BBOUbesS bt ddkab® improve when
"excel | ept, S'“@”‘gl}fﬁ %lét”@oi \a/gg) g& and up to nearly 100 for certaln

audi 0 si R ?:Oélﬁ'icﬁé‘isPlf}“"é‘rf’éﬂYIbed?sf'"f"éls’éﬁ’cfé'eﬁ}é‘ﬁm@%

referen Tl%ﬂ@h@l angd iaC sgllmtshI%h@emb t&ltgn@hmedltmlelde&)d&rlaa& thGHas 15ek 8fed to a

w de range of ti butes are inplicitly considered

by synthesi z?gﬁ‘%gté%%ymﬁo&? R %“{f}g@ t'éé@’i?lt%{’r‘caf[?( TRBSiGieAt fegiar imgyinterats.

fol | owi rifjeh esienasegianbinned e f@'riveawoemdm@@/azleem;defre@h&m and 4£G YNGRl at e

to a rapgeufss gl attri Estimation of spatial cues

In the fof FovaSnQQL%S%FQyCO'ﬁSE%EGg rl rgq% vvmle(‘?f"f:’i" alfﬁ %_Iﬁrec%fﬁﬁcele%t et digeibat ed.

The bi t $O8fidererAsspminag piassirlderddig ;tah@ﬁ@u(ld]uamﬂu 7z ed ladanciedad ) ns Paht dhertlies

can be kst of e to transmt
stereo and mul {)ilﬁ\-@gtl%gnﬁcémgmh%l%gdélﬂgﬂ Cahza jon JOP“I‘”&PCézé’P@FZG'Sg”t“Bt PRstersds

require espigs this, %@(ﬁeqh@vesaqydqog{udmawﬁg:lted 1n an average MUSHRA score of about 87 (i.e.,
"excellent” audio quality) on average and up to nearly 100 for certain audio signals.
The often-achieved perceptually small difference between reference signal and synthesized signal
implies that cues related to a wide range of auditory spatial image attributes are implicitly considered by
synthesizing ICTD, ICLD, and ICC at regular time intervals. In the following, some arguments are given

on how ICTD, ICLD, and ICC may relate to a range of auditory spatial image attributes.

Estimation of spatial cues

In the following, it is described how ICTD, ICL.D, and ICC are estimated. The bitrate for
transmission of these (quantized and coded) spatial cues can be just a few kb/s and thus, with BCC, it is

possible to transmit stereo and multi-channel audio signals at bitrates close to what is required for a single
audio channel.



12 Fig. 5 shows a bl ock diagramof BCC estimator 208 of Fig. 2, according
to one enbodi nent of the present invention. BCC estinmator 208 conprises
filterbanks (FB) 502, which nay be the sane as filterbanks 302 of Fig. 3,
and estimation block 504, which generates ICID, ICLD, and [ CC spatial cues
for each different frequency subband generated by filterbanks 502.
Estimation of ICTD _ICLD, and I CC for stereo signals The foll ow ng neasures
are used for ICTD, I1CLD, and I CC for correspondi ng subband signals x| (k)
and z2 (k) of two (e.g. stereo) audi o channels: o ICID [sanples]: 1',2 (k)

= arg max me estimte of the
norngllzed{cﬁ% §%g%%ré%%%dm Sﬁggceﬁ”&?@@ﬁgﬂ@tE&uﬁ??ﬂﬁgFg%eﬁ@bWHFFBﬂgme
(1'12(d, Kysentgavertiqnd BRL e6BYator2P% cdrkpridds)Pzrbaks dR3) somharna :ﬁHybeﬂ’(é&Xmé ad, 0} d2

= nax{d of the nean of ZI
(k - lﬂ}erb(a% 30?8% ES and(e%[ﬁu%naE])qka’i/&%j_\ﬁhsftwenmitﬁq[ tT()ngLq m}d 61(05%%3' guey {‘c( 10)
0 ICC Gﬁ@ﬁk%ﬁﬁﬁ@xm@@@%u@dwdg%hawéby ilerbdNRE 2t hat t he absol ute val ue of the
normal i zed cross-correlation is considered and c12(k) has a range of [O,1
]. Estimation of ICTD. ICLD and I CC for mnulti-channel audio signals Wen
there are hmatiothefdCTRACLApant ICHaAnRetes sighdls | S typically sufficient to
define I CID I r.ef channe er 1)
and the of her channap SoRLte iR ST oG CE et Fiaaaeint s
channel s% (Aitred &, 1) c(ka&o (algdstéxh&)%uﬂak)haﬂﬁﬂﬂt e the ICTD and I CLD, respectively,

between the reference channel | and channel c. 13 As opposed to |ICTD and
| CLD, IccC ¢ ypidalseyrieds nore degrees of freedom The I CC as defined
0, (k) =argmax {®, (d, b)}, )

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

Pay, (d,1)

D, (d, k)= ; (&)
’ JPs (k~d) p; (k—d,)
where
d = max{—d,O}
d, = max{d,0} ’ )
and p;; (d, k) is a short-time estimate of the mean of x(k—d)i,(k-d,}.
o ICLD [dB]:
s, (K)
AL, (k)= ]Oiogm[p,;i(k)]' (10)
o ICC:
cn(k)=m3x{q>,2(d,k)j. (11)

Note that the absolute value of the normalized cross-correlation is considered and ¢,,(k) has a

range of [0,1].

Estimation of ICTD, ICLD, and ICC for multi-channel audio signals

When there are more than two input channels, it is typically sufficient to define ICTD and ICLD

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 | and channel e,



can have different values between all possible input channel pairs. For C
channels, there are QG| )/2 possible channel pairs; e.g., for 5 channels
there are 10 channel pairs as illustrated in Fig. 7(a). However, such a
schene requires that, for each subband at each tinme index, C(CG1)/2 ICC
val ues are estimated and transmtted, resulting in high conputational
conplexity and high bitrate. Alternatively, for each subband, ICTD and I CLD
determ ne the direction at which the auditory event of the correspondi ng
si gnal component in the subband is rendered. One single I CC paraneter per
subband may t th over al | coh ce between all

audi o channelgﬁ&&o duﬁgg& '? %Q‘Z@Zﬁ égg\/pgﬁ@aiaﬁg'arebjﬁgr‘é"éf’ﬁ:ﬁ"ﬁg‘i"ﬁg Thrf§C as defined

t ransmi t?ai“ﬁ@"elf’(f@"@hééue@hfttyednetﬂlmﬁrbfdthmlttwnn@ PEARNEHSC WakfelsMEE aRNREY2 i N
each subhang t |IIutrate in b), where
for ti rreﬁjlansf gl%a{ﬂi@ﬁﬂs A%‘j llﬁ%hmels [Eeé%?{%l% A ip"’(”é ast )’St‘a‘r‘iﬁl”’qig 7&“}) Hpwever,

st ronges*t““ t Bepeceauies fat, B trelupibstridet pagh eémeayled (@S eTiConI@edre edihRicAgng | CC

bet ween dhanathek.ghanngl eS|s f. ss atial cues Fig. 8 shows a
bl ock di agrgm of gténlt}’f‘ %]C&%me"gw?p WHENEET Y er 400 of Fig. 4 that

can be used “1'Tﬁ”‘é“@@(fode?@béléxbartdoi(lj@mdaewaetsrtrre[reema divect it lat which@aneiogudi 0
si gnal givMeBr @e &drRoBdik Mt n),plus.t patial cues.
The sum s%%nal s rngﬂo : éﬁéggnﬁo@g%nl ‘ﬁ%‘: su (g[ﬁ(ﬁ%“{jm\%\% (#5 S@‘@E?C‘@@WB‘F‘%‘? Pbne
such sulSbHed ™ e‘gté‘fr\léffdd@ Heserittetiee @orat egpond bmgvesmdﬂb@ndslmhe ea@bbdoésutth@n

out put obanrigéshy e@tﬁkeﬁ‘M@ argﬁransﬁlﬁﬁkﬁcé G 951 bQIWFenehn wo ch nﬁ%sis 1@1 T{}st erbef—é)yp: n ed

to the correspondl n% he sum's
not at i ofENEHPaRq #hs2 ﬁ‘d‘é)&“‘%xl hig gilbisiedted in thhé(blzle\dhayﬁqz umeaﬂsent& aatat)di #theand

filters cl)anh@-EE}:sn’:{B el)%b’d'(tl hg%"ezsgg“éfg reépga% ng hgtr?ns?‘é/l%lemad/ € us lemln_.lga andi

[ CC by ?&%% g‘% de-correl ation
appl i ed dlsrftitey Chepned i subband ICTD synt hesi s The deI ays d, are
det erm ned fromthe | CTDs z,j k), according to Equation (12) as foll ows:

~~Max 29 : CZV%H"’”‘ na<i sczv(k)) c=l (12) zv(k)-+-d, 2ScC. The delay for
the ref £ d,, is conmputed such that the maxi num magnltude of

t he del ays dBgissshowd ﬂblﬁﬂklﬁ%ramﬁ]’%n 1rﬁ|§§mén%o§blfqn§f'§m§&sﬁﬁml0% q‘%% E’Hﬁ cta}1 the
| ess thgsegml sB%gan er for artifacts to occur e subband sanp |ng

rate does no e HECEH e A SETER Ot T iE-Chugellaudip ?jﬁﬂdi pren «GTBlesdtyantrhigs] siyn

14 16D gynthesi o i order 1 har the st narnRRaid ERRATENE debhEy™

| CLDs A‘T_”f?f%)s‘llﬂ?@t‘%e@h gerhmnrethe corgmbntiihgsubbands of each of the output channels, delays d,,
scale factors a., and filters A, are applied to the corresponding subband of the sum signal. (For simplicity
of notation, the time index & is ignored in the delays, scale factors, and filters.) ICTD are synthesized by
imposing delays, {CLD by scaling, and [CC by applying de-correlation filters, The processing shown in

Fig. 8 is applied independently to each subband.

