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Descri pti on Conbi ning Audi o Signals Using Auditory

Scene Anal ysis Technical Field The present invention
woore@igtied t o changi ng the nunber of channel sPCT/U82005/024630

mul ti channel audi o signal in which sone of the audio

channel s are conbi ned. Applications include the

presentation of mul ti channel! audi o in cinemas and

vehi cl es. The invention includes not only nethods but

al so correspondi ng conputer programinpl enentations

and apparatus i npl enment g)ésgplg,ti,ﬁ@ckground Art In the
| ast few decades, there has bDeen an ever-increasing

rise in the . production, distributign and presentation
of nudqlﬁglemﬂg Audio %gm?é‘eﬂsmg Amlitorsi Secnemdnabysis
driven significantly by the filmindustry in which 5.1

channel pl ayback syst efeclgiieqFiegt ubi qui t ous and,
nore recently, by the nusic industry which is

bedl'he presant ipventioe iSrelated to ciwgiag thesivenber of channels in
Typically, such audio material is presented through a
a npildgharnclsyutiorsigmaltintabiathgoman therdartio ahanhelnales
as. the material. For exanple, a 5.1 channel film L
combinest r Appligations ineluderthe presentation affranticharined mudie in
. throu ablc nel hope {heater audi o system
cmﬂa\a@@gﬁ V@hf@ilf'é- Pﬁﬁ%ﬁl‘f%%%m ydasspt en wnmtég)ds but also
nmul ti channel terial over stens. or in,environments
cor{GROnGNIE SOMBRIET PHOS IR OT Wi ADRFFAGHS
im@gﬁ@ﬁ%ﬁﬂg the nunber of channels in the audio

for exanple, the playback of 5.1 channel

material in a vehicle 4{@% 0 two or four
orBt e Spgéga‘gky

pl ayback channel s, of greater than 5.1

chapn@le 198V fe8y aeegqésr W& 1;155 Be&ih aﬁra;zne}-g@(&%éaéir@hge in the

equi pped wth a 5. ¢hanne system .
produktiahi ﬁiblﬁh.‘ibh’]g@h%ﬂ @seﬁ%@idrpofﬁ{eﬁltiﬁﬁaﬂﬁel"ﬁfd’i’@rﬂlé't'erial.

sone or all of the channels of
This rise has been driven significantly by the film industry in which 5.1
channel playback systems are almost ubiquitous 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 presented in a 5.1 channel cinema or
through a 5.1 channel home theater audio system. However, there is an
increasing desire to play multichannel material over systems 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 situations,

there is a need to combine or “downmix” some or all of the channels of the

multichannel signal for presentation.



10

15

20

25

mul ti channel signal for presentation. The conbi ni ng of
channel s may produce audi ble artifacts. For exanple,
weanws/fisaguency conponents nmay cancel whil e ot RET/US2005/024630
frequency conponents reinforce or becone |ouder. Most
commonly, this is a result of the existence of simlar
or correlated audi o signal €onponents in two or nore
of the channels that are being conmbined. It is an
objldst cambihing ohokannas may produdeaudible aptifacts For
artifacts that occur as a result of comnbining
exagiansome fceqeen@breppongnts mey egneekavhileather frequency
docunent js read and under st oo It should be noted

COMPRRERtH ECHYREIHPHHCEIMESHAHALT-s qeEnEEY s i@ result of
the 0 P 3550 BBk aliscl B et oty W
moff G Sufgh bR TG BBROHRA"0r oi ol channols in

b g A oBIEAN mes #intiof il GIAIASESS hAifiacRSthat

occhP8s %rljeghg‘ﬂf Mﬁ{in% Hahaene! @thérﬂ%ﬁjﬁc%ﬂ Pe. é}ﬂn’eﬁﬁtted as

context o downm Xi or "upm XxI ng, conbiri ng

thistlo@ABAE]Srehd fiPahdedfocdldi tional channel may | ead
to audi ble artifacts. Common techniques for mnimzing

m At seogld bbaoned tiegnhe contbiaitg bdechanhslsahndg be required for
appl yi ng, for exanple, one or nore of tine, phase, and

othanpliiposds, fot jusoder ) redijctsomemntise hamber afhdramnsleds.t Bobe
conbined, to the resulting conmbined channel, or to )
exampih, thardimaygibgreaheed te craate aaradditionabhplaybackathaingel that is
their characteristics change over tine. Therefore,
somgeombipationefttea or mare ©idhguigingt ehenpelsanithe
cal cul ated and_gpplied, in_a dynam ile.
RE

mullichgpngh sinab. Ahip magy be charadteriged ragarﬁn%r‘?&ﬂ%u@m%iagﬁ in
G SBT3, Whether
. t i (4 t . . |’ (13 d.' t 2 .

in tff, 2360 G rbru iR HE - PR ER B nlRRE bF gfigamels to
credB'dH A dEfdnal 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 combined channel, or to-both. Audio signals are inherently
dynamic — that is, their characteristics change over time. Therefore, such
adjustments to audio signals are typically calculated and applied in a
dynamic manner. While removing some artifacts resulting from combining,
such dynamic processing may introduce other artifacts. To minimize such
dynamic processing artifacts, the present invention employs Auditory Scene
Analysis so that, in general, dynamic processing adjustments are maintained
substantially constant during auditory scenes or events and changes in such

adjustments are permitted only at or near auditory scene or event boundaries.



10

15

20

25

substantially constant during auditory scenes or
events and changes in such adjustnents are permtted
wonbos/ae719r near auditory scene or event PCT/US2005/024630
boundari es. Auditory Scene Anal ysis The division of
sounds into units perceived_ as separate i s sonetines
referred to as "auditory event anal ysi s" or "auditory
scene anal ysis" ("ASA"). An extensive discussion of
audi tory scene analdyslirysSScese Amrlykisby Al bert S.
Bregman in his book Auditory Scene Analysis - The |
Pe ﬂ?lmodwasloo ghsounds mto sniSqerecivedsasatanagate is sometimes
Institute of Technol ogy, 1991, Fourth printing, 2001,
refegearbiias( Fuditers cpapbaysise At agM1toTE SeANG g3l s

(A hefteRpve dstusiis OhatNRE, ScpRe BHaRsi isie forth by
ARSE R BAEE N SRR ) e et A B e pprcepruat
OB EF HA FTRMR09, Four
prifdithf K01, Uichd AT Do papolBlcIOBBdaRD! | catt on

P . £ | . .
PRSI G donuino

bouRIBeIRY in accafthceSaitl aapetiscet Andioay Sdeaeehnalysis are set

i ncorporated by reference in their entirety. Certain
forthpipl Ucsit Patest ipplicataudSNr V0781638 o Biieti GaCrookett, filed
techni ques of said Crockett applications are set forth
Novembes20p2008t entifled ¢ Beigomersing Aralia Rigaels into Bredifory
Crockett and Mchael J . Smthers, filed Novenper 20,

Everus;3, attomieys edockeinbOL.028 WSdwahickiisghe U.S. National

Characterizatigns Based gn Audi t&ry .Ev
[

apphtoadionaipsulting kem dofaoationa caaoaeﬁ]ﬁ%f/ﬁ SR @39, filed
retbinc a5 e SUEEL SRR 001 00
021087238 o BetsBuEt S, SRR kB ipporporated
by detefiiedt i B Rumcrt 86 EbisaNoaN RS sty syyent
idehQficdtiBh techniques of said Crockett 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. Crockett and
Michael J. Smithers, filed November 20, 2003, entitled “Method for Time
Aligning Audio Signals Using Characterizations Based on Auditory Events,”
published July 29, 2004 as US 2004/0148159 Al, attorneys’ docket
DOL09201US, which is a U.S. National application resulting from
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Al'igning Audio Signals Using Characterizations Based
on Auditory Events," published July 29, 2004 as US
waQs/0@48159 Al, attorneys' docket DOL09201USpCwhiSeds/024630
is a US. National application resulting
from nt ernati onal Applicatign PCT/ US02/ 05806, fil ed
February 25, 2002, designati‘fng the United States,
publ i shed asWO 02/ 097791 on Decenber 5, 2002. Each of
Intesnatdomalodpplicatiod BEITYUE02/G806, ddeddrebraasy 2i5s 2002,
hereby incorporated by reference_in their entirety.
designatimggihet doted fietesd published ap WE03/@8 btk on Iapeember 5,
Crockett/Sm thers applications are particularly useful
2002n Bapin @Eﬁa%leﬁetaggécSrgltgﬁr& #epligasiens ateralgh dieseby
. other technigues for identifying auditory events and
incQRPRAteHdRNHBlCTeR0e il AT ERBISed i n aspects of the
presgnt i.nyenti.on. D sclosure of the.lnvention .
he ot 16 i e BeSRed He P CHRGRsL B30 socket Srgithers
. A - C
appHTG s Afk, AU PR L LRty FAER B Bs B prosent
. y 3 ]
invEpEEREL FHaRRE IS T Al ey ifaR
bouhd8ries Hiy e eqﬁ?mseéd irpasrgeetdo@f the ngpesehawé_ igd the
conbi ned cthannel, "wherein one or re of said
adj ustment s ar e cDNdOSIRfihd Bvdntion part by a

nmeasure of auditory events in one or nore of the
chaxewrdimnt an dspectofitiieecatiannalprotbss folj emhbiming audio
may be controlled so as to remain substantially
channelst aompisasrapmbitiingrthc eudin shamdels dogeodiice ahcombimed
at or near auditory event boundaries. The main goal of
audic ehanvelpandrdynamicallypapplying ene eurmiotg af finye,qgrhase, and
combi ned audi o signals. This my Qe achi eved

amplitass & POYepadiwtmenss to tg chanels.ttonthe bié{%ﬁ@h@md, or
to tith th <hameeldHeh ek oot ebtnisls vierkaRe Ok A of said
ot TSl b 9B Rl o A GHRL PBts i
one‘rt’:cgj R E%H e MBhhER 100/bP UG hbittd MRhindE nfﬁ@'eﬂd}fuments
may be controlled so as to remain substantially constant during auditory
events and to permit changes at or near auditory event boundaries.

