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1 Description Conbining Audio Signals Using Auditory
Scene Analysis 5 Technical Field The present
invention is related to changi ng the nunber of
channels in a multichannel audio signal in which sone
of the audi o channels are conbined. Applications

i ncl ude the presentation of Ymul tichannel audio in 10
ci nemas and vehicles. The invention includes not only
met hods but al so correspondi ng conputer program

i npl enent ati ons and app@akmid P! ement ati ons.
Background Art In the |last féw decades, there has been

an ever-increasjing rise in the 15 production, )
di st rgﬁﬁlﬂg@m&ﬁdlﬁgﬂ I Using Auditary SeeneeAnalytis
material. This rise has been driven significantly by

the filmindustry in WicdthieallFiglifannel pl ayback
systens are al nost ubi qui tous and, nore. recently, by .
t h& heypdsent imkettion ishictdtedtoldginaing thé aupilvelueLcBRarinels in
mul tichannel nusic. Typically, such audio material is
a mpléchannal audio signa ipivalyichcome sif ¢he addio bhanhels dree
ane n%gbe, of channels as the material. For. exanple,
compiged. RBQ‘#&IOHS inelude the presentatyomof preliohaadel audio in
. 5.1 channel cin or through a 5.1 channel hone
cingimasand v: lésasmveﬁamﬂ@p,ludm@ oulyamethods butalsg

desire. to play,nultichannel, nateri.al over systens or
cortERPoRding SmBHE RIOEFaMCMBICTRGRIALORS 204 ADDABEE of

impRrBeARRSTa, o al - for example. the playback of - 5.1

four ol ayback channdbdchgi AR 02k of or eat er

| SRR Tosk ARG, (o MR HoBR ) B Bingb AR n the
produictitat, 'd€¥ibution and presentation of multichannel andio material.
This rise has been driven significantly by the ﬁlm industry in which 5.1
channel playback systems are almost ubiguitous and, more recently, by the
music industry which is beginning to produce 5.1 multichannel music. |

Typically, such audio material is presented through a playback system

that has the same number of channels as the material. For example, a 5.1

channel film soundtrack may be presehted ina 5.1 channel cinema or

- through a 5.1 channel home theater audio system. waever, there is an

25

30

increasing desire to play multichannel material over systers or in
environments that do not have the same number of presentation channels as

the number of channels in the audio material — for example, the playback of

5.1 channel material in a vehicle that has only two or four playback

- channels, or the playback of greater than 5.1 channel movie soundtracks in a

cinema that is only equipped with a 5.1 channel system. In such simations,'
there is a need to combine or “downmix” some or all of the channels of the

multichanne] signal for presentation.
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there is a need to conbine or "downm x"some or all of
the channels of the 30 nultichannel signal for
presentation. 2 The conbining of channels may produce
audi bl e artifacts. For exanple, sone frequency
conponents may cancel while,other frequency

conponents reinforce or bec%ne | ouder. Mbost conmmonly,
this is a,result_of the existence of simlar or

codi®) Gprabining of chapmels suppisice audibleoadifastsrober of

§ th? channel s that are bei n% conbined. |t is_an object
CRafp e, Hane SIS GUMRPASHSARY Cangehwaile efher firuency
chan &t her

comlplheni<iGFolts St fRuns I&é’é%é’riﬁo% Famimnh this 6 4 gt of
the SRRRTAGRRTy ofoRBit ¢ AGARrYERel Binotialode L8 ot
morR it th BT R BRIt WO o e et o an

g?ﬁitik laB"Ghjebt 6¥?ﬁ§?ﬂ9@ﬁﬂ8ﬁ o gﬁl}ﬂ{l: gﬁ% or gﬁﬁgfﬁg&@ﬁé&t@ that

WO Or "nore e origin

occutulsia e&suNeT cohibiging dRamndIRY fief Bﬁjéﬁé WilE6e apprebiated as
type of "upm xing” in that the resuft 1s nore an
this dbeumenyiftdad i@ ehdefsteb@nnel s. , Thus, whether 15 in
the context of "downm Xing" or "upm xing," the
cdiishonhdbetnotbdthal thelcombirdag @ fahaag@ld iRRobe ebauired for
may |ead to audible artifacts. Conmon techniques for .
othenpuiposespgotijustdor arredhetiorlin thepiunilig ofchafieslss For
i nvol ve applying, for exanple, one or nore of tineg,
exanigs theranday drepd need o Coeatp aneadditidinad preytiack charheel that is
channel s to be conbined, to the 20 resulting conbined
some gambanation afdwwonmoredythsi anigingl shennelsandhel y
dynami¢ - that is, their _characteristics change over

mul nelrsignal o rldhis sy bealjaactatined asa Gy of Supmiking” in
that figripeil i aote famcibe or R nupisaret chatinels. [(h: Rdather
in thé BiRteds Ao SmispE o “ShBianes. the combining of channels to
create an additional channel may lead to audible artifacts.

Common techniques for minimizing mixing or channel-combining
artifacts involve applying, for example, one or more of time, phase, and

amplitude (or power) adjustments to the channels to be combined, to the

resulting combi_ned chanh_el, or to-both. Audio signals are inherently

dynamic — that is, their @é_hafafcteristics_ change over time. Therefore, such

: adjlisfments to Taudid_gignals; are typically calculated and applied in a
~-dynamic manner.."_ Wh_ilé{"rémoving some artifacts resulting from combining,

such dynamic processing i,l:ilay, introduce othcr'arti_facts. To minimize such
dynamic processing artifﬁéts_, the present invention employs Auditory Scene

Analysis so that, in general, dynamic processing adjustments are maintained

 substantially constantdunng auditory scenes or events and changes in such

adjustments are permitted only af or near auditory scene or event boundaries.
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25 dynam c processing artifacts, the present invention
enpl oys Auditory Scene Analysis so that, in general,
dynam ¢ processi ng adj ustnents are mai ntai ned
substantially constant during auditory scenes or
events and changes in such e,_,adjust,m%nts are permtted
only at or near auditory scene or event boundaries. 3
Auditory Scene Anal ysis- The division of sounds into
units perceived as duddont dcenasAgabisisres referred to
nal ysis" or "auditory scene

" audi t t |
an m‘g I“i%{f?n ,%é%gpnammmﬁ%p%em%gg-ggwm, is sometimes

R A Tl A e s
CORATP b AR TRy LSS SR oot by
AUSHEST S RN AR SR A5 8 P ept

I dent
OrEMBARGK WS AIASIRNES M HLARREGE TeRhyBIdl. %901, Fourth

ene Analysis are set

privdig, i 2001, Secdnd MIY Prcks padeback &ditida. O ockett,

filed Novenmber 20, 2003, "entitled "Segnmenting Audio

Si JleehniqudofaividensifyingRiafitdy” di

DOI_QQSU_SG,1 which is t ;1 U. S. Ngt?‘?rfg?(ﬁggﬁi%téﬁﬁ
boundariks) ngaécamdanctarithtaspects ofbhditery Seenc Analysis are set

PCT/ US02/ 05999, filed ebruary 2, 2002, designating
forthie LS. Pedemst Appdicapion $.30el0/498)503L61 BrEAIG7020ckett, filed

Decenber 5, 2002. Said applications are hereby
Noviemalptpd).a2Q03, entitled EBegmenting Audio Signalstinto Barditony

applications of the auditory event identification
EV@P@h ﬁ‘;tam%y%f acked mg,awbmkm then¥. S Nasienal orth

Ln U S.  Patent applicatjon,S. N._ ,10/478, 397 of Brett
applicatiry kg fingfront Bgmational dippliestion PUBAISRAHR99, filed

resily 20 ey S I BAAS s wo
US, whj.ch.is a U S. .Nationa

0208335245 Pipc <G 55 002y S atblirsiipinAes hapa npprated

by réferéndda] ﬂﬁﬁf%ntﬁéﬂye GEgR ugﬁﬁ/liézaztionzsogg the auditory event

identification techniques of said Crockeit applications are set forth in U.S.
Patent application S.N. 10/478,397 of Brett G. Crockett and Michael J.
Smithers, filed November 20, 2003, entitled “Comparing Audio Using

‘Characterizations Based on Auditory Events,” attorneys’ docket

DOL092US, which is a U.S. National application resulting from

- International Application PCT/US02/05329, filed February 22, 2002,
- designating the United States, published as WO 02/097790 on December 5,

2002, and U.S. Patent application'S.N. 10/478,398 of Brett G. Crockeit and

Michael J. Smithers, filed November 20, 20-03, entitled “Method for Time
- Aligning Audio Signals Using Characterizations Based on Auditory Evehts,” |

published Juty 29, 2004 as US 2004/0148159 A1, attorneys’ docket
DOL09201US, which is a U.S. National application resulting from - ...



designating the United States, published as WO

02/ 097790 on Decenber 5, 2002, and U. S.-

Pat ent' applicationS. N. 10/478,398 of Brett G Crockett
and 25 Mchael J. Smithers, filed Novenber 20, 2003,

ot ndr BB APplifio PETadsO R sRe: W Byeiy 5 2002,
publ igeSigdatitd 1he2InitdPtht@S pllidOFEB5899M91 on December 5,
attorneys' docket D(lOQZOEUS, which is a U'S.

Nat i @082. Bagil oCsatid Qnoclesidrnd Swithesmpplidatibmy &erddo ldraby
Appl i cation PCT/ US02/ 05806, filed February 25, 2002,
desi dreerpoigtadlay taiereage gt thedrsentisobt i shed as WO

02/ 097791 De et 5, ,2002. Fach,of said ocket t
and_ Sn ¢ hetoREf iR S Eo PepgEicand

t sonar Ao SaRKels BpRFAR G dfe ALY Lichyin ABubeoR wit
Cr ockeplet (s Sfithé prescapipleidtn, Vikeratchriignés o lidertifyingeduditory
in connection with aspects of the present invention,

ot hegvengcind euand bbondartesrmay Ye eonpdoyid oraspeeis efthe pregent
event boundari es may be enployed in aspects of the

pr es®WPLI9hy enti on. " Di scl osure of the |nvention

According to a first asm_g&ml},}éeﬁ,{égﬁ%n vided a

o 10
process for downm xing three in hannel s a,

(3, and 6Akeoidig R4 Bigdt ABPEitOthefBPIBYRIed a O8esR for
wherein the three i nput audi o channels represent, in

or dedownniisiagithieednppidiidid chanrets appsamd S ¢ twandtgut audio

and the two output channels a" and S" represent the

non- clamsetsur i \aadsp 3 twilsdreih thedhvesrispat adio cBannels represent, in

- conprising extracting common signal conponents from

t he ©XdSLigopsecutiygdipatichdirensions s iy end it pnd thi twouipns

a and St r,oducg, three internediate channels; |

c ha\n%@nnsﬁi,fg a aﬁaé f IePheseah ther nothaenserutive spntiad 8iertigns o and

the direction a, channel a' conprising the signal .