ICTD synthesis
The delays 4, are determined from the ICTDs 7,,(k), according to Equation (12) as follows:

] .
d, = “E(maxmsc 7, (k) +min,, . Tu(k)), ¢ = (12)

7, (k) +d| 25csC.
The delay for the reference channel, dy, is computed such that the maximum magnitude 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 [CTD synthesis, delays can be

imposed more precisely by using suitable all-pass filters.
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reference channel |, the gain factors a, should satisfy Equation (13) as
follows: a A'i'm==10 20 (13) a Additionally, the output subbands are
preferably normalized such that the sum of the power of all output

channel s is equal to the power of the input sumsignal. Since the total
original signal power in each subband is preserved in the sumsignal, this
normalization results in the absol ute subband power for each output

channel approximating the correspondi ng power of the original encoder input
audi o S|gnal G ven these constraints, the scale factors a, are given by
Equati on (l&¥%é§EEéLloms cnilo a-= I~ 1+ 210 c=1 (14) 10at,'20a

ot herwi se. | - ' L 6 ts, the aimof |ICC syntheS|s IS
to reduce co?ﬁ%1§%?%ﬁ1%é¥%ée%%? S*@@B 3ﬁ8?"&a¥¥éF‘H@K5V§“3ﬁ6d§€aﬂFﬁ@“have

been appldfeehce wishhoutihaffoedbRg, hEkPsa n. be achieved by
designing the filters f?al n r|g ]8 saclgllgj hghgje}gkﬁm %1CLD are effectively

varied as a function of frequency such 6H§P the average variation is zero
in each subband (auditory critical bgr nd ig. 9 illustrates how | CTD (&ihd
| CLD are varied within a subband as a function of frequency. The anplitude
of | CTD affitiangDiheapipaitshidnndietarrafknes nbdatige gidenDihe 8@n 601E 8@t bod Ry 1S

trol | ggy . 0., 9f ik OC. Note that I'CTD d t
Fro. o(ay a1 EFEP Rt ety PRt oeele? EORIg Sapbpyier Oriecoul d

vary | Cl lapad srapgtiitdyjin 4 sl@TPnal bt ndhiaBzanileditk @Sk dbsdifte RIMLEndGRLer Bt daan Of

the resdkdii not er for nt hesi zi ng | CC,
partlcula#% Hgﬁﬁﬁgmeﬁ%Qﬂfkéf?Tgmﬁ ﬁ@?WTegf 9%Wﬁiépgm””?”“ﬂ estEntefiven

nmor e deﬁ@FFCWﬁ”%NSPaBWéT&deaxaﬂgvﬂ1@dhmmkm{nhaﬂ%e&mﬁudlo codi ng: Synthesis
of coherence cues,"” |EEE Trans. nd Audio Proc., 2003, the

t eachi ngs of which are incorpo d{ﬁprﬂﬂh“by‘;ieference As a function of
time and frequency, speC|f|%' unt.s of artificial late reverberation(dpe
added to each of t he output c Ennel 4: f or achi®hdrwésea desired | CC.

Addi ti onal oy, sysRagt ral nodification can be applied such that the spectral
envel ope of tl e resultlng si gnal approaches t he spectral envel ope of the
ori gi nal audf’bceéfi“@ prapodiments, the aim of ICC synthesis is to reduce correlation between the subbands

after delays and scaling have been applied, without affecting ICTD and ICLD. This can be achieved
by designing the filters A, in Fig. 8 such that ICTD and ICLD are effectively varied as a function of
frequency such that the average variation is zero in each subband (auditory critical band).

Fig. 9 illustrates how ICTD and ICLD are varied within a subband as a function of frequency. The
amplitude of ICTD and ICLD variation determines the degree of de-correlation and is controlied as a
function of ICC. Note that ICTD are varied smaothly (as in Fig. 9(a)), while ICLD are varied randomly (as
in Fig. 9(b)). One could vary ICLD as smoothly as ICTD, but this would result in more coloration of the
resulting audio signals.

Another method for synthesizing ICC, particularly suitable for multi-channel ICC sytithesis, is
described in more detail in C. Faller, "Parametric multi-channel audio coding: Synthesis of coherence
cues," IEEE Trans. on Speech and Audio Proc., 2003, the teachings of which are incorporated herein by
reference. As a function of time and frequency, specific amounts of artificial late reverberation are added
to each of the output channels for achieving a desired ICC. Additionally, spectral modification can be
applied such that the spectral envelope of the resulting signal approaches the spectral envelope of the

original audio 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. Pumhagen, J. Roden, and L. Liljeryd, "Synthetic ambience in parametric stereo coding,” in
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O her related and unrelated [CC synthesis techniques for stereo signals (or
audi o channel pairs) have been presented in E. Schuijers, W Qonen, B. den
Brinker, and J. Breebaart, "Advances in paranetric coding for high-quality
audio,” in Preprint 114''"' Conv. Aud. Eng. Soc., Mar. 2003, and J.
Engdegard, H. Pumhagen, J. Roden, and L. Liljeryd, "Synthetic anbience in
paranetric stereo coding," in -15 Preprint 117"" Conv. Aud. Eng. Soc., My
2004, the teachings of both of which are incorporated here by reference.
C-to-E BCC As described previously, BCC can be inplenmented with nore than
one tramseissi o whanne!tag Aoc YRy 20040Me REchBECoNAS dPedRh dRS SRR WL 6
representémgmaudlo channel s not as one single (transmtted) channel, but
as E channel's; denoted C-to-E BCC. There are (at least) two moti vations for
C-to-E BCC. o BCC with one transm ssion channel provides a backwards

conpat i for upgrading existing nono systens for stereo or

mul ti-c E%%#gg&gudlo pl ayback. The upgraded systens transmt the BCC

dg\(/jmm xed surs gesgiital ptehioadg BCChean eaa;m;gdmgte?mnmmlomfz;ﬁ'asjhé UG istiiseion Whahdee A

addi ti on smttin side infarmati i S
appl|cab%wm¥%0é&ﬁ2éﬁﬁmwcﬁ ”E [Héxé%gﬁﬂé?ﬁﬁ %dgﬁﬁﬁﬁﬁn %mff@ﬁﬁﬁﬁgwmﬁﬁ%io. 0
C-t 0- E B@Enélritur @WU@B&&SC(&IH&M Citd-y 3QT. tT&nEMrdIﬁt ldisff) fvar entvatlegreesoafBCC:
reduction of ected that the
oo audr o cREGRANT e Rier PRI FSa PATRE T Grvbok R RS S s e

wi Il be. Sigmatopstocesiing detudi-tanidiudl flobkckBC; uguehd aschowtaitdef i ne

the 1 CTD, escr.i p seria
nunber 10/7g§5§8§@9? %g%rns$nﬂi€§ﬁ$d%: mom)§ﬁ?rudff‘$ﬂ§§&§5hﬁd'Shaplng
I n certain inpbeitemtizbGhsde BOEngodi Ggo E,rB!:tﬂ iv eplisdbipon iftdhamncf ok wa@ED, | CLD,

and I CC syntg) beSiste coli! synthesi zed by nmeans of de-correlating
t he signal ﬁ%oneHmSQEOEEE%mg%E?Qgpondlng subbands. This can be done by

frequencyOdeﬁéhﬂﬁﬁﬁIWaﬂueﬁﬁ@hbmhﬂhGimmOWM@m@em@ywdebemdemtmvmmmabwmﬁ of
| CTD and | G—t@nsrﬁilltgd tﬁt@r?‘n%lsf 'hllst&g&ncgl thaQ'EheVr\Ao‘i au'd %ﬁzﬁm&‘? 1% ﬁgtrgn%m t%}fqlqeﬁn%{tg}tﬂll

al gorithnms. \Wen these techni ques are appli to au o sig
t enpor al env@liogealgheaiildet eri stics of the S|gnals are not preserved

Speci fi gighdi ﬂocééé]%ﬂ'de@agpkdr 8o LB dd NG LRLS 10 e t'h?f':é @{'ﬁg}dﬁ (& gpalyener gy

is likely be spread over a certain period his results in
artlfac¢§m§ﬁﬁﬁlé§fmﬁﬁéW@éﬁwégquW10@@%H@dﬁ@m9n0WMHH§T@Wt$3W)A generic
principle of certain enbodinents of the present invention relates to the
observation that the sound synthesized by a BCC decoder should not only
have spedipeaiouphlilg®geristics that are simlar to

In certain implementations, BCC coding involves algorithms for ICTD, ICLD, and [CC synthesis.
[CC cues can be synthesized by means of de-correlating the signal components in the corresponding
subbands. This can be done by frequency-dependent variation of ICLD, frequency-dependent variation of
ICTD and ICLD, all-pass filtering, or with ideas related to reverberation algorithms.

When these techniques are applied to audio signals, the temporal envelope characteristics of the
signals are not preserved. Specifically, when applied to transients, the instantancous signal energy is likely
to be spread over a certain period of time. This results in artifacts such as "pre-echoes" or "washed-out
transients.”