The main goal of the invention is to improve the sound quality of
combined audio signals. This may be achieved, for example, by performing,
variously, time, phase and/or amplitude (or power) correction to the audio
signals, and by controlling such corrections at least in part with a measure of
auditory scene analysis information. In accordance with aspects of the
present invention, adjustments applied to the audio signals generally may be
held relatively constant during an auditory event and allowed to change at or
near boundaries or transitions between auditory events. Of course, such
adjustments need not occur as frequently as every boundary. The control of

such adjustments may be accomplished on a channel-by-channel basis in
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hel d rel atively constant during an auditory event and
al l owed to change at or near boundaries or transitions
woetosmasriaudi t ory events. O course, such adj uBCTRISE®S/024630
need not occur as frequently as every boundary. The
control of such adjustnments _may be acconplished on a
channel - by- channel basis inéesponse to auditory event
information in each channel. Aternatively, some or
responseto suditomugvennimfomnatgn e cach @hannshedlternatively, some
response to auditory event inforpation that has been
or 21h b Pl agiestmants sha helascommished inHesPanse Knanddosy

h t f t [ ti i ncl yd
v uATS) Tl bbb i ReRSCLS: fower than all
haboxscra-descri bed processes and ot her processes
ChafES i bed in the present application along with

VoDt B ORISR AR hORR, RGP A AEES 5 Fevices for
pe L b £ 8, ISt i
B e, B e o
suchqhorBsdes. bY et furth&aispuce oPtheritdicativindmaly BY appreisted as

processi ng nmet hod enbdodyi ng aspects of thée present

thid dvemiiennis fda@ aidd uadarstovdt i onal schematic bl ock
di agram showi ng the Tinme and Phase Correction 202 of

FIG 2 in nore dddesdripéorcofthe Dmpwingst i onal
schematic bl ock di agram showi ng the M x Channels 206
of IH&G. 1 25 adunetenakescliamativ tlodkadiagram ofegengealized
response showi ng the magni tude spectrumof a white
embeduaca @ﬁthe. prasent HBVQngl(ﬁh i deal i zed response show ng

corBih his BAUBCHORSL SvaRAlr bLSTEABETAE of ANARGED Sigrsd
Progisaf RO EREa iR L ASBRER Aekie BFedoRt Querion.

of #d 3 id 33680 onh s Bt 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. 5a is an idealized response showing the magnitude spectrum of a
white noise signal. FIG. 5b is an idealized response showing 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 approximately a fraction of a millisecond. In both FIG.
5a and 5b, the horizontal axis is frequency in Hz and the vertical axis is a
relative level in decibels (dB).

FIG. 6 is a functional schematic block diagram of a three channel to

two channel downmix according to aspects of the invention.
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5a and 5b, the horizontal axis is frequency in Hz and
the vertical axis is a relative level in decibels
wOdB)/01#11G. 6 is a functional schenmatic bl ock #CamIS2005/024630
of a three channel to two channel downni x according to
aspects of the invention.FIGS. 7a and 7b are idealized
representati ons showi ng the spatial |ocations of two
sets of audio channels in a room such as a cinema
audIGR.i Tavand (76 ared dehbined répreapptativinsshe veipgt thal spatial
| ocatigns of the "content" channels of a multichanne
locatignoottyasets ahandiorelmnials dneweonheSushnr o) Cigraa
spat i al igns of "playback” in a cinenn equjpped
ancifipiray HIE ol finwelthadaptona e penablGanmas ot e
« fTunctional schemati.c. bl ock, di agram te nel to
copfii” cRaRReR chim ficheaBr kgt SEhal RS BHEL F Shows the
' i.0 Ly b - The.. nf i A
pptipaierpalfi iicifons ! ¥tebfath: i d bR RBRe o play

' . erein an audi o channel conbi ner or
ﬁv%g%@@nél%lﬁlgmheﬂﬁ}

ning process 100 is shown. A plurality of audio

i nmm.d@ﬁrbehﬁ%?%%l%eﬁmmO%k didgram!d¥ st chiHnelRo

are applied to combi ner or ~conbi ni ng

fivé ehginelrddwiniRiaeoftdianngl &pkcklaf frdinyengidnaudi t ory

scene anal yzer or analysis function ("Auditory Scene

Anal ysi s") 1NBdeShEoe Cmyyie OwWe Kie Tivéntionut
channel s to be conbi ned. Channels 1 through P may

c o tgenetral izadhembiodaimeno bf dhs preseit impentich anslkdwn in FIG.
Conbi ne Channel s 102 conbines the channels applied to

1, whereit ahcangho shahnebabinbanéoor eemnbieing procesadPlds shown.
|i near, addjtive conbining, the conbination technigue

A plyraly ofraudiednpubchaanglscRdnput ehannalsnl 011 daanghd®1-P

t ] i ni th h I lied to, it, Caopnhi )
arc GRBHRBITS B OB oy REIAT & o igane dungfien g Clghlaingt
Chaigisol [0 §nd 30 coraisety Sestier Al geer ot A sbRmsgon
(“qu?ﬁ{]qr}gfls%ﬁq%i% o@gprﬁié; ’r}éﬂ%.cﬁre]?ee Imsayt Be I’E’v(%focé)rnrtﬁ'orll(ee ?n&rftdchannels

to be combined. Channels 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 combination 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 are not critical to the present
invention. Examples of suitable techniques for combining and adjusting are

set forth in United States Provisional Patent Application S.N. 60/549,368 of
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channel . Such adjustnments may be made for the purpose
of inproving the quality of the channel conbining by
woedsmilymg9 m xi ng or channel - conbi ni ng arti f act BCT/TiS2005/024630
particul ar adj ustnent techm ques are not critical to
the present invention. np7l es of suitable techniques
for conbining and adjusting‘are set forth in United
St at es Provi sional Patent Appl ication S.N 60/549, 368
Mamk WrakkEnddvisnfied Marchi 1,620 renttitledo 00w, BirRatd Addio
"Low Bit Rate Audj o _Encodi ng and Decoding in Wich
Engadingmngd BesndugsinaVéhi @plee@hayna s\ Bepresented by a
Channel d Auxili ary Jnformation,” attorneys, docket
Monophonip¢-hapaet and dexidiarp] Tglommnaian /qémméxsl dackein,

DO 48150 S 1SR R O 38 8
Frag i 33isn 8t Abafeiting B RSP AR R P G BEB R AK AR
En&%édlﬁ SI onalegg\ghfé it i 1clJr éﬁﬁltl@g%@g At gﬁeiented by a

o%%h'lé‘c%‘ﬁhél &4 A@tﬁxifl é&g Mgﬂat}ém »Z0Rfnedst ab&s&

Bit Rate AUIO Enco codlngln whi ch
DO 1303, &indnenied States Pﬁﬁf@ﬁﬂa‘l @Ei)ﬂﬁ/caﬁdYPSQWh@O/S@S 256, of

Channel’ and Auxi | | ary Information,™ attorneys' docket

MaoHradkld Déaighetosl SRidiJulyr bE 200 icgititled LeppBitcRatoAudio
of Davis and Davis, et al are hereby i ncor porated by

EncatiageamckDecothed in eitich dvultipledChannel Saeo R eprasarted by a
103 derives auditory scene information in accordance,
Mohephexierplhannel and thetitiarydsfomsatiomdatitorneys’ dockesr e
of the above-identified applicati ons by or sone ot her

DOJul 1 3H. eEaghiofsejd deeecpravasional applicattonsokDavat and Davis,
o e siahY UicarbOna il Tebraiscieiniiory” vafiSy Seene
AngfiRis £l fesrves iy SioeBe TaloTiatien imapiRidapgeaor xample,
iGN SURbE e B2 D R iR mplcatons
by ép ggess e(% S‘ugﬁlg %\g&lﬁgﬂl SXHPLE195e 0 UM RiSHIRSs. Such
information 104, which should include at least the location of boundaries
between auditory 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 combined 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 invention. 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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nmet hod 200 enbodyi ng aspects of the present invention.
Signals 101-1 through 101 -P froma plurality of audio
woheosradmol t hrough P that are to be conbi ned BC®US2005/024630
applied to a tinme and/or phase correction device or
process ("Tinme & Phase Corrgcti on") 202 and to an
auditory scene anal ysis deviPce or process ("Auditory
Scene Anal ysis") 103, as described in connection with
chafn€ls. 1Auditany Sceng Ahalysishl 03 deyives msiditony scenedn formation
all of a set of inputchannels. Auditory Scene Analysis
1041238 dppliesdt tauthiet Bige & Phase Gareetion2020whick apphiesdtme
it to the Time & Phase Correction 202, which applies._ .
and/erphaspiceiregiher individeally & cashiofithe shapnels todogcombined,

as i5 neEpPA el W IFCAneS ORI IGod e d N STEr B el
20 R s B AR Lyl ATRAEE B Frgrocess
(“MIKCEARRESS 2b8 (EACRNDPInSY A% ultlicht to ERBACS siftPie oyput
? % a 206 fl % co ro.ed%t})
chafEl 297, YOpHoRREI VAR AL U iRl A bbortRIeH by the
Auclﬂ’iﬁgiéﬁs_ééﬁé AR4ID6 iR HY 183 ﬁgﬁ@ dedcrithed ﬂizﬁﬁ@tnbelow.

