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perceptual cues thereof. Unfortunately, sound recording technology is not
oriented toward capture of the 3D soundfield, nor toward captaigscfood 2D
pl ane of sound, nor even toward capture of a 1D |ine of sound. Current
sound recording technology is oriented strictly toward capture,

preservation, and presentation of zero dinensional, 20 discrete channels
of audio. Mst of the effqr 8 L Opr Qi indad sy rRinneE R Esaemy s ori gi nal
i nvention ound re el : ! i Tmer fections
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generation 10ss. A though there were™ &y nitber pi eceneal attenpts at
i sol at ebivistwpr ovenent s, including electronic anplification, tape recording,
noi se redylry Biaiatird By B HPEPE that cost nore than some cars, the
traditiondl 5 dngﬁﬁ of individual channel quality were arguably not
finally resolved until the 2 August 2005 -2 singular devel opnent of
digital recording in general, and specifically the introduction of the
audi o Conpact Disc. Since then, aside fromsone effort at further extending
the quality of digital recording to 24bits/ 96 kHz sanpling, the primary
efforts in audio reproduction research have been focused on reducing the
amobunt of data 5 needed to nmintain individual channel quality, nostly
usi ng perceptual coders, and on increasing the spatial fidelity. The
| atter problemis the subject of this docunent. Efforts on inproving
- spatial fidelity have proceeded along two fronts: trying to convey the
perceptual cues of a full sound field, and trying to convey an
approximation to the actual original sound field. Exanples of systens
enpl oying the 10 forner approach include binaural recording and
t wo- speaker - based virtual surround systens. Such systens exhibit a nunber
of unfortunate inperfections, especially in reliably localizing sounds in
sone directions, and in requiring the use of headphones




or a fixed single listener position. For presentation of spatial sound to
multiple l'isteners, whether in a living room 15 or a commer Qi Agu¥ernes | i ke
a novie theatre, the only viable alternative has been to try to

approxi mate the actual original sound field. Gven the discrete channel
nature ~of sound recording, it is not surprising that nost efforts to date
have i nvol ved what m ght be ternmed conservative increases in the nunber of
presentation channels. Representat-ive systens include the panned-nono

t hree-speaker film soundtracks_of 20 the early 50's, conventional stereo
sound, ‘quadr aphoni ¢ systenms of DESERIBTIONt | yve" channel discrete nmagnetic
soundtracks on 70mnm fil ns, : ing a matrix in the 70's, AC 3
5.1 channel sound of the-9O*@g{jlg)acrl;lgﬁh;e[e((i:,lgeélﬁ??tilb,§l Surround- EX 6.1 channel

sound. "Dol by", "Pro Logic" and "Surround EX' are trademarks of Dol by

Laboratories Licensing Corporat] ﬁn. Togﬁé\e degree or another, these systens
'25 provide enhanced spati al @&H i Ie]arrpar ed to nonophonic
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(ATSC), Powitebnle integers, apddd ipasleagt®. 1995 (available on the Wrld Wde Wb
of t 5 Internet at www atsc. org/ St andards/ A52/a_52. doc). See also the
Errata Sheet of July 22, 1999 (available on the Wrld Wde Wb of the

I nternet at www. dol by. con t REOKATESBIY ARYf | nsi ghts Underlying Aspects of

the Present Invention The basis for recreating an arbitrary distribution in
a sour ce- f r edlthavgh mgns have only two ears, we hear sound as a three dimensional ‘

entity, relying upon a number of localization cues, such as head related transfer
functions (HRTFs) and head motion. Full fidelity sound reproduction therefore
15  requires the retention and reproduction of the full 3D soundfield, or at least the
perceptual cues thereof. Unfortunately, sound recording technology is not oriented
toward capture of the 3D soundfield, nor toward capture of a 2D plane of sound, nor
~ even toward capture of a 1D line of sound. Current sound recording technology is
oriented strictly toward capture, preservation, and presentation of zero dimensjonal,
20  discrete channels of audio.

Most of the effort on improving fidelity since Edison’s original invention of
sound recording has focused on ameliorating the imperfections of his original analog
modulated-groove cylinder/disc media. These imperfections included limited,
uneven frequency response, noise, distortion, wow, flutter, speed accuracy, wear,

25 dirt, and copying generation loss. Although there were any number of piecemeal
attempts at isolated improvements, including electronic amplification, tape recording,
noise reduction, and record players that cost more than some cars, the traditional

problems of individual channel quality were arguably not finally resolved until the




10 is provided by a theorem by Gauss that stipulates that a wave field
within sone region is conpletely specified by the pressure di ghhisbpgson
along the boundary of the region. This inplies that re-creation of the
sound field in a concert hall within the confines of a living roomis

. possi ble by conceptually placing the living room walls inperneable to
sound, within the concert hall, then electronically rendering the walls 15
sonically transparent by festooning.the outside of the walls with an
infinite nunber of infinitesinmal m“rophones, each connected with suitable
anpl i fi cafiigalr Hevelopniedf sRELARN HcHding o sRAAIAE shdtftlcall Pt $frdda@ional | . By
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For presentation of spatial sound to multiple listeners, whether in a living room

15  or a commercial venue like a movie theatre, the only viable alternative has been to

try to approximate the actual original sound field. Given the discrete channel nature
. of sound recording, it is not surprising that most efforts to date have involved what

might be termed conservative increases in the number of presentation channels.
Representative systems include the panned-mono three-speaker film soundtracks of

20  the early 50’s, conventional stereo sound, quadraphonic systems of the 60’s, five
channel discrete magnetic soundtracks on 70mm films, Dolby surround using a
matrix in the 70’s, AC-3 5.1 channel sound of the 90’s, and recently, Surround-EX
6.1 channel sound. “Dolby”, “Pro Logic” and “Surround EX” are trademarks of
Dolby Laboratories Licensing Corporation. To one degree or another, these systems

25 provide enhanced spatial reproduction compared to monophonic presentation.
However, mixing a larger number of channels incurs larger time and cost penalties
on content producers, and the resulting perception is typically one of a few scattered,

discrete channels, rather than a continuum soundfield. Aspects of Dolby Pro Logic




application of appropriate interpolation. Once the sound field is
characterized, it i's possible in principle for a decoder to 2dgiduse2dgie
optimal signal feed for any output |oudspeaker. The channels supplied to

10 such a decoder will be referred to herein variously as "cardinal,"
"transmtted,” and "input" channels, and any output channel with a | ocation
-that does .not correspond to the position of one of the cardinal channels
will be referred to as an "internedi,ate” channel. An output channel my

al so have a | ocation coincident wtH the position of a cardinal input
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about 2.49 mllion channels conpared to the previous arrangenent. In any

case, ¥ urlbieatet ateavvalseary/ Handaeds p2.doc)s Beq alen the ErrpleiShept ohliinel s i s

t heoreti cal | : ic localization limts. The
hori zont a ’k?gigﬁ?@lggk?ré@dél\ﬁ?ﬁ(gﬁ%ld%@thg:gﬁ?gﬁég&za%unds, I s about 1 degree of
arc. The wewrdelhyanoitech/ATS@ierr.off. vertical resolution is about 5 degrees. |f
this density is extended 25 appropriately around a sphere, the result wll

still be a few hune(f'@:ﬂ”tf6’”3“’?%1‘%%%&3%%%%’?"02 August 2005 -5
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i nvention, there I's provi rocess for translating Maudli o input
si gnal®, ieprohidedbya ileored by Gdusathdi stipadhienthat 4 wawd faldlivithinstmat signal s, each

associated . wih a directian,, wherein N.is.|larger t M, Mi.g two or nore
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an M N vagdigb| BrifRiglieX thaPRRR¥dakiBY of the sound field in a concert hall within the

confines of a living room is possible by conceptually placing the living room, walls
impermeable to sound, within the concert hall, then electronically rendering the walls

15  sonically transparent by festooning the outside of the walls with an infinite number of
infinitesimal microphones, each connected with suitable amplification to a
corresponding loudspeaker just inside the wall, By interposing a suitable recording
medium between microphones and speakers, a complete, if impractical, system of
accurate 3D sound reproduction is realized. The only remaining design task is to

20 . render the system practical.

A first step toward practicality can be taken by noting the signal of interest is
bandlimited, at about 20 kHz, permitting the application of the Spatial Sampling
theorem, a variant of the more common Temporal Sampling theorem. The latter
holds that there is no loss of information if a continuous bandlimited temporal

25  waveform is discretely sampled at a rate at least twice the highest frequency of the
source. The former theory follows from the same considerations to stipulate that the
spatial sampling interval must by at least twice as dense as the shortest wavelength in

order to avoid information loss. Since the wavelength of 20 kHz in air is about 3/8”,




said Maudio input signals to said variable matrix, deriving said N audio
output signals fromsaid variable matrix, and controlling saiguysm®i?i05 i n
response to said input signals so that a soundfield generated by said

out put signals has a conpact sound inage in the nom nal ongoing prinmary
direction of the input signals when the input signals are highly
correlated, the inmage spreading from conpact to broad as the correlation
decreases and progressively bow ng opytward into nultiple conpact sound

i mages, each in a direction associated with an input signal, as the

correl at i the irgglithfisie that On SRGREBIEsduAd Byseil danbRGaplRkab@dithlal accordance

w th anot her aspect, of the present invention, there is provided an
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generate u AL 1 I subset of said N
channel s%h%%é%ﬁﬁ%gﬁ#@qﬁé%%@atl ngh%%)r?? ?gﬁdgﬁﬁ%ﬁ%ﬂe@?’ y:r e used, along

"~ Wi t h contapplicagiby nbipprapeiaterintepdlalign.ot her decoder nodul es, to vary the

coefficients of comy mat,ri x. ar the scale.factors of jnputs to or

out put s from@“"@%ﬁ?ﬁ“n %ﬁi‘&cqaactﬁﬁ?@rﬁt‘%posﬂ "me?ﬁR]%f"SGldﬁ tRannel s, from

two or- W%ﬁv@&eb{iﬁmﬂ' s’iﬁﬁﬁfeecff%‘éﬁﬂdtﬂu@&id@ﬁe@fﬁr. 'I'H«Péﬁa,nﬁé]@ﬁ%ﬁii@d to Wherein each
o)

nodul e, in response to its input” signals, controls its matri x or
cont r 8 s suttea desoderorill pareferxedsto heraimt vadowstiuasd ardind], ¥ repsmitted,”layd sai d out put

si gnal s has onpact sound. ipgge .in,the nonin ongoi n rimary direction
of the inmﬁsﬁiﬁﬁ%&sa @HOPWEF&?'W Wé%ﬁ%‘iagf’ %é%eﬁﬂ&fong%ﬁpgﬁgt ed, the

i mge sp _rtﬁ@?ﬂsﬁﬁmfo&'@ﬂé SANPsdind1h&HneR dviB e FMéired®b heAPtiemddpgeeases and
progressively bowi ng outward into nmultiple conpact sound i mages, each in a
di r ect i orfhanusk ot owtpef ohinnis! may alsphave gilepation caincidentwish thegiositipoaf cont i nues to
decrease to h'aggﬁ ?ngcorrel ated. 2 August 2005 -5a In accordance wth yet
anot her &sHEM t mf)tl'esent invention, there is provided an apparatus

for transl atiipg thdrefod dRsikabRits rédiodhe hsmbevf afekic e §etadf i el d to N audio
out put

samples, or cardinal channels. One possible basis for doing so is the fact that, above

1500 Hz, the ear no fonger follows individual cycles, only the critical band envelope.

This might allow channel spacing commensurate with 1500 Hz, or about 3”. This

would reduce the total for the 9°x12’ room to about 6000 channels, a useful saving of

20  about 2.49 million channels compared to the previous arrangement. '

In any case, further reduction in the number of spatial sampling channels is

theoretically possible by appeal to psychoacoustic localization limits. The horizontal
limit of resolution, for centered sounds, is about 1 degree of arc. The corresponding
limit of vertical resolution is about 5 degrees. If this density is extended

25  appropriately around a sphere, the result will still be a few hundred to a few thousand

channels.