A generic principle of certain embodiments of the present invention relates to the observation that
the sound synthesized by a BCC decoder should not only have spectral characteristics that 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 process may, however, not be sufficient to produce
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that of the original sound, but also resenble the tenporal envel ope of the
original sound quite closely in order to have sim |l ar perceptual
characteristics. CGenerally, this is achieved in BCC-like schenes by
including a dynamic | CLD synthesis that applies a tinme-varying scaling
operation to approxi mate each signal channel's tenporal envel ope. For the
case of transient signals (attacks, percussive instrunments, etc.), the
tenporal resolution of this process may, however, not be sufficient to
produce -16 synthesized signals that approxinmate the original tenporal
envel ope Gl .en ... This section describes a nunber of approaches to
do this vﬁ?tthégédgsfﬁ?’?'?gﬁggaﬁ{’i"i}‘“%ai‘erfge 18R FEBYRIGEYe Clogpit MersioTais sftion BSGibes
decoder s “HgEberdbarnokcthaneoaccesisa fandidiay iR @loigayel ope of the ori ginal

Si gnal (5)" as ameal B Rak oS PR P e aen e therel mschg ARgeripna
i nf or mat !S’éﬁ‘ql%é’@é@S anytakohbenpoansndbieed thfz!’ir@xﬁﬁhﬁlﬂ:@ "ﬁ%i;ﬁ]@fégd%ran Taﬂvr&@rﬁatioﬁcc
ovent ] on el i aa b e B R Bl RErp b e TB THB o aHETF L i b
channel s BFp.dé‘fo,de’"i% ertréhemmed sish) éivelopednfolraniear inc@mRkRahd Q0SS reliRQS @re

channel Sﬁ)”m;'ngp[.ilg%:synt hesis nmay be based on - are anal yzed by a tenporal
envel ope extractor for their tenporal envelope with a high tine resolution
(e.g., signifiteantsimjitetiande chahaais ¢.he'sBEChbhaCK) SirZigdar cBTRE oS SEAUS Mels

synt hesi zed sQUALE®L,,BAG channel is shaped such that - even after
ICC synthesis - it mat gﬁ%g%gog{cg%o?rgla”a&ﬁ%?yoap[ MRRSE SR YRIGRE AX GOt faptheir
extractor as 'ETRSsEFYelase posshiph eme refdli®neng Ligsidunat fineeMantn Bt e ceass, of
transi ent si gmakd®sedtibesSVLNSSI ouf.pu und,is not significant]

degr aded by the Ig&lsy%}?hesl?eg @?g%raeﬁ&ﬁpéﬁpé%‘%ra%qeé'ﬁiS]baﬁ’e Ve des v e 16§ shows
a bl ock di agréii®iapt esshtsitigeraportleastopadgonticohy ok cardBGCactesades poldNe,
accordi ng to rher&uryiadenBRt 10tk b 6 6RL.d puention.  In Fig. 10, bl ock
1002 represents BCC synt hesi S Parsocgtgaglglﬁgglg%aésf R A S Rl Solg%da‘éf“ft [CC

synt hesi s. BEE'ESAnEgadehhgbk Cloonthesisdsigvdsicbasdatiomannes.s 1001 and
generates synt fesbeedschanngls 3 rtai.n i ntations, block
1002 represents the processli ng :g?n@%l %%%aglegﬁﬁggmﬁlb%{gp%@%@%i%' ééjdbﬁcé?rd‘&?to
wher e b8BT ERAMITRIE he@erteninwettive. ki fimdDsblape il 802atmesehy Bapsxhag phicashy 424
and syntikegts adeaeh@NQhBesk0 B3 AL, Binld ' | ner.at.ed rrel ation

bl ock 410, Fi g 10 repr esent s the S%%é%%gg@ﬁécegﬁsp aé?r%hﬁ?[éegsylfogfa’gr%”%%{?e
channel “THBT*ghtrne't 50030 Fit espio il proengayintsh blsilokdb2 clpeenened the [Sbedbdirarof blocks

pr ocess i) 408% aal 80 oAPPRl 4, 8blet BaLAMAL TRN e..channel dits.corr ndi ng
synt hesi zed channel . Envel ope extract or fggicsé%tag ?ﬁcﬁaé%%tyH@rnfxi‘%gﬂotcga%gr al
envel op&'RYEesatdaprisdAe] arg o siznalngrderateminedonpletianitiockell Or Fig O06emdatas i nes
t he fi ngrot@dimorglemen¥elbPHR thsehars¥iobpsha hanngl, 19935 Loverse .
envel ope ad'.ust;r 1008 uses t enpor al en\}eﬁ%ﬁgQﬁ)oé]aﬁrﬁjgrﬁygtﬁeséﬁe%ﬁ@“%’(t Ddor
1006 t o”ROTIH'T 2% PREddnh 6iher bagq channel anflfitataressonding sinewpoxiaharbiine

structure) dhnveysthesiceto Ranitls dORR whRrHLANGE, 3 fLalLeNehes! gnal 1005
envelope extractor 1006 determines the fine temporal envelope b of synthesized channel 1003*. [nverse
envelope adjuster 1008 uses temporal envelope b from envelope extractor 1006 to normalize the envelope
(i.e., "flatten" the temporal fine structure) of synthesized channel 1003" to produce a flattened signal 1005"
having a flat (e.g., uniform) time envelope. Depending on the particular implementation, the flattening can
be applied either before or after upmixing. Envelope adjuster 1010 uses temporal envelope g from
envelope extractor 1004 to re-impose the original signal envelope on the flattened signal 1005' 1o generate
output signal 1007" having a temporal envelope substantially equal to the temporal envelope of base
channel 1001.

Depending on the implementation, this temporal envelope processing (also referred to herein as
“envelope shaping"} may be applied to the entire synthesized channel (as shown) or only to the

orthogonalized part (e.g., late-reverberation part, de-correlated part) of the synthesized channel (as
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having a flat (e.g., uniform tinme envel ope. Depending on the particular

i npl ementation, the flattening can be applied either before or after
upm xi ng. Envel ope adjuster 1010 uses tenporal envel ope a from envel ope
extractor 1004 to re-inpose the original signal envel ope on the flattened
signal 1005 to generate output signal 1007' having a tenporal envel ope
substantially equal to the tenporal envel ope of base channel 1001.
Dependi ng on the inplenentation, this tenporal envel ope processing (also
referred to herein as "envel ope shaping ) may be applied to the entire

synt hesi | hovvn ort hogonal i zed part
I;t e- revg}%%el%g?iﬁ (@)%U(E)rglgf M2 eoveo?’ ?pgfcg?%%’ tb%‘rmt e”ﬁi““‘f%e"@?‘ﬁ?%@@‘l‘figéglﬁyé’ﬁéﬁ’fﬂ'ég (as

17 descrF'B@ﬁfoéinbsiemuemghzys)ornﬁvbfremm&l_sf de;d:e«ﬁ)ﬁnmm@ (@8, Wh&e hepnBoR Nt
envel ope.shaRl Ag ; P o time-domain si gnals or in a
frequenc(il depeﬁdemﬁé@??%ﬁ%& lalty agcllffelcr\}ﬂreﬁ engipsd tenporal envel ope is

esti mat ed andtvansesethpe adivdrd e alny cratesoqje idjerce nd10fii Gy Qﬁ}ﬂérﬁﬁﬁcd il ON@ES @vays
envel ope agicYsk6F 0 j.ust e enented in
di ffer ent] Wae;t/% tmge%%nt‘a‘pgl £h %r%a‘ nv?l%p n%‘rtl;i}uéﬂedlbg nglﬁ%w%uog ngtm,/%gr@bsélmcs
mani pul afERIFmpEd (of wwt@aftaublmnd)mxnplme) Wittgirhd-artihgnpiclel Bto i1 6A0P @& 08 ¢,

spectral f&”@&% I I me-varyin litude dification
function (e.g. %%&dﬁ ?t%lrvl\gpgé%n eanve?nvelgpea?éi” tg‘i@:w)l(fd@méth‘ﬁy 2 goBYOiR el ope
adj ust er ']?EO'liof)f‘fh%llanéirsnwtr&ﬁertryqseraatm nveo fiequcady chn bd iskd @rainign@bnddpeusib gaal '
spect r alus&BRERSAN AL cap be used manner apal ogous to
t hat usu(;d . t% prf:OIgt:Hc BM?JS_FE}:S%%}]I%Q?:QI uarm nanésFlgEﬁ ]ﬁa%ftﬁiéead 85295 at i on

noi se ofSiyityr BW*%EW’P@F@@"&@@?OM ggdébrmay bSlemalctacﬂ hx;h,er difeetyt wrpaysa thcﬁﬁ[!glﬁlsﬁﬂ&t of

si gnal s spayube 8L RGHEheS y,anal ysis the signal's tine
structure or byk@exa{m nlgn ) L{?g&%ﬁ?%iogﬁee gé{fq B of" Vﬁ%regueﬁﬁal spect rum over
frequency. Ffi hillpstiatep Ei‘s‘txlelatﬂéls* apirliceticompihaeyvcppitiagiag kbemodf fineo envel ope
ISEatF:)Ith CgEbmngngE%ﬁHgmze%goqgﬁ?g Ir)ctﬁigte:%§(§dlr9ctnt %%% Smneﬁansmrtteﬁs%?‘j:gna hg
base si @‘H f?%?aét' Yesrag asaerpgd b}@pmlncetatgutwgsmmagnas@m Sivejoya shapamgds edivebdpe
shapi ngapSied f@djfoer:'@lﬁJbb%d ARRldELivE OBl alef al Lefpative
enbodi nents, the orde o? deltaysw sga ﬁfg‘,fs ﬂEd;%Hbcﬁﬁglgﬁbquigc andﬁ% may be
di f f er eRPNBS f@@v*&rd=ffqrﬁ1t aMoBprratP disrsitrioitnginests, corkek oipping frapt rgricied ROt
restri chedestiog capl a@sﬁﬁllﬁzﬁp@a&m},Smpé%Qbeblah@lﬁnﬁ@&%Bﬁdoymoﬁﬁﬁh&mg%a %Epec' ally
true for (fonvol utlon/fllterlng based i npl'enent ati ons 10

covar i afEESIRHOT Hag B FOERERS oY S fideenuebandiftie deivattifamatom qnh@e Smnglﬁal

t empor aiemfmrmeﬂﬁtsmmt,we In Fig. 11(a), tenporal process anal yzer (TPA)
1104 is anal g Oui 0 envel ope extractor 1004 of Fig. 10, and each tenporal
processor (TB) @1b8): rarabiresseraaly s () dBHGs fatopon losnvelapedxopeord R4 &ct or

1006, i lT’lgeerS@demhe&r@;ﬂﬁal@djc@!;%r@ﬁé}h@@@bs a@dﬂ'@o@sﬂgﬁleg%biﬁmou%yf g{vefég)c]rg(lrggt F g
10. Fi 9008 mve{ 2 bl ock di agram of  one possib domai n- %ase

i npl enent at o %\acﬁms@aﬁ 1008, and envelope adjuster 1010 of Fig. 10
Fig. 1 I(b) shows a block diagram of one possible time domain-based implementation of TPA 1104

4.
C

in which the base signal samples are squared (1110} and then low-pass filtered (1112) to characterize the
temporal envelope a of the base signal.