tion as 1h the exanples o GS. 1 and may al so

An @odRb Bz pHredsssenes prbcedking ehethbdt dthBudhify dspects of the
produce nofe than oné out put channel. Auditory Scene

preserl inveatidAs(ihl thS.exhnaplds )f FAGH t bapd T aray alsaloosnbine
research has shown that the ear uses several different

varai omesyof ceanneds ilddnougly Pt teeptoshioeninoge simah end oatpat
percei ved auditory event. As taught in the

chaapel.e-i dentified applications, one of the nost

Phe audi o drighary Segnechsryripls hUasel arddl tory

AU adp e Ko BT TESEREUL Aol ABe: esar e soveral
it AR o R ERE S ok EAR o aerived
audifrS Ui AETALRP ih thE G6BVBLiHER R ppHiaiBas] ¥fie 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 auditory event boundary
between that pair of successive frequency representations, denoting
approximately the end of one auditory event and the start of another. The
locations of the auditory event boundaries for each input channel are output-
as components of the Auditory Scene Analysis information 104. Although

this may be accomplished in the manner described in said above-identified



10

15

20

25

may be conpared in order to find a change in spectral

content greater than a threshold. Finding such a
woheosgaoiindi cat es an auditory event boundary beCwasz5/024630

that pair of successive frequency representations,

denoting approximately the end of one auditory event

and the start of another. The |ocations of the

audi tory event boundaries for each input channel are
apptichtions; awditagnpoents aaddheirsoundtiries magden detdetdd biyother .
.information 104. Although this may be acconplished in
suitehke tewhméquerescri bed in said

above-identifiedapplicatiqns, auditory events and, |,

t h(ﬁlﬂdlﬁ%hﬁﬁ?lﬂfé&rﬁﬂﬂ %@Vﬁgﬂ%ts&itd WQ}%/ wath ¢ %ﬁ@icf%lﬁt@s that
SRRk BESUER LSS, AT o
am PRSP s R ok Rsal TREFBRORys of
the R RARSAURTACS, P EnMRGRAI wi ] AighRyeny pfects of
suc UL TRRY BT, AR SRR ble s, By
keefg{l}{g’ Haftfnedts @Uﬁﬁhnﬂﬂﬁoﬁ%hﬁu@ﬁﬁ@ﬁieﬁﬂ ah8Smfichah8BiY the

fficiently close to event boundaries, the simlarity

adjWtnfesht8edficientl§Vvelote k6 eheht bookdaries) theditmilarithafees
are likely to be hidden anong nore noti ceabl e changes

auditory keeauds notbrolesr up hatl theluhmeagek wres ligely yo bodiddent
boundary. Ideally, in accordance with aspects of the

amquge seore notiegablo changesiretheandion¢onfent thatanherenthysignify
paraneters should be allowed to change only at

the gyant beyndewnt boundari es, so that no dynanic changes

occar W thin an event. However, pflacti cal ,systens for

deddeallygimaesardapce vath aspegis 4ithe pspssnidaventipnechannel

corl Lo Ot S P A ren oy
audlfoF AR bR DS Rl o A St (B FES l E vt 4
evehEo AV ek plAEHTRRh B dbRotifetitiedy SR titaly

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

time-domain are transformed into the frequency domain such that the time
resolution of the auditory event boundaries have a fairly coarse time
resolution, which resolution is related to the block length of the digital andio
samples. If that resolution is chosen (with a trade-off between block 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 adequate to use not the actual boundaries, which are
unknown, but rather the approximations provided by block boundaries.

Thus, in accordance with an example in the above-identified applications of
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sanples. If that resolution is chosen (with a
trade-of f between bl ock | ength and frequency
woeswleilon) to yield useful approxinations toPCINAIS2005/024630
actual event boundaries, that is to say, if the
resol ution yields approxi rrafl(g boundari es that are
cl ose enough so that the errors are not perceptible to
a |listener, then for the purposes of dynam c
Craphetigiexentbonndades tzayche detdrminedgoesihin halfenblagk, length,
it is adeguate to use not the actual boundaries, which,
or ghast i aBilHseends farmbe exampleiondidsesmaleflook deagthyin a
bl ock boundaries. Thus, in.accaordance with an exanple
sysem erabloydne 4 %%Atkﬁ?é@nﬁg{ﬂg EHEi ons of Crockett, event

55 Bl TSt e Al G o
oo g8 RS TR AR DHER oo
ma BT RIndd 6 R ERppY BIIIALE SARBiRRVITETE,
milPs8EGhd<TaN WRidbAHe dvéifslis A %Yﬁ%k%@.ﬁ%ﬁli@é&‘én . For an
approxi mately 10.6 mllrsec S, In ich the overlap

audi6 saRiplexhifPdLUB 1§13, thid 1J SAAVAEHt t6F]1 22eurApIE BlovkIrife
rate of 48 kHz, this is equivalent to 512 sanple

whigho2k6 samplbs okreZaps switip ties prssdotiabdodi.t Eathelpckmapbe
bl ock. Each bl ock may be wi ndowed using, for exanple,

wiraldveedrinstngyifod ewamples a dfefrongevd nidovw anddrdnsfqrmedyinto the
domai n_using, for exanple, a Discrete Fourier

frequencyt domain msingyefor edample, FRiscrede FowurieTr Brasstom f or

. speed). The power, in units of decibels (dB), is . .
(impleantadeas adtasé demrisseloanaforun forespent)t &Bhs pawer, in units of

OO IR e
o A A T iy
ovefitpie pbEET His Be BSET o FHBEGE e Cot UesslbbRfide Also,
oth@PWitx&@W ﬁigfbtﬁfns%%gﬁ %ﬁ;e& m%%@%%ﬁgnﬁﬁlwg&ﬁvg has

Spectrum a curr 0CK may be conpar €
been found to be well suited to this application.

As described in the above-cited applications of Crockett, the
normalized frequency 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 between the current and previous block, otherwise no event
boundary is indicated between the current and previous block. A suitable
value for this threshold has been found to be 2500 (in units of dB). Thus,
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normal i zed spectrum fromthe next previous block to
obtain a neasure of their difference. Specifically, a
weoioglaodd f f erence neasure nmay be cal cul at ed bpCsmsSmi08/024630
the absolute value of the difference in the dB
spectral values of the current and next previous
spectruns. Such difference Heasure may then be
conpared to a threshold. If the difference neasure is
evegt batiadatioamahbetdetesholed, withirearmcchracydaf gbost half a
i ndi cated between the current and previous bl ock,
blodt.herwi se no event boundary is indicated between the
current and g&evious bl ock. A suitable value for _this.

t hrldun sheeshadd ppprogciueenlddamepplied te frequency ssibbapyls in
Wh,Thus, Zverghaboundagi esj[irgr(gydi%g&fcte%_rgégg%' | hi%e%?in the
confH B St ANETHAS: & S P RGeS Grts B haggridth
audg§ i e e ¥isS s TB% pRte VB BN oIS 1ols &b one
eveﬁg%{éﬁ%ﬁﬂé%{gﬁéﬁéﬁﬁh&f the perceived human ability to

at any nonent in time. The auditory

Thegé{?&s‘i*t% f SRR Boudd 'Iﬁ‘f&ﬁﬂaﬁ(?ﬁ tfﬁlzéibl? BRAARS] I (hARQHOP is

put as a conponent o uditory Scene

out%{gﬁliigy ﬁge‘)nhﬁkﬁﬂéﬁf‘?df e Afditofy B@eﬁé’@ﬁ%ﬂz%ﬁh@@ﬁh@ﬁoﬁ a4,

i me and Phase Correction 202 | ooks for high

correl ati on dighd &Phase Korsectivr DOLqIIER Het ween
pairs of the input channels. FIG 3 shows the Tine and

Phd&encCand fltdaserCafizciion 202 ookt ot higls coxel atioednd time or

bel ow, one channel of each pair is a reference
phashalifferencaseetwiceatpaireof the mpudchasnels: i BIGt 2 shawguibe
Tingead Hhoseicomaroe SO were dpizsiyes wrmlaitedpgiow, one
chagne Lok Far BaBnhEoNIIE QEITIS SIIGHWeAs GTOABPY 1 o
det%ﬁ% hagspele % dbsibdd befw eiReP SUtaEH SiFeRfioh Qtection
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 eliminating 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 approximately 0.21 milliseconds. A combination of the

undelayed and delayed versions of the white noise signal has cancellations
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nodi fyi ng the phase or tinme characteristics of the

non-reference channel, thus reducing or elimnating
waudiswigrighannel - conmbi ni ng artifacts that woul BCT/US2005/024630

ot herwi se result fromthe conbining of that pair of

channel s. Sone of such artifacts may be descri bed by

way of an exanple. FIG b5a thows the magni t ude

spectrum of a white noise signal. FIG 5b shows the

andchspputtal dhaping; toommmoedyicalled domabnfiltering, raxideaedibity songds

of a first channel consisting of white noise with a
veryalitietienti igrile White niaise bé eaelrénmi signabi se si gnal but