channel s representing the sanme soundfield, wherein each channel is a single
audi o stream representing audio arriving froma direction, M angsfoase
positive whole integers, and Mis at |east 3, conprising a plurality of
decodi ng nodul es, each including a matrix that generates one or nore

out put channels, or each nodul e generating control signals that are used,
along with control signals generated-by other decoder nodules, to vary the

coefficients of a commo [ r rs of inputs to or
outputs froma common n@ggﬁ;q@%@%ﬁiﬁﬁmﬁgﬁﬁﬁe out put channels, from
- two or norg aefortidife GLiEls af tassdea ol dhd Wreadht de@Rtion, BLe i@NROVIEES a pb@EEKs at

| east sone nodul es share inputs and the nodul es are hierarchically ordered
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hi er gosikive altegur dqual ng thréd oamoes, dampeising phorddia e M 2S paddblomatrhe applemgnt

i nvent.i.qn, process transl ates M audiq .i.nput anpel s representing a
soun&flﬂg‘a&u% RO SHENBTS 4 it ardaphn TS Aeivied st W@C{fme@%%gmispﬁwaﬁwé d,
wher ghRafletlanh aRA ebntkolti %i@%a%iﬁ%e@ao?%%ﬁd ﬁ@ﬁ@ﬁgﬁﬁlé Ekgtélﬁyg h(ﬁmﬁﬁél]ﬁv' ng
froma direction, Mand are positive ole integers, and Mi1s at |east

t wo. gOmerated byosasl seipst sifnadshput covipactresiusd amegeaymnthe atoatinaleengoingeprithayi ng
one qQt nore t put .channel.s. Fach set i,s ass.ocj ated,w two or npre
opa Arefpncor it B PR SRS Sinel off DRl dre Iy oupaing
genefnedoRpad toProSESS thd)abrrbRGbY desresiRl &l ﬁ}bﬁtgssivél?%%%@% afitva® into
correlation of the two or nore input channels and the |eve

i-nt emputiple i compartosovstl imeges, vaclrin rodisedtiop uassasiriethatith, a0 Anpiesignapesst thef t he
pres%ﬁx&elh@%’ne&}n‘ti‘ﬁﬂes LR, Elethgy @{ge%fa%‘d? channel s are associated wth
nor e an two I nput cRannsl'e an ep

rocéess determnes the correl ation of

i nput channels wth which each set of output channels is associ ated
according_to a hierarchical order such that each _set or sets is ranked
accor di ngli 8ccOFRaneR Wi anether aspent of Higrimesest ipvemiionnthers is providpdamarpaainel  or
chanps Saflafind S5 ORlRS fiur LI CRbRSIN D Shurfiel U ARANDELD: DAKLDE the
hi ghest rankPFng, and the processtng processes sets I n order according to

t hei rephesenting: thecsameosodadfielfuwhbrein eambhochadiabds baimggle asdiecdtrean depesqitimgent

i nvent i.on, .the processing takes  into account the.results of. .processin
hi gh@pélgra&gymg Qmn a 1Srect1%n, and 1{? are pom%ve whole integers, and M 1spat least 3, d

comprising a plurality of décoding modules, at least some modules sharing one or more of said
M input channels, each module including a matrix that generates one or more output channels
each constituting a subset of said N channels, or each module generating control signals that are
used, along with control signals generated by other decoder modules, to vary the coefficients of a
common matrix or the scale factors of inputs to or outputs from a common matrix to generate
one or more output channels, from two or more of the closest spatially adjacent input channels,
wherein each module, in response to its input signals, controls its own matrix or controls the
common matrix so that a soundfield generated by said output signals has a compact sound image
in the nominal ongoing primary direction of the input signals when the input signals are highly
correlated, the image spreading from compact to broad as the correlation decreases and
progressively bowing outward into multiple compact sound images, each in a direction

associated with an input signal, as the correlation continues to decrease to highly uncorrelated.




2 August 2005 -5b The pl ayback or decodi ng aspects of the present
invention assume that each of the M audio input channels repragstiong
audio arriving froma direction was generated by a passive- natrix
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m cr | [ Z0 I £ L. of

i or SOREaRirbls kel o5 Whe gelldePuod BBERb vali At etk A3 Btk 0

pr es@enthel soule fidt@n of impyitdae or wptpatErine d camneonl Mittikae gaiergto upé efmpreomemgi Ng
dul ar functign ereinafter, "decodi ng nodul es"), each of

nodul es o h e
whi cﬁh‘i‘rg‘e{fs ggmc BV eneraae ot ¢ %cgﬂsesﬁﬁp%haila HUACEIE PHE Arpsnels gherein at feast
al ter i £aat: ' I I '
chanrsle g)ﬂﬁbﬁs?ﬁgqéﬁs %I?cgﬂn%rnzo%ﬁ?ét gh%efagglgg@ E@%@F ﬁgﬁc%rgﬁgatgé}}l{ car di nal
chanwoélispu sshamiclst dotyviavh, tulde admpedisor comchuingcatiiig evidu thpumodilan me losder epr esent
relative l%ao or.tiops of the u.dici l$)itﬁ’nal s in the gl osest s atial.lg¥ adj acent
car dPAFol theharag of cuwmen Ry sgpals betivsem at 4P RedyetBACAY oARE Y ET thag

expl didpgehics] oo lS detail bel ow, the decodi ng nodul es are | oosely coupl ed
to each other in tghe sense that

In aécordance with another aspect of the present invention, a process translates M audio
input channels representing a soundfield to N audio output channels representing the same
soundfield, wherein each channel is a single audio stream representing audio arriving from a
direction, M and N are positive whole integers, and M is at least two. One or more sets of output
channels are generated, each set having one or more output channels. Each set is associated with
two or more spatially adjacent input channels and each output channel in a set is generated by a
process that includes determining a measure of the correlation of the two or more input channels

and the level interrelationships of the two or more input channels.

In one aspect of the present invention, multiple sets of output channels are associated
with more than two input channels and the process determines the correlation of input channels
with which each set of output channels is associated according to a hierarchical order such that
each set or sets is ranked according to the number of input channels with which its output
channel or channels are associated, the greatest number of input channels having the highest
ranking, and the processing processes sets in order according to their hierarchical order. Further
according to an aspect of the present invention, the processing takes into account the results of

processing higher order sets.




nodul es share nodes and there is a hierarchy of decodi ng nodul es. Modul es
are ordered in the hierarchy according to the nunber of cardifigusicivasnel s
they.are associated with (the nodul e or nodules with the hi ghest nunber of
associ ated cardinal channels is ranked highest). A supervisory routine
function presides over 20 the nodul es so that common node signals are

equi tably shared and hi gher-order decoder nodul es may affect the output of
| ower - order nodul es. Each decoder nDduI% may, in effect, include a nmatrix
such that it directly generates outpu? Signals or each decoder nodul e may
generate CoRtAIbask SR AeSoditlAhspedts FURE Pres@tidRGentioh hishlie ARNEAS oIl S
generat ed by ot’her decoder 3 les, to vary 25 the coefficients of a

var i atlie inpetr ¢hanogls répeessotingaidie taxrr\sng)fromqp ld!rSCt!Q!il wes genepied by agrassivef | xed

matri xthn ogrder t ener ’%'fe{i al | 41 out c nal 81 cge G‘céier rqu)uI es
enul AET AEHSREN ﬁa%ﬁp & HiIhE F?é‘ provide “péreptual 'y
t r anspac@i ISrﬁﬁirﬂéﬂJﬁ)tm pnﬁaﬁty dehe @learemﬁtﬂlﬂal rmyn&e of Bidn@EE)) tveithoas the

August 2005 -7 either .a wi deband or nultiband structure_or function, in
t he Ir@‘ﬂli@meéh%’@%tt%a'e‘il@Wmamf%mﬁli)lh(Ib%l?;sequl siderqhainor agxi laryunfs&magw ficture,

for S pr r

cssenPl AP, mAchE R LRI Sl CORGAF Mhmind HMionkEl REAE, ot ERAET
genemeltﬂough Gutth eowpakigakls tran bda @Enﬁmedfbywxlﬂmﬂ)pmpbhmgm Ipasstwe dhoodingut
channels, wherein Mand N are positiy e integers and,M |s at | east

t wo, MAYGT-HBoSt sepientiont Feehrng s RS Aoh ST denpHe SIS SFRIS peaker 5
recei ving the N output channels can be reduced to a practical nunber by-
judicious reliance upon virtual imaging, that is the creation of perceived
sonic images at positions in space other than where a | oudspeaker is

| ocat ed. The nobst conmon use 10 of virtual imaging is in the stereo
reproduction of an inmage part way between two speakers, by panning a nono
si gnal between the channels. Virtual inmaging is not considered a viable

t echnique for group presentation with a sparse nunber of




channel s, because it requires the listener to be equidistant fromthe two
speakers, or nearly so. In novie theatres, for exanple, theJghtusexdsri ght
front speakers are too far 15 apart to obtain useful phantomimagi ng of a
center image to nuch of the audience, so, given the inportance of the
center channel as the source of nuch of the dialog, a physical center
speaker is used instead. However, as the density of the speakers is

i ncreased, a point will be r eached 6\/\/nere virtual imaging is viable between
any pair of speakers for nuch of the 20 audience, at |least to the extent

t hat - pang(tias sconsthaing anWefféttive bidoding RtatrdOR aKiey slaybhl€or dgegilind et ween t he
speakers are no |onger perceived as such. Such an array has the potential
to be nedSPSFLS qfahl@rrsrgi}pgq@érar areralsg dargely compatible wifh naturaleersdinged earlier. In
order to f hori zont al
array of oBes sBEESh B ibaREE S A ik A Rpn B BRI G, T e
speakers allpwrgfarsomgmsﬂlﬂe nme@ehp,eakﬁsanabmg/&omhlﬁe:ﬁﬂeﬂia&ttbfecﬁnsa verti cal
angl e of abput 45 de es,. plus a sin |rectlyar,§€ total 23,
bl Us & s B8P PREBENLR e nearest Taiorop oneaflrn OB s S ﬁyup for

24- chann%tﬂgln%xlleﬁ ir oPhfidIOMeshy current parlance this systemmght 2
August 2005 - referred to"as a 23.1 channel system for sinplicity it
will be referk d@bﬂd@r asiecpding-prodessacedrding 44 m&ﬁeoﬁhmpreﬁelnt}nvﬂntiog a top plan

vi ew showi ng schenat an i.deali.zed decod arr e i n the manner
of “the | duB-uabpEmsaisd aua iR ot Bladroceti ot of Mg At BERinne D ont ol
cardinal (RéemAfdrS deédingANdhIAS), %H%T%Icﬁ is usdd to 2neraf® on@BFmdE On the outer
circle. Avertical channel, perhaps derived fromthe five w de range

car di Hal Sutruhchandls @, altemativaly, gemial sigoals nsablertd gengtaterene oomosepar at el y
suppl i ed, e br oken ua e _cent The

Dt y- ik SRR ok B8 9% e ot ok M tioSed Spagnll AR R o1 111 ea
circl es thathels boRciated &¥iththé @dc@dlﬁ% Xt e The Suthitharmbld feppdsenti S on a 10

hori zontal plane, the inner circle of six output channels is forty-five
degr ees aelative proportions of the audio signals in the closest spatially adjacent cardinal

-‘FD

channels associated with the particular decoding module. As explained in more

15  detail below, the decoding modules are loosely coupled to each other in the sense that
modules share nodes and there is a hierarchy of decoding modules. Modules are
ordered in the hierarchy according to the number of cardinal channels they are
associated with (the module or modules with the highest number of associated
cardinal channels is ranked highest). A supervisory routine function presides over

20  the modules so that common node signals are equitably shared and higher-order
decoder modules may affect the output of lower-order modules.

Each decoder module may, in effect, include a matrix such that it directly
generates output signals or each decoder module may generate control signals that
are used, elong with the control signals generated by other decoder modules, to vary

25  the coefficients of a variable matrix or the scale factors of inputs to or outputs froma
fixed matrix in order to generate all of the output signals.

Decoder modules emulate the operation of the human ear to attempt to provide

perceptually transparent reproduction. Each decoder module may be implemented as




the horizontal plane. Qutput channel 23 is directly above one or nore
listeners. Five two-input decoding nodules are illustrated @sAasisO¥ES524- 28
- around the outer circle, connected between each pair of horizontal ,
cardi nal channels. Five additional two- input vertical decoding nodul es are
i'llustrated as arrows 29-33 connecting the 15 vertical channel to each of
the horizontal cardinals. Qutput channel 21, the elevated center rear
channel, is derived froma three-input decoding nodule illustrated as
arrows between output channel 21 and cardinal channels 9, 13 and 23. Thus,
each nodiither 4 widelsmdor aiukiband $tfuctire @Fmtioh, g thedatter Qiisetwithceithér a1 osest
spatially adjacgfﬁf %%rdinal channel§. Al t hough the 3§coding nodul es

r epr esent@atRYQuETiterbanky, o Abloek-gruictuse, far sxample. atrapglogndpted PERFESREl s, a

decodi ng d@ﬁg}’{o?e%l ReRa Lok iR BRRBL A MIRRLaRY  OULPUL channels. An
out put channels may be | ocated 1 nterne Fate to one or nore cardinal
channel s or aAltldugh terbesipoweitionnelates genemilg tonthe spatiahtnaeislatidinaSy in the FIG 1
exanpl e, .each, of the cardjnal channel locatjons is also ap output channel.
Too or " dRRGETTEES A NG RURRLTS REPEIUBHE NAGT BosE e D88 The wi | | pe

di ScussecﬁndMQ%legﬂtﬂ&%otﬁErésﬁéc?ofﬂﬂié%ﬁehﬁéhi‘s%haHh% u_&ﬁlfﬁy@if@)é!ﬂéﬁsk processor
shoul d be capabl e in concept of worki 23 with an arbitrary nunber and

ar r angengedeiviig thp dbdutpus chanoels ban R4edivathtos] pragticalynuwiblet binjpdigissl as an

illustrative but 2.August.2005 . -9 non-unjgue.exanple of the density and
i angemdReaP AR g B9t Ik BHOPR Gl Pe A RPTR TIARCDE cel ved
soundf i elpdsia6nsah epaee other MR wASE 8 %dudSicakdifs lobate) tTHeMmos Beinflesiigee t 0 be abl e
to use a |large, and possibly user-sel ectable, nunber of presentation

channyl s of Firmakimapiag igiadky sierewfeproductionioben ingdze e ep betwebmbvrel s, and/or 5

or it 1 oBHRRRyY bauilEh U biehf sERRERHELahitel™ ViR RRE BRRESCSPC 11 OO

descri beGomdiyal 2 @ible dbdifue fopBeuP presdnbition dthaGpMke mantkl 6Pl y to transmit
twenty four discrete channels, but aside fromthe fact that it would
| i kel y -behumelsdepsayse it requireethe ligieart (e be equidistand fen the Hyospeplers, or

nearly so. In movie theatres, for example, the left and right front speakers are too far

15  apart to obtain useful phantom imaging of a center image to much of the audience,
so, given the importance of the center channel as the source of much of the dialog, a
physical center speaker is used instead.