Fig. 11(c) shows a block diagram of one possible time domain-based implementation of TP 1106
in which the synthesized signal samples are squared (1114) and then low-pass filtered (1116) to
characterize the temporal envelope b of the synthesized signal. A scale factor (e.g., sqrt (a/b)) is generated
(1118) and then applied (1120) to the synthesized signal to generate an output signal having a temporal
envelope substantially equal to that of the original base channel,

In alternative implementations of TPA 1104 and TP 1106, the temporal envelopes are
characterized using magnitude operations rather than by squaring the signal samples. In such

implementations, the ratio a/b may be used as the scale factor without having to apply the square root
operation.
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in which the base signal sanples are squared (1110) and then | ow pass
filtered (1112) to characterize the tenporal envel ope a of the base
signal. Fig. 1 1(c) shows a bl ock di agram of one possible tine domain-based
i npl enentation of TP 1106 in which the synthesized signal sanples are
squared (1114) and then low pass filtered (1116) to characterize the
tenporal envel ope b of the synthesized signal. A scale factor (e.g., sqgrt
(a/b)) is generated (1118) and then applied (1120) to the synthesized
signal to generate an output signal having a tenporal envel ope

subst anti al | yieupalthes@altnB aperffon bhEg Olrlgg'c@?elspcm@sst% anlﬂﬁ'@]Ba%lam bbs@d ahjigrnalibye
i npl ement.a |ons of .TPA 1104 and TP_11 the tenporal envel opes are

char act er| b dmff@i"%dq;rf’é‘&ﬁ?stnﬁé@é w5t Res arsinvatend (P amcesynogaatsaly t he si gnal

sanpl es. imblmrnmh51ngmfﬁbt&ﬁ@tﬁaaialncéfgﬁals tah e h@drhiQdmhddt dr8YpsPE- uSedc@Rd E@@w)sci@l e
factor w thput aV| P t he square root operation. -18 Although the
Of ? ré)eu? a[_ %I

scal i ng “operaf ”'Bchsc b}heé?ﬂ’r &Qhphiactoy” %‘GO‘H‘fiﬁ%m&’@?ﬁF%‘plﬁa‘@éﬁ“m'

i npl enentratdoonin 0ofreqliEhcpi0e&s Spdigions] RudB0 48 $i%bMY op@sionebt Figs 1s(FAnang i nver se
| ement ed using frequency-domain

[ 1] (ITP) pr ocessi

si gnal s, Eng PHE E‘gn%égqﬁr‘?ﬁﬁb- §8 &%r%%r%@wfng@%%p F*Bé@i%‘éﬁ qul%lgf@uch

for pur mo\sesgn eqfemtr@y)s Ds;pzeemé beat bﬁncuiztrhaplblﬂérmt o8GR kiRt hs PR a hb@uld be
or frequency-domain operations,

i nterpret
such ms Crpe g B P P e T el A ) T ORGPt R
1104 andefi@d mmassazrfeszpwafdan akﬂoywedexSﬂ Qngde Setslve bhgdwet heysudo S@thg e iy

| rrp enment at i on,

si gnal Dependi.ng, on the partj cul ar

this si gfl% B% uS”rlr%tmu 8{‘%;/ SO PAE |a%’393?fgﬁe§b%ﬁe§ PYFAaPe 58RI | n each
channgl e. gNQtebasmdhg)ml(hhﬁ)rt:atmhamanﬁﬁghah ale GMEbutPLAY, ﬁﬁ&@mﬂ?)}oc%sl@ng Repdlic® f
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powe og?gﬁ rbﬁﬂ]epl T]ins reﬂSe 15 an ﬁ%_%m\ﬁn% nsglpleérg& tgat (rgxeé two gigna nwemspp?r%ngr 308)
can be apimmhwnbe:ﬁcbmgwabrwlaﬁteeraemuélrmpﬂxfﬁhlaxm cngmgd}d@mzedt:@raaﬂ cdnipoféngs  11(a),
for eac here are roces sing is applied to
only onget(%gﬁ'@ﬂi% Icél‘hl 458 cé’?teré an’ r{lﬁé%lmggfssapgleﬂ 3(11?88”*?“3@ EP

si gnal #gpenentsst vheredivhitad no@ﬂdmﬁrrt:ctw@omalhd meddigibgifglascompoime vtuheher atio
of unnoggnfegpggd ﬁé‘ltgm rElﬂ%@%@é‘l |nﬁgé%{,agz9&1%af nponent s determnes the ICC In

t he embodi ment sho dppiied to only the
or t hogonal i Zeg {2 dliugirrids ae@hmﬁmemxerrmhe'raeanmmf ﬂ@:rbnwdmj:esha’bﬂr@&]’reeeoﬁhg ne the

unnodi fi,egd éhtgﬂ%kBéew}lﬂ)@s%r%OMﬁng éh&hen%g F s1ra]1diln nlq appqzng? ip AhleNin doni%am

ort hogonal i zed si gnal” conponents. PusEr'ar BEPR al fernd

exenpl atiph afpmboémembrnamtfe WW@“‘%‘V@“GWIWWMQH s’étlhesmctoaﬂ relénegentalu@n :mvrhldhhe
cont exticeb, BES, syiceeshngls i % L1 pplied
toin the tine domm@ri;g§ : é’sl’m &)igrﬁa(aerr;gg gmrr}ggr}fe %%ﬁgﬁ?}\%ﬁgﬁfe%ﬁ%ﬁ ‘f’“ﬁmt. me

r esol utliydﬁp‘%ﬁ‘f”gtt*l*f‘edeé‘rfééﬁt“’rmral pievplops dier etaimpie. ihis rovyibe he ch€Pben BCLD; inmieecheht@C

synt heslig d shoeahb F&dicPiinsfosn fgeftprpl gh enough for effectively preventing
"pre-echoes”
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).

[n this embodiment, TP processing is applied to the output signal, not enly to the orthogonalized
signal components, In alternative embodiments, time domain-based TP processing can be applied just to
the arthogonalized signal components if so desired, in which case unmodified and orthogonalized
subbands would be converted to the time domain with separate inverse filterbanks.

Since full-band scaling of the BCC output signals may result in artifacts, envelope shaping might
be applied only at specified frequencies, for example, frequencies larger than a certain cut-off frequency frp

{e.g., 500 Hz). Note that the frequency range for analysis (TPA) may differ from the frequency range for
synthesis (TP).
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by inmposing the desired tenporal envel ope. For exanple, this may be the
case when BCCis inplenented wth a short-tinme Fourier transform (STFT).
As shown in Fig. 12(a), TPA 1204 and each TP 1206 are inplenented in the
time domain, where the full-band signal is scaled such that it has the
desired tenporal envelope (e.g., the envel ope as estimated fromthe
transmtted sumsignal). Figs. 12(b) and (c) shows possi bl e inplenentations
of TPA 1204 and TP 1206 that are anal ogous to those shown in Figs. 11(b)
and (c). In this enbodi nent, TP processing is applied to the output signal,
not only to tihes. b}(@)ho@](‘br)lﬁomeblbitsmgmﬂienmﬁkmaﬁnem $204laRd @P 1 BISRaAeie\eBvelope
enbodi ased TP roc Ssi.n n be applied just to  the
or t hogorl e B e AR P R A i Er ek P it 7
and or t hbgwldaion z8idsh-sasbien d@szmlcldr bes @mﬂV@I‘ehcﬁd dveer thtaeﬁ; prnse todai’(ﬁj:aﬂ edeldpe
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speC|f|éEQWWQQﬁéh@mesm!wowmexdmmhewh&eeqyeneg6$eM&ﬁQQﬁnmhaﬁmﬁmgemma§n
e that the fr quency range for

anal 32%2@%& UL Bt P 0RR AsbR bt Ry oot Ay rokedb Shprd) 19
Figs. 13¢ )m@n@wxb#“sh@mmp03$®mnmw@mmlenentatlons of TPA 1204 and TP 1206
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two-band filterbank 1304 haV| requ et we
two subb#hdd 140her eprbied ip tfnehendﬂ()g‘mmf a%qﬁ@n(:?yorﬁag t3,ibet Wienpactal it Y408 hagpeled

Two- band koS gofl 4 GERRK AA0LIER 0 SEATRlges  he | ow T requency part

with the tenporal shape quency part to generate the output -
signal . Figstig1¥ Sﬂiwﬁlfstt]@ﬁtdeasman’cm&emgal &tasappd)rtso:ramﬂadmcodecdid&elﬁnv&bcomeg to

shapi nga§&ﬁ&qﬁnem ofﬁﬂeq:resgtg u{v@nthsn?nat B%EEI?%&U% totthe sche%;[eesh f eveli’%ﬁ{)@ In Pésed

| CC synt hesis schene describ I'i cation seria
10/ 815, 56¢ sy4thgsis logh 1 92/ wigione eagacatrtlmdngyi aledietadinger 1BaUay aratcgoﬂs—td BCCl n

this emadkapabo i15A A48 BMioeAR FFMA0R: 21,8, PRI I (gl e domai n,

as in Fig. 12 Fig ere eac is ap p Gi ed e out put
froma BRYoVEr @mfseleafeéﬂﬂeé@eﬁ%éﬁ&& is eppliet Ryorlyd BEK siMi@Ris, righg thal Bftseis a bl ock

di agr am %Bd’l@ﬁﬁﬂtf“tgﬂgo ah oli€aSL m@er?c%‘r{véig& Iust@c éggﬁgtg t‘ijl Eas %anm?l %gfc g to

an enbodi nent of present’ 1 nvention t ern tie scheme
shown |ﬁm¢Fﬁ”5ﬂwhﬂin F|g 15, BCC syntheS|s bl ock 1502, envelope extractor