20 B Honvor s e s R e o
it ST LI RS AR GRS S v
appfiiira Y[Rk CICURBRRE dolick idents [ QTG ORLBRGS 303 EHht
o PSGIRGEITHE Sl T B G SRR Gy cven
vouREEY SHEUPAIIPIRY, PN AL S GapBhchl S5SE shammel 1
thr(z%% g{ais?’ﬁgedf BY f@éﬂc@'}g‘}fi‘%\'ﬁﬁlsslﬂﬁt 3Heiuldes ¥ RWSPdrary memory

ry 1 nfofmation h may have a c onent

devies oppEHceRAMRRIIAY) BOBRaBWonditibAally efhdave detgviighally 304-1

process that includes a tenporary nenory device or

througle 864 -F ‘thinl ate)usd3 réspectiveiy,itondelay dgdats oddhiagtions
signals 304-1 through 304-P that are used,

(“Dredaydci05-dl throbgh dé5aP fieeack channelite pradhace OTkpiua whpnnels
305-1 through 305-P for each channel to produce out put

306Hdhnengh 306-8. t hr ough 306-P. Calc Delays 301 (FIG 3)

Cal c Del ays 301 neasyres the_rel ative del ay between
pairs of the inputC@?@MBS 3@?;3{%£Gel3)ed nmet hod i s,

| ndottednalave T wiiestret Grarbe Vg Sl beRaPTops Shdye input
el B R RO 1 SR AS5AEURBRhabet o
ambfL ThEMFuCOMMRs. Thil Poret&l& FASHE AXAADr Y MAF Vary bver
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, let S, (length N,) be a block 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 reference). As
wornicioasragd above, the input audio signals for eaths2005/024630
i nput channel may be divided into overl appi ng bl ocks
of approximately 10.6 mlliseconds in |ength,
over | appi ng by approxinateﬂ@ 5.3 mlliseconds. For an
audi o sanple rate of 48 kHz, this is equivalent to 512
andssynpleagth d¢Rsa bfockho £ barplessiropt ene@fdhe aypm-véfehendee
previ ous bl ock. The del ay between each non-reference
chanhelsndfirstrehltiilate dfecrssecorbelatioh dreyy R, cal cul at ed
usi ng any suitable cross-correlation nmethod. For
exanple, let S1 (length N1) be a bl ock of sanples from
the reference channeland 2 (length 2) a bl ock of
sanpl es fEgom one of the non-reference channels. First
calBul/dr ‘%Qﬂéi8§sbcorrelaﬂfbﬂiéﬁﬂay RL Ra) = (D)
S1(HS 2*t-1) .1 =0,1,2,.... (1) n= The
cross-correlation may be performed using standard FFT
based techni ques to reduce execution tine. Since both

L T IR o O orh b s R e
e AESRSRES SR Uy lonp o anf £ Sepfupenye

len t'él), 1t]%é AbnMrd dg‘%ﬂgﬁ%mﬂg&)ﬂ‘lﬂ% %8s GNRnBABL SRIPNE YN Tﬁﬂlag l

e arrays e cross=correl’atidn resu

f bl.ock is tine. hed with.th
corfspoodfys o ingb i clemetF i 1E: aPSthsbhly Weoflayat

a first order infinite inmpulse response filter to

.YelaéW@aﬁOeSt-he snoot hed cross-correlation QL2 . The

foll owi ng equation shows the filter conputation where
m denotes the current block and m 1 denotes the

previ ous hl ock. 2 ,mM axR 12 (1) +(l-a)xQi 2
(I ,I%ATZIEEI,MM .l,z(lﬂ (3) A useful value for a has (2)
been found to be 0.1 . As for the crosscorrel ati on

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, (,my=axR,0)+[1-a)x0,,I,m-1) [=0,£1,42,.... 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 Q,,
represents the delay of S, relative to S,. The lag or delay for each non-

reference channel is output as a signal component of signal 302. A value of
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R12 , the lag / corresponding to the maxi num el enent
in QL2 represents the delay of S2 relative to 1. The
woagoemnodel ay for each nonreference channel i sPOUMSI05/024630
as a signal conponent of signal 302. A val ue ofzero
may al so out put as a conponent of signal 302,
representing the del ay of t¥e reference channel. The
range of delay that can be neasured is proportional to
zero neayauhiocowipghak andarmponenieof Figmial 362, répebentyeg thddelay of
bl ock size, the larger the range of delays that can be
the nefeseneeichanng]. t hi s met hod. Hold 303 (FIG 3) Wen an

event bounda is indicated via ASA informatiqQqn 104 .

f orl ke GGl 5@1% thaboan dsgneasuled ig éxrapommﬁg tpghe audio
. that channel _from 302 to the r respondi out put
SignaliGK S 6F el Gm NG et U RLasK SventedaRtiiy range of

i ndj,cat ed,, Hol d 303 nmi ntains the.l ast del ay val ue
dela&pﬁhaﬁﬁapm%%l’lr ']ﬁ%ngltﬁbsnm? Odhanges occur at

event boundaries and r less likely to | ead
to audi ble artifact s.ﬁ% gggggg-@{l%{)hrough 305-P (FIG

or WSSt Sclt Qi piry 13 pdRACPGisER 5% HIRARARHL 10 for o
chaglﬁéﬁ qllblcmysse *eggiewh%r@élhy YallQe H5¢ fhat @AainehaBREB MO the

e ‘abso xi mum delay that can be cal cul ated by

feponBeh@vatpftchanhied delsy signhh804otWhepaipbeedichayndary is
COlea?Emof ?he %gr a)%l 305- 1@{ hrggugh 305-P is the sum of Y

indidaged, dIpkt B0Y enaimpainsdhb dystsdganivabied 3041 Anahghwags titne

plus the default anmount of delay. This allows for the
alignnyen chEEsawtu@4 evenbbopndatiey endrareoereifore, less likely to
lead o eiibleiafacts. to the ref erence channel . Vhen any of

val ue. it may etk dalough Hb-LakiGdle or

raiBEe e deipesizial 304 58 o bithreparEieiR Segmtih cach of
the Delays 305-1 through 305-P by default may be implemented to delay
each channel by the absolute maximum delay that can be calculated by Calc
Delays 301. Therefore, the total sample delay in each of the Delays 305-1
through 305-P is the sum of the respective input delay signal 304-1 through
304-P plus the default amount of delay. This allows for the signals 302 and
304 to be positive or negative, 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 replicate samples. Preferably,
this is performed in a manner that does not cause audible artifacts. Such
methods may include overlapping and crossfading samples. Alternatively,
because the output signals 306-1 to 306-P may be applied to a filterbank (see
FIG. 4), it may be useful to combine the delay and filterbank such that the

delay controls the alignment of the samples that are applied to the filterbank.
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met hods may i ncl ude overl appi ng and crossfadi ng

sanples. Alternatively, because the output signals
wGBQerch19719306- P may be applied to a filterbankp(Tas2005/024630

FIG 4), it may be useful to conbine the delay and

filterbank such that the delay controls the alignnment

of the sanples that are appﬂ?ed to the

filterbank. Aliternatively, a nore conpl ex nethod may

neaAlteenatinelypa meote ¢ompléxrmethodhaay niédsire eandesorrect for
. individual frequency bands or groups of frequency
timgzorhaserdiieraneesisr mdividyiad framtemey, banstsroraionBedfiy s

301 and | ays 305-1 through 305-P_may operate_in the
frequenpeha %gﬁ%wh Rimexre eanryer meiheds baths Cale Relags 301

and Betasrd Tt ePigh 30 piiaay; ahsratsnia e iredvendy dageun, in
whigtERRe R RedheR Ak haoriuan phate adiistipats o bands
or NPt REbeD il Aty dn e ARG oBfip Jurtlor <385 i 8hels 306-
L eboss TRt paRly B e AR TBHC) BRI ACk el B pecd for
subgggﬁémbpﬂf&%ﬁl@aoqgggg.g a‘r%rdﬁ%)%?%%d%lp%?i ons to be

led to wthin annel s“206 (FIG 2)
Det@hme off thehevikes 69 pRocdsses 88clRhs Bldke Tielays 3910y as

device or process 400 in FIG 4, which shows how the
Auditpry Scbaerehalysisyl 08 nepntookeghead ihtiroawdioceharwls o,
to create a downm xed output channel. In addition to
prowidé nipreraccundderdstignaties oflearené beundbariss daditimewr phase
process may correct for residual frequency
coreeattm @ boapplibdtoweithimeversipl et el y corrected by
Time & Phase Correction 203 in FIG 2. It also
functions to mai nﬂéﬁxncﬁéﬁé?lscmgfﬁti%n. I n ot her