comp b STRTURE EKRAEIE SomRopr BRI CRTU GRS (EoBh bip dnput

CONMMBMKiL AnARRME re%?@%ﬂﬁhﬁ (fi‘re%]c']u?l:ons(3 aha%\éeé to produce three
intermediate channels: channel o’, a modification of channel o representing
the direction a, channel o’ comprising the signal components of channel ¢,
from which signal components common to input channels o and 8 have
been substantially removed, channel 8°, a modification of channel 8
representing the direction 8, channel §° comprising the signal components
of channel 6 from which signal components common to input channels o
and 0 have been substantially removed, and channel f’, a new channel
representing the direction B, channel B’ comprising the signal components
common to input channels o and 8, combining intermediate channel o,
intermediate channel B’, and input channel B to produce output channel o,
and combining intermediate channel &’, intermediate channel p°, and input
channel B to produce output channel 8’’dynamically applying one or more

of time, phase, and amplitude or power adjustments to one or more of the



been substantially renoved, channel 6', a nodification
of channel 6 representing tHe direction 6, channel 6
conprising the signal conmponents of channel 6 from
whi ch si gnal conponents comon to input channel s a

ARG R TR M R
chaqﬂﬁh %ﬁ M Segb %3&2%3%%%EQ” Qnents conmon

to |nput a |n| I'nt er nedi at e

channel  alhe emBb&iiiEHs 8F theGiRdEMRIN §e%k 19 Ziﬁl‘ﬂ)rd)%)ﬂfe sound quality

channel (3 to produce output channe
contifiiontpined endiodignads. didn mely & achnmled; f(&cb)@hq:)le by

channel, (3', and input channel | Produce out put

¢ harRFEfOrBIRE, AROBSIY, ;mg‘p ph9$er@1<¥$%ar§p itwgled or ppwergerrection to
pha apd anmplitu r ad ust ne

ror a0 S G P Rl EorgEciohs iR Eipipagt with o

and
oty OB b D R Elnhal A ARG A ARl dpBficd to the
t he audicesighald geredallyanayrbe beki tehaivedy osnstual durbhg @ anditory
conmbi ned audi o signals. This nay be achieved, for
exarfyFat anslallgyeed tor change av ar nearhapnderiaeor bm@omwt@fcen

t he aydi o signal s,

I t t t
Z% ' ela’névre&tﬁp %Haﬁ)é‘éfl%r%gﬁﬁS'@o@?ﬁ QL ocqU a3 dEatept] & every

i PR THG SoRlro P R ot AR 38R K8 eBcomplishogion

genehannel-bveshdmmehbadis fiel ativel y constant during an
auditory event and allowed to change at or near

boundaries or transitions between auditory events.
Such adjustnments need not occur as frequently as every
boundary. The control of such adjustnents may be
acconpl i shed on a channel -by-channel basis in 5
response to auditory event information in each
channel . Alternatively, some or all of such

adj ustments may be acconplished in response to
~auditory event information that has been conbi ned
over all channels or fewer than al
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channels. 5 O her aspects of the present invention

i ncl ude apparatus or devices for performng the

above-descri bed processes and ot her processes

described in the present application along with

conmput er program i npl ement ati ons of such processes.

Yet further aspects of the Pnvent i on may be

appreci ated as this docunent i-s read and under st ood.
responsetcaiditonhevent inotnatibngs eatls.chaninel.a Alternatively, some

hemati c .bl ock diagram of a geperalized enbodinent
or Bﬁf 0? guch Adstments anay b .acpomp?@ ed in regpensotmauditory
process

v BB AT P e Sl R B lam

hﬂgﬂé tion. 15 FIG 3 is a functional schematic block
chagy, gjam showi ng the Tine and Phase Correcti oln 202 of

A . . ) e . .

F! oty o el eyl RSB dsvises for
perfirnibl (he B Eibe braceiths 2RLEHIRER S Ebsgried in
th PRRAL SR on it BB IeR b SRR RRARKASB1
suck prbéedshs YetdfurtHeilas Bé!@rtﬂ*th%ﬁ%ﬁﬁh{gﬁgg%béﬁ#]%%ciated as

noise wwth a second signal that is t

thisnlicaenaitdsabad und sed@vgrsbd.n time by approximtely a
fraction of a mllisecond. In both FIG 5a and 5b, the

hori zontal axis DestripyesneftheDrawingst he verti cal

axis is a 25 relative level in decibéls (dB). FIG 6
i SFEGf diris tai Gmaitione echeinaticl otk diagramofia gendratioed
channel to two channel downm x according to aspects

embedimeat phihe presentdnvenidsn. 7a and 7b are i deal i zed
rgﬁﬁsent at lons, show ng the spatial |ocations of two
S

of 19 adigctionah schematig blockdiagram of an sndiensignal
process or processing method embodying aspects of the present invention.
FIG. 3 is a functional schematic block diagram showing the Time and
Phase Correction 202 of FIG. 2 in more detail. |
FIG. 4 is a functional schematic block diagram showing the Mix
Channels 206 of FIG. 2 in more detail.
. FIG. Sais an idealized respoxise showing the magnitude spectrum, ofa

white noise signal. FIG. 5b is an idealized response showing the magnitude

- spectrum resulting from the simple combiniﬁg'of_ a ﬁrsi channel consisting of

white noise with a second signal that is the same white noise signal but
delayed in time by approximately a fraction of a nﬁllisccond. In both FIG.
5a and 5b, the horizontal axis is frequency in Hz and the vertical ax13 isa
relative level in decibels (dB). e cin

FIG. 6 is a functional sch_ematic_: block'gi:_agrjam ofa thiee-. channel to. |

two channel downmix according to aspects o_f.thazihi}ention. L
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auditorium FIG 7a shows the approxi mate spatia

| ocations of the "content"” channels of a multichanne
audi o signal, while FIG 7b shows the 5 approxi nate
spatial |ocations of "playback” in a cinenma equi pped
to play five-channel audio material.. FIG 7c is a
functional schematic bl ock @iagran1of a ten channel to
five channel dowmi x according to aspects of the

i nFdeS. da anstid aroidealized reprezentatieons shewing thd epatial

eneraﬁlized enbodi ment of the present invention is
Tocaliqalat; W ¢-pets Of Audinehanncliinamame Suehas womemar or

aud B B RS0 Sk s bt g g
R T LN M AT T ——
e S S T T R LA

five tamnel sudiPnifeenbi ned. Channels 1 through P may

constitute sonme or all of a set of .input channels.

Copf e @ ' ' ' Id -

CORIGFo F8 MAbEoARPS RIRARC BISICRBIANELF 2 308 hifint o
five chasael d@@ﬂnﬁkvaﬁ:&ﬂﬂﬁi@twﬁsspéc@ofﬂ[@iﬂ\%ﬂtﬁjh t echni que

is not critical to the present invention. 20 In

addi tion t oMaldy RopCarrping OutclTre Eavkniont o it,
Conbi ne Channels 102 also dynam cally applies one or

moh egenieralizer epttariimeandfahpiprésete invepdorris shown in FIG,

adj ustments to the channels to be conbined, to the

1, whezein anrapdio rebianag] conriner or combaning pradess difdhisediown.

to _be conbjned and the resulting conbined channel.
A plerality of | aniednput ehgnnelsyBdeptibehannels, it @bdethubugh 101-P
i mprqQving the 25 quality of the channel conbini ng by
arc appligdit

Ad ehanng] enmbines oy compbising dynctioni(f*Gombimne
Chars 3 s gl ook b
(AR TR B e A5 S e o et
to be%%f?é%eﬁ? SCﬁfan;lels 1 through P may. constitute some or all of a set of
input channels. Combine Channels 102 combines the channels applied to it.
Although such cdmbinatibn may be, for example, a linear, additive

combining, the combination technique is not critical to the present invention.

In addition to combining the channels applied to it, Combine Channels 102
also dynamically applies one or more of time, phase, and amplitude or power

adjustments to the channels to be combined, to the resulting combined

| channel, or to both the channels to be combined and the resulting combined

channel. Such adjustments may be made for the purpose of improving the
quality of the channel combining by reducing mixing or channel-combining

artifacts, The particular adjustment techniques aie not critical to the present

invention, Examples of sultable techniques for combining and adjusting are

sct-fo_r-_th in United S_tates'f-:PrQVisi_onal Patent Application S.N. 60/549,368 of

[
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Mark Franklin Davis, filed March 1, 2004, entitled

"Low Bit Rate Audio Encoding and Decodi ng in Wich

Mul ti pl e Channels Are Represented by a Mbnophonic

Channel and Auxiliary Information," attorneys' docket

DOL11501, United States Provisional Application S N

60/ 579,974 of Mark 5 Franklih Davis, et at, filed June

14, 2004, entitled "Low Bit Rate Audio Encoding and
Mapkdtmsinkdini Davis; filedMarqh &, Z00hraititlal YL8apBesRate A ddio

a _Monophani ¢ Channel and Auxiliary Information,"

Engedingand Degoding in MéhiciebiyltipleiChannels AraRepresented by a
Mar k

N L R
DAE! B T A 0 s Ao N o048 b
FroRBhA R Y ekt PSP e B SO BN Rl S
gl BB 0o i wb My M h P BE TSRSl o
MoHEPHARS Ensnalhi W RERES ThIL IRl BBt oUdce

DOFIS 0%, andeUaRed S&hfé%@fd‘x)iﬁ%nﬁpﬁyxﬁﬁiaitﬁﬂss.l‘@.y@gs;%?ﬂ%, of

ot her Suitable auditory scene anal'yzer or ana

Matk Peasiglin Disfis, étrrﬂqﬁmthﬂg 1109004 epfitieidub o BiCREgEAudio

at least the location of boundariés between auditory

*Encedéng andi Jseanﬁhgfiﬁ Wi o M Ripl S CHibileds éﬂaZRe?@@s@ﬁcd bya

nore of said adjustnents aré controlled at least in
Monephohic Ghapasluis] dfuwdlidiy drforgitiueN astoimepstedocketor e

of the channels to be conbi ned and/or the resulting
DOLd#508e Eadtrofishid fhirée pRosistowalapptications off Davisand Davis,

si gnal processor or grocessing nmet hod 200 enbodyi ng
et abaxeehmze%gﬁmcbnpmam  tieference an theirgmairetyl 0Auditory Scene
through 101-P froma plurality of audio channels 1
Analﬁwsdgl% derivies audisory spene ifoomatioadnaaccoadpncediarexample,

Lt and/ or phgse, correction deyice or process _("Tipme
Wlﬂi&tqﬁ%%u%d@%fmdm onporanare of the abaye-ddgnid Bedeapplications
anal.ysi g devi.ce.or process ("Auditory Scene :
by ok < pthr sieable audiiosyissene iana@@wa sisdocess. Such

information 104, which should include at least the location of boundaries
between anditory events, is applied to Combine Channels 102, One or more -
of said adjustments are controlled at least in part by a measure of auditory
events in one or more of the channels to be combin_cd and/or the resulting

combined channel.
FIG. 2 shows an example of an audio signal processor or processing .