However, as the density of the speakers is increased, a point will be reached
where virtual imaging is viable between any pair of speakers for much of the

20 audience, at least to the extent that pans are smooth; with sufficient speakers, the
gaps between the speakers are no longer perceived as such. Such an array has the

- potential to be nearly indistinguishable from the 2 million array derived earlier.
In order to test aspects of the present invention, we deployed a horizontal array
of 5 speakers on each wall, 16 total allowing for common corner speakers, plus a ring

25  of 6 speakers above the listener at a vertical angle of about 45 degrees, plus a single
speaker directly above, total 23, plus a subwoofer/LFE channel, total 24, all fed from
a PC set up for 24-channel playback. Although by current parlance this system might




many separate channels, and for a transm ssion nediumto convey as many
channels, 10 it is preferred not to do so, as the 24-channel 2aAiasgmment is
nmerely one of many possible, and it is desired to allow for nore or fewer
presentation channels froma comon transmtted signal array. One way to
recover output channels is to use formal spatial interpolation, a fixed
wei ghted sum of the transmtted channels for each output, assum ng the
density 15 of such channels is sufficiently great to allow for that.
However, this would require fromthdusands to mllions of transnitted
channel s e ARaLAGEUS, 991 LG, Br Sithiidity iNMIMEHrkaRHR il | Ler to
perform tenmporal Interpolation of’'a sihg g S|gn§ . eduction to a

pr act i cakhannelizgsterntheteiransm tt ed channel s requires the application of

psychoacoust i ¢ principl.es and nore ressive, ngmi c . nterpolation from
oy Fomer 20 TR ek iaral DI YEV ShOmoE tmasiInas irelasd o0 on of ] ust how
many chapnglamehien tHeGRARE: éﬁ%é Jﬂﬁ@fegcri‘og@te&eaﬁﬁﬁ%g}e?{ BvEMiRIge soundfiel d.

This question was addressed an experi ment ormed by the present
i nventor heiresta) eadipalahannelsrade shewe as sqparee pl, 3'c 3 Bdnd i3’ anbelomter The basis for

the earlier xperi,ent, . at .| east. s t.he. observati on,.t hat. conventi onal

o e e Podl i Pac sl S erited o e A P I e o Tt 1 &

1 eft/ri gbdmdldtRedr F&{eﬂﬂéﬂ rebéiberﬁt_ﬁﬁiybﬁsépdrﬂelya{%@'feﬂﬁs El‘ftﬁﬁte{s BRHfoltemcal i zation,
enp

owng in part to the inperfection of any oyed, and the |ack of
head - ot #qyarecd3ein thereenter.r Chairesnty-thige sviderrangsaniput ehagnel areshevaugsal ( 4- channel )

recordin S , = USI gt Lrs of directional, m cr.ophones 2 August -
bo0n. - 1ot R Gt 2505, tBe PRl et or Sl Sl ek RBBE " 2ne pacr faced
f or wand, hédntaDplaey, tHeQnidh eiréleaf six Eﬁhﬁxtrcﬁéﬁiﬁbls i@rty e deieg bage pl ayed over

four speakers spaced close to the head, to mtigate acousti ¢ cross

coupl i ngthefprzanial plare.sOuprEEigeneh At is diresilycrbave oneirmors bistensrs Fiveght t i ni ng
and anpl jtu N ' i pl us
cnari quitE P BERIAEAbAAR 5L i E 3R6H; P28 tind BERIRE S P13

posi ti ongonnected between each pair of horizontal cardinal channels. Five additional two-

input vertical decoding modules are illustrated as arrows 29-33 connecting the

15  vertical channel to each of the horizontal cardinals. Output channel 21, the elevated
center rear channel, is derived from a three-input decoding module illustrated as
arrows between output channel 21 and cardinal channels 9, 13 and 23. Thus, each
module is associated with a respective pair or trio of closest spatially adjacent
cardinal channels. Although the decoding modules represented in FIG. 1 have three,

20 four or five output channels, a decoding module may have any reasonable number of
output channels. An output channels may be located intermediate to one or more
cardinal channels or at the same position as a cardinal channel. Thus, in the FIG. 1
example, each of the cardinal channel locations is also an output channel. Two or
three decoding modules share each input channel.

25 As will be discussed, a design goal of this invention is that the playback

processor should be capable in concept of working with an arbitrary number and

arrangement of speakers, so the 24-channel array will be used as an illustrative but




of the m crophones and speakers. The result was a singularly conpelling
surround sound presentation that |acked only a viable repregeagaist Boos0f
hei ght information. A recent experinment of another added a center front
channel and two hei ght channels, and was reported to be simlarly
realistic, perhaps even enhanced by the addition of 10 height information.
Therefore, from both psychoacoustic considerations and enpirical evidence,
it appears that the relevant perceptual information can be conveyed in
perhaps 4 to 5 "binaural-like" horfzontal channels, plus perhaps one or
nore verpd Pt g¥eNafal ' ; acteristic of
bi naur al hét’:lﬁgﬂr%ﬂel pa?&%f%%gggﬁg%aﬁgﬁﬁﬁgﬁﬁt utl)lﬁgﬁ?%?%g?? g@?ﬁ%?%gsback to a
group Vi eortiouuis pemkizedsousdinddadcbrding to sne/aspyet lof the lirvents@par at i on at m dr ange

and low fre ngies, So.rather th i nt [ t f t th
encode\rN (asqlillge g‘%ﬂfgtcf fable igiused, %?ﬂ%n rﬁ@%ﬁ‘%&%@egﬁe@gﬁ%ﬁﬁeo i? in tehe

decoder , plekentdtidn ShahAkI. taifts thefRbfiof bf 816 hufmBero?ARceRARBReR, hidrat ed, and to
m X out put channel signals fromthe nearest transmtted channels. Not only

does - Bhi sther informatinn, that wust bg copkyadia the playbadkghocessor ieorderfbeit tof speaker s
i t hout g d i f desired, pl ti onal ' f hannel
o s BaECR S piohe SRR P il B SBbAGNeuRIG, BbBHL Coorhe °

exi sti ngoﬁ;fb@ﬂﬁlédp}]ﬁ'bﬁtﬂﬂgﬁﬁﬁmto@%n@ﬁﬂ-twf‘eh@'m discrédé cla@idld, butasidee  hori zont al
plane. It is also la conpatible with natural recordings, such as m ght

rgel y
be made SwmAhT faodhatatould HEly besnerousifericopiaimiaducers ikave 10 Mg 1 or some
possi bl e ' L\ i | Lrections wil'l
tend to ma %P%ﬁtce%gg‘ﬁfé{?’ ﬁ’@gg{j %té&ﬁ@gsﬁg{s}?n e&%'ug{r?gé: H}éﬁ%rsgg EHE@J ghargl%élgzont al array,
speciibi cald prefefied hst t6@a5E 8¢ thp iLhadine! afiaggadmnoResyely dndofgtiaty 2005 - 11 Thus,
froma perceptual standpoint, it should be possible for a channel
t r ansl at PAHbetnsHtls d@ﬁfﬁéé%eliﬁw for oI fpwergprosent pansls 5 A and

convi nci ?(nﬁélﬁﬁﬁ%sﬁafﬁfa?l"gh an arbitrary nunber of horizontally
arrayed speakers, I ncluting the

One way to recover output channels is to use formal spatial interpolation, a

fixed weighted sum of the transmitted channels for each output, assuming the density
15 of such channels is sufficiently great to allow for that. However, this would require

from thousands to millions of transmitted channels, analogous to the use of a multi-

hundred-tap FIR filter to perform temporal interpolation of a single signal.

Reduction to a practical number of transmitted channels requires the application of

psychoacoustic principles and more aggressive, dynamic interpolation from far fewer
20 channels, still leaving unanswered the question of just how many channels are

needed to impart the percept of a complete soundfield.

This question was addressed by an experiment performed by the present
inventor some years ago, and recently replicated by another. The basis for the earlier
experiment, at least, was the observation that conventional 2-channel binaural

25 recording is capable of reproducing a realistic left/right image spread, but results in
erratic front/back localization, owing in part to the imperfection of any HRTF
em;;loyed, and the lack of head motion cues. To circumvent this drawback, a dual-

binaural (4-channel) recording was made; using two pairs of directional microphones




si xteen horizontal speakers of the twenty-four-channel array described
earlier. Wth 5 the addition of a vertical channel, such as RsASQREIJOSES
proposed for a digital cinema system it should be possible to feed the
entire twenty-four-channel array with individually derived, perceptually
valid signals that together inpart a continuum soundfield percept at nost
|l istening positions. O course, if there is access to the fine grain
source channels at the encoding site, additional information about them

m ght 10 be used to actively alter ‘thTe encode matri x scale factors to

pr e- conp. L1 | rofd gk s 1 MYA ] ncl uded as
addi ti Onip%?iggfngﬁgsl n %gﬂg‘% Tllkéa@ﬁﬁl%n%@aeﬁgt?lggngﬁ)%@ﬁaps gc?‘ri%e: ar to the
coupl i ng dieevrtaithe ataes Theseshliing raor@ing Pas playeddiver foat Jpeakers spatedrvhs codi ng, but
perceptual ly,, such extra inf.ormation.shquld I be necessary:. and

bract | calP §ie head, 6 PHiFgge eisin SO FouRIin 1 e 1S B ARETIOBPIPedSthdosi r abl e, 15
The i nt endafioRAYHIht Mir@fand Qﬁpﬁtﬁ@é‘!&@dﬁzﬁt’i&f@%@fr&ﬂ'&aéi%i}fiﬁﬁpéaﬁerg,m limted to
operation wth 5.1 channel sources, and may use fewer or nore, but there

i s at 3 egdus uembigupussfrant/backtinformation fiee the coredsperniding disceadé poséioper f or mance can

be obt ai Q)Zﬂwfrom ﬁ 1 chcf:mnehl;e s&grceg. This still Ieﬁves unanswer ed t he
quest i on | HSTOPHERES £0° IRETHet "ERBN20"%F ACER ’&Yféﬁ@e et annel s from a
sparse alshand @bschiatbrbiiatlhedd 6MeaRadble regiasentatioh bf hedght pifeRasesl Ay one aspect
of the present invention is to exploit again the notion of virtual

i magi ng, Teasnt expeamend o onosher adder @ center fighy channelgad two ksighs ghanpelsot ed t hat
virtual i ' ' i . S L | . se speaker
arraye B8NS ebiedd be ol rcaRo b U ™R BY g BR 8t 2o om cach
speakgy . height inforihtidn. 25 work, after a fashion, for a listener who is
fortuitously so placed, allow ng the percept of internediate phantom
channel s for Biewpipdrambeth paxehodseestic sapsideratiges gl pmpiricabevidemen it he near est

real out ' ﬁp[#s ' of the
pr esent P‘ eean{‘?%zﬁ%%getvﬁtﬁgl%e aﬁ%ng{ﬂ{aﬁgﬁé a |c§ﬁVéa§((1:o F ?g%g‘% 5st of a series
of - nodul &binZurlliieS tho£idEal chahilels, plus perhaps one or more vertical channels.

However, the signal crossfeed characteristic of binaural channel pairs makes them

15 unsuitable for direct playback to a group via loudspeakers, since there is very little
separation at midrange and low frequencies. So rather than introducing the crossfeed
at the encoder (as is done for a binaural pair) only to have to undo it in the decoder, it
is simpler and more direct to keep channels isolated, and to mix output channel
signals from the nearest transmitted channels. Not only does this allow for direct

20  playback through a like number of speakers without a decoder, if desired, plus
optional downmix to fewer channels with a passive mairix decoder, but it essentially
corresponds to the existing standard arrangement of 5.1 channels, at least in the
horizontal plane. It is also largely compatible with natural recordings, such as might
be made with five real directional microphones, since, allowing for some possible

25 time delay, sounds arriving from intermediate directions will tend to map priﬂcipally
to the nearest microphones (in a horizontal array, specifically to the nearest pair of

microphones).