N TN S NN R
proE RN ALY 4 e BB GRSl
corﬁgﬁie%, with tpla%&épéoerreéﬁoﬂ% &5t 4 Qoihiii&d gl?ttput channel. In
addition to mixing or combining the channels, this device or process may
correct for residual frequency cancellations that were 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 each frequency band of the downmixed signal is substantially
the sum of the power of the corresponding frequency bands of the individual
time or phase adjusted input channels. The process achieves this by
comparing the band power from the downmixed channel to the band powers

from the input channels and subsequently calculating a gain correction value
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the power in each frequency band of the downm xed
signal is substantially the sum of the power of the
woaotegspuandi ng frequency bands of the indivi duRCTHISRES/024630
or phase adjusted input channels. The process achi eves
this by conparing the band fomer fromthe downm xed
channel to the band powers ¢ om the i nput channel s and
subsequently cal culating a gain correction val uefor
for each baadd. Béemmeschatipes grgaim adpisinsits acrasstboth¢imsand
both time and frequency may |ead to audible artifacts,
frequenayainay lead fte raaldlilyl caarti facts hthe gainampareferehliearg/both time
d%goothed bef ore being applied to downm xed, signal . .
andriipqueesy sBroothed betere heipganniies isndoywsseixedSigngl. ofhis
conmbi ni ng channels. Ot her suitabl e devices. or
devite e PERSCSHEFPES Bl PBY BOSStHle Wikt of 64 mingghapng]s. Other
. device or process is not .critical to.the ipvention,,. .
suitabl dFpitios riReyS965 114Y i GUBHO YRk Php mAEicjAr fgabining
i [0 .si |l s:f j channel are
de"lt‘%?& &’gﬁ‘gﬁ% i§ |n3’ﬂ Sriicab o ﬁ@ ﬂh%%gﬁj sen di vided into
over | appi «@fn -8 pRs X 5 4 1 geconds
in | engt t{?ﬁl"g\%&ﬁ}ggpﬁfﬁg9b@§gpﬁéﬁ%t@yﬁ’ﬁ !U ) Zf)
m Iy A% [ : hO. :
RS FA iSRS 0P BC AR, i By U BB Signals
andon@eMsaw beén alvided iﬁﬁﬁﬁ{z@ﬂaﬁ%ﬁfg B]@)‘é:kwdffaﬂﬂ?@xﬁhﬁtél? 9.6
bl oCk. The sanpl e bl ocks may be w ndowed and convertied
millise¢dredd frﬁtﬁﬁgmhyoﬁélﬂ@pin@wfhgpm)hﬁ{dtelﬁﬂﬁ hilliveougds, as
401-P (one filterbank for each input signal). Although
memafignedaboiey dtdrarsawdiodsamplepede mfyd SoeHus tds is egaivelent to
w ndow has been found to be suitable. Al though any one
5120samplé blacksi ofeabinli A56 samplgs eveylaps wiith tho previoss dlock.

or conversion prqcesses may be used, a suitabhle

The:sample blogks lglaﬁ\k@r wi@?aowgdrmi eriyverted to theBeguency

F j T ' F F ' .
domtivly Siliermisgibts! Trraeebahab (eneddsbrnkier sask ingut
sy PR B S0P By SHBLGE tanning
Win%%rw B secRARtnt BV duitye! ﬁﬂﬁbﬁgh%‘}“&ﬁe 39%aR o5 tfne-

domain to frequency-domain converters or conversion processes may be

used, a suitable converter or conversion method may use a Discrete Fourier
Transform (implemented as a Fast Fourier Transform for speed). The output
of each filterbank is a respective array 402-1 through 402-P of complex
spectral values — one value for each frequency band (or bin).

Band (“BND”) Power 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 spectral values 402-1 through 402-P, and outputs
them as respective power spectra 404-1 through 404-P. Power spectrum
values from each channel are summed in an additive combiner or combining

function 415 to create a new combined power spectrum 405. Corresponding
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For each channel, a band power cal cul ator or
cal cul ating process ("BND Power") 403-1 through 403-P,
woes@p@datilvel y, conputes and cal cul ates the poweCcTal2008024630

conpl ex spectral values 402-1 through 402-P, and

out puts them as respective wer spectra 404-1 through

404- P. Power spectrum val ues from each channel are

sumed in an additive conbi ner or conbi ning function
complextspectiehvaluesdR-dothivongl 402+Brframeeactuohaos] are also

Correspondi ngconpl ex spectral . val ues 402-1 t hrough
sunypedpnfarbaddidbie comahinsr oirembiung farstiont ntagtpale de

conbi ner aor conbini ng fungti on 416 create a dpwnm X
doVERRAK SRTAPISX SRFRIIAOR H06h ol B RSSO HANRINX GSPISE Spectrum

0cR BB P AT REBE S e PBEES ARNEEb A B

Porp P S Bt RN n PR OW MR o BB oot B 0 o r oo
(Band Gain 408)Bc9vid"(dBNP?)eGﬁW085m@.r42m 405 by the
downmi x power Spectrum 407 to creat'e an array of power

A bgﬁg(’%jﬁfca?@dﬁ'foﬂ&t &ﬂ%ulq@ﬁg ?f&ce@@f(Baﬁae(?aﬁﬁhowaﬂﬁideé the

m X power spectra alue I's zero (causing the

povP&V§iecBiim 405 By thedoRirialx l?btm speetrtpn 4eFnontelte an array
power gain is set to " 1." The square root of the

of prover ggaisnsr powehetios)|ond Rradichapeceal gahre. alff@gdoommix
anplitude gains 409. Limt, Tinme &Frequency Snooth 410

pow el spectjal Adlueiis eeroafuhusimgpthespower igaim to bg infidite), then the
snmoot hing function (Limt, Tine & Frequency Snoot h) .

corzespopding pesvergainps iset to Ghi’nThierdquiang reeidof the power gains

. tinmel/frequency snoot hing. The spectral anplitude gains

is then ealoadated tor crapto/an ﬁﬂ?-ywa\/@nﬁﬁw ga )9.Best

esul s Ty b gL g L el ARFgkepL o
“P0ET 3R o BeThiiieaba S HEBvon (Lt
Tinf SRR R, ST 0 o g Rl G Tl i
tim&ARYH &N mbBtKingB) 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 greater 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 (IIR) filter. The following equation shows the
filter computation where b denotes spectral band index, B denotes the total
number of bands, » denotes the current block, n-I denotes the previous

block, G denotes the unsmoothed gains and G, denotes the temporally

smooth gains.
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The spectral gains may then be tenporally snoot hed
using a first-order infinite inpul se response (HR)
woizbdemn971The fol | ow ng equati on shows the filteCT/US2005/024630
conmput ati on where b denotes spectral band index, B
denotes the total nunber of bands, n denotes the
current block, n-1 denotes ihe previ ous bl ock, G
denotes the ;sgsrmot hed gai ns and Gs denotes the @
t enp@h,a) L6 (8w0a al-0%b 156G (b, ) 17d ( b) xG0h), B+(1 - 4
d(b)S;qxalI)Gs (b(, n-\@gqo, . @)EGI M(b4) A):useful val ue for
d{b) has been found to be 0.5 except for bands bel ow
approxi mately 200 Hz. Below this frequency, d(b) tends
t ovdefulfvatat fuelsfs) lds Beart fhwarditdbe b eRCept fott bands
snoot hed gains are initialized to 1.0, the value at DC

bel@skfﬁa)p‘i)réﬁﬁﬂbtdl? 2000HzTBéloivs thi@(fre!i}déndg(ﬁ;)\oﬁb bendsaioward a
e

adj usted and the gain of bands bel ow will vary

finalRaGusS beY &t BdianpbansisDI(Y Ihderiboied ffins 8L hfdRitialized
- Thi's may be useful in preventing audibleé modul ati ons

to 1@%@&%% ragg%@ﬁgé}fstsﬁ%lﬂli% q.gh ggﬁagg,em WillBRRYeEBain

wave such frequencies

adj #ted aadnee gblﬁn@ﬂﬁaﬁiﬂ% B1ew200 KA wAH %&?ﬁgbl/e klgvly than

Tilterbank, | eading to i naccuracies

bantlk lih ¢h®aeitsof el dpecyrine. ddsinadyeby udesigrinnpreseatingesrlible
frequencies. This is a common and wel | known

modiianoms rasiowEndreqrgnuied. | Vhissdidvauseat fisccarencies ovesr than
snoot hed across frequency to prevent |arge changes in

200gHZntheemavetengthafamchoiageendies approgabiesarexceeds the block

_ inplenmentatjon, the band gains are snpothed. usjng -

sizesusadl by the fdterhank( lnadingieuansusagies 10 tﬂﬁ %mﬁr%aalg% .ability
That is, .each pin is updated t.o be the average of

to anpaEateLAor IS HecshiLrGHTSIGb . i 5y CandTouIas) Tell-

freghenc . At the upper and | ower edge of the
knogye PhENRMENN. edge val ues (bands 0 and N-1) are used

o3 fidhioRl-Shladihth EuRanY MBI BnGReT dbsP requency
o FHR 1af2 oo 14 LRl Fehibert RN BhAE IR prefered

imp18EntAFon, 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 downmix complex spectral values in a multiplier or multiplying function
419 to create the corrected downmix complex spectrum 412. Optionally, the
output signal 411 may be applied to the multiplier or multiplying function
419 via a temporary memory device or process (“Hold”) 417 under control
of the ASA information 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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419 to create the corrected downm x conpl ex spectrum

412. Optionally, the output signal 411 may be applied
woaodshvaorail tiplier or nmultiplying function 419PeTAS2005/024630

tenporary nmenory device or process ("Hold") 417 under

control of the ASA informatjon 104. Hold 417 operates

in the same manner as Hold 303 of FIG 3. For exanpl e,

the gains could be held relatively constantduring an
duringem ewent and pndyahgngediat event boundaiies. ek this way,spossibly

way, possibly audible and_dramatic gain changes durjng
audihieanshdramgtio gaph ehangesiduring anseventimay heprevented-s)

he d ' [tipli
or mul 1 pl yUrgoREGankans AL (FReotdn an”
YT ort s SRtnd AL EpR Nl bRl ip g Fkcion
41945inSand ChrobiaR A inPSE g bt e ek BEBRY 1RV
; ' bl i | .
PR L B8 Ras e B G O5 bRod i Rl she TS F G PR ES B
inv 3% 1R 5, ENELEAITO) PAGLER lpcdRPRali g with and
R L T R
sigﬁHlMM.Si gnal is maintained through the system