~ method 200 embodying aspects of the present 'i'm_'retllﬁonﬁ Signals 101-1

through 101-P from a plurality of audio channels 1 through P that are to be

combined are applied to a time and/or phase correction device or process

(“Time & Phase Correction™) 202 and to an auditory scene analysis device or

process (“Auditory Scene Analysis™) 103, as described in connection with

FIG. 1. Channels 1 through P.may. constitute some or all of a set of input
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FIG 1. Channels 1 through P, may.constitute. sonme or
all of a. set of input 8 channels. Auditory Scene
Anal ysis 103 derives auditory scene information 104
and applies it to the Time & Phase Correction 202,
whi ch applies tinme and/or ghase correction
i ndi vidually to each of the®channels to be combined,
as is described belowin connection with FIG 3. The
channe]rse cAaditotyaSeehe An#lg5isll Ahderiges a0ditBraseend mformatlon
plied to a channel m xing device or process
104@1311 ﬁpphes itdogherEime &nBhase quo&masﬂsw&nch rapph@s dime
i ngl e output , channel 207. Optionally Channel s
andem’ eorsectinn tghvidnalbuiogaghes ﬂmahamélsst@éwecombmed,
bed furt

as 1@3%&15155%8@1){4 ggtcbﬁﬁﬁéﬁggr‘%@hﬁsf %Zcfbp&@ég%q thd Channgls

ZOSW@WM s, . of th%ﬂ?ﬁtcgr Eaent i nventi 83@%% (;rnprocess
(MRS et i ﬁﬁﬁe@é?sﬁaﬁiﬁ%@i“éfﬁ@pﬂt
°hm‘f§él%7 Jtrplly M bR ERPI06 Y Blp B SEREONCATY the

own th

Aud%d)g?t{% r cenled&Rhiyisys Hf%lﬁ%ﬁ'oﬁnlﬁw RN fRdrip gg‘;’]ﬁlﬁﬁ{e?gje‘lﬁﬂr

y even taught 1 n t’he above-

An [
SR T8 O oAt st of

presént irsaitionyin PIM FIGS. $eiie2 May widc cdibine
ana

perfornms spectral . ysis on the audi o of each
variousones of channeigh threughd? to producenioredhunloned ouit
create a sequence of frequency representations of the
Chﬂnn@énal In the manner described in said
" above-identified applications, successive

r epr esent dudirry Saenendnebisinl 83 (FIGS: dernd 3)find a

content .greater than a threshol d.

h nge in spectral
uaﬁgrjé seeneagalysiferasearciahes slwwvadhat ﬂmjc@wms several

_ bounda bet ween, t hat  pair of succ frequency
diffe %%I&@&c@ﬁrm%o H’F@ﬂ&fyﬁg xa e pliapersedvest

one audi t he star of anqt hery . The
auditory event. Ad'tax taug %ﬂe above-identified app (ilcatlons one of the

- most powerful cues is a change in the spectral content of the audio signal.

For each input channel, Auditory Scene Analysis 103 performs spectral
analysis on the audio of each channel 1 through P at defined time intervals to
create a sequence of frequency representations of the signal. In the manner
described in said above-identified applications, successive representations
may be compared in order to find a change in spectral content greater than a

threshold. Finding such a change indicates an anditory event boundary

- between that pair of successive frequency representations, denoting

approximately the end of one anditory event and the start of another. The

locations of the auditory event boundaries for each input channel are output -

as components of the A.ud;itory Scene Analysis information 104. Although

this may be accomplished in'the manner described in said above-identified
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| ocations of the auditory event boundaries for each

i nput channel are out put as conponents of the

Audi tory Scene Analysis information 104. Although

this may be acconplished in the manner described in

sai d above-identified 9 apglications, auditory events

and their boundaries may be-“detected by other.

sui tabl e techniques. Auditory events are perceived
applivationsf asditory eventsand theirboundases haty be detioted by other .

.Substantially constant throughout the event. |f tine,
suitghls techmdgves.5 anpl i tude (or power) adjustnents, such

asvgaéibe used in enbodi mrents of . the_ present o
i nveReiteRy cveRts aregiresiyaA it of seundwithy ghamoperistics that

ren R AL Rk VLA el G656, s andion
amyfGtedn v E RSt S & DEPPe Hendty Sirbaafipents of
' { U i Ly .of di t
tho S50 REYALTER e B CHR) Withif R ol B, Yot of
sucR SR AiRays BRP AoPBie AR RE BHARIBERdb A dtfhes. By
ke AR SAARRA RSP RS o iy Bhiking te
wCpBeTR) 6 by 1106, LOURbOMEMY OBty oo
audie6Breveht iy ﬂbtﬁjlrok\éﬁﬁi\? ani® (&Y %_hangés’*ﬁfé ERélftbsbé 'lﬁg&é‘ﬁ
det'ecting auditory events typically operate in the
amotigginiort niniveabld chakpashindhecdrdiolcatitent Mat @Iﬁﬂél%ﬂﬂ?( signify
sanples in the time-donmain are transfornmed into (he

the évenflmnmdatyrai n such that the tine resolution of the
audi tory event boundaries have a fairly coarse time 20
r eklgally, dn acebiddnceewithuaspects of thes presdnt invdeion,cchannel
|ength of the digital audio sanples. |If that
combpyyag e Gowsmixssghpardmatess shaukl bé fallosved tonchangé only at
Jength and fregquency, resolution) to yield usefu],.
auditry, GRGTHEIQ &5 sadhatne slynewais: chasiges eocus svithimman
is.to say, if t.he resolutjon, yiel.ds apgproxi nate -,
evenf, Lﬁ,q,\gpyég practical systems for detecting auﬁftory,events typically

operate in the digital domain in which blocks of digital audio samples in the

- time-domain are transformed into the frequency domain such that ihe; time

resolution of the audifory event boundaries have a fairly coarse time -
resolution, which resolution is related to te_blo(:k length of the di'git'all audio
samples. If that resolution is chosen (with a trade-off between bloék length
and frequency resolution) to yield useful approximations to the actual event
boundaries, that is to say, if the resolution yields approximate boundaries
that are close enough so that the errors are not perceptible to a listener, then
for the purposes of dynamic downmixing in accordance with the present |
invention, it is adequaie- to use not the actual boundaries, which are
unknown, but rather the apprbximat_idns provided by block boundaries.

Thus, in accordance with an example in the above-identified applications of
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that are cl ose enough so that the errors are not
perceptible to a listener, then 25 for the purposes of
dynam ¢ downm xi ng in accordance with the present
invention, it is adequate to use not the actual
boundari es, which are unknown, but rather the
appr oxi mati ons provi ded by ¥) ock boundaries. Thus, in
accordance with an exanple in the above-identified
Crogkpitj cutntdrsundaries m@ydskdetermened to hadngdialés bRkdength,
determned to wthin half a block |ength, or about
or abogt 4§ midlésenendstfor thé example bE ads 1 Zsampls biptle 1digthkin a
‘length_ in a systemenploying a 44.1 kHz sanpling
Systﬁm@mniﬂngaaé‘ék.lkﬂz parppUngmaig.i on of aspects of the
present invention, each 5 input channel is a discrete
ti Igakiapkemenfation ofraspestssef theepraisgnhinventiomesach

b AP i1 ARRIER S S5 9 P e
may BERSHIATREL Iy yEAMSAIIPAEs ol SooEPustil D™ °
mil3eeofds o AAE 2R Ehn RS S Billhecers, For an

previous

i ' | i ' r ' e
audipRanieTRt 0T iz, s Y4 BNVl ' ST LALETE pIOUE OF
hi ' 0% s a ri
T B8 B Sl s R (P ERb AouSblACk ™ Fachblokk amay e
windotd v doe ekahfflel S)Pﬁﬁfd I
t he spectgr.um IS 'ho?’rrgl!_{_ilﬁggﬁgo. t eﬁgpgggéi%&@@ggﬁ?%lthe
frequerioyedomdain asiig, dbpierangslepa Disotdty FhusitteTiaRm e
. blocks may be used to reduce the cost of conputation.
(impkemsentedoasie Fast Foovier Trahsform f@wé@ee@? dChdpoexs! it Baits of
JHarm ng wi ndow has been found to be well suited to
deciheds {dBppisi cadculated for esctcspémirhlivaltbenditben-thetspéctrum is
applications of Crockett, the normalized frequency
ﬂOm@S‘@@derrﬂlﬁdﬂr@Sé a3 spectntlocaluenNaw-overtapping or partially
20 pnorpmli.zed spectrumfromthe next previous block to
OVerlaBPngngql@emyebwswm rednder theerast of sommpuiation. yAlso,
_ sir}lt_:ae %Lf erence asure may be cal cul ated |
other'window functions may be used, however the Hanning window has

‘been found to be well suited to this application.

As described in the above-cited applications of Crockett, the
normalized frequcndy spectrum for a current block may be compared to the -
normalized spectrum from the next previous block to obtain a measure of
their difference. Specifically, a single difference measure may be calculated
by summing the absolute value of the difference in the dB spectral values of
the current and next pfevious spectrums.

Such difference measure may then be compared to a threshold. If the
difference measure is greater than the threshold, an event boundary is
indicated betweeﬂ the current and previous block, otherwise no event
bouhda_ry is indicated between the cﬁ'rrcnt and preVious block. A suitable
value_f’or thils threshold has been found to be 2500 (in units of dB). Thus,
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by summ ng the absolute value of the difference in the

dB spectral values of the current and next previous

spectrunms. Such di fference neasure may then be

conpared to a threshold. If the 25 difference neasure

Is greater than the threshold, an event boundary is

i ndi cated between the curreht and previ ous bl ock,

ot herwi se no event boundary is indicated between the
evenirboamdazied may bieodetelmdedd witlsnisneddouravyplofebiout Halbf &

t hreshol d has been found to be 2500 (in units of dB).
blotkus, 11 event boundaries may be determ ned within an

accurac of about half a block. This threshold

appFisdhreshold appragch could be epplied do remidnoysubbands in
i ch eacilﬁm(ﬁﬁand has a distinct difference nmeasure.
hﬁm@wsu a%a shsiiect differemes measure. Homevennn the

measur e based, on fyll, bandwidth audio is

CO@@W @fﬁmreﬁﬁnmréwn&m, AeSThgleciicosrerand %.ﬁﬂltlgancbmdth

audiiF SuflipighEin VisSHingdhg et rationan sblicto fara e one

eveé@éﬁ%%v@aﬁ#h&# mation 104,10 Time & hase

The iRy et Houridary ifforhMod 2 ﬁ’%ﬁf@lﬁ%@fﬁwﬁoﬁ is

0“‘@1'@%%*@8&&‘0@#%22%% off SEee MRtk 3Rhatoh 104
detail. As emz@&eph&fé Chrréiifon 202FRG. o) each pair

is a reference channel One suitable ' correfation 15

defTinic anl PhaseCoiecdiion 262 TobRe foehiph C&‘ﬂ&ﬁﬁl(ﬂﬂ 'ahdktilﬁe or

correl ation detection techniques may be enpl.oyed

phasthdifferehicgh betweeh aaigrofthiesupub ehusesisa FIG, 3 shows the

non-ref erence channel and a reference channel, the

TimgaridBhase Gommsetion 202dnpherd detailduds qﬁp&smedrbd:lbm one
differences between the pair of channels by nodifying
channgl qﬁfw&él wair is aeterenae channel. cOnsfsuitable corralationnce
chan
detection | techmque is described below. Other suitable correlation detection

techniques may be employed. When a high correlation exists between a

‘non-reference channel and a reference channel, the device or process

attempts to reduce phase or time differences between the pair of channels by
modifying the phase or time characteristics of the non-reference channel,
thus reducing or eiiminaﬁng audible channel-combining artifacts that would
otherwise result from the combining of that pair of channels. Some of such
artifacts may be described by way of an example. FIG. 5a shows the
magnitude spectrum of a white noise signal. FIG. 5b shows the magnitude
spectrum resulting from the simple combining of a first channel consisting of
white noise with a second signal that is the same white noise signal but

delayed in time by approxirilately 0.21 milliseconds. A combination of the

- undelayed and delayed versions of the white noise signal has cancellations
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20 thus reducing or elimnating audible

channel -conbi ning artifacts that would otherw se

result fromthe conbining of that pair of channels.