I nterpol ati ng signal processors, each in effect emulating an optinmally

pl aced listener, and each functioning in a manner anal ogous 3t fududerdugnman
auditory systemto extract what woul d otherw se be virtual imges from
anpl i tude- panned signals, and feed themto real |oudspeakers; the speakers
preferably arrayed densely enough that 5 natural virtual inmaging can fil

I n the remai ni ng gaps between them In general, each decodi ng nodul e
derives its inputs fromthe nearest _transmtted cardinal channels, which,
for exanple, for a canopy (overhead}larray of speakers may be three or

or e car di nal TRAAANE DercbhiBal YN P ARL A HsAUE Rl chiignne! s i nvol vi ng

more than two cardi nal channel's m g o enploy a series of 10 pair-w se
oper at i ortsanskajierhdecedey iq acoepit pistagdaydl 5S4 whennshprogramsaad devantimgly nodul es f eedi ng

t he i nputs_of .ot her. nodyles. wev .this has two drawbacks. . One is that
cascad! nd R AR Shan AELETY REPURG AC DY el SeaktrE AR IRE BEnet an .
resul ti ngsixtkdh HoERShtAl 4hdakérs GNEE MRéry-FRERRAAEINGraY At RriBet &kliey. than ot hers,
causing audi ble position artifacts. The second drawback i's that pair-w se

cor r el at i thpadslitioneof @ yartisal chams], srehics i somstimesiprapesed forddligitabeinena put channel s

~al he,l.ine. LI . h di nal
i or oo el s LD PTisAd B el BRFabinm Bl SRl i e ST
cor r el at ipdividagilyaReined] pyetmndly valid sigialethatteodtitf Gfpadl a doRSNAMt put  si gnal s;

this technique is described below Horizontal |ocalization in the human ear
i s predi cauticldnerrgpy at ynoghlisteningpositigns. (¥popesatf beredviecsessitpthedmgr al

anplitud | e i . aur-al , 4 | .hatter cue is
only val %ﬂ?é‘ﬁ‘ﬁé". %ﬁ%@lﬁﬂ}%&%ﬁd’l éfrg’ atd?ﬂrtrféﬁ%lﬁill%%ﬁndéﬁﬁ %ﬁ%gﬁmﬁl@?oseconds or
so. The peasdd toattivelyf et the endddamaphasshle factors Ripiedompensitetiges will  only
occur at posjtjons. corresponding to a particular |eft/right anplitude

di f f er endgcodenimiiaHons, or qug a&wxaﬁhb%nn@m?daaﬁ@ﬁ iippal side-chain {a1liaga| channel s i s

cor 1 el at Skorfliollhabs Ao thd\Whind M ALMIALS HACBUAIG! 0SS correl ati on

val ues that span +1 to y correlated sig (correlation = 1)
have t he Digital) maltieliannehcadidg tbunpercaptiatinrsach extiauhformationakeuld ndtfber ent

anpl i tudes, correspondi to.off-center i i _ ,
P necessary; an3 Bract?caﬂg, requlr?ng the ?nc}us{nn 0??1%% information is undesirable.

15 The intended operation of the channel translation decoder is not limited to operation
with 5.1 channel sources, and may use fewer or more, but there is at least some
justification to the belief that credible performance can be obtained from 5.1 channel
sources.

This still leaves unanswered the question of just how to extract the

20  intermediate output channels from a sparse array of transmitted channels. The
solution proposed by one aspect of the present invention is to exploit again the notion
of virtual imaging, but in a somewhat different way. It was previously noted that
virtual imaging is not viable for group presentation with sparse speaker arrays
because it required the listener to be nearly equidistant from each speaker. But it will

25 work, after a fashion, for a listener who is fortuitously so placed, allowing the percept
of intermediate phantom channels for signals that have been amplitude panned
between the nearest real output channels. It is therefore proposed in one aspect of the

‘present invention that the channel translation decoder consist of a series of modular




positions.) As the correlation of a signal pair dimnishes below 1, the
perceived 2 August 2005 -13 image will tend to spread, until2Af@ist 2005
uncorrel ated signals, there will be no internediate imge, only separate
and distinct left and right inmages. Negative correlations are usually
treated by the ear as simlar to uncorrelated signal pairs, although the
two i nages nay appear to be spread wider. The correlations are carried 5
out on a critical band basis, and above about 1500 Hz, the critical band
signal envel opes are used i nst ead "t~ t he signal s thensel ves, to save human

conput at ;g olatihggfghﬂ%_r?@lggﬁsﬁrsg MER effe}!@%xﬁl'ﬂ%;ﬁﬂrg ;%%@%ﬁlh&a lfs&n?r, little nore

conpl ex, rel'ying o pl nha cues an ation of "the
hor i zont and eashsfumdtiohingame maoter emglogous ta thehdimaedud@bdyasgitem o ext@ictsi mlar to

hori zontal, | ocal.ization.,with r.espect to panned anpl.itudes,  cyoss
Cor 6l at 1t 92 BTVEE B KRR Cem e HEGE B OL T aHEd o1 on.
Vertical hfatd @hl loﬁﬁﬁéﬁkbﬂsi tﬁé‘sﬂeﬁkeri‘ﬂ’éféi%’[ya&a%é&d&fs&?'eﬁ&gh*t'l?a@ hori zont al

resol ution, and does not require as derise an array of "cardinal channels
f or adequatusalivirtual jpeiging aan fipdn thererpainiog gaps bateantiwge of using directional

processors that enul ate .t he. operation of. the 5 human ear is that any
Ppertect; ondngrstthn e AraoBiodle By e i i i BT eou: o be

per cept uatahymites kadinBchhhrdeR, WHRR heskmpRs fo@@@aﬁdp?i(&xas&ﬁee@%r@& ofhe hunan ear,
allowng for the possibility that the systemw [l be percelved as nearly

i ndi st i ngheakprtmay beitlree ox mere sardiiahehantely. | Oneovay of gersrgingSemuht i on. Al t hough

t he pres i L. i S| . | V . ver 20 many
or  ow ootptie LB ok AR NRE R, BlinE Bt I s et SS Ty
| ouds peakairsvigsodehtivgs, i, &.gpbﬁt?&@afmﬁe%aiﬂﬁifb fRodife Adilgs feadifig passi ve
m xdown to  fewer channel s, _includi _ng nmono, stereo_and surround conpatible
Lt/ Re), ithe inguts pf etherragdules; Howavrscthis bashvs dsgwhacks Qe i that somewhat |
arbitrar %Fch%ﬁB HQ{%%E%o%ﬁ%s ifRboRdeh Gl W&P&Hed’{imp taREMk ek fing
channel s/Tou s%ea ers, and use as source naterial "a

in some output channels responding more quickly than others, causing audible

position artifacts. The second drawback is that pair-wise correlation alone can only

-15 - place intermediate or derived output channels along the line between the pair; use of

three or more cardinals removes this restriction. Consequently, an extension to

common pair-wise correlation has been developed to correlate three or more output

signals; this technique is described below.

Horizontal localization in the human ear is predicated primarily upon two
20  localization cues: interaural amplitude differences and interaural time differences.

The latter cue is only valid for signal paits in near time alignment, = 600

microseconds or so. The practical effect is that phantom intermediate images will

only occur at positions corresponding to a particular left/right amplitude difference,

assuming the common signal content in the two real channels is correlated, or nearly

25  so. (Note: two signals can have cross correlation values that span from+1 to 1.
Fully correlated signals (correlation = 1) have the same waveform and time

alignment, but may have different amplitudes, corresponding to off-center image

positions.) As the correlation of a signal pair diminishes below 1, the perceived




25 simlar or smaller nunber of encoded channels, including existing 5.1
channel surround tracks, and possible next-generation 11- or Adzuwetzousel
digital cinema soundtracks. 2 August 2005 -14 Inplenentations of the
present invention desirably should exhibit four principles: error
cont ai nment, dom nant contai nnent, constant power, and synchronized

snoot hing. Error containnent refers to the notion that, given the

| i kel i hood of decoding 5 errors, the decoded position of each source should
be in some reasonabl e sense near it% true, intended direction. This

mandat es iR gk iakdl GepesE uifil, f? RPE ik RBislknald arQE WAOLSAS at egy. Faced with
the prospect of nore aggressive decoding acconpani ed by possibly greater

spat i al ditemeediateinage,tonky sspasate and distincoledt and rightsmagesaNegativer ef erabl e to

accept | ess .precise decodi i n_exchan for assured.spatial 10

cont ai nERTIREE A% WS UralR Brehe T e B USRIl SRR g can

conf i denfaltodaR theidlilnBSbs rhdy afiear REbekPYIa8 Vide. WRe &freldtiohd @€ Bartisd 2 | 1 kel i hood
t hat dynami c signal conditions will require the decoder to ratchet between

aggr essi wut emaicrtisakleand hagis; end sheeabout 3091 H3, thy aritical bandsignabr t i f act s.
o= . . . : . i
the 15 cOEREE AR B RESrah IRl B e 4 38 bt S aoRE) *shout o be

panned byedultemeste ). t o only nearest nei ghbor output channels. This
condition 1s_necessary to  maintain inmage fusion _for dom nant signals, and
contributes t\Ertigskloseization s a littlg mere coraplex.gelymeon HR Y pinepeiseiard Wil e a

signal i ) At d r els, either by
subt r act e ARl of e SUBBRERGELwid BRI AU widthy RRRR° O, 011
appl yiong sinilaptdigrizonthldotalicdton mathaespattrio yarmeéd hinplitudss] cosonpl ementary to

t hose used to, derive the dom nant signal ("anti-dom pant )

coef fi ci EPHFEALQngang corespopgding perReIv TBEe H&&?&iaﬁaﬁﬁwu&%&@wﬂ%}m y that the

total decodfdoRty RitevBOYRE precise than horizontal resolution, and does not require as
dense an array of cardinal channels for adequate interpolation performance.
An advantage of using directional processors that emulate the operation of the
15 human ear is that any imperfections or limitations of the signal processing should be
perceptually masked by like imperfections and limitations of the human ear, allowing
for the possibility that the system will be perceived as nearly indistinguishable from
the original full continuum presentation.
Although the present invention is designed to make effective use of however
20 many or few output channels are available (including playback via as many
loudspeakers as there are input channels with no decoding, and passive mixdown to
fewer channels, including mono, stereo and surround compatible Lt/RY), it is
| preferably intended to employ a large and somewhat arbitrary, but nonetheless
practical number of presentation channels/loudspeakers, and use as source material a
25  similar or smaller number of encoded channels, including existing 5.1 channel
surround tracks, and possible next-generation 11- or 12-channel digital cinema

soundtracks,




be equal to the input power, but also equates the input/output power of
each channel and directional signal encoded in the conveyed XxAuglish2005
array. This mnimzes gain- 25 punping artifacts. Synchroni zed snoot hi ng
applies to systens with signal dependent snmoothing tine constants, and
requires that if any snmoothing network within a decoding nodule is
swtched to a fast:- tinme constant node, all other snoothing networks within
the 2 August 2005 -15 nodule be simlarly switched. This is to avoid
having a newl y dom nant di recti onat 14-si gnal appear to slowy fade/pan from
t he previous ] : ol ' invdSd Hes: 1 -QI?@%VNGSSFIG lis a
schemati c dré&?@éﬁ?ﬁ%%gﬁgﬂ%tp#%gmé? an vi eé\?\/;%@%ﬁngﬁ}ddéei‘g\bl zed decoder

ar r ange npritciplBESTrol/CBEai OBt CiiRRvANICoihimEMEcdnblefibivelandecodi ng Modul e 10
Because encpodi ng,any source direction is assunmed to map primarily to the
near est SAFEIN dﬁrﬂé‘?’i 8F's, channel translation decoding i s based on a
series of semRror aHtARAEMR Ysferd @S HE nDGor MAUSIOSn BIiRAlihoHd 6f dieBA@| sense
recover output channels, particularly internedi ate output channels, each
usual By trrens the desodest position bf each soureq shovldibeiegpmeraznondble sense near ashi on

simlar to, the hu . ear . I n f ashi,on anal ogous to. t he human ear, the
operat i ol g’fle’tlﬂgndgg@gﬁ%ﬂ& i@amaggat?ssa gglgdl%%rﬁe 39%08%}’331 BB of anpl i tude
ratios, HecodRigiriteg\e Hab&l Withihe prospét@ of mere appretiveidebddigct i on, and cross
correlation, to determine the relative wdth of the inage. Using control

i nf or mat aesempanipd/exipdspibly areater apgiial dispsity mtthoeyeaind cepwsisis usBHbel ati on, the
processo . | | l.S,...,S51 nce this is 20
best don regéri:?d;e ﬁ)igﬁé%?}e%%@?%&%eggﬁa%@?%@#gé g’tr ?ég'ﬁl%gfq ﬁ %llagt ortion products,

t he decocdgitaiiments Ev& ghitediofsimByioth @aredrévide dedvdingaias cadidendyibeng t he si gnal

of interest. (As . . C e e . .
applied, it may be unwise to do so if there is a likelihood that dynamic signal