Downni xi ng Applications One application of downm xi ng

ac qdmdamngmsm descrithed de notgseciudentherdsommarsptautice of

pl ayback of 5.1 channel content in a notor vehicle.
sepatatong thehwindeswiray thee forvdardfiloerbankot( 1 ,dntm bebswistd®vd (one

channel content, correspondi ng approxi mately to the
usedettthe forhard aed onsursediatdhanaversgHiltabank) whestannel s

of such a system Each channel is directed t ne or
mukplicatsuwissamwhethat updiat signahisgasintagied duens tﬁ@i%tﬂr%-

for reproduction of directional ,jnformtion associ ated

with the particul dPOVWAHKEIS ABBIEFEP SOt or vehi cl es

Hs r|1|e %pgﬂcgﬁgnhoaivcfov%mgrﬁ%neé at Bt i 8 Q5p&&3 'JF'tRa pfr‘e)éent
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 loudspeaker 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 example) and to combine it with each of the Left
and Right channel signals to provide a phantom center channel. However,

such simple combining leads to artifacts previously described.
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reproduction of the Center channel in such a 5.1
pl ayback system To accommobdate this situation, it is
wenowvitagatt enuate the Center channel signal eoy/US28024630

or 6 dB for exanple) and to conbine it with each of

the Left and Right channel sjignals to provide a

phant om center channel. Ho er, such sinple conbining

leads to artifacts previously described, I nstead of |

apphstead of applying sydhea stnplahcombiving, chanseheombiging or

downm xi ng according to a? ects of the present .
downmsHnEReCAEYINELOFFNECEHO g DESSsRb IEntin HiayahgarpHed.

For&agiicoMaATBRERasmt AT AJCL HeOL B19 AtARSRBlPbOf o bha diay be
anpfigadnare, oty Suppiing Bedustf and Ll lhiseand puce for

conf§ CGRRNRA RigBEbieis, Moo amlingd I BEeeoffichg o

it AU M LR L 1 SXhmPRL O EpEOHEIAE 06t may
be %’ggg g?ﬁgcﬁg}'%tgﬁhaﬂ@ gqat InARRURLAr R dRPARE dff PAJtBR vehicle

si gn I's approximately the sane as it

intetRit) Behsrel émﬁbﬁﬁﬁgtiﬁ Fitheaclwbfthe edfeehadneeah@Ri ?h;c
0

channel speaker. Furthernore, it may be beneficia

Chaiaieds sidnags Setherostpanacoasti¢dlpowéefront the Canded chdrarel
conbining it with each of the Left Channel and R ght

sigiztldsapbroxipmately the bambats it meouldire ¥ frossteddhreegh an
103 to which the Center channel signal is applied does

dediestediGanter bkannetspeiakgnnEorthermetasié nody bedeansitaal to
channel but only alters the tine alignnment or phase of

denpketheCentariganl anthe referngsichannehsvhen gembining it with

cachgbedebihaneheng Riehs Srrel st asudh e fgTime &
e S S SR s LT BETocs o
BRI .
tim8 a3 ndFe PR HEAR & thE"BER! ChadddlBrdf (R Rifht Chitiel ¥igNals.

Consequently, 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 invention is in the playback of multichannel audio in a cinema.
Standards under development for the next generation of digital cinema

systems require the delivery of up to, and soon to be more than, 16 channels
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the Center channel, again ensuring that the phantom
Center Channel inage remains stable. Another
wapmisioagiip on of the downm xi ng accordi ng to aspetis25/024630

the present invention is in the playback of
mul ti channel audio in a cinema. Standards under
devel opnent for the next géﬁeration of digital cinema
systenms require the delivery of up to, and soon to be

of amdie. Thenmajityhahimstaldéd eimsinoa systemsapoby psovade 5.1
install ed cinena systens only provide 5.1 playback or

playbaoksent picsentationzrehannel 1S is well knoveathe: Rb 17 gepresents

represents the |ow frequepcy "effects”

the Towrfsequancyy aifectsh&hanag acllh%ryg@r@aﬁnéi Eﬁ’% ggs)d%?ét sygtems
are pdradad A sighibcant kancsse, theisrae Aegddd KA content
with AR BEE S, o BELCRES It o SO RO B e
confiig of SHARNATIERTS 1E R GRRA RSl fodg, 0 e
LP@H{?%}G( ﬁ‘-zll)g cﬁlaazgﬁ/ﬁ%llsrhr%bcﬁ W&%ﬁgﬂ(eﬁ%gid&ﬂﬁ&w wh?re P

and e applied to obtain e or nore o

> Qgtiﬁe@ MHixiaBaRdingogarts @F@h@?ré&ieht dhvériteon (e.g., as

ut put channel S are a conbinati on of two or nore of

in theereaiplisy embdddmenieoPHIGRI sfd2hehsy befapphiednioudbtain
channel  is conmbined into nore than one output channel,

onei ¢r maye of the Qougueciannelsianviick someor Al ofdheamtput
reference channel, such that the Tinme & Phase )

chanelsearei peombatiorb&iwd domoract respestivenenes athe P input
al i gnment or phase of such_an |nput channel

chaanekserran inpus chensel isequbingthinte mors thamnere optputs
conpi,ned. tgrnatives Tig@ or phase adj usi)msnt, as

chagBsbit Buly hedyantagepus 40 dsnais Fwes a ahane ApRdedergnce
artial cancellatio frequencj.es ri 0 I Xi ng.

chaBeiSebithar fhe fiml e dhassdiomactionaly i Pidipddes dot atter
hannel is conbi,ned into,nore than one,quiRut

the 3¢ afisnbier A IR FrhSe AR R 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 preferably is denoted as the
reference channel such that it is not time or phase adjusted differently when
mixed to multiple output channels. This works well when the other channels
do not have content that is substantially the same. However, situations can
arise where two or more other channels have content that is the same or
substantially the same. If such channels are 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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ref erence channel such that it is not tinme or phase
adjusted differently when m xed to nultiple output
wohersradmy This works wel |l when the ot her chanRerASems/024630
not have content that is substantially the sane.
However, situations can arise where two or nore other
channel s have content that 4“s the sane or
substantially the same. |If such channels are conbi ned
somienlieretretwieenrthe physidad docathemsef thedoardspesgkensi regeiving
the resulting output channels, the common content is
thOS@ﬁcnuipiuV elangels. phlzepooblenmagases wheancthese twoddtr wmere anput
t hat i ssomewhere between the physical |qcations of the
chanrelds patiksubstarizally iquwal@atecmﬁ%ﬁm areradrReRdenthe phase
. probl em ari.ses when these, or re i nput chapnel
admt@dwpﬂ%ép&}%n&cm%aeﬁmtﬁr&ﬁh% @hels g greate the output

cna P R hHER A A bl HRARIRSSy,
ot RS RFDRE 3R TP R A DR b of i
ma}}a’gg%ﬁgg@m‘%&gmelapégﬁuﬁﬁaeﬁg?g h may be audi bly perceived

: 'S POSSI ‘to devise a systemthat
| 0pky né&gsil‘()jl%lﬁtk&tdé‘dié’é‘ EIR té?ﬁ\th&@loﬂl@%@@ﬁdp@ﬂ ENariiels having
conte and attenpts to0 tinme or phase adjust such

subsBafafkssihiildridonientand atefiiptato tave o Phasdatjudiguch
phant oin i mage | ocation is not altered. However, such a

chasyélsdm the sanss ov sityilapnpiyesuchetipge ¢heir iphaasomhiemagerhmration
of input channels becones substantially larger than

is nohelteretheHowevar; puch afsystesh becomesyetryneomplasg especially as
substantially simlar content frequently occurs in

the numbarreihinpué chapoelsdreoomaes substantiabe laigestban flae number
di spense wi_th_phase adjustnent, and_ per.fqrm onl ower

of cxispweehanels THR Sysigas Whiske sp Blangig5amy 1‘&931%11 ed
further in the autqnobile.application described

frequicBHYGRRIYESIIR TR AP R CRiD G CEAshalt TRg RersTpler to
s R RS AR P te oA SRR RPTY DOves AatBrgror.
St A GRS aboni
appticlidh¥dsri¥ed 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
so 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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instrunments, vocals, dialog and/or effects), sone of
which are different and sone of which are the sane.
wohers/oidmo Cent er channel is mxed with each of pChask®bn24630
and Ri ght channels, the Center channel is denoted as
the reference channel and i% not time or phase
adj usted. The Left channel s time or phase adj usted
so as to produce mni mal phase cancel | ati on when
indepondently, wigrials HeatGaetoommioarioethe left anidRight! channels may
R ght channel is time or phase adjusted so as to
no lpngdubeveiarphaatophimege betweentho phykisal tesationscofiihenleft
t he Center channel. Because the Left and Ri ght
and dhight dowdspaakersre Forthsrmese sdje phanipryupage dpay yot be
e COo nto the Left annel s

o ST A AR I
spafir v WapE ST R RSt dTny ot be L ocal | sod o
1% SRR RER St R P RRIBRL RS il Mehs hftcare
confipdf B hBe it Gftc SpuCHTEMCI BEGR GIEH o? cBhhéfand place
therhiA AW WYa&hﬁﬁgFgﬁaN t sP'@Rﬁoﬁgﬁ Fhisinef¥4se8¢he overall

separate 1 nput chan hough thT's i ncreases the

nunty@' &ff inpiehahnels P 1o be ddhanngked FAttredbeedispmivuedndi t

reduces “spuri ous and undesirabl e phant om i nage
undékizable plantom ihege distottionin the edtphiadowhmixad channels.