Some of such artifacts may be described by way of an

exanple. FIG 5a shows the _magnitude spectrumof a

white noise signal. FIG 5bt%hows t he magni t ude

spectrumresulting fromthe sinple conbining of a
andfspecirat Rbapiag, conuneniy galdéd 26minfiltering, sadvaudibly sounds

second si gr{ﬁl that is the sane white noise signal but

very diffeantita the whiky nojse okeash mippt signalni | 1 i seconds. A
o 0 SRSl SO o e o
g SRORBLIFy o TR S £ e St o
appfigie 4" Gby FofRarinbidiyich Bt Brdeds TR iatf e S hay
outghti wdif leatil SenpOEIEE chiP ihoRl oTREARElorY Shent
boukdéey i ion)L 020 whith ndy'iPtich: Softfiohbnt 10 £Ah Rannel 1
throREHY 36 fisbt by ARy R, drockil Pt TRENUD: EorfiRA Afemory

deviee igibebit Haold ' -
pr'ocessc(isﬁ{lol d") zggﬁt% %%FP?%% I l%éligt g §3§3041

throsgly304sP 304t drehisdd) resisirtRRdy Fby dalaypdeviees br f"uncr:ions)

3 respectively, by delay devices or functions ("Delay"
(“Delag-)305+Iothgbugh 303-Poforeach chaanetto producslvagaisieminels
channels 306-1 through 306-P. Calc Delays 301 (FIG

306-3)thoangh B86aPs 301 neasures the relative del ay between
~pairs of the input 15 channels. A preferred nethod

is, first, to sel€olc Dalgped8h(ETGhainel from anong
~ th i&sult channel's. This reference nay be fixed or it
' rre@ﬂl@ olayssi0] mensurey thevielafivehdelass betsrean paizs odithe gnput
v , Jovercones the prohlem fo exanpl e, of a silent
chanpiglse, A eTeles mt?l 154 %assts 4 eelort & refrrnee channel frarp
among the input channels. This reference may be fixed or it may vary over

time. Allowing the reference channel to vary, overcomes the problem, for

“example, of a silent reference channel. If the reference channel varies, it

may be determined, for example, by the channel loudness (e.g., loudest is the
reference). .As mentioned above, the input audio signals for each input
channel may be divided into overlapping blocks of approximately 10.6
milliseconds in length, oVerlapping by approximately 5.3 milliseconds. For
an audio sample rate of 48 kHz, this is equivalent to 512 sample blocks of

which 256 samples overlaps with the previous block.
- The delay between each non-reference channel and the reference

- channel may be calculated using any suitable cross-correlation method. For

example,lét S, -(lengm N,) be ablock of samples from the reference channel
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may be determ ned, for exanple, by the channel
| oudness (e.g., loudest is the 20 reference). As
nmenti oned above, the input audio signals for each
i nput channel may be divided into overl appi ng bl ocks
of approximately 10.6 mlliseconds in |ength,
over | appi ng by approxi matel ¥35.3 nilliseconds. For an
audi o sanple rate of 48 kHz, this is equivalent to 512
and dypllengthonk $ adflockbif sandsles $eoml ;s oF id aps-refédenchbe
previous bl ock. 25 The del ay between each
chammels. eFaseoslentdtanhe crosyl coneldtkiiehaager, ,channel  nay
be cal cul ated using any suitable cross-correl ation
nmet hod. For exanple, let S, (length N,) be a block of
sanples fromthe reference channel 13 and S2 (| ength
N2) a blo of sanples fromone of the non-reference
chaﬂnéD§iS§5ﬂ§b$&&#éhlate t he=Odlst2correl ation array(l)
R,2 . A”2t1)= GS,(n)S2(n-1) 1=0,1,2,.... (1) 5 The -
cross-correlation may be performed using standard FFT
based techniques to reduce execution.tine. Since both

comipeRfescidiptabbhina be AR Pmet\sifi 3t lald FFT hosed
teclifighies B Peite bealtfo S SSEE PG 5, 9pl 3 °are finitein
tength, 68 pifrdt crdbdutof X, Jos WeBHEBER, L35 1c The lag !

cross-correlation.result for the currént block.is ti
corgspondmng o themagimum slemsnt #n R aﬁpmsgn‘fﬁ&%%wr@trﬁ ‘

previous block using a first order infinite inpulse

relativeonSe filter to create the snoothed

cross-correlation Q,2 . The follow ng equati on shows
the filter conputation where in denotes the current
bl ock and in-1 denotes the previous block. 20

=1 for MAX[R,,(0 | @)

This lag or delay has the same sample units as the arrays S, and S, .

The cross-correlation result for the current block is time smoothed

with the cross-correlation result from the previous block using a first order

infinite impulse response filter to create the smoothed cross-correlation 0, ,.

The following equation shows the filter computation where m denotes the

current block and m-1 denotes the previous block.
O,Umy=axR,0+(1-a)xQ,¢m-1) I1=0#122,. . (3)

A useful value for o has been found to be 0.1, As for the cross-
correlation R, , the lag [ corresponding to the maximum element in O, ,
represents the delay of S, relative to §,. The lag or delay for each non-

reference channel is output as a signal compoheﬁt of signal 302. A value of
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Q,2 (1, m) =axR,2 (1) +(1- ayx Q,2 (I, sn -1)
I =0,1,21.... (3) A useful value for a has been

found to be 0.1. As for the cross- correlation 1 ,,Z ,
the lag | corresponding to the maximumelenent in Q, 2

25 represents the delay of S2 relative to S, . The | ag
or delay for each non- ref é¥ence channel is out put as
a. signal conmponent of signal 302. A value of 14 zero

zergrigayhkso Aipplas acomponguinensignl 30 nedprédsiting the delay of

representing the del.ay of the reference channel. The
theF%é%ﬁﬂQﬁ°@@Hﬁ9-that can be neasured is proportional to

t he audi o %hﬂgal | ock size. That is, the.larger the

bl /0L Ol ay&ﬁ@teean he meamywedis proprriinal tadhe aadio
- sured . using this nethod. I d 30 FI G 3) Wen
signgf bl S8, a8, {0 Brapridbiokisiaathe Intgand eaangeof

r Hol,d 303 .copi es the del ay val ue for

dela&%e@%cﬁéﬂﬁglﬁﬁ%‘ﬁ?@g@qg)ﬂpﬁénemespondi ng out put

channel del ay signal . o,event boundary is 10

i ndi cated, Hold 303 ﬁéﬁﬁéﬁﬁﬂ@ﬁgﬁeifast del ay val ue
3 . N g i

cvemedah event Bundifiis B SRER i A SRIRTORGROpCt04 for 2
hanRAdodd [ ' I :
chanpeh Hold 393 Ao e ARy valle 1B i} thaingl B4 H0215 the
orrgnyoidin wedfdrine i t v i

A ohe SO et detay sig a%ﬁﬁp%‘nﬁé?teié@g&%g?ary 18

indicaied, Hodd 865 myirithinsahedast elapidmienddl an ﬂﬁ@kwge e
calcul ated by Cale Delays 301 Therefore, the total

alignenent ehatedesyodonr e eveat bohadbebsnad3IRe therdfbrOUSR likely to
305-P is the sumof the respective input delay signal

lead o audiblerastificts.304- P plus the default anount of del ay.

This allows for the signals 302 and 20 304 to be
~positive or déglayi3-lvheorgh 35gRt(RIE.i3)di cat es t hat

a ghannel i gdvanced in tine relative to the,
r ﬁgg@ﬁl@@d@f@mgnal 304 can be either positive or negative, each of
the Delays 305-1 through 305-P by default may be implemented to delay

each chahnel by the absdlﬂté maximum delay that can be calculated by Calc

- Delays 301. Thefefore, the _tdt'al' sampie delay in each of the Delays 305-1

20

.25

through 305-P is the sum of ihé‘respcctive input delay signal 304-1 through
304-P plus the default amoﬁnt 6f delay. This allows for the signals 302 and
304 to be positive or negzitive, wherein negative indicates that a channel is
advanced in time relative to the reference channel. _

When any of the input delay signals 304-1 through 304-P change

-value, it may be..necessary either to remove or rep'licate samples. Preferably,

this 18 perfoﬁné;d ina manner that does not cause audible artifacts. Such
methods may inclnde overlapping and crossfading samples. Alternatively,

because the output.signals_ 306-1 to306-P may be applied to a filterbank (see

FIG. 4), it may be us‘c:fu,l.td combi_ne the delay and filterbank such that the
delay controls the alighmcnt. Qtfthe samples that are applied to the filterbank.
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When any of the input delay signals 304-1 through

304-P change value, it may be necessary either to

renmove or replicate sanples. Preferably, this is

performed in a manner that does not cause audible

artifacts. Such 25 nethods may i ncl ude overl appi ng and

crossfadi ng sanpl es. AIternd?rver because the

output signals 306-1 to 306-P naybe applied to a

fil Adtetmauvclsfea mpteconiplex metipdmaysatasureambobireet for
the d d filterbank such that the delay controls

timeyar p dﬂ}%rellérﬁs imindianal freguencyr bandspot groups ofie

& f||ter§% 5 i& ternatively , a nore é)ggﬁlex net hod

CHEGnERRalAE dhaues drpore complerdnethash didledpelayss301
ndi fre bands or gro ps.of frequency .

and, feids ¥S<E Hgﬂ%i’om@mp@r@ﬁw BeAUGRRY dogmaigs in

RS bR A ol gfanc

or SRR EATEEURIARRREHSHETE b s 3 c3HE0EERs 306

1 th?rbﬁ al ﬁ)@-@'ﬁare]a]fﬁ% e i ﬁﬁéﬁﬁy ﬂbn ynb@gﬁ{lj]gg {he pgpd fora

freguency donal n

subbeduiHiRier#atk 461 I, @%ﬂ&%ﬁb@%é}@@ﬁ@s Some of

t hé devi ces or processes such as

10 Spteleiofitiie Seaitesepisicsdductiys Catk TRISRS 301 drle.

audi o channels to provide nore accurate est| mat es of

Audw@m Sbens Aaral %ﬁs 403 friz Io@lk athaskin e ARTD areds ke
lied to wthin events M x Channels 206 (FIG 2)

nioge atcutate bstin@ien o leseﬁﬂbonﬁdﬁliés agd alifie
devr ce or 15 process 400 in FIG 4, which shows how