conditions will require the decoder to ratchet between aggressive and conservative
modes, resulting in audible artifacts.
Dominant containment, a more constrained variant of error containment, is the
15 requirement that a single well-defined dominant signal should be panned by the
~ decoder to only nearest neighbor output chammels. This condition is necessary to
maintain image fusion for dominant si gnals, and contributes to the perceived
discreteness of a matrix decoder. While a signal is dominant, it is suppressed from
other output channels, either by subtracting it from the associated cardinal signals, or
20 by directly applying to other output channels matrix coefficients complementary to
. those used to derive the dominant signal (“anti-dominant coefficients/signal™).
Constant power decoding requires not only that the total decoded output power
be equal to the input power, but also equates the input/output power of each channel
and directional signal encoded in the conveyed cardinal array. This minimizes gain-
25  pumping artifacts.
Synchronized smoothing applies to systems with signal dependent smoothing
~ time constants, and requires that if any smoothing network within a decoding module

is switched to a fast time constant mode, all other smoothing networks within the




expl ained below, it may al so be desirable to include information about
non-nei ghbor cardinals in the calculation of the weighted s@mayguiigms
limted but dynamic formof interpolation is nore comonly referred to as
matrixing. If, in the source, the 25 desired signal is mapped (anplitude
panned) to the nearest M cardinal channels, then the problemis one of MN
matri x decoding. In other words, the output channels represent relative
proportions of the input channels. % August 2005 -16 Especially in the
case of two-input decodi ng nodul es‘,1 this is nuch like the issue addressed

by acti Vgodulblb8Bihfiladly SRRAEE! This U6 By@d hﬁ‘h% RIS |dBmilakt dRL&NaPr 0 Logi C

matri x decoder, wi th” pairw se decodi ng nodul e i hputs corresponding to the
Lt/ Rt ensiguiddppsagteslavlp fadofpen frandhapreyponssdonfinant dirddtiomt ri x decoder are
sonetinmes referred to as cardinal channels. This docunent, however, uses
"cardinal" to refer to the input channels of the channel translation

decoder. There is, howpgpsCRIERTIOR T TARDRAWINGEant di fference between
prior art active 2:N decoders and the operation of a decodi ng nodul e

accor di ng t oFKnd ipp schemetia dravingshewios 2 tayplpeviewof poideslized decoder t / r i ght

anpl i tud?éant‘ﬁjg ér[adi cate left/right position, as postulated as well for the
channel TTamsrati on decoder, they also use interchannel phase to indicate
front/back position, relying specifically on the ratio of sunfdifference
of the Lt/Rt encqQded channels. There are two problens with such active 2: N

decoder arr ange B SMQBPE FOR CARRYING OUY THEINVANTION (frontal ), but

off-center signals, for exarrplrlfemm MJ{?@UH ina sumdifference ratio of
| ess than infinity, incorrectly’i cafilngaless-than-full- frontal
posi tibon ( Si Bedaasd encding dnyl souraa tirection isedssiinted tofrkp pAmbdly to der si gnal s). The

B2 oI RS o0, SRace e second drawback 15 {ha
errors. L@fnofdiBic8dink McRules which in a general sense recover output charmels,

particularly intermediate output channels, each usually from a subset of all the

transmitted channels, in a fashion similar to the human ear.

15 In a fashion analogous to the human ear, the operation of the decoding module
is based on a combination of amplitude ratios, to determine the nominal ongoing
primary direction, and cross correlation, to determine the relative width of the image.

Using control information derived from the amplitude ratios and cross
correlation, the processor then extracts output channel audio signals. Since this is

20 best done on a linear basis, to avoid generation of distortion products, the decoder
forms weighted sums of cardinal channels containing the signal of interest. {As
explained below, it may also be desirable to include information about non-neighbor
cardinals in the calculation of the weighted sum.) This limited but dynamic form of
interpolation is more commonly referred to as matrixing. If, in the source, the

25  desired signal is mapped (amplitude panned) to the nearest M cardinal channels, then
the problem is one of M:N matrix decoding. In other words, the output channels

represent relative proportions of the input channels.




20 4:2:4 matrix system an uncorrelated Left-1n and R ght-In signal pair
with no Front- In or Rear-In will map to the sanme net, uncor Rehahee2005 Rt -
pair as will an uncorrelated Front-In/Back-In pair, with no
Left-In/Right-In, or for that matter fromall four inputs uncorrelated.
The decoder, faced with an uncorrelated Lt/Rt signal pair, has no choice
but to "relax the matrix", that is use a passive matrix that distributes
sound to 25 all output channels. It is incapable of decoding to a

si mul taneous Left-Qut/Right-CQut oniy, or Front-Qut/Rear-Qut only signal

array. The “'Eg?tl O ”xgth@r 9%'0?'[% ﬁxphﬂ?e%o&i U&zﬁesoﬁné IhREh IRNAE! phase to code

front/back pos N: I X1 ng stens 'runs counter to the
operat i omsnﬁaddtasseﬂb&ugtumz HObrix debdddrssach asalie nowhéledsicdimdlsy Frot use phase to

judge front/back position. The esent i nvention wor best with at | east
i e nohOBE PR oot SThEA N CHR A EE e Mt Promeuece oo tf on 5
i ndi cat edy/RyercBgepgsidmed directions of the cardinal channel S, W thout

assigning different  directions depending on their relative phases or
" pol aristi es. Nots Brechiputs giai2rN ofatrixrdecedee hrgisenictimesanfeiredtorasel at ed channel

transl ation. cardi n al s nanbi guougl v..decode 0, i sol ated

car di nal ¢ %{ﬁ ﬁ“th %ﬁr@t‘sg‘& g}t,i}mw(&v?rhusr% a%lqﬁ?iﬁ ﬁ‘eraf%é{‘)éh%wgﬁ and no
"rearwar Qﬁangblggpﬂ},bgﬁhnhaq-[-aﬁgﬁmdeéﬂaS by the way, avoids the unfortunate
"center pileu ect in active 2:N decoders, in which uncorrel ated

Left-In and ﬁgghus, hewesiegableest anesignifiessh diffsronce betweanpsietiart agiiveat i on because

the 10 d fe f n 0 center and
surroundii\ﬁg ﬁ%g@héyﬁnéag@g gﬁd&;[%d %%ggiéla%%%&g#ptggﬁ%?epke to spatially
expang auivél/ltlﬂn SViiRathe fominér d@yieﬁﬁa@cadpmgdea t@indicdedeftiepht pdsitior§, or 5, with
an N M channel translation system in _ that case any Ilmtatlons of the

2: N decodtrostudasedpsyeelldfonthe Phﬁﬂﬂﬂé@ﬂs’a%nl qec%’@f,éléﬂyrﬂilsédlse wiashapgglt he channel
mul tipli ﬁﬁl‘}sgwl {iﬁ%@féﬂoﬁ@a%k J’ﬁt?onpn?ﬁ%%pgﬂh?o Wb tléggse functions 15 into

a channe ransla ecoder co channel Lt/Rt signals
and, i nawdiffeesmseof theDARE shcoded chafndléi or to interpret negative correlation

s1g nal's as h%‘\ﬂérg %re two problems with such active 2:N decoder arrangements. One is
15  that fully correlated (frontal), but off-center signals, for example, will result in a
sum/difference ratio of less than infinity, incorrectly indicating a less-than-full-
frontal position (similarly for full anti-correlated off-center rear signals). The result
- is a somewhat warped decoding space. The second drawback is that the positional
mapping is many-to-one, introducing inherent decoding errors. For example, in a
20  4:2:4 matrix system, an uncorrelated Left-In and Right-In signal pair with no Front-

- In or Rear-In will map to the same net, uncorrelated Lt/Rt pair as will an uncorrelated
Front-In/Back-In pair, with no Lefi-In/Right-In, or for that matter from all four inputs
uncorrelated. The decoder, faced with an uncorrelated Lt/Rt signal pair, has no
choice but to “relax the matrix”, that is use a passive matrix that distributes sound to

25  all output channels. It is incapable of decoding to a simultaneous Left-Out/Right-Out
only, or Front-Out/Rear-Out only signal array.

The underlying problem is that the use of interchannel phase to code

front/back position in N:2:N matrixing systems runs counter to the operation of the




rearward orientation, |eaving the rest of the processing largely intact.
However, even in that case, decoding anbiguities resulting f2rAmuseR(03g
only two transmtted channels would remain. 20 Thus, each decodi ng nodul e,
especially those with two input channels, resenbles a prior art active 2:N
decoder, with the front/back detection disabled or nodified, and an
arbi'trary nunber of output channels. O course, it is a mathematical

i mpossibility to use matrixing to uniquely extract a | arger nunber of
channels froma small er nunber, asthis basical l y involves N |inear

equat | Onspdhehtalyfion oA Sila8 rohHal SfSierIBb pfen ¢ S to be
expected that t ecodi ng nodul e"may at tines exhi b| | ess than perfect
channel rievanien yorks bb#twﬂnraék:e-‘stctla“e@ﬂon-mlllmelapcbaedlmitchaxmelsmrthzé direction

si gnal s. the. hu udi t or mte u3| n ust two
cars i FCRBHGK Hostog8 PP Bed e Finkmid Hbrn o€ 488 s ShRBiing. o August
2005 - 18wﬁﬁ'6%t %%&%‘cﬁf&r&ﬁ dﬂéﬁn@ﬁé &’e%@mﬁﬁg @hsﬁ@lrr eetmwe HABs wgdrarmek channel s
operating. Isolated channel quality, ot her cEanne | s muted, is still a

consi der ah$ swh,tapairof oneaseglated or Iantstc@miatsd chaanel transldtion sidinagl ggnalear one

~speaker e sur e ear tin n a f.requ dependent basi s,
but gi venunﬁwgfguo'éﬂ%eé:? e%%sgla %8@ af??‘%ﬁga%ﬁe‘rﬁ@g& qﬁﬁ?r el ated at all

f r equenciig@ermdRgetipedl aid fdrredi®ards u&e&ﬁ)ﬁfiﬂﬂnca@dapl(’ﬂhz@%hr Py, aeside with Pro
Logi ¢ decoders as a wideband system it is to be expected that a w deband
channel  tthewnrfpeenagn ‘center pilevpresfics! s gctve 2N dasndersoin Whéﬁi‘tq%?@@@téﬁi y performance
in sone ap e ng shoul d al so
be possi gre?‘{f“uag%’#? ?mg\@l é&?%g@?ﬁ%ﬂlreﬁﬁ&@%@h@ﬂB%c% (t:)lg%i s, 10 and using

the sagre debsded@ddsdugnald differeme lof hasesigraly to benterand aurroandl climnelsd) dt h of
I ndi vi dual bands, can hbe |left as a freﬁgpararreter to the decoder
i pl enent%ﬁcomsﬁdlfﬁé’ﬂw mmn@a}?doswe &¥napd 2 VRt Signal paidb equi re hi gher

M PS thamamagﬁgt g fi@%}ﬁ%‘?ﬁmﬂgr 5Lt SO LRIhANBhsISRIRIdSmMBY i ot be that

much hi gher
that case any limitations of the 2:N decoder, such as center pileup, will be carried

. over to the channel multiplied outputs. It is also possible to combine these functions

15 into a channel translation decoder configured to accept 2-channel Lt/Rt signals and,
in such cases, modify its behavior to interpret negative correlation signals as having
rearward orientation, leaving the rest of the processing largely intact. However, even
in that case, decoding ambiguities resulting from having only two transmitted
channels would remain.