1504, and erpigligRgwAdinksk 85 6’%{% Erﬁmgg La%gé)ﬁ{)%tion of§g€fd%%ora%lhl%§b Sacct% Cglggktﬁ

1002, envel ope extractor envel ope adj uster
Fig. 15 Mgyl the presqns e"fewvetheqdearaﬁjeueti@rto 15 0&einss shpyph iné“ﬂesmq o 160MBCC

synt hesyig, 16/ @1@@@5@ e A daShd @Q@Iope adjuster 1610 are analogous to envelope extractor 1504 and
envelope adjuster 1510 of Fig. [5. In the embodiment of Fig, 15, however, synthesis block 1662
represents late reverberation-based ICC synthesis similar to that shown in Fig. 16. In this case, envelope
shaping is applied only to the uncorrelated late-reverberation signal, and summation node 1612 adds the
temporally shaped, late-reverberation signal to the original base channel {which already has the desired
temporal envelope). Note that, in this case, an inverse envelope adjuster does not need to be applied,
because the late-reverberation signal has an approximately flat temporal envelope due to its generation
process in biock 1602.

Fig. 17 illustrates an exemplary application of the envelope shaping scheme of Fig. 15 in the

context of BCC synthesizer 400 of Fig. 4. In Fig. 17, TPA 1704, inverse TP (ITP) 1708, and TP 1710 are

analogous to envelope extractor 1504, inverse envelope adjuster 1508, and envelope adjuster 1510 of Fig.
15.
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synthesis, as in Fig. 10. In this way, inverse envel ope adjuster 1508
flattens the base channel before BCC synthesis is applied. Fig. 16 shows a
bl ock diagramrepresenting at |east a portion of a BCC decoder 1600,
according to an enbodi nent of the present invention that is an alternative
to the schenmes shown in Figs. 10 and 15. In Fig. 16, envel ope extractor
1604 and envel ope adjuster 1610 are anal ogous to envel ope extractor 1504
and envel ope adjuster 1510 of Fig. 15. In the enbodi nent of Fig. 15,
however, synthesis block 1602 represents |ate reverberation-based ICC
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appr oxi mat el Y& %ﬁ) shesryoTiek de&mﬁeﬂ Qﬁpee mm@b?t mﬁktmmg@qmexf AP A AR04 fife &8 Sinjtiris

bl ock 16QgemEl s t: | ope
shapi ng s%herriaglg? 17Plﬁlg - I&E]tm% mmcsg)rff %ﬂ’ & %’(“%%%“ g@ial Ils $r&8d88§¥§‘1ﬁ g. 4.
In Fig. dit?”“'rﬁsﬁbelf’mmum|Pf@d@h®ecomiﬁ<>l@mtﬁ'ﬁa) the 7@Bs Ofésn@trmmoqfﬁq_@ﬂmver fragmelcpgdws to
envel opepexhi n r pe

e one 15109534@%:"115&%m mw&e@ﬁcg H&h @r@%@cggﬁgsrﬁ%%g%@mh@ggf{oﬁ@;t@tQenvel ope
shapi ng c8fuidiop POSRC %Q?ff fgnis grej kﬁ@‘kfe ﬁ@r}itaédle bvocoap]pﬂqmm@wé(lemww e Fadevlation othe
frequeney shhng a&%&cﬁm@tion ft%@:-cl:a addld lsh&re@@nk[ 30 n%l.f?lﬂ?retctmgorﬁ)r ?\glel‘?&ﬁﬁ(o%;'ss
Reference is made to U.S. patent Hence U. at ent

5, 812, 97ATRU3lieRrAeT!, X t-he C?f’éefcqfﬁmrﬂg%sa\’é*ﬁablewhihehutalrtélwr ineerepdhat 2d Hered by
refer eneﬁcloﬁer subj ect matter reI ated to this technique. Fig. 18(a) shows a
bl ock di agram of one possi npl ementati on of TPA 1704 of Fig

this inplentBtdfibond (qﬁph\ovﬁﬂea\ ci@r%rwf apreifiedargmengtippsné AP ’dﬁéa%’fp !ﬂéO@&m ng

(LPO) an@l y7s|15 bR RE@h@htibhtathe 58k EMMRS slohBe AR I RICQMICGH @Bcessed in
coeffici for t he %grles of spectral coefficients over frequency. Such

LPC anafX §r (IpIgasinie Guiesreasng) {iBuen R nubipn i sgnbolized fere b REHRAE BYHNNECURE many

al gori t buwserfieg thekkbdhidats inealseial abiban: ;:%ceJGPEbS; Qﬁﬁealb@ueemmg%rr&cmmﬁcks uch
as the auto orrel ation nethod (involvin cul ation of the signal’

aut ocor PRI PR PITEE N '%Wacaéegﬂﬁgéa%ﬁ? Plfé\‘}i“f?sftﬂtﬁ”‘wlﬁiﬂﬁte%‘QEBW%‘%%). As a

resul t ﬂﬁidﬂidﬂbr&i in GNP AbieAT, meacelﬁ@;traiea‘gna@@ecag@fmiﬂﬁic@gatosmmoamaiidv&l@é gieat the
out put t hat epresent ﬁhe si g oral envel ope. Pfyg@?l 18(b) and (c)

S

show bl r(?d?(tmﬁi S gt Rga EJ'B@EOP‘b’ie%‘"e?eﬁﬁij E%ﬁﬁé? CRsciqs forpr and TP 1710 of
Fig. 17. In et cb]ﬁ@ﬁtﬁ;ﬂﬁﬂﬂ1@%;gﬁﬁﬂ§mm¥)&@l eﬁp@&krbgirm aedd it 6 iepbiEnoh etlma@m@nal
to be processed, are gr 0oC sse@_ H’ 4 er ‘{5}‘ I nCr easi n or decrcﬁam
f 1 equenBy ergRTtdR a5 agT oilcrhar 03 it ARG SWEE FTTES 78 B 2ve

either normalizing the resulting envelope by the (known) analysis window shape or by using a separate

analysis filterbank which does not employ an analysis window.

The convolutlon/f'ltenng based technique of Fig. 17 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), respectively.

Further Alternative Embodiments

BCC decoders can be designed to selectively enable/disable envelope shaping. For example, a
BCC decoder could apply a conventional BCC synthesis scheme and enable the envelope shaping when
the temporal envelope of the synthesized signal fluctuates sufficiently such that the benefits of envelope
shaping dominate over any artifacts that envelope shaping may generate. This enabling/disabling control

can be achieved by:
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converting these coefficients into a serial order for processing by a
predictive filtering process (and back again after this processing). In
the case of ITP 1708, the predictive filtering cal cul ates the prediction
residual and in this way "flattens" the tenporal signal envelope. In the
case of TP 1710, the inverse filter re-introduces the tenporal envel ope
represented by the LPC coefficients from TPA 1704. For the cal cul ati on of
the signal's tenporal envel ope by TPA 1704, it is inportant to elimnate
the influence of the analysis wi ndow of filterbank 402, if such a w ndow

i s used. ij§mﬁﬁﬂu&ﬁm&@hneweﬂmbmns@hkhenmmomnﬂMkﬁh|guﬁhﬂmraswk&hn@mgmvelope
71 tor bank whloh R RE bt 85" AR LRayap S e oo he BRRIGHE
convolut|on/&mdmemgmgmbasedb@eﬁ&mmmueuﬁhuﬁlgb$ﬂﬁ:®a@oamﬁmUM§nmppkémdmkn t he
context of the . envel ope sh api n ch

extractor 1604 “Ana" &h t?g]emB%ra adj ﬁ%‘fe fglggri'ﬁmg cg%ggl o S’gﬂ F e (&FB’A“ of "B g.
18(a) and the ﬂ@nntaEﬁQm:mﬁéﬂémpmespmn@mm@%yomEMMthehtAhﬁ@mnmﬂlve

Enbodi ments B ecod Si ectlvely.enabl e/ disabl e
envel ope shapfﬁég %e§m“ Fmepmg fgpﬁgfq eﬁg%%ﬁ %pmdMW””%mé%ﬁ%%n i onal
BCC synt hesi s smhémemaﬂﬁmenamiﬁn&hﬁwénme%opnghammmguwhamuthBmUenﬁbqaI
envel ope of the an fluctuate fflClentIy such that the
benefits of envg? na trun1's au ocorre ation.