COlﬁﬂﬁéonﬂﬁOtbec&mhmi to wdtlia eventpined, with power _
correction, to create a downm xed ougght channel . In

addl tion to m xi ndfinClhammelsi2dp (FE7.cHannel s, this

i ce, pyocess may correct for residual frequency
ilg 0f bhe MireC hadnels206 o6 HHICh e shownes devios or
t 203 FIG 2. 1t al
proqe@ﬁ @ﬂ%}?ﬁf@ E,O which _Isﬁgws horlrvnthe input channels Sn(;ay be

combined, with power correction, to create a downmixed output channel. In

(D_.-A

addition to mixing or combining the channels, this device or process may
correct for residual frequency cancellations that wete not completely
corrected by Time & Phase Correction 203 in FIG.- 2. It also functions to
maintain power conservation. In other words, Mix Channels 206 seeks to
ensure that the power of the output downmix signal 414 (FIG. 4) is
substantially the same as the sum of the power of the time or phase adjusted
input channels 205-1 through 205-P. Furthermore, it may seek to ensure that
the power in éach frequency band of the downniixed signal is substantially
the sum of the power of the corresponding frequency bands of the individual
time or phase adjusted input channels. The process 'achieifes this by
compating the band power from the downmixed channel to the band powers

from the input channels and subsequently calculating a gain cotrection value
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20 mai ntain power conservation. In other words, M X
Channel s 206 seeks to ensure that the power of the
out put downm x signal 414 (FIG 4) is substantially
the sane as the sum of the power of the tine or phase

adj usted input channels 281%-1 t hrough 205- P.
Furthernore, it may seek to“ensure that the power in

each_frequency band of the downm xed signal is

for eagh bandi Hecpuse changeuin gain adjustmentsodcrobeboth time and
freguency s.of the individual tine

ﬁeqﬁ%%ﬁ;ﬁg{; Iaﬁ?fg*s'q éaglh&@ aﬂi&%ﬁbﬁgmp@ﬁmyﬁr@&)ﬂt@me
and {{nehes: SPREadiPkiope henss AppUss in AP ehaEnals This

doviEfof AR e Rt st bt T g S oh Gotahinuahabieli, Other
suit@ERIPR By bGP Cmpb GE PRI vER, i Paspdar toining
dovigh U A0 IPRGRIOT B Do JRVRRAPE ccni s one

fovi ces oPHEankCTD LIS S IR MR O

cOIthé et adiel sign4ls 1B %ﬁ@ﬁ%n’gﬁt m&ngéliérb @ﬁh%-tl@gh?,ﬁ_} signals

- _invention. Filterbank ("FB') 401-1 through 4
and whayThave beew dividéidntd 69atlappiig BRfdks! dﬂéﬁpr@ﬂﬁﬁﬁt-‘étl [®.6

ti me-domai n signals and nmay have been divided in

milliseeondpin kgthookerlgipiaprisy upprsnyatéhy 5.311@1i11:_isecon|ds, as

mlliseconds in [ength, overlapping by approximtely
mentiogediabbivee dordm awdio smmplerate oS/ RHz this ds cguﬂdr:ﬂent to
sanple rate of 48 kHz, this is eg;ivalent to 512
512 spamplecblocksief whialh? 36 saseples opedaps weith dps prévioustsock.

he LSt b e
o B G5 s A5 R oy
signafl; A3 ficunshaih Qg VT Ome Va0 Bt es TOAE UnedliaHlepning
wind%iﬂ%{ﬂggﬁ 5MR4 o B Ntapie’ ﬁﬂl&?g i %h?ri one &f various time-
domain to frequency-domain converters or conversion processes may be
used, a suitable converter or convérsion method may use a Discrete Fourier
Transform (implemented as a Fast Fourier Transform for speed). The oufput
of each ﬁl_;terbank isa reépect_ive-array 402-1 through 402-P of complex
spectral Values' —_Q_one Value for each frequency band (or bin).

- Band (“BND {*)I'Péwer 403-1 through 403-P (FIG. 4)

For each channel, a band power calculator or calculating process

(“BND Power”) 403-1 through 403-P, respectively, computes and calculates

the power of the complex spedtral values 402-1 through 402-P, and outputs

them as res_p@ctive power specira 404—1 through 404-P. Power spectrum

values from cagh';:hannel are summed in an additive combiner or combining

function 415 to create a new ébm_bined power spectrum 405. Corresponding



used, a suitable converter or conversion nmethod may
use a Discrete Fourier Transform (inplenented as a
Fast Fourier Transform for speed). The output 20 of
each filterbank is a respective array 402-1 through
402- P of conplex spectral | ues - one val ue for each
frequency band (or bin). Ba ("BND ") Power 403-1
t hrough 403-P (FIG 4) For each channel, a band power
complexuspratraloraloes 4024t thrgugh 2P frofBoiriPohentiol 48%lso
t hrough 403-P, ‘respectively, conputes and cal cul ates
sumimedha ppadditore combinemiesorsparingdunctionetl 6102 cteate a
t hrqugh 402-P, and OUEPUt t hem as. respective power '
dowgnmix complex:Spaciamg 4 060 4T e ppsvRTOigrwnmiz carmplassspectrum
S om each channel, are su din an additive conbi ne .
406 GosmBited B SRather ool calewlalotar calkuiating BRoseRsd BND
I spectr al

PO@%?@ZE@‘& rf’%&tg%gw%o&vgﬁﬂﬁ%%q’gﬁégp ; ef“are al so
q i e  nar S ¢ .
A6 to create DUl BND OB TSI M do6. e
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* ponEgNRL I 05, B0 U iy b e T St ey

of peaerubainglorPowet Faticy, bAg fBF %ﬁﬁfgyét@ﬁgpvﬁﬁie(‘_ HQBdownmix

di vi des the ™ power speéectrum 405 downmi X power
powepspectial valive is)zérbﬁ(%hﬁsiﬁ% therpywePgaRONEbe d@fiffteRrthen the
power ratios, one for each spectral "value. If a

corragpondingl fowengais iesdtriel “1val The isquars eodiasfidiensowbe gains

ower gain to be infinite), then the corresponding

. . P
is theowealcyladted ite cseatetam drtay of amphinrlecgainstd08X. t he power

gains is then calculated to create an array of
anpl i t udeLinity Jimeok FiraguencyiSmoath4 44 (EFGy 43moot h
- 410 (FI.G 4) Alimter and snoother or |imting and
- sndokmlitRy andhsmosihen eiitmitingsand smogtibngyfimetion (Limit,
. S h) 410 f i at in Limti .and
Time @%re%]uencyps%{mg{lg% ﬁ?f)&) orms E?pp%%lp?laté Ea{r'; ﬂgmﬁirl]lg and
time/frequency smoothing. The spectral amplitude gains discussed just

above may have a wide range. Best results may be obtained if the gains are

- kept within a limited range. For example, if any gain is gredter an upper

threshold, it is set equal to the upper threshold. 'Likewise, for example, if

any gain is less than a lower threshold, it is set equal to the lower threshold.

‘Useful thresholds are 0.5 and 2.0 (equivalent to £6 dB).

The spectral gains may then be temporally smoothed using a first-order
infinite impulse response (TIR) filter. The follovslring‘ equation shows the |
filter computation where b denotes spectral banﬂ _indéx, B denotes the total
npumber of bands, n denotes the current block, -1 denotes the previous

block, G denotes the unsmoothed: gains and G, _dénotes the te_mporally

smooth gains,
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ti me/frequency snoothing. The spectral anplitude gains

di scussed just above may have a w de range. Best

results may be obtained if the gains are kept within

alimted range. For exanple, if any gain is greater

an upper threshold, it is §et equal to the upper

threshol d. Likew se, for ex mple, if 20 any gain is

| ess than a |ower threshold, it is set equal to the

| OB =as{Bpk G(B) s eB(B))1 Gy@dshel)ds are=0,.58and 2.0 (4)

(equivalent to 6 dB). The spectral gains may then be

tenporal ly snoothed using a first-order infinite

i mpul se response (IIR) filter. The follow ng equation

shdvasefind vatie fer s6drimst bedmofoustibtebb (8 eicept for bands

spectral band index, B denotes the total 25 nunber of
beldwagproximatedy 290t e, B&bwﬂu@ﬁwﬂem% et thard a

previ ous block, G denotes the unsnoot gai ns and G3

finableahicest O H&@ﬂﬂﬁ*ﬂ'dl YDCs T ehé sﬁﬁbdthed]%ms are 1n1t1allzed
- "Gs(b, n)=8(b) xG& b) +( 1- 8(b) ) xGs(b, n-1) b A

o 17 ke IR, D B 1t
ad}uﬁfe‘%pam tie gRlPbf bands bERWARGOTE Wil dar (%ﬁheh% ﬂf)\ﬂyfthan

band b=0 or DC. If the snoothed gains are
bandsnint the! feze df the s Dcpeétmﬁiﬂ T kil n;layé'ﬂe BSeful &Y previeidtin audlble

1.0. That is, will never be gain adjuSted an

' modphitioms atwier freuendies. REhivid bevause apfreqabovicy lo#en than

bands in the rest of the spectrum This may be useful

200 Hez, phe veanclengthudf bach frequehciesappraacheswer exceeds the block

frequencies. This is because at frequencies |ower than
size used bydthefiiterhank leadingth inaceunaids ivflenlterbanks’ ability
approaches or exceeds the block size used by the -
to acepratebpdiscriménaie thesafieqaencicdcilhisiig arenmmmon and well-
filterbanks' ability to accurately discrimnnate these
VW@P BREMEON.This is a connDn and wel | - known

i FabaE TG R s % RirtberSpRothel S&q%%t ney

to prevel%alarge changgs %9 Jgglcne Bém?é"erhdédj alcgnE Eanﬁg .eF[S r.*.fle preferred

- implementation, the band gains are smoothed using a sliding five band (or

approximately 470 Hz) average. That is, each bin is updated to be the
average of itself and two adjacent bands both above and below in frequency.
At the upper and lower edge of the spectrum, the edge values (bands 0 and
N-1) are used repeatedly so that a five band average can still be performed.
The smoothed band gains are output as signal 411 and multiplied by
the doWnniix complex spectral values in a multiplier or multiplying function
419 to create the corrected dowmmx complex spectrum 412. Optionally, the
output si gnal 411 may be applled fo the multlpher or multiplying function
419 viaa temporary memory dewce or process (“I—Iold”) 417 under control

" of the ASA mformatlon 104 Hold 417 operates in the same manner as Hold

303 of FIG 3. For example the gains could be held relatively constant
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i npl enentation, the band gains are snoothed using a
sliding five band (or approximtely 470 Hz) average.
That is, each bin is updated to be the average of
itself and two adj acent bands both above and bel ow in
frequency. At the upper ang | oner edge of the
spectrum the edge val ues ( Ands 0 and 20 N-1) are
used repeatedly so that ‘a five band average can stil
dutipg poréventesd onlyechangedratveab Yogaidasiear dndhipwiayapossibly
(ﬁi nal 411 and multiplied by the downm x conpl ex
audipl-anddranuatiesgain chamgies dpringrarevent miay he pvevented.
function 419 to create the corrected downm x conpl ex

spect fum a0 Tpe Vel e BLEAI(U ) sl T

25 ho doraix W@ﬁ%ﬁim Da’éfﬁi&%erg?ry Gplwng function
T
FB 4L i S8 ek b SN AR fatsiely ThikTitrapidis she
invé’nﬁé@%ieeiﬁ ut Filleth 1, PRd 'c%i’bhﬂ(tﬂ'rélyee%\gél‘fapped with and

amat1 C gal n changes during an eve
addefl ¥ Predtbus Ok Cad id Welllaivh! Y cidate 4hbudtphftinfe-domain
The dowmi X specttum 4 fromnultiplier or :

sign|4ii4p! yi ng function 5 419 is passed through an
inverse filterbank or filterbank function ("INV FB")