20 Thus, each decoding module, especially those with two input channels,
resembles a prior art active 2:N decoder, with the front/back detection disabled or
modified, and an arbitrary number of output channels. Of course, itisa
mathematical impossibility to use matrixing to uniquely extract a larger number of
channels from a smaller number, as this basically involves N linear equations with M

25 unknowns, M greater than N. Therefore, it is to be expected that the decoding
module may at times exhibit less than perfect channel recovery in the presence of
multiple active source direction signals. However, the human auditory system,

limited to using just two ears, will tend to be subject to the same limitations, allowing




signals are divided into data blocks and the process is carried out on a
bl ock basis. 15 Before describing an algorithm usable by the4 gﬁéﬁ
nodul es of the present invention, consideration is first given

probl em of shared nodes. Shared Nodes If the cardinal channel groups used

by the decoding nodules were all independent, then the decodi ng nodul es
t hensel ves coul d be i ndependent, 20 autononous entities. Such is, however,
not usually the case. A given transpjtted channel will in general share

separate output signals with two or ore nei ghboring cardinal channels. If

| ndependané sydRENEILE PeldBided RiiRtde, ¢5afwiiOaINGRANSs RBuAE! B¥laedeach Wi ll be

i nfl uenced by out pu nal s of nelghborlng channel s, "resulting in
possi bly Obémiebwht}ewulﬂggr ehannels muted, lefstﬂba:cqnﬂdmtlmutopagcommgdm s of

nei ghbor i cod n ules will. "pull™, or gravitate, toward each

ot her, l{c’]’%ﬁl%ré é %pﬁ@ﬂgggreo&ers%@gfr of the common cardinal node

cont ai ni ng bOIdlbeSduw&ieS:ar i bperdting ¢h d frde@bncy-dePerdenttbasis, bab giverd gt Si gnal s are
dynamc, so togo wl | be the anpunt of Interaction, |eadi ng to signal

dependentmesy s sagessiill g similrlyconelgted at all frrmencisisy togetbanwitthaugust 2005
- 19 obj e%héc%&?@ﬁﬁqgﬂ?cfagéxﬁen%@é with @?ﬁt@g’f}l 4955, 93 a@{deﬁa%fi‘%été}mpfﬁ Logi-c and

ot her active sInce Se on y a st ngley Tsolated channel

pair as tthee egecdéthai mwideband'ﬁhml irinslationgerfmsadyalicbaapitdasat e for the
"shar ed node" effect. One possi bI e way to do so would be to subtract one
r ecover e dRESTRHRLY Pt W?Wéné‘aﬁ?rﬂ?i’ lﬁ%fﬂ’és WB@@P%C}?W Hansl@diopecover the out put

si gnal ofy @d%] it This is-
of ten not %d(glé ?‘ﬁﬁmssgggg&gib?% %&H‘r@aﬁﬂe}g% 1l &P@mﬁ&%ﬂp%& dsti mates the
anounto ofand osinpthe sarhgertcodddgignial mmec}g:;asq;m@ﬂemmhér a:ntibamdvpdm ofhannel s, and a

supervi sor_.rqutine, t for each nodul e. of . its nei ghbors' output signal
oot oy oStivdi b ahs el s & Boe GeRiER P SiF d5podeh INBHRENG: oy
Although multiband processing is likely to require higher MIPS than wideband |

processing, the computational demands may not be that much higher if the input
signals are divided into data blocks and the process is carried out on a block basis.

15 Before describing an algorithm usable by the decoding modules of tﬁe present
invention, consideration is first given to the problem of shared nodes.

Shared Nodes
If the cardinal channel groups used by the decoding modules were all
independent, then the decoding modules themselves could be independent,

20  autonomous entities. Such is, however, not usually the case. A given transmitted
channel will in general share separate output signals with two or more neighboring
cardinal channels. If independent decoding modules are used to decode the array,
each will be influenced by output signals of neighboring channels, resulting in
possibly serious decoding errors. In effect, two output signals of neighboring

25 decoding modules will “pull”, or gravii:ate, toward each other, because of the
increased level of the common cardinal node containing both signals. If, as is likely
to be the case, the signals are dynamic, so too will be the amount of interaction,

leading to signal dependent dynamic positioning errors of a possibly highly




For exanpl e, suppose cardinal channel pair A/B contains a comon signal X
‘along with individual, uncorrelated signals Y and Z: A = 0. 7Q7Augudt 2005

B=0. 707X+Z 15 where the scal efactors of 0.707 = 0.5 provide a power
preserving mapping to the nearest nei ghbor cardinal channels. RMSEnergy(A)
JA251=A2 =(.707X+Y)2=(0.5X2+0. 707XY+Y2) =0.512 +0. 707XY+Y2 20 Because X
and Y are uncorrelated, XY=0O So: 2 August 2005 -20 A2 = 0.512 + y2 i.e.,
Because X and Y are uncorrelated, the total energy in cardinal channel Ais
the sum of the energies of signals')@and Y. '"IF 5 Simlarly: B2 =0.5X2+Z2

Since X, objecibihble e, umegfo%leﬁ{ & n&tmﬁs@wﬁﬁ PECOh G ARSIt of Aand B
is: 10 AB'=0.5X2 So, in the case of an output signal shared equally by two

nei ghbor i 1}y deendatiga since therawsainly aningl lswda}Cdehslmcaé pait & the devddgramuient
ool eLat o0 g Srd ity B AR 1 B3 AR el el |7 cr”
comon sigiab doSo MhldHRaS SEbtEIURE ketovdredEsignal FromIhdsumifsh ﬁd?lé’ar d
5 before trying to recover the output signal of an adjacent decoding module sharing the

common node. This is often not possible, so as a fall back, each decoding module

estimates the amount of common output signal energy present at its input channels,

and a supervisor routine then informs each module of its neighbors’ output signal

energy estimates.

10 Pair-wise calculation of common energy
For example, suppose cardinal channel pair A/B contains a common signal X

along with individual, uncorrelated signals Y and Z:

A=0707X+Y
B=0T707X+2

15
where the scalefactors of 0.707 = /0.5 provide a power preserving mapping to the

nearest neighbor cardinal channels.

RMSEnergy(4) = [4%0t= 4" = (707X +Y)* =(0.5X° +0.707XY+Y?)
=0.5X2 +0.707XY + Y2
20 Because X and Y are uncorrelated,
XY =0

| So:




one of the cardinals, the averaged cross-product will be the geonetric nean
between the energy of the common conponents in A and B, fromAdguwet2005

i ndi vi dual channel conmon energy estimtes can be derived by normali zing
by the square root of the ratio of the channel anplitudes. Actual tine
averages are conputed with a | eaky 20 integrator having a suitable decay
time constant, to reflect ongoing activity. The tinme constant snoothing
can be el aborated with nonlinear attack and decay tine options, and in a
mul ti band -system may be scal ed wi t¥#-frequency. Hi gher order cal cul ation of
common energy In order to derive the comon energy of decodi ng nodules with
three or more_25_inputs, it is necessary to form averaged cross-products
of all th€=080t+¥8ignals. 2 August 2005 -21 Sinply perforning pairw se
processing of the inputs will fail to differentiate between separate

out put signals between each pair of inputs and a signal common to all.

Consi der ief BecaaxaXpheY drdnireerrelated, thadotal beeageinardinal Ehanfgldh i€therade up of
~uncorrel ated_signal s .Y, a‘g common signal X 5 A=X+W B=X+Y C=X+Z

| f the aw?'érpé?éa‘e(?%‘g@\ﬁ/\é%%&?%y al culated, all terms involving

conbi pations of W Y, and Z will cancel, as in the second order

cal culation, |eaving the average of 10 X3: ABC=X3 Unfortunately, if Xis
a zero n8amilarlyme signal, as expected, then the average of its cube is
zero. Unlike averaging X2, which is positive for any nonzero value of X, 15
X3 has the sane sign as X, so the positive and negative contributions wll
tend to B*=05Xx%+2Z? |

Since X, Y, and Z are uncorrelated, the averaged cross-product of A and B is:

0 ___ _
AB =05Xx?

So, in the case of an output signal shared equally by two neighboring cardinal
channels which may also contain independent, uncorrelated signals, the averaged
cross-product of the signals is equal to the energy of the common signal component

15 ineach channel. If the common signal is not shared equally, i.e., it is panned toward
one of the cardinals, the averaged cross-product will be the geometric mean between
the energy of the common components in A and B, from which individual channel
common energy estimates can be derived by normalizing by the square root of the
ratio of the channel amplitudes. Actual time averages are computed with a leaky

20 integrator having a suitable decay time constant, to reflect ongoing activity. The time
constant smoothing can be elaborated with nonlinear attack and decay time options,
and in a multiband system, may be scaled with frequency.

Higher order calculation of common energy
In order to derive the common energy of decoding modules with three or more

25  inputs, it is necessary to form averaged cross-products of all the input signals.




cancel . Obviously, the sane holds for any odd power of X, corresponding to
an odd nunber of nodul e inputs, but even exponents greater Qhapust2005 al so
| ead to erroneous results; for exanple four inputs with conmponents (X, X,
-X, -X) will have the sane product/average as (X, X, X, X). 20 This

probl em has been resolved by enploying a variant of the averaged product
techni que. Before being averaged, the sign of the each product is discarded.
by taking the absol ute value of the_product. The signs of each termof the
product are exam ned. |If they are 4l the sane, the absolute value of the
product i kS hid GeIfihd i 1Pai W jfferent from
e ot her B P e Bl

aver agedsepSiatecmitp eignalsrbesweasf eaghopait ofl inpussand-assiggal copondsi teadli ons may not be
the sane as {he.nunber of ssi bl i fferent-si 2 _August,. 2005 -22

conbi nat i ons,bc’ﬁm%ir%ﬁ?’faﬁﬁ’@g% eoﬁarcg hanagly flilaﬁ‘gcrlgf‘%%’po?f t he nunber of

sane to ugbobbRtedRignsk W, X, @ Rhd\&uhAbtSsifnfal XPP! 1 ed to the negated absol ute
val ue products to conpensate. For exanple, a three-input nodul e has two

ways Por the signs to be the sanme, out of eight possibilities, |eaving six

possi bl e \(\_%y“s for the signs to be different, 5 resulting in a scale factor
of 2/6 :gl_ ?[/hi S conpensation causes the integrated or sunmmed product to
grow in ‘p%*s' tive direction if and only if there is a signal conponent

comon t&=a¥#Zi nputs of a decodi ng nodul e. However, in order for the
averages of different order nodules to be conparable, they nust all have
t he sane di nensions. A conventional second-order 10 correlation involves
gver ages of ?ﬁme avepgt crosd-propidt ﬁaﬁlwh&ﬁaﬂﬁwhﬁ”ﬁﬁmlo@gqmﬁhhﬂimﬁaf Wi ':1 h ':1 he

i mensi opns_o ner.gy or_ power. Thys e terps fo . be_ averaged, i n higher

or der covh & a4 Bnal kancel, bun isiaesand grder syculeomalpaving bearerasiaions of power .
For gopktfs. order correlation, the individual product absolute values nust
therefore be raised to the power 2/k before being averaged.

ABC=X°

Unfortunately, if X is a zero mean time signal, as expected, then the average of

its cube is zero. Unlike averaging X°, which is positive for any nonzero value of X,

15 X has the same sign as X, so the positive and negative contributions will tend to
cancel. Obviously, the same holds for any odd power of X, corresponding to an odd
number of module inputs, but even exponents greater than 2 can also lead to
erroneous results; for example four inputs with components (X, X, -X, -X) will have
the same product/average as (X, X, X, X).

20 This problem has been resolved by employing a variant of the averaged

| product technique. Before being averaged, the sign of the each product is discarded
by taking the absolute value of the product. The signs of each term of the product are
examined. If they are all the same, the absolute value of the product is applied to the
averager. If any of the signs are different from the others, the negative of the

25  absolute value of the product is averaged. Since the number of possible same-sign

combinations may not be the same as the number of possible different-sign




15 O course, regardl ess of the order, the individual input node energies
of a nodule, if needed, can be cal cul ated as the average of XAenstREXse of
the correspondi ng node signal, and need not be first raised to the kth
power and then reduced to a second order quantity. 2 August 2005 -23
‘Shar ed nodes:. Nei ghbor | evels By using averaged squares and nodified
cross-products of cardinal channel signals, the anpbunt of conmobn out put
channel signal energy can be estimated. The above exanple involved a
single interpolation processor, but?-f one or nore of the 5 A/B(/C) nodes
were conppinihs t 1 J 5t FHHD i nponent ,
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remain faithful to human audi ti Once eath decodi ng no has conput ed
. the est i reavléog toneal faterd /6 < Wanilbis cempenastionvensyy thatintegretedof it s car di nal

nodes, the supervisor routine.function..can inf.grmnei ghboring nodul es of
cach ot natwreEhbish RLarh? b » BeeNEF R f FRfbhert Bl FRSRAE0 of t e out put

channel gdibakst coRmhoRtOSIERPuR DS 8 ASwHinBSebdbr! ow. The 15 cal cul ation of the
common energy used by a nodul e at a node nust take into account the

hi erarchy of Hewswironprdsy &rithanyersgesafdiffesent otderiinpdwlesstatbeor der, and subt ract

the co i gher order nodul e, fromthe estimated conmon

ener gy ororgitis Sy Musfoil b i P AmdRR: P eSO RL BRI oo e,
suppase Edied#iod ifvolveParelpes 6MivoGaiidiniaplie e ehFhefc@buBntitied0 I epresenti ng
two horizontal directions, plus a cardinal channel C, representing a

ver ti cal WHh thectimensions abenergytas @pwety piius the tgrms tobasaversged infhigher i nt er medi at e or

derived . der correlations must be modified also to have the dimensions of power. For a kth

order correlation, the individual product absolute values must therefore be raised to
the power 2/k before being averaged.
15 Of course, regardless of the order, the individual input node energies of a
- module, if needed, can be calculated as the average of the square of the
corresponding node signal, and need not be first raised to the kth power and then

reduced to a second order quantity.




out put channel representing an interior direction (i.e. one within the
limts of A, B and C), with signal energy X2. The conmmon enerAgyeusf2(@5
three-input nodule, with inputs (A B, O, will be X2, but so wll the
comon energy of two-input nodules (A 25 B), (B, ©O, and (A, Q If the
common energy of A-connected nodules (A B, O, (A B), and (A C is
sinply added, the result is 3X2, instead of X2. In order for the

cal cul ati on of common node energy to be correct, the common energy of each
hi gher order nodule is first subtt@cted fromthe estimte of the conmon
energy of each 2 August 2 0 | ower -1 evel nodule, so the
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can inform neighboring modules of each others’ common energy, at which point the

extraction of the output channel signals can proceed as described below. The

15 calculation of the common energy used by a module at a node must take into account
the hierarchy of possibly overlapping modules of different order, and subtract the
cormmon energy of a higher order module from the estimated commeon energy of any
lower order module sharing the same nodes.