H%)mput%d btfflne 5

at e over any artifacts that envel ope
shapi ng nﬁ@lgwdenaﬂsmeMmsIémabkwnghdmw@bﬁmngnmomlmmﬂomﬂaﬁmbeuaghleved by:
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i's enabl ed. Transi ent W th ead
manner to efHe@QDIICdédg/ asdn:afg@pmi@tscgmaycctrheaontﬂsaﬂsméﬁscebm‘m) al so the signal

shortly bef O‘&(ﬁixt?o'ﬂgi CQI]E&I hﬁzleﬁrfeﬁtg&%]@rm ordBAS g}epén‘? Y12 ol fdcg% 86l s@ga[s TP

transi ents incl ude: ving the tenpor el'ope of the transnmitted
BCC sunir8§egtia if 89 appbiedewhesrthd taealiyhad thettheime tgdssum sipnaltet higﬁcr ease in power

i ndi cating tﬁhﬂh&%%#éréarﬁ&@%e%reéc&nf& 1848 te BRT%nCodeF5 AT WREN TP Ero8RLIR, Of the
predictive (LPC) f |Iter he LPC prediction gain exceeds a specified

t hr eshoth@uid pg agtiEs %receamwéer *rahmc%t; kreal lirigivall infug sigralinis ey emglpy Mpighl y

fluct Uasrobmgrcatl@ﬁgor;ﬁﬁg égﬁab ¥ or e!;tﬁna@xgm%l%Sil)_l'a nfall€a SREGHHRhG TP processing
aut ocorrel ati on % ndonmess det ection here are scenari os when the

t enpor abodshbespled | eresuie pliais ersionds Sumvenalirduhen P shonlbhective) s8dKari 0, no

transi afhsiiuehi iRp@eisd-e8 DUt patho QR ST RA GO 5.1 1 be appl i ed
(e.g., a dense appl ause signal corresponds to such a _scenari 0)

Addi ti onal | yMthpyehdls rresent PR dentest fopded infhogogit th @%“é’é@ﬁﬁ“hﬁfﬁ%l‘ phigh

artif aahge ish sin@Rakm sagmamespresm m\@ﬁtﬂﬁ@;&rﬂlﬂi}oe'@plﬁﬁéntﬁnpltHe%Gntm%ﬂBCbeodu‘igna' ity
of the transHItted sum si gnal ( i s high. Furthernore, S|n1lggeﬁnasqres can

e used® T R st RiEYBErn 16 et bis Sahe PPl R fy cach 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 channel that is synthesized from two or more different sum
channels could be generated based on an effective temiporal envelope that takes into account {e.g., via
weighted averaging) the relative effects of the constituent sum channels.

Although the present invention has been described in the context of BCC coding schemes
involving ICTD, ICLD, and [CC codes, the present invention can also be implemented in the context of
other BCC coding schemes involving only one or two of these three types of codes (e.g., ICLD and ICC,
but not ICTD) and/or one or more additional types of codes. Moreover, the sequence of BCC synthesis
processing and envelope shaping may vary in different implementations. For example, when envelope
shaping is applied to frequency-domain signals, as in Figs. 14 and 16, envelope shaping could alternatively

be implemented after ICTI) synthesis (in those embodiments that employ ICTD synthesis), but prior to
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shoul d be active. Since the encoder has access to all original input
signals, it may enploy nore sophisticated algorithns (e.g., a part of
estimation block 208) to nake a decision of when TP processing should be
enabl ed. The result of this decision (a flag signaling when TP shoul d be
active) can be transmtted to the BCC decoder (e.g., as part of the side
information of Fig. 2). Although the present invention has been descri bed
in the context of BCC coding schenes in which there is a single sum
signal, the present invention can also be inplenented in the context of BCC
codi ng  iStRemeseshaliaigr tdoienDIn@eISph AT GNBLIE be hiplitNioSipiadesighaditeioanaor al
envelopet£8écﬁ%cmmmsmaqnsgt "base” sum signal can be estimated before

appl yi ng nt hesi’<PP'Shd different BCC out put channels may be generated
based on di ffﬁéuheugﬂw tlteeamsm allvelemve&masdesdﬂbpceﬂdlhd’tgnteﬂ oWBCChostMcBigRANS wer e

s synt Hoar s AEE S el Sl G e Pl e e S e Bt g B el
based oﬁwaﬁs@tﬁeaﬂm@@dbenpmmahoanmshmpmmmbﬁm&h&kﬁ&dMlh@maccount (e.g., via

ht ed ts. t h t h I
A though the er Seie PR ARy R BB uBlo Gat TR vt i i e

codi ng §UW§ﬁngWﬂnmmﬂmﬂngmw@TD&mh@bmpmmmdmjgﬁmﬁﬁdﬁammn@@a@mfﬁgmk:nmweméion

|
mvorvi R anry BeRear s M Fa SRt E B eyl B Pes e B0 S e sk

| CC, b@ﬁmﬁﬁwkaﬂﬁvﬁmndwmmn@ﬁewﬁmnmnwﬁmmddumuﬂnmmdty@ESwGMecmd@s Mor eover ,
the seq H‘fﬁﬂ@lﬁcn%lorg%y %X@&%?%:éf thd} Fl&ﬁ e[faﬁlzrrr]!g\?]cﬁar1d é)?fvg:imlkogg o SHGRI gy YRy vary in

di fferent inplenentations Shapi ng |s appl i ed
to freqd@ﬁ%?mﬂOWﬁﬁﬁW§wgﬁ@h@n as in Flgs 14 and 16, envel ope shaping could

al ternati vel gec Qgcowmngix?@écggier?ﬁa&ﬁée TR YIRS {‘%L & c(r'u{lﬁF 9% i;ﬁy’é’%{]g%?t S

that empl oy I CTD synthesis), but "prior t SI'S.
embodi nefiEEn sephcatioper semi mgiuéma xblebe fargdévisend of gleupmcchsﬁnsgmn@ efior e

any ot h@ﬁter@%a&\é&tmﬁeﬁ’eﬁmh@ aﬁfm}] r!:c% oncg‘:g&‘é‘d%ﬂ;d%g@te% ?ost‘%rq'ctodfn gc'a&:hé?n has

been described in the context of Ing sc esent i nvention
can al sHa‘EE‘ISF‘H’ﬁIV&w@’h?’@ﬁ‘mentetr%*%éﬁ?‘é%t cabie, !Oflemetrmaﬁ!mﬁoofmhm@é@ﬁﬁg(e@yst enms in

whi ch avhipact diseg Rl v@t@ied8s s QbR BORANLAS @lps HaltEfivaURLALH %%@%n%d RgLtHagcneeds
to de-correlate signals. Al though the present invéntion has been descri bed

in the BEATEE! /B’TdeF‘Pﬁiﬁ’lsé?%ﬁ'tS%P‘? BREOeA ingimehandigame sircpadrclyditse oy @gmiplgput

audi o singralivd sBbhepdd iR idonBi i@t@gctgﬁmearﬁér3§r ehieANSHL L Ea%f-iorfa"tﬁié HayS| el S in
the tine, domain and the decoder receives the transmtted audio signals in

the ti nEVHBWESH Gy BABESPEE: Bradptradkand bawr gamgshaos efusatigdhat magbedomai n,

t he preg@nihed mvemmtupramausndaogmatmné |omnt=:cﬂ§i FuRRér, BE@ @R o8ers hitl/@1db&Hers may be
nore Q nput, transmtted, and playback

i npl enment ati ons.
a0 SPHEGREB A B O ESeh O OH AP PBien B CaOHeFR S e sHED NeY <
and/ or aﬂs@cb@debﬁaomy e U SBiEh atehp FlQA{i 4H8 @fal QL WribldiBal UALOR O Al B e, BdcOdeR)

vari et
)/ n8 software applications incorporating digital encoding capabilities (e.g., encoder, ripper, recoder, and

jukebox).

The present invention may be implemented 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 of
circuit elements may also be implemented as processing steps in a software program. Such software may
be employed in, for example, a digital signal processor, micro-controller, or general-purpose computer,

The present invention can be embodied in the form of methods and apparatuses for practicing
those methods. The present invention can also be embodied in the form of program code embodied in
tangible media, such as floppy diskettes, CD-ROMs, hard drives, or any other machine-readable storage
medium, wherein, when the program code is loaded into and executed by a machine, such as a computer,

the machine becomes an apparatus for practicing the invention. The present invention can also be
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different applications or systens, including systens for television or

el ectronic nusic distribution, novie theaters, broadcasting, stream ng,
and/ or reception. These include systens for encodi ng/ decodi ng

transm ssions via, for exanple, terrestrial, satellite, cable, intenet,
intranets, or physical nedia (e.g., conpact discs, digital versatile

di scs, sem conductor chips, hard drives, nenory cards, and the like). BCC
encoders and/ or decoders nay al so be enpl oyed in ganmes and gane systens,

including, for exanple, interactive software products intended to interact
with a ldﬁnedidiefddﬁ 1]€fﬁirﬁroﬁ°ﬁrio§lﬁﬁl’tbde( &ﬁ&iaamle rvﬁ)due:r pbY in Skdrale@@¥ium, Ral@nwr e,
S|nulat|o

Iexcut H? ”MR y arc? and oanﬁ anes% an?/orV
educat i 61 ?ha ﬁ% b ‘Bﬁb‘?' aprat SP’err?ﬂP‘i TP UISHALATHEE O BITgE PSP AR OVebr
nedi a. Elactt‘ltmmmn@@(baehfgodﬁfugh andbgcs, %@Gl@dﬁﬁt&nﬁ@ﬁbtab&idlahcﬁlcOflhﬂellha\tr]&:d then audi o

recorders/ rs encoders and/ ar decoders nay
S0 boPTRRBEEY -Blri 6 et 5P VA Rt L& 1 GRESERAE TTHOB BOTSEE di g1 3 al
decod|ngm@engﬂnppkay@mheﬂemﬁdeﬁymmamﬁmaeﬁ&W&mexa@@kmqakanﬁsbmcmmn@m&i|ng
digital e oder recod
§ Ubeboxy SRR SRR YU ety o B R B o BB gpecine
procességwcnnc&udlng possi bl e inplenentation as a S|ngle |ntegrated
g:rguhLl5??ggrﬁ?%ﬂﬂgwrwgmsgw?nggmnm.FHmE%I%% ggg mgmwgthz%aﬁ#n t?ﬁﬁﬁ%éd’
art, vapmbu@mﬁumaﬁn@nemmmmjnﬂnmuwmabhembnbsxmmymahamebémwnmkemmnmﬁdeas
pr OCGSS, Q% l)%/ttﬁogéskllillfi i tﬁe ar mut o 2dh S Y I SCO t%c AL &Y exbr%ssg il theyed in,
for exanple rOCessor. o ScontrolPer’ “or
generalﬁﬁuwpes@mconputer The present |nvent|on can be enbodled in the form
of nethods a S
“nventi on can ST Rn borapnl e BE AL ks L95E KBRS porl U RGEEEEhs
tanglbIemﬁﬁﬂméwéﬁmwhgasbﬁhbpwyndwsMems@BqWCEMﬁ@m@WHMahdﬂﬁpmwe®t or any
other MREAGIBARH! A oFhALAAS: (IRAL e WBEIE iy Rk lfbeoenm%a #ahgde s
| oaded I nto an& execut by a such as a conputer e machi ne
becone§”§#m§ﬁ%émawm9mﬁ%wﬂﬁﬂa@pﬁC|ng t he i nvention, The present invention
can al so be 23 enbodied in the form of progran1code, for exanpl e, whether
stored in a storage nmedium |oaded into and/or executed by a nmachi ne, or
transm tted over sone transm ssion nmediumor carrier, such as over
electrical wiring or cabling, through fiber optics, or via electromagnetic
radi ati on, wherein, when the programcode is |oaded into and executed by a
machi ne, such as a conputer, the nachine beconmes an apparatus for
practicing the invention. Wen inplenented on a general-purpose processor,
the program code segnents conbine with the processor to provide a unique