41T HecargapgémchtPdbscribeddd piok tpﬁ'éé!ﬁd%%ﬁﬁ' inmbi practice of

‘filterbank is the. inverse of the input filterbank

sepatatingAtieapaniow| atte forevapd diltabpalkt 40 1,Hnew owoagiistbwe (one
é)rew ous bl ocks, as is well known, to create an out put '
used atthelformvard aidoak used. at the Tivecrae fberbaak) svidescr i bed
do_not preclude the common practice of separating the
mulfipligatipnds such thet unity sighaldsimaintaited throughihe system.
wi ndows (one wused at the forward and one used at the
i nverse filterbanJownaisngupplicitiorson i s such that
unity si%nal_is i ntai ned through the system

DoWeABRliatignPf demgnising according to aspects of the present

invention is the playback of 5.1 channel content in a motor vehicle. Motor
vehicles may reproduce only four channels of 5.1 channel content,
corresponding approximately to the Left, Right, Left Surround and Right
Surround channels of such a system. Each channel is directed to one or
more loudspeakers located in positions deemed suitable for reproduction of
directional information associated with the particular channel. However
motor vehicles usually do not have a center ldud_spe'aker position for -
reproduction of the Center channel in such a 5.1 playback system. To

accommodate this situation, it is known to attenuate the Center channel

signal (by 3 dB or 6 dB for_eﬁ;amme) and fo combiné';it with each of the Left

and Right channel signals to provide a phantom center _chanﬁel. HoWéver, !

such simple combining leads to artifacts previc}u_é;l)f}ﬁ?sc_ribed. :
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15 One application of dowmi xing according to aspects

of the present invention is the playback of 5.1

channel content in a nmotor vehicle. Mtor vehicles

may reproduce only four channels of 5.1 channel

content, corresponding approximately to the Left,

Ri ght, Left Surround and Rfght Surround channel s of

such a system _Each channel is directed to aone or 20

nohsteas of abplvdng sucha sinple gesebmingsclannel combinipgor
roduction of directional infornation

dowfy:ﬁiié'il%ae%p iR 1o gsppeisioidiie presentingenting paybe applisd.
For SEABHE e 31l Sal 2 i 6 AeBesHERERERG, 3 may b
appIf fefbeonhof O BORTIRIES BSLER arBf CoRRE RaRels B gnes for
comBhifib Céltek fid Rt a1 EeFeE TPhfay A3 emeRiftiafio
attorflsy 1 CEnfAIAIAG Sl K T00 Skahiie 'S B of (B Ghmay

Ining 1| ea

be lﬂé{)i'ﬁb fa???oﬂ%‘ia@%hhi AR if thetnGArTRER] 248 &f 8 mofdtailitle

or downm xi ng accordj ng to aspects of the

interforg $RAfbrd éb&ﬁbiﬂiﬂg irayith @asRRIf11RE Lefl Ohaeiahe. Rig}ﬂrmy

arrangenent of FIFG 1 or the arrangenent of FIG

Charbreels sighialesb thatceutpuneeotsticalgrdver o ke IGdritepoHannel

. Center signals, and once for combi ning Center and
signakiiglappsoxginately tewane, as it woylddie if presehisdetliroiigh a o
.attenuate the Center channel signal by, for exanple, 3
dediciged Canterpchignnis spopkene Funihersiope oitmay det bemeficidBio n

the near-field space of a notor vehicle interior)

e

* denotpether Genterisignalps theveforencerchannehawheast combining itawith

Ri t I ' I t hat { put ti I

cach g 1h¢ LicFohanacbanddtisht dranncl signala suchgbat the Time &
approxipately the sane as, it uld pe, if presented

Phase %F%I@WHI Taddocw mé@nt@mw&aﬂ@ﬁi) signalds applied does not

 atr B g PR SR S s

time igfig:}%fegt gﬁ iﬁa%% ééi%%éfe?ﬂ%h%%%? %lndétﬂ% lﬂg(iﬂtc%eqeslignals. '
COnsequenﬂy, the Center Channel signal would not be adjusted differently in
each of the two summations (i.e., the Left Channel plus Center Channel
signals summation and the Right Channel plus Center Channel signals
summation), thus ensuring that the phantom Center Channel image remains
stable. |

The inverse may also be applicable. That is, time or phase adjust only
the Center channel, again‘ ensuring that the phantom Center Channel image
remains stable. | |

Another application of the downmixing according to aspects of the
present hlventio:d is in the playback of multichannel audio in a cinema.

Standards under development for the next generation of digital cinema

* systems require the delweryofup to, and soon to be more than, 16 channels
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Phase Correction 103 to which the Center channel

signal is applied does not 15 alter the tinme alignnent

or phase of the Center channel but only alters the

time alignnent or phase of the Left Channel and the

Ri ght Channel signals. Consequently, the Center

Channel signal woul d not bezbdjusted differently in

each of the two summations (i.e., the Left Channe
of giidie. Odre majaignotinstalled siscmasystenmonhdprovde it

Channel plus Center Channel sjignals 20 sunnatlon)
playback en s‘prﬂSﬁgtatm” ehapisiaasis welitlarownatheeTO. ilFagpresents

ns st apl e inverse may al so be applicable.
the 5r(hWé(t %ueliq}hgefg‘ectgﬂ &b@na@i)usl“h@@wfgre ?d@m)éayback systems

o i AT b R G e
T BB L S bl T

coming T shampetdigadsye %ﬁﬁ%ﬁﬁsegibﬁ!%ﬁ{% %%Y E.e the

'al'%ég?ﬁbrg,llf‘fp ?h%%ﬁgdarﬁ‘gg rbr?; @%\Qﬁ{ﬂ]ﬁéﬁ f(g ﬁﬂ#@gls (where P
7 @ RETBopFhBihe A chrdiiM d%ﬂigkm%fﬁ?eﬁﬁ?%“%"emboﬁ (e.g. as
in ﬂiﬁﬁ@ﬁ@‘ﬁg[ﬁlﬁ erthBediaBhts @HPFGSY 1"®id 2yhiiy B8 ﬁggfileh fo ObtalIl

Ther ef until the playback systens are gr aded

one @ 1Boebf { omipRe whanneheinewhich femeandall ofdhvmi st

content 5 with nbre than 5.1 channels to 5.1 channeTls.

~ charBelh adearoonxbingtion of twbiorimorebdf @é@mﬁlve drgspdsf tige P input

artifacts as di scussed above. Therefore, if P channels
chamads.t &f hr inputhchaekitio cQneimeddnto (vdrerthaR ore Qutputen
downmi xi n cording to aspects of the present
channeleitimay %(emdya,ntageomswta denatessynthea ghanbeldase reference
FI GS 1 and 2) may be applied to obtain 10 one or nore
chamstels suchgthatthe (T1inteadn Bhase fomeations362 inFI&. 2 does m@t alter
put pyt channels are a conbi nation of two or nore
the tiaepdignmenteaephase ofsuchiangoput channel differently for each

‘output channel into which it is combined.

 Alternatives:
Time or phase adjustment, as described herein, serves to minimize the
complete or partial cancellation of frequencies during downmixing.
Previously, it was described that when an input channel is combined into

more than one output channel, that this channel pfefefably is denoted as the

reference channel such that it is not time or phase adjusted d1fferently when

mlxed to multiple output channels, This works well when the other channels
do not have content that is substantially the same,’ que,ver, situations can
arise where two or more other channels have content that is the same or:

substantially the same, If such channels ate combined into more than one

output channel, when listening to the resulting output channels, the common. .

content is perceived as a phantom image in space in a direction that is
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channels. If an input channel is conbined into nore

than one output channel, it nay be advantageous to

denote such a channel as a reference channel, such

that the Tinme & Phase Correction 202 in FIG 2 does

not alter 15 the tinme alignment or phase of such an

i nput channel differently #£3r each out put channe

into which it is conbined. Alternatives Time or phase
somevjhes¢ betweemthelphysichblbdatiomisrof therloadspeakersirataiving

the conplete or partial cancellation of frequencies
thosdwnitpgt channelsi The poblemvariges when thesestwie or thoselinput

that when an input channel is conbined into _ nore than
changieds, guith substaaiiadly, equizalenticontenty arse igdapeadently pease

. denoted as, the reference . chgnnel such that it is not

adjupledeprpr thheingermbingd with ethesobanpglsfo ¢reptgtheoutput

I P e R A T

phanfpfthfifhe foe 'tQ%ﬁ%@f@?ﬁ%@h@ﬁ%%ﬁ%@?ﬁWhich

may SendipLy BEcRR A uaBHHRSET 8 e one: out put -
gﬁg%{)%siﬂﬁefb devkE Y i haP1dARMriR nghgfsfﬁgls having

the conmon. content 1S percerve

> . . 1> P o2
subst@hﬁ&ﬁ@mhl@%ﬂt@nﬁm& Atfefnitsdb ARk d%g)ﬁi%éfadt]ﬁsetzﬁmh

somewher e between the physi'cal |ocatiodns o

chanhelsdnnbelsanse besahilhnvay SesietiRittthelr phamnoel fnagd¢ocation
probl em ari ses when these two or noré i nput channels,
is noalterezlsbHoardver] siycleawystdmiiecoandsevdry coraplex, especially as
. independently phase adjusted prior to being conbi ned
the nuinbrerasfhigput chanréls bszomensebsthntiaily jasges thhnthelmimber
The i ndependent phase adj ustnment can |lead to both

- of outprtochannels.pfmsystenisradere substantiallyrsititar content

indeterm nate image |ocation, both of which may be
frequgntlymaecuss ie snorsuthas ome iputchannel, i npay besimpler to
devi se a_systemthat |ooks for input channels having

dispenge 3vith phabe pdsustment, and penforananki pewsr Coreeetion or -
pji%is? a&]%sﬁ%ten% lf.t%(r)]blem can be explained further in the automobile -

application described previously in which the Center channel signal is
combined with each of the Left and Right channels for playback through the
Left and Right loudspeakers, respectively. In 5.1 channel material, the Left
and Right input channels often contain a plurality of signals (e.g.,
instruments, vocals, dialog and/or effects), some of which are different and
some of which are the same. When the Center channel is mixed with each of
the Left and Right channels, the Center channel is denoted as the reference
channel and is not time or phase adjusted. The Left channel is time or phase
adjusted so as to produce minimal phase cancellation when combined with

the Center channel, and similarly the Right channel is time or phase adjusted

‘80 as to produce minimal phase cancellation when combined with the Center

channel. Because the Left and Right channels are time or phase adjusted -
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10 channels in the sane or simlar way such that their
phantom i nmage |location is not altered. However, such
a system becones very conpl ex, especially as the
nunber of input channels becones substantially |arger
than the nunber of output channels. In systens where
substantially simlar cont eft frequently occurs in
nore than one input channel, it may be sinpler to 15
indepepderstity, wighals Hhakamd¢ermmento tlaalefiearfdRighhthamesis may
correction. This adjustnent problem can be expl ai ned
no fongendraviera phantem dmaigiel hetwepp|the phiysical decatioes of the Left
- previously in which the Center channel signal is
dRightrleadspeakessc Fustharmoreethe phantring imagranay notihs

an
[aypack through the _ Left d Right .| oudspeakers, .