aut onoti ve exanpl e device or process 600 is shown in
An Eutame6tiferexanepleakayicd or preecssHathid shdwiriy Fl€wririforethe
case bftinsieschmels be g QaWhASEaND Wt . SignAIRegRImON to the Left
and GREganDHLPRAIGIS AT EXIFaPIcp DB e kel wsbEdeht chanrels into
om0 1 SR o Sl Ao iR hcion
pro G e R R BRI P L G BedBer or
ot SR 5t SR O o B 2 bl
Sucgfeg‘ ?gkeﬂgedlﬂagf ¢ Sharadtér e 004 t6BE LPUetoltel A8t D3 Aetbrrblation
function. One suitable active matrix decoder, known as Dolby Surround Pro
Logic 11, is described in U.S. Patent Application S.N. 09/532,711 of James
W. Fosgate, filed March 22, 2000, entitled “Method for deriving at least
three audio signals from two input audio signals™, attorneys’ docket
DOL07201 and U.S. Patent Application S.N. 10/362,786 of James 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 Matrch 7,

2002. Said Fosgate and Fosgate et al applications are hereby incorporated
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W Fosgate, filed March 22, 20006 entitled "Method for
deriving at |least three audio signals fromtwo input
waudiemisiignal s, attorneys' docket DOL07201 an#@CtTiUS2005/024630

Patent Application S.N. 10/362,786 of James W
Fosgate, et al, filed February 25, 2003, entitled
"Met hod for apparatus for dio matri x decoding,"
publ i shed as US 2004/ 0125960 Al on July 1, 2004,

by raference\s 'theivcidireHOLATDHN ISy peto fcduitable lebabnel multiplier

national application resulting fromlnternational

and Algppreeatos theOmayds: enpioped it desarizasin (Udb Paiout
Apraianes 1 hiea kS SHadeik Bl niane. i ¢En50003,
entiflpd PP Chagne R oy et e ant S 2% Q082361 A1 on
Aprol G0l Ay RS BOKOALES, MR I B LPKEHabSgal
appﬁ&%tg@% %§L&1@;ﬂg frf};rgﬁlﬁeglga}tgd.nrﬁaﬁ q‘\pﬂﬁ‘l?@{l}é@ %T@ZS()Q)@% 19, filed
FebARHY OR0S, diafRtide tq UbitcfOStue MINALE asipbet
02/063943 bﬁ%ﬁgﬂiigﬁ T NN A ORIl A hSlcation

PCT7US02/ 03 . filed February 7, 2002, designating

PCTESOBIMey 0StHEE D/D6HI00SH desiasdbn@he6FAREd Statvsgust
7, 2003, and Internati onal Appl i cation PCT/ US03/ 24570,

attofhéyesd dske6/2008 3804 PN pubhighetas Wi 20083t ¥s56 on
attorneys' docket DOLO880L1PCT published as WO
03/ba60d1d6a¢h of sarl Day xodppliGdiimsais hexely Daoorporated by
applications is hereby incorporated by reference in
referencain its @nfiretshoAmethensuitable chaanek|

T R TN W A e
SonSETREE 201 i M Lt o0 55, B
and 35, ML SR s 0 iR g R yescnea
e R8RS e ob ST ORISR, AL i paver s
alsPRAEBS! incoPBrdt8 by reference in its entirety. The result is four
channels, the new channel Cp, the original Center channel C and the
modified Left and Right channels, L.p 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 L and Rp. The modified channels L and R are
each mixed to only one playback channel; Lp and Rp respectively. Because
they do not substantially contain any correlated content, the modified
channels Ly and Rp, 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 L and R. To perform the time

and/or phase adjustment, one of the channels such as channel Cp is denoted
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nodi fied Left and Right channels, L and R. The device
or process 602, based on the arrangenent of FIG 2,
wouboclesmowi t h two out put channel s, conbi nes t ReTUS05/024630
channel s to create Left and Ri ght playback channels Lp
and Rp. The nodified channgss LD and R are each m xed
to only one playback chann Lp and Rp respectively.
Because they do not substantially contain any
as thorefirenes cﬁmlmmdntThd: btheroahanneds EhaRachsd C aredthed time
fromwhich their conmmon conponent has been )
andéon phascsatljusted tedativerto e pfatencesghanned. W itemmatively since
af fecting any qhantom eﬁyt er_ i mages pr.ese [

the Lapand Rasehatinels aggmunikelyotophbe cofralated Wltﬁ:ihlﬁnr@}cggnnd, and
sindg Wy Rulaconiloind FonbienCe CHARGLPY MRaNS OREROCCSS 001,
e RFFL o G OB Rl PR cusment
T e
SRSl o, R g
Cha{n'@sd gbnﬁ’@ﬁ‘%@‘ &Qfﬁé@bﬁgi’écesﬁm & pidivle ERapNB/baekadhnnels

rived center channel CD may be m xed w tth each

L, &id Rie Ahheushdiégualinoperion o0 and Cpésgddenvidund to
in the Mx annel s portion of device or process 602

prodacesadsfaetdiyerestity bihekexava prepsrtiormivinét crittalandmanbe
equal proportion of C and CD has been found to produce

othemthasf equalr yCorsaguientlyt hay dknetandr plpaset adjnsimsenioapplied to
critical and may be other than equal. Consequently

Cp ang G wibl zppeastiadwthdlagbaskehappels sthusonainiatningkhe!

. appear _in both playback channel s, thus, majntaini ngi thg
diregitioscef phastonp ksniginagese S omettenuaion ot examnles dB)

or exanple 3 dB be requi red an each of, the
may, bRrreauBRa T Pach PECRS chuiss CORBRAG Gngs Shces ety are
t hy ough,t wo eakers, and not .one. so .4 he amouynt,. of
i Al e Heh of

repragiyeek e aRel SHOP Gk gHh AP ROLORE-cAIRATDY 8
e 08B TenR o I BRI SHl b Bgps goula e
contt¥iled by the listener. For example the listener may desire all of the
original center channel C but some attenuation on the derived ::enter channel
Cp.

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. Some of the content channels
have corresponding playback channel locations; namely, the L, C. R, Rg and

Ls channels. Other content channels do not have corresponding playback
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original center channel C but sone attenuation on the
derived center channel C . The solution nay al so be
woxplcaiismd by way of an exanple in ci nema audi BCTRISEHDS/024630
7a and 7b show the roomor spatial |ocations of two
sets of audio channels. FIG_7a shows the approxinate
spatial |ocations of the chéfhnel s as presented in the
mul ti channel audi o signal, otherw se denoted as
chahnehtcmattiouisaambﬂwrefd?b@uaﬂibstniwedtlhto eppYIors of the
| ocati ons of channels, denoted as "playback channel s,
playbmtk chantedsr pitypicak dppma@has rerombie Suchecpritppe dhamnels
y five channel audio material. Sone of the content
th:ﬂmmgargshtw'é M@wa@dmnnﬂjs pI ayback channel
| ocations; n the L, C Rs and Ls .channels.
O HES PERVIOES mmmeg SBIRLS: adfhwe&qmbgpagdnmg lead to

o R RN B o
RS LA e AL i

chaﬁﬁgfsb‘rﬁﬁ? vé 31 %ﬁ\n?%gllyta(’féltglf é‘[‘?{)@#@% a?%ﬁ%gﬁgﬁ 3?3@ adjusted
dlffg?eﬁgly b%d l'ﬂltﬁﬁpﬂl%‘?ﬁdl&neﬂréﬁ ﬁ;%%nﬁ%se At hann 1?1[0?;10[50 more

antom I magl ng art|
tha@ye i §bﬁﬁlﬁhé1| fr¥nt Qe
adj ustlgzyt‘:fii di fferenztél y. A ghgﬁﬁ%%hleﬁ:fﬁ%’@zﬁgxﬁegg?@gew and
sepan@@@hanhbm are common to nore than one input channel
from such i nput channels and place themin new and
sefd(at’k sttows al deviet 6r processoi@) fordthd casedn whiniefise
700 for the case in which five additional channels Q
additpocl chamnele);do Qy asxcreated hy axtfanting indormativnrcammon
sonme conbi nationg of ' the input or content channels
to sgEIheodIneidons op tle bywit(OrmmydeRerhannar asing deyiceor.
Dewq(; or proce 701 % anl oy, a sui tabl e_channel
PrOGRRASt @q%)m ane@ 2X4Y n%wmcmmrwgéwaé may employ a

Sultaﬁfﬁcwrg? lﬁgﬁﬁp@%{tﬁ cl:c;]q;t ation tecﬂngcfdeaggchdgg daseribed

above for use in the “Decorrelate Channels” 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
FIG.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.
Alternatively, 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 channels than the total number of intermediate channels. For
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actual nunber and spatial |ocation of these additional
i nternmedi ate channels may vary according to variations
wonodshe9andi o signals contained in the content PCT/US2005/024630

channel s. The device or process 702, based on the

arrangement of FIG 2, but he7re with five output

channel s, conbi nes the i nt &/nedi ate channel's from

Decorrel ate Channels 701 to create the five playback
exantplenfthandelrQi repreaentspioasmarosigaats extracied it afeontent

i nternedi ate channels such as the C channel, my be _,
chageelstleand < aird i€l ramdckc erahaig epmnbined stite intermediate

e S oSSR A RO T 5o et 5
ve SRS The KSRSERGE 51, BT, USRS,
o B S B LS PeARNC hgrh Mpne Lo
mech B S B PP AT A

ol BTSN BRI, ehIaTacL o demih e me

andg%désg%dr%&{(ﬁgﬁgo@ggnnel . Internedi ate channels L5C

are t time or phase adjusted relative to the

r efI_ﬁrd%Bﬁﬁ‘n% he b'[‘ﬁ}ﬂﬁa%ﬂ@cﬁdiﬁfbﬁ@,' dévice oE%ﬁbc@s’SHT 0Z gy asgume

of internediaté channels is tine or phase adjusted in

a pﬁb@ﬁl@ﬁ@tv@éd%mbf thekpatialtlecatdnsof thd sonters dhanaeleen
considered by the tinme and phase correction process.