For example, suppose there are two adjacent cardinal channels A and B,

20 representing two horizontal directions, plus a cardinal channel C, representing a
vertical direction, and further suppose thé existence of an intermediate or derived
output channel representing an interior direction (i.e. one within the limits of A, B
and C), with signal energy X°. The common energy of a three-input module, with
inputs (A, B, C), will be X but so will the common energy of two-input modules (A,

25 B), (B, C), and (A, C). If the common energy of A-connected modules (A, B, C), (A,
B), and (A, C) is simply added, the result is 3X?, instead of X>. In order for the
calculation of common node energy to be correct, the common energy of each higher

order module is first subtracted from the estimate of the common energy of each




signals are assuned to be panned to nearest nei ghbor cardinal channels, a
20 mat hemati cal inverse or pseudo-inverse of the effective erRcOsiusgR00st ri x
will in general involve contributions fromall cardinal channels to each
out put channel, because of the node sharing effect. If there are any
inperfections. in the decoding, as indeed there inevitably will be, a

cardi nal channel signal could be reproduced from an output channel far
renoved fromit spatially, which is highly undesirable. In 25 addition,
~pseudo-inverse cal cul ations tend t'&"‘pr oduce m ni mum RVS-energy sol utions,
whi ch maxidmbiing RVeR RSl SiuRO L e 36AHDA endifPX! 8¢ fghelbRleMAgMAE Par at i on;
thisis quite t%‘ue opposite of the intentiof. 2 August 2005 -25 So, in
order t oA, newwbtractesk faan theabmnfoaghergy edtimatastof tedwd eéro-inputvhi ch spati al
decodi ng_er, Lol s a]r&e L nher e tc"# co(irln '.ne% tEe sanme nodul ar styucture as was
used f or MOdISH, Zesuling mQ mgach case apd Bokine flismet copmmen SR SSF YR 28 Fol | owi ng ar e
detail s gidetdreqarionect o pppxocess by which output signals are 5 recovered
by a decoding nodule. Note that the effective position of each output
channél connected to theOutpdtCharine! Sigualfixgractiorbe i ndi cated by the anplitude

ratio that | d otherwi se be needed to pan a sjgpal to,tha hysi cal

| ocation i . B8 Haghelh BSEARS Rl SR woth B8 CrpPled Bhmbb¥ieBr 1 ot ant s
cor r espofigtnfiige tedsinfieetl chlinhelg irl Hhinear Ashidy RitasichIWiofie obhatFiRing, eidB| ens, rati os
are typically calculated as the quotient of one 10 channel's matrix

coef i ci ormingweightedsupaf Bg srrdiabghanngls tolarive oyt chanaelsiamals. nat ri x

coeffici . : . i . i lieceWi th i nputs L
and R, the oi)g%{g?%’1?/&1éeéf%%{%@e%%ls?gn%rﬂﬁéﬁgﬁ%ép 8’3&5&7@ g%ﬁ’elfsum of 'Ito he L
and Ry endé gin@Ber(of burrdnély bative, outplnt éanfivdsis aqustd thb finabwe df tramgdttedl O to 1. |f
t he two-i nput (gecodi ng .mogul e has five oqutput channels with effective

encodi ngchagisls (butrsaesenting.diffesent diectigns), ,nggan sysismyexagly 0. 45), (0. 71,
0.71), 0" : j (o : 1.0,
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0.89, 0. n I nce each scal e factor palr has an RV sum of
1.0. encoding matrix, and recover isolated versions of the source signals. Even if the

number of active output channels is greater than the number of cardinals, it may still
15 be possible to compute a matrix pseudo-inverse.

Unfortunately, there are problems with this approach, not the least of which is
that it is computationally demanding, especially on a multiband basis, and oriented
toward high accuracy floating point implementation. Even though intermediate
signals are assumed to be panned to nearest neighbor cardinal channels, a

20 mathematical inverse or pseudo-inverse of the effective encoding matrix will in
general involve contributions from all cardinal channels to each output channel,
because of the node sharing effect. If there are any imperfections in the decoding, as
indeed there inevitably will be, a cardinal channel signal could be reproduced from
an output channel far removed from it spatially, which is highly undesirable. In

25  addition, pseudo-inverse calculations tend to produce minimum-RMS-energy
solutions, which maximally spread the sound around, providing minimum separation;

this is quite the opposite of the intention.




From the signal energy of each input node (cardinal channel) of the
decoding nodule is subtracted any node-sharing signal energy Ahgisr@dsby
.nei ghboring decoding nodules, resulting in normalized input signal power

| evel s used for the 20 remai nder of the cal culation. The dom nant direction
indicator is cal culated as the vector sumof the cardinal directions,

wei ghted by the relative energy. For a two input nodule, this sinplifies

to being the L-ratio of the nornalhﬁed i nput signal power |evels. The

out put channel s bracketing the domant direction are determ ned by 25

~conpar i ng t hgo dRBtdaaiinfichRat 4 Mctieal, #ultQoRfanbdc@Pde: WowhicR spdtal L-rati os of
the output channels. FoOor exanple, if the L-ratio of the above
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channel s_.br et.. dom nant_.sd gnal irection, since 0.89 > 0.75 > 0.71. 2
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near est br acksildwifig areldenied fheseracidrptbab el Whishbitpe: sighblsaredf the
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t he channel are jUus , . 10 Pr om nant signal is
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Sl anal i bake e s (s OV e Pl TP LG, of The
energy ratio used would be the L energy over the sum of the L and R energies (“L-
ratio”), which has a well-behaved range of O to 1. If the two-input decoding module
has five output channels with effective encoding matrix coefficient pairs of (1.0, 0),

15 (0.89,0.45), (0.71, 0.71), (0.45, 0.89) and (0, 1.0), the corresponding L-ratios are 1.0,
0.89, 0.71, 0.45, and 0, since each scale factor pair has an RMS sum of 1.0.

From the signal energy of each input node (cardinal channel) of the decoding
module is subtracted any node-sharing signal energy claimed by neighboring
decoding modules, resulting in normalized input signal power levels used for the

20 remainder of the calculation.

The dominant direction indicator i$ calculated as the vector sum of the cardinal
directions, weighted by the relative energy. For a two input module, this simplifies
to being the L-ratio of the normalized input signal power levels.

The output channels bracketing the dominant direction are determined by

25 - comparing the dominant direction L-ratio of step two, to the L-ratios of the output
channels. For example, if the L-ratio of the above five-output-decoding-module
inputs is 0.75, the second and third output channels bracket dominant signal
direction, since 0.89 > 0.75 > 0.71.




kB*A)=0. 15 So, if a dom nant signal consists of two-input nodul e input
signals (x(t), y(t)) wth input anplitudes nornalized to RVB-Augué 2005 the
extracted domi nant signal wll be dom(t) = Xx(t) + Yy(t). If the position
of this signal is bracketed by output channels having matrix scale factors
(A, B) and (C, D) respectively, the dom nant signal scale factor scaling
dom(t) for the fornmer channel wll be: 20 SF(A, B) = sqrt ((DX - CY) / ((DX
- CY) + (BX - AY))), while the equival ent dom nant signal scale factor for
the latter channel will be: 25 SH%:D) sqrt ((BX - AY) / ((DX - CY) + (BX
- AY))). 2 ?Mﬁﬁ mggl% | ' [ ed from one
out put channg og%ggﬁ%m @Zoﬁ%;%ﬂagggﬂ?l% S a‘g{t§§1%?{8%28tr?ga&g I IT opposite
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signal is, calculate nned wit.h abl e. gai n scaling, t 5 all
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(x(t), with normalized ‘anpl I'tudes (X, lfl'l dom nant signal is
Xx(t) #Yy(na',ﬂ'lxa@l with tlee eutput chatpel mhtdoml@nhmam SM}IQ fartoxy (A1 outputr especti ve of

t he p05|t|on of ..t i out t ch addition to the
domi nant ?}éaﬁ{“f &S%dﬁmangfnaﬁgl ag? taﬁp 8?1e Scﬁ 5?5?13']18%1“1“‘ di stribution
i s cal cul atvatich regilig zéld@uipRaehén/esin dgmqumantwghﬂhs panb@f thebhtyutt he out put
channel matrix scale factors already discussed, scaled to preserve power.

The croshappgl inquestion 16an eyputghawel ﬂ“@cﬂ‘iﬁjmtéx SWC@@%{A& B)s cal cul ated as
the avenaged Gh! %@ﬁnﬂ@ﬁf%ﬂfétfaé?&s f)f‘t‘ﬁe gﬂﬁﬁ% &fé 1%1361 -SA_q! vided by the square root

of the product e nornalize
10 Proof

If a single dominant signal is panned to an output channel with encode scale

factors (A, B), then the signal must have amplitudes (kA, kB), k the overall
-amplitude of the signal. Then the anti-dominant signal for that channel is (kA * B -
kB * A)=0.

15 So, if a dominant signal consists of two-input module input signals (x(t), y(t))
with input amplitudes normalized to RMS=1 (X, Y), the extracted dominant signal
will be dom(t) = Xx(t) + Yy(t). I the position of this signal is bracketed by output
channels having matrix scale factors (A, B) and (C, D) respectively, the dominant
signal scale factor scaling dom(t) for the former channel will be:

20
SF(A,B) = sqrt (DX - CY) / (DX - CY) + (BX - AY))),

while the equivalent dominant signal scale factor for the latter channel will be:

25 SF(C,D)=sqrt (BX -~ AY) / (DX - CY) + (BX — AY))).




Returning to details of the extraction process, the final output signals
are then calculated as a wei ghted crossfade sum of the dom rPafegushZD05
passive signal distributions, using the decodi ng nodul e' s input signal
cross-correlation to derive the crossfade factor. For correlation=l, the
dom nant/anti-dom nant distribution is used 20 exclusively. As the

correl ation dimnishes, the output signal array is broadened by
cross-fading to the passive distribyjion, reaching conpletion at a | ow
positive value of correlation, typically 0.2 to 0.4, depending on the

nunber of outAdithe d@ainasd directicinpained frb dnb eupecadhitytomeluther, As the
correlation falls further, toward zero, the passive anplitude output
di st ri butthese twesealefaetars smaye s onpesitsivseions bgtweengrie ppdonedtios out put channel

| evel s, %B}l%@.&%)&g?tgaﬁlresponse_ of the human ear to such signals. Vertical
Processi ng st of the processing described so far applies to the

extracti on ofTheuntHdomimzhesigrel issaignlated ahd panned with baitablegratedcdlingab channel s,
regard] ess of the direction_of the 2 August.2005. -28 output and cardi nal
channel s AlingadpminanteaaRels B sptidomiunt Spmabis apteraisagHating he  cars.

human  audhy 6 the kBiiHaheiraL YRS B aRRod BRFMSRISIE (B, §9) ther channel

correlation in the v cal direction thanm horizontally.” To remain
f ai t hf ul nounalized applimddsdX, ¥), therdominantsignad ay Xx(@t Yoréyansshelagi-r abl e to rel ax

th | at i . t6.a] \n _interpolation..b5 .USi
verti cal CyRuRREHER e Ko SRR e i RrBSRRIHER O ¢ 1 at i on

si gnal Wighhubchégsdd.ng function before otherw se applying it. However, i t
may be that use of the sane processing as for horizontal channels will not
i nvol We any Inadditionetogheddmipantiati-dominant signah@istribytionhesesond gign e of t he

overal |l decqder..Strigtly s ki.ng... werti.cal. .i,nformatiqn includes both
sound fr SO0 Tl Rl R e e e Br R R osBRL e i 1)
wor Kk equahdnneVRhthix $bdlOfa8iots Mkadyitiidcuisad, sbalad ol pfi@eivB@bRer. s | ittl e natural
sound nor nal I%\epercel ved as comng from below, so such processing and

channel s can Thestapprraation ef the dgcogingtoedulesiapytsigaply is calculated as the
averaged cross-product of the input signals divided by the square root of the product

15  of the normalized input levels.

Returning to details of the extraction process, the final output signals are then
calculated as a weighted crossfade sum of the dominant and passive signal
distributions, using the decoding module’s input signal cross-correlation to derive the
crossfade factor. For correlation=1, the dominant/anti-dominant distribution is used

20 exclusively. As the correlation diminishes, the output signal array is broadened by
cross-fading to the passive distribution, reaching completion at a low positive value
of correlation, typically 0.2 to 0.4, depending on the number of output channels
connected to the decoding module. As the correlation falls furfher, toward zero, the
passive amplitude output distribution is progressively bowed outward, reducing the

25  oufput channel levels, emulating the résponse of the human ear to such signals.