100&%%@@ ADY Wﬁ”tﬁfﬁ@@@l bﬁbm?éaagﬁﬁpmgadanh,mﬁ Oubthe Bbtesing
Ri ght input., channel s oft contain a plurality of

Spa‘é,‘?gmﬁ% @@rglaam‘iémﬁﬁﬁ’é%’n@,éﬁ%‘gal s, gi al og-axd/or |
ef fect S of ;which are.di fferent and .so f
ohiA ol Ut baitsthent binblen F0 txdislsiBRals (Hap are

- confihlfl 8PS Hhart 05 15004 AR AR IRR Ty, shABRER 484 place

5 B o e R v
e it AR BT i e ok e

undaﬂjrélﬂb art8nPEnh e{agéetﬁgﬁn'ﬁl%%h <8l Harels.

en c Ined wt nter channel. ecause t he

An &efoimatide Bxafipls Rricd or E&@césisfﬁ]@is dHee iad1IG L 6 dorthe

i ndependent |y, signals that are common-to the Left and

- casefbbilireelvhanakk heing dowhatiged tbawe. aSighmbs eonueado the Left

bet ween the physical |ocations of the Left and Ri ght

and Rigts pepitecimanciels areextraeted: fronptienk.ofh dndhBéghieghamiels into

be localized to any one direction but may be spread

“anothier neyh ohanndlaidingtamy sujtable whaanel arultiplier orahuliiplication

undesi rabl e _effect. A solution to the adjustnent

process hiBecowelate Shanngls's) 6hhisschrstmadive iz decodaror
than one. input channel from such input channgls and

othep tgpe of channel multiplier that extracts common signal components.

-Such a device may be characterized as a type.of decorrelator or decorrelation

function. One suitable active matrix decoder, known ]gs Dolby Surround Pro

Logic II, is described in U.S. Patent Application S.N. 09/532,711 of James

' 'W. Fosgate, filed March 22, 2000, entitled ‘Method_f(:)r deriving at least

three andio signals from two input audio signalS”, attorneys’ docket

- DOL07201 and U.S. Patent Application S.N. 10/362,786 of J ames‘W.-

Fosgate, et al, filed February 25, 2003, entitled “Method for apparatus for
audio matrix decoding,” published as US 2004/0125960 A1 on July 1, 2004,
attorneys’ docket DOL07203US, which is the U.S. national application
resulting from International Application PCT/US01/27006, filed August 30,

- 2001, designating the United States, published as WO 02/19768 on March 7,
~ 2002. Said Fosgate and Fosgate et al applications are hereby incorporated
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themin new and separate i nput channels. Although this
i ncreases the overall nunber of input channels P to
be downm xed, it reduces spurious and 10 undesirabl e
phantom i mage distortion in the output downm xed
channels. An autonotive exanpl e device or process 600
is shown in FIG 6 for the24case of three channels
bei ng downm xed to two. Signals comon to. the Left

by refedeit@it theipenticdtgnnghstimr eype of 3aitabld chantdlanuéiplier
and Ri ght channels into another new channel using any

and decmmbl&onﬂm’mnay bu&mphjyeehsaiesmlbedpm tASi Patar
"Decorrel ate Channel s" 1 such as an active

Apphgetipn Sibb dd¥A63:21 oo fibfark lncDamSe filadi08/65/2003,
ontitlefh - Aicin dshanmsl| Haps aeoR.T pHBIBhedas 1/ &3%29363351 &1 on
Aprifids 300f, SleaBiey s b PEPRTI Bhich Ao D S hdtdhal
appAERG Sl o SO St AREA il aBBs STy OR a1 e
Febrppfy, 70 o008 R EnHiRg b JGREY stlbomuBtdhe 3 0P °

02108 55 Sl Afhst 702063 A 1RPhaIAIRpiniBaIOR, 2°%, 100

PCTSOY RS TO IO IRl (RO,

| attorﬁéw d@&e%tm%mammmlﬁﬁea?m 2004/0196561die

national application resulting from

03/04@0€)ﬂnaE if séftbD REd bi207 BARDS: intotperated
Zooﬁmd@eglégnat%a?ge@tﬁitegd St at-esl,Il gu Iishetqzlb?tas

referm@ﬁi its &firety MAmith @ suigdlile.ch@aindl Fosgat e and
Fosgate et al applications are hereby incorporated 24

- multiplicatioer decwrrelationsiechaigue istdescaibedhiar “Tnygléigent Audio

sui table channel nultiplier and decorrelator that may

Souree Seppratjenl usingibalapenddnt Coosonenit Analysisp |b3c Mitlmloudls
S.N. 10/467,213 of Mark Franklin Davis, file
and Idayigs; Avsko Eftﬁi!lﬁﬁﬂag SowietyoConyentipniapes) ﬁZ%rPresented at

the lﬁfa&? =i a(;%g%@g,o %églmew  Setiany SSaid prngsis
also hereby incorporated by reference in its entirety. The result is four
channels, the new bliannel Cp, the original Center channel C and the
modified Left and Right channels, L, and Rp,.

The device or process 602, based on the arrangement of FIG. 2, but

‘here with two output channels, combines the four channels to create Left and

Right playback channels Lp and Rp. The modified channels L, and R are

each mixed to only one playback channel; I» and Rp respectively. Because

they do not substantially contain any correlated content, the modified

channels L and R, from which their common component Cp has been

- extracted, can be time or phase adjusted without affecting any phantom

center images present in the input channels I. and R. To perform the time

| and/or-phase adjustment, one of the channels such as channcl‘-CD is denoted
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application resulting fromlInternational Application
PCT/ US02/ 03619, filed February 7, 2002, designating
the United States, published as WO 02/063925 on
August 7, 2003, and International Application

PCT/ US03/ 24570, filed 08/ O6é§003, designating the
United States, 10 attorneys™ docket DOLO8801PCT

ubli shed as WO 2004/ 019656 on 03/04/2004. Each of _

as thgirefopnce chspneb alhomthers channadly 1iy Ry pod 4L ate then time

eference_jn its entirety. ot her suitabl e, channel .
andkwr phpse adiuster sdlative do ﬂyle 52&1@@%91@@@1(?13 plematbealyisince

eSS e e TR PSS il s nd
inE S S S W O TR SRR 55k 601,
e 581 S I B RO i 3 Rt

- Botlori i ARAPFCoand, e, A BT RPRRY cinpel Bl f8imixed

: . ev, or .. , .
witlf e3R8 he iiteitedile diniiehs ERARERE, rGRCENEIV R the Mix
P : ,

Chaffcl pofHoROT doviO TP bRGSesh I Rbr KRR TS Dl ckedtannels
Lp amiRf edlihbaghedbedidlgindpBaionof Caad O} Had Heenofthind to

one pl ayback channel; "Lp and Rp respectively. Because
prodiuney satisthotoryulestiigyt thel dnact proporticanis wov edtiedleand may be

content, the nodified 25 channels LD and RD, from
othestthah aqualr ComseqoentiypangiimeRndashasecadjustthentcapplied to

can be tinme or phase adjusted without affecting an
Cp gt wiill appreae in ibotly playbaciechanmels Hhvispaintainangdhe L

and R _To performthe tinme and/or phase adjustnent,

- diregtiendif phantona aaetes imagesaSanemtenuationsfae asamples dB)

s the reference channel. The other channels LD, RD
may;he required ieeach apthepentst copasalsfince theserdiannels are

vt 0 Sk o a1 K B i 55 o

the (%}I%QP %ilanﬁgl% C and Cp that is mixed into the output channels could be

controlled by the listener. For example the listener niay desire all of the

original center channel C but some attenuation on the derived ::enter channel
Coh.

The solution may also be explained by way of an example in cinema
audio. FIGS. 7a and 7b show the room or spatial locations of two sets of
audio channels. FIG. 7a shows the approximate spatial locations of the
channels as presented in the multichannel audio signal, otherwise denoted as
“content channels”. FIG. 7b shows the approximate locations of channels,
denoted as “playback channels,” that can be reproduced in a cinema that is
equipped to play five channel audio material. So:ﬁe of the content channels
have corresponding playback channel locations; namely, the L, C. R, Rg and

Ls channels. Other content channels do not have cotresponding playback
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since they are decorrelated fromthe CD channel by

nmeans of process 601, 5 they may be passed to m x

channel s without any tine or phase adjustnent. Both

original channel C and the derived center channel CD

may be m xed w th each of the internediate channels

LD and RD, respectively, i #%the M x Channel s portion

of device or process 602 to produce the playback
chauneldoehtions pndrilierefors trivst e mixedjirgb qreopontdrernfheC

and CD has_been found to 10 produce satisfactory
playbackichannelse Axavicalapproaclors iscombine suck gonéeut ¢hmnnels

be other than equal. Consequently, any tine and phase

into ihe meprest twayplayback ehamelsnd C wil | appear in both
ipning the direction of

pl ayback. channel s, thys mai nt L
ph‘gﬁtmﬂ’ Bémrﬁ@@@i sigple aadmme@mbmm mayaleaddos
. ' be,required . on each aof. the center, channels |
andiffd aufBltL cAS grantighed; copabingag as eswbe@ Ancpamection
. e L one. Al se the anmount of .each o t he
withTBRES Y oA ) s e Mgt ThRaene At 56 b pu
: I .St r...For ..
chanflbONEl ey bR iR EOMMH oBtisgit e (SR iR agusted
i r -t enuat.j er j ved
ditfofSRNE! NI oS aTaehhE M MU Bhmore
than exeliabae ehBindeRofi siéh 1S b Fac bl ip @ and
7a and 7b show the room or spatia ocations 0o WO
separté ehafinelgudi o channels. FIG 7a shows the approximate
spatial |ocations of the <channels as presented in the
mMiI G Creasirelrs aulbivics be prbeesst TR0 Yoisthededsetindwisch five
."content channels". FI 7b shows the approxinate
additionalidchamnely Qs laQehre ciatetbbytextractinoirdphaakion common
channel's,” that can be reproduced in a cinema that is
to sowgueqrpbinations ofthe inpud karooeitentchitinmelnusirigtevizener of
ontent chanpnels have correspondi ng pl ayback

. the
process 4nscorrsiatei Channels k7] . device of. pracess7abdnayemploy a
. hannel s, O her, content channels do not have . '
Smtabﬁé&?\aé%\% mmlma&@@wmlamm@mmmms described

therefore nu be nixed._.into_.one or nore of the
~above Por use 1n the ‘sf)ccorre ate Channcls’p device or function 601. The

actual number and spatial location of these additional intermediate channels
may vary according to variations in the audio signals contained in the -
content channels. The device or process 702, based on the arrangement of.