Informati @ régayding the¢ aphaudi iad lodatipr ©f dhe

702 may assune apriori know edge of the spati al .

intarowesliaterchasmel imagohe essurrdoignay berpassedttpdhe device or

regardi ng the nunber and spatial |ocati of, t he .
progesi {0 AE0mithe slogonrclelang KENIS @ BEYCSS /AdsViaRnihy7 0y This

enaffestiocess Phgenian GU2gp cordtaedns sddanpiieToediafy <
chaGRR. FoRl RS Rl b b P RO bl o
phanfSm" B35 ES HideWRoR! GVIRREK aBARAMIE THEAnEAAs maintained.
Implementation

The invention may be implemented in hardware or software, or a
combination of both (e.g., programmable logic arrays). Unless otherwise
specified, the algorithms included as part of the invention are not inherently
related to any particular 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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phant om i nmage direction of these additional channels
is mai ntained. Inplenmentation The invention may be
wonplerended i n hardware or software, or a conmBCHASRME024630

of both (e.g., programmable logic arrays). Unless

ot herw se specified, the aln%grithrrs i ncluded as part

of the invention are not | rently related to any

particul ar conputer or other apparatus. In particular,
elemanis)yst lpaseont impuipde cerrporg ambst leastierd owtpit device or

progranms witten in accordance with the teachings
porhePsigranvcode 1$rapphedrtorlapubdaf@rqumrfwnctbﬁiungaonmr e

desoBbed ﬁ‘i&é@%ﬁ%&‘ﬁ%g ANGnSOBRSTIONh e PRIt ibEarERaion s

o TS L O B
dateE SRS ol mas Bt 1 b BeBBRER Fay Hsghea Yortfifter

langﬁzgg'qvﬁbg{‘dddﬁgqﬁﬁ@ﬁ%eaﬁ?ée%b% Yrig filg %ﬁ)c’edﬁ}all f&gical, or

i'ce or po eas out
oS I B 6, RO 0
sysfih PUh dnYf &fseRth® Tangliicahp We 4 BHAI apintgrpepdd ed

fo one of noré outp evices, in known fashion. Each
1angm@&1progran1nay be |nplenented in any desired

conmput er | anguage (including nachine, assenbly, or

hi gtadlesiedh poopeder progranyiscatefemblysieret an dbedosdtloaded to

progranmm ng | anguages) to comunicate with a conputer
a steyageemedia oamdevees ée. gt, selidastgicamennary tenediangt magnetic or

interpreted | anguage. Each such conputer programis
optinadteedip) ye@dahle dbyon generdwnl &p@@@d ptu’pasg p@egr@émm@ﬂ@

or devijice (e,g., solid state or ne

COTPRIiEEL fqr Qﬂnf@rmmanﬁiémmtmga ﬁ@pénwea ALt storage
medRaTdRr iR GoAh DY HOER h SO (8 PoFRyEY Huapipisdifes
desapﬁgaj{ﬁrég{. e“f‘ﬁe 1ﬁvterr1]te1v8% ke ¥na}y akssBe QoRSaLRLdMS BE
implemented as a computer-readable storage medium, configured with a
computer program, where the storage medium so configured causes a
computer system to operate in a specific and predefined manner to perform |
the functions 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,
some of the steps described above may be order independent, and thus can
be performed in an order different from that described. Accordingly, other

embodiments are within the scope of the following claims.
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descri bed herein. The inventive system may al so be
considered to be inplenented as a conputer-readabl e
webtawereagerioedi um configured with a conputer pregrasp00s/024630

where the storage nmedi um so configured causes a
conmputer systemto operate in a specific and
predefi ned manner to perfor2r9ithe functions descri bed
herein. A nunber of enbodi nents of the invention have
been described. NevertheCéwsnsit wi |l be understood
that various nodifications may be nade w thout
defarAiprgcesofort ¢cembminigtavahid chaopelsycomprisingent i on.
For exanple, sone of the steps described above may be
or dembintepdieiandio ahannals o psedure peonabined audigrehannel,
order different fromthat described. Accordingly,

andot her enmbodi nents are within the scope of the
fol] owin

B AE A PP TR S OF i ﬁ%%; ise.caf griplitude or
povgy) edrpgts SRR haRakE i U5 cBt{liRef sBaRRH, B both the
chafiifts diitffiepGomBified ehtiicr WtickeliPond b THAROSE Said © "¢
adjlgsg}tﬁlin?%%{ E@Hﬁ@hed"ﬁi%ﬁtggﬁ%ﬁ By A MeBsfe éﬁ‘h\%()i/itgry events in

S are contro ast I n part
% ' } BoRibin hgelf the
onec anﬁgﬁgﬁggﬁg?hgﬁlé %Fﬁé%aghann?ll Cﬁg A process
according to claim1 wherein said adjustnents are
controlled so as to renmain substantially constant
durd, n4 predieso aycending o ataint ¢ wherdin safthadpmstmients are
near auditory event boundaries. 3. A process for
contimited so ag teremdin substantiblytcongtanidiuring andibsy ewpaiseand
Pis greater than Q wherein at |east one of the Q
to peutiibchaagesatsol seahanditey exentiwundss®ss of claim 1
or claim2. 4. A process for downm xi ng three input
audi o channels a, b, and d to

o~

3. A process for downmixing P audio channels to Q audio channels,
where P is greater than Q, wherein at least one of the Q audio channels is

obtained by the process of claim 1 or claim 2.

4. A process for downmixing three input audio channels a, B, and & to
two output audio channels o> and 8’’, wherein the three input audio
channels represent, in order, consecutive spatial directions o, 8, and , and
the two output channels o’ and 8’ represent the non-consecutive spatial
directions o and 8, comprising

extracting common signal components from the two input audio
channels representing directions o and & to produce three intermediate

channels:
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two out put audi o channels a" and d* , wherein the
three input audio channels represent, in order,
woanm@aetipve spatial directions a, b, and d, ardTuS2005/024630

two out put channels a" and d" represent the

non- consecutive spatial directions a and d, conprising

extracting conmon signal ¢ onents fromthe two input

audi o channel s representing directions a and d to

pr efdagel & eemodificatidnasfchenmeb el seprbsemteng dhe dirgction a,

nodi fication of channel a representing the direction
chadnelcfaebfiprisingahprsighaledmposeralf dempehenfionefvhich

channel a fromwhich signal conponents comon to input

sigifl W@n@t@@én@ﬂ@@% &0 chuhselary iaaldl & haeebeed,
channel d' , a nodification of channel d representing

subttaatidllyeeimeved, channel d' conprising the signal
conmponents of channel d from which signal conponents

comon to i nphanabhhel moalificatidn d\chapaeh & representing the
substantially renoved, and channel b' , a new channel

r epr esenfirgtgiond, charaw] i wommpritiagn ehe bignadwpnisomgnts of
t he signal conponents common to input channels a and

d, conbighiangel Btfesmedhadlesighahoemponents sbatmeditatiaput

channel b" , and input channel bto produce out put
channel channehnd ane®ihavedocntsubseditadlby edraoned, and
i nternmedi ate channel b' , and input channel bto

produce out puwhathahfe|a déw. cliannd! pepressatingahe dlirestion f3,
claim4 further conprising dynam cally applying one or
nore of chiamagel Bhasmprisidgdheisignaleompeoeris common to input
adjustnments to one or nore of the internediate
channel channelst andadgd d' and the i nput channel b,
and/or one or both of the conmbined output channels a"
ancottibining intepmediate channelpngnterneediate shemaelds s apdanput
- or nore of said
channel B to produce output channel a’’, and

combining intermediate channel &’, intermediate channel ’, and input

channel B to produce output channel 6.

5. A process according to claim 4 further comprising dynamically

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

one or more of the intermediate channels o’, f°, and &’ and the input channel

B, and/or one or both of the combined output channels o’ and 6.

6. A process according to claim 5 wherein one or more of said
adjustments are controlled at least 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.



adjustnents are controlled at least in part by a
nmeasure of auditory events in one or nore channels of
woOheosingud channel s, the internedi ate channel spCcams2ms/024630
t he combi ned out put channel s channel .7. A process
according to claim6 wherein said adjustnents are
controlled so as to renainfgubstantially const ant
during auditory events and to permt changes at or
ned Aystocesyaecmuingoontni 6swhéreid spicbaeiistments atieng
to claim4 wherein the consecutive spatial directions
contrpllied sanab tb rerabnsubstantially eosstnt durmg pedisory events and
center, and right, left, left center, and center,
to pesmiteehangasrat Qlehrasraudiiay Vgt boungatiesy i ght i ddl e,
and right surround, right surround, center back, and
| eft surround, and left surround, left mddle, and

S an ATEES AP USE R B & W The Bat RS shsi
diregbiRpiicerbr g Brbraia AETRERS ol BretliopShne of clarms 1
t h'ié’#?@erﬁ'er, and right,
left, left center, and center,
center, right center, and right,
10 right, right middle, and right surround,
right surround, center back, and left surround, and

left surround, left middle, and left.

9. Apparatus adapted to perform the methods of any one of claims 1
15  through 8.

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

causing a computer to perform the methods of any one of claims 1 through 8.