devi ce that operates anal ogously to specific logic circuits. It will be
further understood that various changes in the details, materials, and
arrangenments of the parts which have been described and illustrated in

order to explain the nature of this invention nay be
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made by those skilled in the art w thout departing fromthe scope of the
invention as expressed in the followng clains. Al though the steps in the
following nethod clains, if any, are recited in a particular sequence with
correspondi ng | abeling, unless the claimrecitations otherwise inply a
particul ar sequence for inplenenting some or all of those steps, those
steps are not necessarily intended to be |linmted to being inplenented in
that particul ar sequence. 24 CLAI M5 A Set hod for converting an input
audi o signal having an input tenporal envel ope into an output audi o signal
havi ng an out put tenporal envel ope, the nethod conprising: characterizing
the i nput tenporal envel ope of the input audio signal; processing the input
audi-o si ghal Atetiyehler atrevcdinyacepseddaudial signahn ihe tamporalavelppotessi ng
de-corrgl [ ' ' : [ USH ‘ . - ed audio
signalzﬁégggﬁ8&&?ﬁgﬂ@H%Fggg%f?éggn?hBat?%E%gg#éﬁmgﬁﬁéggﬁgﬁﬁﬁﬁﬁ'enerate t he
out put auhasaKsivas thewprtt dmparpeervatopatf therportandiermiaiabpe substanti al |y

mat ches t p@ckdapiting apRos@lio SIRMAl ORBRerdte aTﬁ@cés&Yi%Hiooﬂ%iﬁHl whatimide wherein
t he proceSSLngpgg ri ses i.nter- hanneh ﬁorrelatlon (TCC) synthesis. 3. The
-al

i nvent PO SF! rdateq s Byt A S8 YAt hesis is part of binaural cue
codi ng ( BEQ)stsygnhbesicassed.audhesipml eatddosh dfe dlagic@rded W etmpéibeBCOpe

synt hesi s h [ east. .one of inter-channel |evel difference
(7 OLDy Wt Bl SOTRE 88 Bbniter ey s huhEEnS i s okt rbRugh L5
The i nveehicsthaohped tainpp2] endedarsi n t he | CC synt hesi s conpri ses

| ate-reverberation ICC synthesis. 6. The invention of claim1, wherein the
adj usting. cappr.ises: characterizing a processed tenporal envel ope of the
processe -aﬁ(ﬁ‘FcSm‘,ﬁn@ﬂléP,f clamy 1. whprgEt the groches i GEaE e Eedh¥n8slgnal  based on
bot h t berrglhasiadCen szafesiyiput and processed tenporal envel opes to generate
the output audio sighal. 7. The invention of claim®6, wherein the adjusting
conprises: generating a scaling function based on the characterized i nput
and pr ocessétietmmpoomabf cleinv2) whasin thatlC@pplthésigistpag & batdung cheinction to the

procesgednausihe) shgnal; to generate the

4. The invention of claim 3, wherein the BCC synthesis further comprises at least
one of inter-channel level difference (ICLD) synthesis and inter-channel time difference
(ICTD) synthesis.

5. The invention of claim 2, wherein the ICC synthesis comprises late-reverberation ICC
synthesis.

6. The invention of claim 1, wherein the adjusting comprises:

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 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 signal based

on the characterized input temporal envelope to generate a flattened audio signal, wherein
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out put audio signal. 8. The invention of claim1, further conprising

adj usting the input audio signal based on the characterized input tenporal
envel ope to generate a flattened audio signal, wherein -25 the processing
is applied to the flattened audio signal to generate the processed audio

si gnal . i ji olaimi grei,n. the processin nerates an
uncorrelﬂ,;%t%r-glﬂjép:i%rS %gg%@ggggiigﬁhgﬁiagtﬁn daaug\égpsr!élllaétt%%mw%gg&p&awﬁ%ﬁ@ﬁfo and t he
adj usti ﬁ@“?% applied to the uncorrel ated processed signal to generate an
adj usted processed signal, wherein the output signal is generated by

summ ng the adjusted processed signal and the correl ated processed signal.
10. The inyeni,] f. claiml erein: the characterizing is applied only
to speci fin;e/‘d Fgg‘ﬁg%%‘? %@C%’n %’h‘\éwq[ﬁﬁut audio signal; and the adjusting is
appl i ed orhgprosesshe esperidsiaedinforedated picesssed sighal angraacessed] pudissedsiignal . 1
1 . Thegiqvention of claim 10, wherein: the characterizing is applied only
to frequenFie, of the input audio signal above a specified cutoff

f r equency;\NGHYUTIHG B apRISd|tn ghe wicaplricd drensbsedistent wogeoneles offustdve

processpdcesdel sighdl gRRdreiRRAY Bulpiesi %I%OP]?SC[%J[}E%%W Qff m{nrgqgélgd]?%céd %:r%ces-gg'da _

invention of claiml1 wherein eac he characteri zing, ocessi ng,
and t he’ %t jaﬂgf}}er&?”ie?t%weéaeqe%g%l-f requency-donai n signal. 13. The
i nvention of claim12, wherein each of the characterizing, the processing,

and the adjsti IS, 1endj: vi ||y applied to different signal subbands.
14. The inv'en[?(%?82&3“0%04%?%%1@%%%?‘& n the frequency domain corresponds to

a fast Fotfi @eraciarigingfio pprl{cHREN)y tolsecifihe fequentes ofi thaf inplitaiudiol2, wher ei n t he
f requency sidaamhmy §eLARSRANAS:pLE ] - bl Ny (QW). 16. The
i nvention %f cl ‘Zi njélal E?Ahgb?ei rlljbe%c 3 g%%g&%gﬁgﬁiﬁgﬁg?%d t he adj usting
is appliBYETCA2I AEEdBIvai n si gnal .

11 . The invention of claim 10, wherein:

the characterizing is applied only to frequencies of the input audio signal above a
specified cutoff frequency; and

the adjusting is applied only to frequencies of the processed audio signal above the
specified cutoff frequency.

12. The invention of claim 1, wherein each of the characterizing, the processing, and the
adjusting is applied to a frequency-domain signal.

13. The invention of claim 12, wherein each of the characterizing, the processing, and the
adjusting is individually applied to different signal subbands.

14. The invention of claim 12, wherein the frequency domain corresponds to a fast Fourier
transform (FFT).

I5. 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.
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-26 17. The invention of claim 16, wherein the processing is applied to a
frequency-domain signal. 18. The invention of claim1l7, wherein the
frequency domai n corresponds to an FFT. 19. The invention of claim17,
wherein the frequency domain corresponds to a QWw. 20. The invention of
claimi1, figrtihe rieSk.F e (WM .her to,.enabl e or disable the
charactersgiﬁﬁﬁgﬁgﬁgﬁéﬁzgpggﬁf%gEHQQ%ﬁ%HgggéW%ﬁfngmggn%ﬁgpﬁpgﬁ?mﬂﬁérein

t he deterﬁ%ﬁﬂng is based on an enabl e/ disable flag generated by an audio
encoder that generated the input audio signal. 22. The invention of claim
20, wherein the determning is based on analyzing the input audio signal
to det ect |$rHgheationiof claire 1i7nplitreautic Gregugraldosuahcdriaportdaeo am@Fact eri zi ng
and the adjusting are enabled if occurrence of a transient is detected.
23. An apparideusvengion obakentli7nghanin thp ficqgeandl dosiagnairrebpuidago aNIRput
tenporal envelope into an output audio signal having an output tenporal
envel ope, @3@ appanatua conprising: neans for characterizing the input
tenporal EhviAICopEngen ohelajm pufurhgteanai gmadetemiaing Winthetoe ¢ig the i nput
audi o siighilth¢ ch.geneiAtLai PEagRsSGd audi o signal, wherein the neans for
processing is adapted to de-correlate the input audio signal; and nmeans for
adj usting the processed audi o signal based on the characterized i nput

t enpor al 2lefhelivpeativn ofjcdain af},ewmcha'nahlé Peitrmain teGs Bh@ﬂ@h,an\/&ﬂlﬁlﬁl@jdﬁhalbhe]@m put
t enpor pLal matches the i.nput tenporal envel ope. 24.
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Appar atus o alm terizing includes an
envel ope extractor, in which the neans for processing includes a

synt hesi zer Tadapte@doh QrRIARESS WhG el dAUH Qne St ggs%h;or@ﬁgdi§ﬂxi I )Epe
I %r a ted to adj ust f e

neans for. adj usti i ncl udes an envel ope adj ust apte Ad
procesgﬁ%oﬁﬁﬁﬁg“hggﬁ%ﬁmﬁﬁg@a}“§§2mPHbm#h%éﬁﬁﬁbﬁK%ﬁh@ﬂgﬁﬁh@ﬁ@fVﬁégéﬂﬁﬂ“the
appar agdssting; ac syl seheehedof 4 eMmsidie igdQeegonsi sting of "a digital video
pl ayer, a digital audio player, a conmputer, a satellite receiver, a cable
receiver, a terrestrial broadcast receiver, a hone entertai nment system
and a er\ﬁ3eA!1h1@B%réiuS§6]ISQO®NPITiagdni’ﬂput audio signal having an input temporal envelope

1nto an

output audio signal having an output temporal envelope, the apparatus comprising:

means for characterizing the input temporal envelope of the input audio signal;

means for processing the input audio signal to generate a processed audio signal, wherein
the means for processing is adapted to de-correlate the input audio signal; and

means for adjusting the processed audio signal based on the characterized input temporal

envelope to generate the output audio signal, wherein the output temporal envelope substantially
maiches the input temporal envelope.