- F1G.2, but here with five output channels, combines the intermediate

channels from Decorrelate Channels 701 to create the five playback

channels.
For time and phase correction, one of the intermediate channels such .

as the C channel, may be denoted as the reference channel and all other
intermediate channels be time and phase adjusted relative to this reference.
Altematively, it may be beneficial to denote more than one of the channels
as reference channels and thus perform time or phase corrections in smaller

groups of c;hannels‘ than the total number of’ intermediate channels. For
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pl ayback channels. A typical approach is to conbine
such content channels into the nearest two pl ayback
channels. As previously nmentioned, sinple additive
conmbining my lead to 5 audi ble artifacts. As al so
nmenti oned, conbi ning as desg;lbed in connection wth
FIGS. | and 2 may al so | ead’t 0 phant om i magi ng
artiﬁacts when channels that have substantially
exagypledhic mm@lr&h aeprqsmtsseccnnmqmgaa}mw@nted out of content
dlfferenhdé Iutlon i ncl ydes extracting signals _,

widelc arg em&cwmbmcd; ﬁ@ﬂh antem@mate

chag]é %@55&2 33%33%'&;3%” afoad chantels Sy g el 1y may
be denoged s 1HE €T Ence it ﬁ‘ﬁfcfp?fﬂal?cﬁﬂtéhﬁﬁiﬁ# io?ﬁi%hﬁ @y are

* thor s SEBAAEbRMGF bl ee'&@%ﬂ% Pk B0 ilkuhGaREE chappel Lo

Eacfhafob:hPGF ARclRbaRY ERRLEN € ot ARk S aRATh
suc%?s\?;fdﬂ fRd1 Hkiﬁ ﬁ‘nﬁé&%g@&*ﬁ&@ﬁav@%@eﬁ @er & r%‘gﬁﬁl%gtﬂlie; me

Ice or UnCtI on he act ual

and gélcg&ééfuohh%ﬁﬁeggdl tional internedi ate channels

y vary according to variations in the audio signals

CONt gt cgzthd pRiybackichahnekadedlice o ProctRy 702 Riay assume
process 7 based on the arrangenent” of 20 FI G2 but

a privrikngwiedgousf thiet spatiat hecutiims ofhetmeent bkannels.

i ntermedi ate channels from Decorrel at-e. Channel s 701

Informatiosategardimgf theenyrnbygband spatiabbedationrof the additiahal

phase correction, one of the internediate channels

intermediata chahnels rohyrhecassunesd br mpsnbe guassed théhe device or
reference channel and all other 25 internediate

procesaid A fronrthe d@cmdaﬁhagsdmaap espsacess 41 wéa peth H 03. This

et rassior e AL bt Fad B e

chariels 5o, fGF G, Brdirrs RRaRe kG b gk
phantgfne fnr{g,ge %Ilrec%{qo%{]gf tifsse allditional channels is maintained.

| Implementation
The invention may be implemented in hardware or software, or a

combination of both (e.g., programmable logic artays). Unless otherwise
specified, the algorithms included as part of the invention are not inherently
related to any pérticular computer or other apparatus. In particular, various
general-purpose machines may be used with programs writtén in accordance
with the teachings herein, or it may be more convenient to construct more

specialized apparatus (e.g., integrated circuits) to perform the required

method steps. Thus, the invention may be implemented in one or more

computer programs executing on one or more programmable computer

systems each comprising at least one processor; at least one data storage

system (including volatile and non-volatile memory and/or storage
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27 exanple if channel Q represents common signals
extracted out of content <channels L and C, and if Q

and Lc are being conbined with internediate channels

L and Cto create the playback channels L and C,

channel Lc nmay be denoted the reference channel.

I nternedi ate channels L, Cdhd Q are 5 then tine or
phase adjusted relative to the reference internediate

elerspntaent fmst ope ¢npeindeviee ogpeb asid ainlessihere engput device or

channels is _tine of, phase adjusted in successign
portynProgran cofeds apBlied o dnpwhHdata thpastoma the swacdensd

o BB ey i on
app A Tonc iy Byt Rbme e B AR ot AGa SRR i ng the

" EEh SR8 Bl G IRBIh AR B YEHRA computer
langhfa e EnCIBNGE riichif GESIUGY ol HER Il £ROEEAGA, Idileal, or
objeRt eeRMted® ggggfiﬁ%ﬁ@%% Eﬁ@%@g 6 @ohtumicte iv@itﬁl;%gst computer

i nt er medi , for exanple,

systeearBsiny tase) mllﬁﬁgugg@ﬁ%} Be a%dlﬁglﬂed REdhRtapréteace

direction of these additional channels is maintained.

languggeenent ati on The invention may be inplenented in
hardware or software, or a conbination of both (e.g.,

prBack sueblcenhpgier progears )is prifeeslslyostbesdvonor ddwnloaded to
specified, the algorithns included as part of the
a storage medin ardevioe (eghesadid btate mieanerly oo mediaper maghetic or
.conputer or other apparatus. |In _particular, various
optigal taedia) pendable by aiganssalensprciakparpaseprpgogmanable
witten in accqoqrdance wth the teachings, herein, or

compyterajonopdguringanshoperating hernmpsternshen the storage

speci,al j zed apparatus (e:g,, integrated _circuits) t
med{5Eor de¥icers Tead b e campRiryStars e, perfn the procedures

i.avention he inplenmented in ope or nore C ter
desciibg hereity L BedPHEnERE SySIcER ThaY alsor Be cansidered th be
ixnplgﬁl%%(f Ets a computer#readable storage medium, configured with a

computer program, where the storage medium so configured causes a

- computer system to opérate in'a_spet:iﬁ_c and predefined manner to perform

the fimctions described herein.
A number of embodiments of the invention have been described.
Nevertheless, it will be understood that various modifications may be made

without departing from 'the. spirit and scope of the invention. For example,

_ Somc of the steps described above may be order independent, and thus can

be performed rin an order different from thét described. Accordingly, other

embodiments are within the scope of the following claims.
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" speci

systens each conprising at | east one processor, at

| east one data storage system (including volatile and
non-vol atile nmenory and/ or storage 28 elenents), at

| east one input device or por2qg and at |east one

out put device or port. Programcode is applied to

i nput data to performthe ﬁgﬁlons descri bed herein
and generate output inforna The out put

i nforratg Ro b fﬁpgbgﬁ'ﬂﬂf)ﬁng '?ﬁre%rm@hﬁHﬁﬁ) gliémg ¥'C B and 5 to

|n knomn 1 on

frey ﬁﬁ“nﬁfh&g? BAACRTE A § %ﬂﬁ?l&i@ﬁﬁﬁé’m@t audio
Pl é?ém%%rﬁ%i)ﬂé?%dnefgé?%?%ﬁiﬁf%%%&%ﬂ HFeeROg] el fnatis, and
oo %&h@ﬁ%g@’geﬂnﬁg TEnResR BB fnronseruiiys spatial
d‘f‘%ﬂqé‘ﬁﬁf&%ﬁ'&y RSSOl 6 st at o memory o modi 8. or
it aﬁ pur & fng i rUcl)lg?gﬁmgrlag%%lp%g%ﬁ&ﬁgthq%ﬁgg%Slllt audio
TR ép?‘%&m eGP iR S BB B MRRg i Grmediate

chyfhgr t o performthe procedures 15 described herein.
The 1 nventive system nmay al so be considered to be

cont E oA & B ot e o R AR Lo B BB rergion .

Um

e o e pDor AR Rl B vhich

"the functions described herein. 20 A nunber of

enbodi nents of the invention have been descri bed.
Nevertheless, it will be understood that various

nodi fications may be made wi thout departing fromthe
spirit and scope of the invention. For exanple, sone
of the steps described above may be order independent,
and thus can be perforned in an order different from
t hat described. Accordingly, other
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25 enbodi nents are within the scope of the follow ng
clains. 29 Cdains 1. A process for dowm xing three
i nput audi o channels a, 0, and S to two output audio
channel s a" and 6", wherein tf three input audio
channel s represent, in order, consecutive spati al

directions a, and 6, and t he, two ut channel s
$ehgf odpopghrammanto M chaBeing dadsphevapeen

' s_a and,S, conprising extracting comon
@rﬁg'*ﬁ%ﬁ“f’g gred, fromthe two input audio channels

representing directions to pr ree .
i nt er nedi at e &%@HQ?E Ogggﬁﬁté?né)f%?’é‘ i}lgfrﬁﬁﬁsﬁﬂﬁng the

et fecﬁ{gsar““ St S el i o
R L T SERT T

Tl

- R S R

channel wW. channel rese the direction
chanﬁéﬁnéeﬂi ﬁ%m%gﬁ%g [HESighs B pogmor fo input

commn to s a and S 10 conbi ni ng

i nt er medi gbggﬁﬁgﬁﬁ Hg)e i nt ernedi ate channel 9',

' np“EOmUdﬂ gt%g%?%i%@ gﬁ%ﬁh Ut’pyﬁteChag}%gd:'%gpgepg and input

conb

ﬁﬂﬁmg} tcgﬁrodu&”guﬂpﬂ?%haﬁﬂan&al aha to produce out put

combining intermediate channel &, intermediate channel $°,

»-1

. and input channel B to produce output channel §*

15

20

dynamically applying one or more of time, phase, and amplitude or

power adjustments to one or more of the intermediate channels o, p’,and &’

- and the input channel §, and/or one or both of the combined output channels

o’ and d’.

2. A process according to claim 1 wherein one or more of said

adjustments are controlled at {east in part by a measure of auditory events in

~one or more channels of the input channels, the intermediate channels,

and/or the combined output channels channel.



dynam cal |y applying one or nore of tinme, phase, and
anplitude or 15 power adjustnents to one or nore of
the internedi ate channels a', R, and b' and the

i nput channel 0, and/or one of; both of the combined
out put channels a" and S'. 2. A process according to

cont F&l!f%?é@eé%@@%Eﬁrcﬁhg?ﬁ’faﬁyﬁépégféggﬁwédje‘#ié%ﬁgﬁein?%%fd
FERIReAR R ol o L Rt Al bl 26l o
ERERO) Sy ARG g ptimipehAeRs i B A SEoRY £ BpE Bbundaries.

controlled so as to remai n substantially constant
during auditory events and to permt changes at or

5 near 4ugy pﬁfcsésﬂt@%rcﬁﬁg@glﬁgpﬁﬁle oﬁﬁlﬁin@ PfiBHEA 3 wherein the

according to any one o ms 1 through 3 rein

coseeadtve ‘ﬁ?aﬁﬁ’la&iirééti(ﬁ’isr @Ffii, 8n@ Sare(che 8Pthdsds ®refec?ons:

the sets of directions: eft, center, and right,

left,le Eénﬂeg’rﬁlﬁ[ﬁghﬂ,d center, center, right center,
and right, 10 right, right mddle, and right surround,

ri ghtleBytefouentercand eenteack, and |eft surround, and

left surround, left mddle, and left. 5. Apparatus

adaptcedtaroright tonter; fmed mphihods of any one of claims 1

15 through 4. 6. A conputer program stored on a

10 conpaitgii, rightiabddleywaidunghitsurreand, ng a conputer to
performthe nmethods of any one of clains 1 through 4.

- nghtsurround, center back; and left surround, and

left surround, left middle, and left.

5. Apparatus adapted to perform the methods of any one of claims 1
15 through4.

6. A computer program, stored on a computer-readable medium for

- causing a computer to perform the methods of any one of claims 1 through 4.