Vertical Processing
Most of the processing described so far applies to the extraction of output

channel signals from neighboring cardinal channels, regardless of the direction of the




conprom sing the perceived spatial fidelity of the system That notion may
have practical significance in the application of channel 1% An@Bsk@E}S5 on
to existing 5.1 channel surround material, which, of course, |acks any
vertical channel. However, it may contain vertical information, such as
fly-overs, which are panned across many or all of the horizontal channels.
Thus, it should be possible to extract a virtual vertical channel from
such source material, by l|ooking faor correlations anmong non-nei ghboring
channel s or groups of channels. Wie¥e such 20 correl ations exist, they wll
usually baghiCab Gkl RRAD dfodal BdbGAlr e oREoRAI BRATR dAPOVE, T al her
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| ocal i zeﬁrameﬁh%w ¢ nagprgisy nmglivleﬁr%eweﬁeﬁ F‘gnvrls% bfim,éosounds from

that gengrfbrocessing and channels can probably be omitted without seriously

compromising the perceived spatial fidelity of the system.
That notion may have practical significance in the application of channel
15 translation to existing 5.1 channel surround material, which, of course, lacks any
vertical channel. However, it may contain vertical information, such as fly-overs,
which are panned across many or all of the horizontal channels. Thus, it should be
possible to extract a virtual vertical channel from such source material, by looking
for correlations among non-neighboring channels or groups of channels. Where such
20  correlations exist, they will usually indicate the presence of vertical information from
above, rather than below the listener. In some instances, it may also be possible to
derive virtual vertical information from a reverberation generator, perhaps keyed to a
model of the intended listening environment. Once the virtual vertical channel is
extracted or derived from the 5.1-channel source, the expansion to larger numbers of
25  channels, such as the 24-channel arrangement described earlier, can proceed as if a

real vertical channel had been supplied.




direction to be perceived as comng fromthe sane source. It is possible to
enul ate this effect in the decodi ng nodul es (and, indeed, in 2 &Ragst2@isc
decoding as well) by adding an explicit nmechanismto keep track of 15
recently dom nant directions and, during intervals of directionally

anbi guous signal conditions, weight the output signal distribution toward
recently dom nant directions. This can enhance the perceived reproduced
di screteness and stability of conplex signal arrays. Mdified Correlation
and Sel ective Channel M xing 20 As Hdeéscribed, the spreadi ng determ nation
of each decoding nodule is bagf;gcﬁag&”%}go,g,oi nci dent cross correl ation. of
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among i t g doBbefoRePerlefe U Qitling RARM SmeSHEDe.

It is possible to emulate this effect in the decoding modules (and, indeed, in

Pro Logic decoding as well) by adding an explicit mechanism to keep track of

15  recently dominant directions and, during intervals of directionally ambiguous signal
conditions, weight the output signal distribution toward recently dominant directions.
This can enhance the perceived reproduced discreteness and stability of complex
signal arrays.

Modified Correlation and Selective Channel Mixing

20 - As described, the spreading determination of each decoding module is based
on the coincident cross correlation of its input signals. This may underestimate the
amount of output signal content under some conditions. This will occur, for
example, with a naturally recorded signal in which non-centered directions have
slightly different arrival times, along with unequal amplitudes, resulting in a reduced

25  correlation value. The effect may be exaggerated if wide-spaced microphones are
used, with commensurately elongated interchannel delays. To compensate, the
correlation calculation can be extended to cover a range of interchannel time delays,

at the expense of slightly higher processing MIPS requirements. Also, since the




m xi ng can be done selectively, for exanple | eaving the center front
channel signal 10 unm xed, to preserve the conpactness of t PeAdguat 205
track. Loudness Conpressi on/ Expansi on Wien t he encodi ng process invol ves
m xi ng a | arger nunber of channels to a snaller nunber, there is a
potential for clipping of the encoded signal if sonme form of gain
conpensation is not provided. This problemexists as well for conventi onal
15 matri x encoding, but is potentially of greater significance for channel
translation, because the nunber of *thannels bei ng m xed to a given out put
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to process amnm@idifibn,Ha E0hkdnt flodiREhastah dkistiCK B chiné] prograf it factor program
(e.g., an existing 5.1 channel soundtrack), it could optionally wuse a

fi xed scafrenglnoresrrelatadichannelssthe pesangsalofite spread whenpirgcessed ®)ith 2or ~ appl y an

ee of - ounaaf s PaSR iR taT b 65 i B AR el Vel e, o
adj ust t hierelgdadessigahdcorreldtionvigsaenill datseahd Elpfind fdndliton\dasddings aspects may

be inplenented in analog circuitry, or nore probably as software functions
per f or mednqdiledp gravide agnefa gven spread ameng 4 infsraeshatamuguighaack Syeh pose digital
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I nterfaces tween ana reams nay 1b performed in
appr opr i ahmided) Wwesserva it/ compadndssiofthe diakbgitraclsof t ware and/ or firmware. 2
August 2005 -32 New d aiLr;gc:'lness Compression/Expansion
When the encoding process involves mixing a larger number of channels to a
smaller number, there is a potential for clipping of the encoded signal if some form
of gain compensation is not provided. This problem exists as well for conventional
15 matrix encoding, but is potentially of greater significance for channel translation,
because the number of channels being mixed to a given output channel is greater. To
~ avoid clipping in such bases, an overall gain scale factor is derived by the encoder
and conveyed in the encoded bitstream to the decoder. Normally, this value is 0 dB,
but can be set to a nonzero attenuating value by the encoder to avoid clipping, with
20 the decoder providing an equivalent amount of compensating gain.
If the decoder is used to process an existing multichannel that lacks such a
scale factor program {e.g., an existing 5.1 channel soundtrack), it could optionally
use a fixed scale factor with an assumed value (presumably 0 dB), or apply an
expansion function based on signal level and/or dynamics, or possibly make use of
25  available metadata, such as a dialog normalization value, to adjust the decoder gain.
The present invention and its various aspects may be implemented in analog

circuitry, or more probably as software functions performed in digital signal

processors, programmed general-purpose digital computers, and/or special purpose




5 1. A process for translating M audio input signals, each associated with
a direction, to N audio output signals, each associated wit 2 Auglist 265i on,
wherein Nis larger than M Mis two or nore and Nis a positive integer
equal to three or nore, conprising providing an MN variable matri x,
applying said Maudio input signals to said variable matrix, 10 deriving
said N audi o output signals fromsaid variable matrix, and controlling said
variable matrix in response to said_input signals so that a soundfield
generated by said output signals had “a conpact sound image in the nom na

- 0NQOI NG BioitAfdopufdtd, GhteifARs BétwhbianaldR 4hd &ofiRlhal¥i@ind fi8y boPUt Signals are
hi ghly correl ated, the I nage spreading fromconpact to %road as the

cor r el at perforohed incappeapriate daydmaty andor sefupctiomaimsp fiwatemadr fimrtware5 nul ti pl e
conpact sound i mages, each in a direction associated with an input signal,
as the correlation continues to decrease to highly uncorrelated. 2. A
process according to claim1l wherein said MN variable matrix is a variable
matri x having variable coefficients or is a variable matrix having fixed
coefficients and 20 variable outputs, and said variable matrix is
controll ed by varying the variable coefficients or by varying the variable
outputs. 3. A process according to claiml or claim2 wherein said variable
matrix is controlled in response to neasures of 25 (1) the relative |levels
of the input signals, and (2) the cross-correlation of the input signals.
4. Apparatus for translating M audio input channels representing a
soundfield to N audi o output channels representing the sane soundfield,
wherein each channel is a single 30 audio streamrepresenting audio
arriving froma direction, Mand N are positive whole integers, and Mis
at least 3, conprising a plurality of decoding nodul es, at |east sone
nodul es sharing one or nore of said M input channels, each nodul e
including a matrix that generates one or nore output channels 2 August 2005




-33 each constituting a subset of said N channels, or each nodul e
generating control signals that are used, along with control Aigst085
generated by ot her decoder nodules, to vary the coefficients of a conmon
matrix or the scale factors of inputs to or outputs froma common nmatriXx
-to generate one or nore out put chann%\;, fromtwo or nore of the cl osest
spatially 5 adjacent input channel s,”%Wherein each nodule, in response to
its input signals, controls its own matrix or controls the conmon matri x
so that a soundfield generated by said output signals has a conpact sound
i mage in the nomnal ongoing primary direction of the input signals when
the input signals are highly correlated, the inmage spreading from conpact
to brodievdSaimie correl ati on decreases and progressively bow ng outward
into multiple conpact 10 sound i mages, each in a direction associated with
an input signal, as the correlation continues to decrease to highly
uncorrel ated. 5. Apparatus according to claim4 wherein the nodul es are

hi er ay chi cha{ | [ channel s and
Furt fer compriAPaseeb e 866 R ookl dufidibiles i ) BRUGEAPC0C ©
control N#\'élowtﬂvhsmgﬂlbﬁac mat%i\gﬁaldyeqmmadlmmdhn&egmﬂmm Mrigtwo hi er ar chi cal
orderin 2R &l nput channel s representing
a sound]gjlnglﬁtg to % q’gﬁ%ﬁeéﬂ%ﬁ}éﬁgﬁéﬁéﬁﬁ%%?&g‘%fe&sgml ng the sane soundfield,
wher ei n eachf%‘FFhﬂﬁr?éMNé’kalmﬁgm 20 audi o stream representing audio
arriving fr E=Talc e whole integers, and Mis
at | east 3, qc@%ﬁgfag‘?ﬁgbﬁ‘pmi’w tl}lsg(;%g colglgthé nmodul es, each including a
mat i t hat dgéﬂwsaldé%ausn@uwtsmﬂe oy saidhvariabidwmstriclasd  or each nmodul e
generating signal s
gener at ed b%ﬁdg%s%de‘%g%gmg Eqr@s@&m{z‘%ﬁ\%;@h&%&ﬂcoe? e en s of a common
matrix &ner éﬂ’h@‘%ﬁl’ﬁé'&“@i&b@ﬁ@mﬂc‘ sopndtimagedn de nmnqémsvmmum comon matrix
t 0 genefmdcBo. I t he cl osest
Spat al | oaorthihe HpuFhle G g NERRS gty BMLE RimlRifiellne) [0 Chore

i nput s gﬂ'ﬂW%“ﬁ%@fﬂ!@“’&ﬂ@fﬁt’éﬂW@metmdlmgwwmmwmﬁgmo the nunber

of i19PUuKiPR BéHtast shilh@ Ymd38Y Each & Wlirection associated w:th an input signal, as the
correlation continues to decrease to highly uncorrelated.

2. A process according to claim 1 wherein said M:N variable matrix is a variable
~ matrix having variable coefficients or is a variable matrix having fixed coefficients and
20 variable outputs, and said variable matrix is controlled by varying the variable coefficients or
by varying the variable outputs.

3. A process according to claim 1 or claim 2 wherein said variable matrix is
controlled in response to measures of'
25 (1) the relative levels of the input signals, and

(2) the cross-correlation of the input signals.

4. Apparatus for translating M audio input channels representing a soundfield to N
| audio output channels representing the same soundfield, wherein each channel is a single
30 audio stream representing audio arriving from a direction, M and N are positive whole
integers, and M is at feast 3, comprising '
a plurality of decoding modules, at least some modules sharing one or more of said M

 input channels, each module including a matrix that generates one or more output channels




a supervisor comrunicating with the nodules in order to control the sharing
~of 30 common input signals between or anong nodul es i n acco2dsugset 2006h

their hierarchical ordering.
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each constituting a subset of said N channels, or each module generating controf signals that
are used, along with control signals generated by other decoder modules, to vary the
coefficients of a common matrix or the scale factors of inputs to or outputs from a common
matrix to generate one or more output channels, from two or more of the closest spatially

5  adjacent input channels, wherein each module, in response to its input signals, controls its
own matrix or controls the common matrix so that a soundfield generated by said output
signals has a compact sound image in the nominal ongoing primary direction of the input
signals when the input signals are highly corvelated, the image spreading from compact to
broad as the correlation decreases and progressively bowing outward into multiple compact

10 sound images, each in a direction associated with an input signal, as the correlation continues

to decrease to highly encorrelated.

5. Apparatus according to claim 4 wherein the modules are hierarchichally ordered
according to their number of input channels and further comprising a supervisor
15  communicating with the modules to control the sharing of input signals in accordance with

their hierarchical ordering.

6. Apparatus for translating M audio input channels representing a soundfield to N
audio output channels representing the same soundfield, wherein each channel is a single
20 - audio stream representing audio arriving from a direction, M and N are positive whole
integers, and M is at least 3, comprising
a plurality of decoding modules, each including a matrix that generates one or more
output channels, or each module generating control signals that are used, along with control
signals generated by other decoder modules, to vary the coefficients of a common matrix or
25  the scale factors of inputs to or outputs from a common matrix to generate one or more output
channels, from two or more of the closest spatially adjacent input channels, wherein at least
some modules share inputs and the modules are hierarchically ordered according to the
number of input channels they have, and
a supervisor communicating with the modules in order to contfol the sharing of
30  common input signals between or among modules in accordance with their hierarchical

ordering.