24. Apparatus of claim 23,

in which the means for characterizing includes an envelope extractor,

in which the means for processing includes a synthesizer adapted to process the input audio
signai; and

in which the means for adjusting includes an envelope adjuster adapted to adjust the
processed audio signal based.

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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the system conprises the envel ope extractor, the synthesizer, and the

envel ope adjuster. 26. A nethod for encoding C input audio channels to
generate E transmtted audio channel (s), the method conprising: generating
one or nore cue codes for two or nore of the C input channel s; downm xi ng

the C inpuhe Qf‘a@é’ﬁﬂ@&zﬁpﬁ%sgﬁéqﬁ{v%k?:eteaﬁa(ﬁo; rtl?er%?ml Eig;g[ %In(rﬁ))peEXmG{tg C>E>

| ;  and anal yzi ng one or nore I'npu anne s an ransmtted
channel (s) to generate a flag indicating whether or not a decoder of the E

t L ansE m t t exb. dhacthed @s)ensdstﬁng d mﬁ@rafuardmapﬂals a:pgen%m@f,mangagteagu@h@c odi ng of
the E t an e step of analysing including transient
det ectlélﬁag;ﬁn Sg ﬁﬁg rihh dn fﬁg‘%r for shaping, in the decoder, not only a
transi ent gbl]‘tlaaihg@nﬁaorsngnaﬂue bedwrier andoahteroftheCtinanshente]s; the fl ag being
set when %lov\hﬁﬁi?ﬁg?ﬁtt i ﬁ%ﬁi%ﬁ R‘qo enézg&ltHQ][ N9 mféﬂ%%gﬂ]e?@) dgteckion f or

det ecti ng, V\/net er a tenpora env l'uc a pseudo random
manner, tﬁécflag bei ng set, when a terrporal envel ope is fluctuating in a

pseudo-r amdﬂmlﬂgm}@ror Bord @@'th'éjlcnglyﬁii tc‘ﬂﬂﬁ’ihéist Xn&jQE@Q{ ler’ﬂsnfuﬂEd RBLnneR8) 1d NI
e .E,trans a t onal The i nventi on of

the fla n ed chann

e m SentlHECe R B Bhobe ar A hac et God Raivsei &l Bl G ehasid o

dec o;jecpe@fmamn@dvegemesmpmg :ﬂlyntghéccdﬂoigdef tﬁdﬁﬁsabxssﬁr&ﬂbdi ahhynhengy, QHE[: %tépeﬂffior al
envel o smi a n. appar.a

oot el el PR G ARSI LB AR bacr 2R it B RAE dRoad
channelf(%)mlﬁ’t%@a@ﬁﬁﬁalbat s0 esigori lsafa@ andedits tifedra:ge:nenhxi flagbang sgrwinore cue
codes ftﬂinsf%ﬂplsQfeiéEﬂfdeorq];]cltuHﬁlgca\ LARYRnERaRE! %n @P@é}?ct n?; »\\ﬁ,\{ﬁ%{“ﬁ%ﬂgﬁﬁhe C

i nput cha nel s h enerate the E transmt chann

and nea?H%e £BY 15 an(“J;‘ My T APSEYdarindoBr mﬂ@erdh@nﬁ%& b@ﬁ&rﬁﬁiél‘ghealn%i tQIAROIE

Ejr anzmcm/eldpe cstﬁuumealuﬁmg)m a@sgenefatiénanidikg drﬂ{i’d&ﬁnﬂhg ]'cégox\ﬂﬂﬁ} H&Fctﬂfn i@ﬁhoﬁ
ecoder nsmi oul d perform envel ope shaping
during 8@%831% HE%{NB?%% Et{r?'}sgﬂé?f&aé'ﬂgﬁ%ﬁa%??@fﬂ( t he means of anal ysing

i ncluding transi ent detection on a | ook- ahead rranner for shaping, in the

decoden; NRY mﬁ@n‘ﬂ%’orﬁoftcﬂﬁﬂlsif? %hepéfv\}&l (1 &Q/e 9%)?1115; gcgﬁsgg g t@%&ﬁf&%&oé{;%f a

t ransi ent g udi ng
r andonﬁ&%%deeé%@m Benoraipd ﬂ&ﬁé@@@&ﬁg to mtmﬂllammmpoahv@%@@ 33
f 1 uct uabiregohding tRsQHARI caRgdRM manner, the flag being set, when a tenporal

envel ope is fluctuating in a pseudo- random manner, or incl udi ng

28. An apparatus for encoding C input audio channels to generate E transmitted audio,
channel(s), tha apparatus comprising:

means for generating one or more cue codes for two or more of the C input channels;

means for downmixing the C input channels to generate the £ transmitted channel(s), where
C>E=21;
and

means for analyzing one or more of the C input channels and the £ transmitted
channel(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 £ transmitted
channel(s). the means of analysing including transient detection on a look-ahead manner for
shaping, in the decoder, not only a transient but also a signal before and after the transient,
the flag being set when a transient is detected or including a randomness detection for
detecting, whether a temporal envelope is fluctuating in a pseudo-random manner, the flag
being set, when a temporal envelope is fluctuating in a pseudo-random manner, or including
a tonality detection for not setting the flag when the E transmitted channel(s) are tonal.
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a tonality detection for not setting the flag when the E transmtted
channel (s) are tonal. 28 29. Apparatus of claim28, in which the neans for
generating includes a code estimator; and in which the neans for
downmi xi ng i ncl udes a downm xer. 30. The invention of claim29, wherein:

t he app@@ahgﬁmgﬁm%f§%ﬁ§§?1selected fromthe group consisting of a digital
video recorder, a digital’ audio recorder, a conputer, a satellite

transmi t t el Whigh gheneans feingamicratiog incudes mrcedt edtimbatt; eaticast transmitter, a

honme ent er inal MR He HY5E §H d AN &in RV ixgystem and the system
conprises the code estinmator aﬁdugﬁg Hgﬁﬁﬂfﬁgﬁﬁmg%. An encoded audi o

bi t stream generated by encodi ng C input audio channels to generate E

t ransm g e audig; (=) .ein: one or nore cue cqdes are generated
for tmogg?ﬁﬁggg&gyﬁgﬁgn%hfﬁb&P cIgg%gﬂg?mﬁﬁﬁs&SVﬁﬁﬂfeﬁﬁﬁaﬁ%W§ﬁ§ﬁ%gﬁbwnnixed
to geneFRsSURSf grlgHA visigo ctrardrel 4 dipitalwhdicere@rBiery a tpmpatef, | aamtdlsic genenated

by anal yzulslg t:angnokr, ME@e@ial G dEadt BRHIM FRARNRLR &@Qtaﬁrﬂﬁeﬁs% @llﬂ?ﬂ}c{% ed
not a dec éer 0 he E

channelﬁl?))vi ¥b§rein_thg ilag i ndi cates whet'her or

transm PP CHEHEPEEY @S houl d per f or m envel ope shapi ng during decodi ng of
the E transmtted channel (s), the flag being determ ned by transient
detection on a | ook-ahead manner for shaping, in the decoder, not only a

transi ent thugysaingeompi$ded BRd caB ko Ba@dPshAhE 86 wWhhgxd M ansient, the flag being
set when a transient is detected or including a randomess detection for

detecting, whether a tenporal envelope is fluctuating in a pseudo-random
manngr 3k w;:@:fncagemmb‘smeawmpm&dt k@rmmbciaihg ceiguys@d QR &lﬁphél@@é balkNgri n a
pseudo- ARG RIS ding a tonality detection for noft setting
the flag mhencgﬁeﬂgnggﬁgﬂ?@bég"%hannel(s) are tonal; and the E transmtted
channel (syPh¢ phEognicsodgpre genwaicd daswoandndrhef fHeadirpueciemaeded i nto t he

encoded auh © il .S,ﬁd'n%@@arégowrﬁn%méjgfdgregé %r&%&%‘&%ﬁ@’%&g where C>E2> 1;

machi ne-readabl e i nstructions for pe rm ng, gram code i’s
execut ed By'?& %f‘éﬁf%{ byanpbtaRonet rReRwé the (A gnpah chanpals and dhoF siagsmitieii n
accor daheenclis), wiereih thd flay indicars baRtHepbr RAGQRCAE: 6f M iraAldi@d ChARRRYS i N
accor dangQdWetBrm %h%iggezs%apfn%%uring decoding of the E transmitted channel(s), the flag

being determined by transient detection on a look-ahead manner for shaping, in the decoder, not

only a transient but also a signal before and after the transient, the flag being set when a

transient is detected or including a randomness detection for detecting, whether a temporal

envelope is fluctuating in a pseudo-random manner, the flag being set, when a temporal

envelope is fluctuating in a pseudo-random manner, or including a tonality detection for not

setting the flag when the E transmitted channel(s) are tonal; and

the £ transmitted channel(s), the one or more cue codes, and the flag are encoded into the
encoded audio bitstream.

32. A computer program code having machine-readable instructions for performing, when
the program code is executed by a machine, a method for converting an input audio signal in

accordance with claim 1 or a method for encoding € input audio channels in accordance with
claim 26.
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