AUDI O CHANNEL TRANSLATION (err) Abstract: A process for translating M
audi o i nput channels representing a soundfield to N audio oquug;@ﬂgmmels
representing the sane soundfield, wherein each channel is a single audio
streamrepresenting audio arriving froma direction, Mand N are positive
whol e integers, and Mis at |east 2, generates one or nore sets of output
channel s, each set having one or nore output channels. Each set is
associated with two or nore spati ahly adjacent input channels and each
output channel in a set is generated by a process that includes
determning a nmeasure of the c HESERIPT ﬁﬂ Nof the two or nore input channels
and the level interrelation nore i nput channels. 2
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The invention relates to audi o signal processing. Mre particularly the

I nvention relates to transl at] udi o i nput channels representing a
‘'soundfield to N audio out pu&%%ﬁ esentl ng the sane soundfi el d,

wher eisn eaChﬁQ%ﬁ@ﬁﬁoﬂrﬁla&st&éd&ﬂJ& vﬂe oBes Shi R &&ﬂ}%@g audi o arriving
froma direction, Mand N are gers and Mis at | east

2. 10 BAGKCRBUNBIAERD tdnshtog M anguthhmebuﬂpyesenmlge’eaoaudfm foddr sound as a
three di nepsi on on e o) I.zation cues, such
as head ?%4]%P%‘Baﬁﬁh§ isgpgresreaﬁggéhgg@%gﬁq«%?ng\ﬁﬁ Lﬁlﬂcfﬂ“%ld SAEuI| fidelity
sound re@i&l Iéldﬁ&b@ﬂeénbﬁp@fsﬁﬁi% 4fdib @NingSFont D Eiré@bRNiandNasé repr oduction of
the full soundfi el d, g | east the perceptual cues thereof.

Unfortunﬁt’séil“yB Wl@fﬂ%méﬁgﬂléc@ﬂdﬂrrﬁgﬁtﬂ@éﬁnol ogy is not oriented
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BACKGROUND ART

Altﬁough humans 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
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of unfor trﬂ%lﬁo&dm%fgfsﬁﬁds(ﬁpﬁzme%ﬁ%nﬁ,' an¥l i Rquitiah tRRIsY of RadHAENY Ssounds in
some directions, and in requiring the use of headphones or a fixed single
li st ener opedixed ngle Betenqupesitiont ati on of spatial sound to nultiple |isteners,
whether in a Plolr \ﬁ}eggltgt%%ngf 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
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that re-creation 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”,
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15 It is therefore desirable to reduce the number of discrete channel spatial
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.
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mat r 'cérr%lgti(§ne§u[1)1% & tB%eér@ésg tb RRs Eﬂc%prgi 2edS0 ! hat a soundfield generated by
sai d output signal's has a con‘pgacﬁ §ounRd image i n the nom nal ongoi ng
primary direction of the input signals when the input signals are highly

correlated, the imge spreading fromconpact to broad as _the correl ation
decr eases Ilaﬁa:og}ag@er with ppghg,r 45866t ,95 the RrGssRGinVeRtion, there is provided an 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 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 décoding modules, at least some modules sharing one or more of éaid
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.
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outputs froma comon natrix to generate one or nore outdput .
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.
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their hierarchical order. Further according to an aspect of the present

i nvention, the processing takes into account the results of processing

hi gher order sets. 2 August 2005 -5b The playback or decodi ng aspects of
the present invention assunme that each of the M audio i nput channels
representing audio arriving froma direction was generated by a passive-
mat ri X near est - nei ghbor anplitude-panned encodi ng of each source direction
(i. e., asource directionis assuned to map prinmarily to the nearest
cardi nal channel or channels), without the requirenent of additional side
chain information (the use of side chain or auxiliary information is




optional), making it conpatible with existing mxing techniques, consoles,
and formats. Al though such source signals may be generated IpyAexpt 2005ty
enpl oyi ng a passive encoding matrix, npbst conventional recording

techni ques inherently generate such source signals 2 August 2005 -6 (thus,
constituting an "effective encoding matri x"). The playback or decoding
aspects of the present invention are also largely conpatible wth natural
recording source signals, such as night be made with five real directional
m crophones, since, allowing for sone possible time delay, sounds arriving
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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, élong 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




are used, along with the control signals generated by other decoder

nodul es, to vary 25 the coefficients of a variable matrix or 2 AenSe2005

- factors of inputs to or outputs froma fixed matrix in order to generate
all of the output signals. Decoder nodul es emul ate the operation of the
human ear to attenpt to provide perceptually transparent reproduction.
Each decoder nodule may be inplenmented as 2 August 2005 -7 either a

w deband or nultiband structure or function, in the latter case with either
a continuous filterbank, or a block-structure, for exanple, a

t r ansf or reithasewsidpbad @8 saltiband Siudtre drdinctisAin ki, latidn €asearith edtherent i al
processing in eagﬁ%{gand. Al t hough th(lta0 basi¢c invention relates generally to

the spat i QnuRyoysHElterpankyorg blgk-siruchis, for exaimpie adranstopndased procesidhnel s,

wherein %g, | Lo W Srol Mis at | east two, another
aspect o:‘\dsgﬁ’ldfgwfnv rllef’)?%lnstaflng%%shat ?ﬁdgg%ﬁgﬁﬁcgﬁ% "speakers receiving the N
out put channeAlthongnthedasie trebnirelatas genarally cathe spatibktrarsiatipnudi Mi ous  rel i ance

upon vjrtual jmagin that .is the creation of perceived sonic inages at
poal ¢ bna i cLATads KEN LB Hafneih SPER TR Ee RETF MBS The rost
common  usd MPisQt leditiwdanothBBAbEY of Gislifvehtich 1 HRK 8R uERIPOIHGEIRR of an imge
part way between two ‘speakers, by panning a nono signal between the

channel s.recgivingithe N owdgyit plipninels pant be reduesd thar wectialvivgtberbyt judistougue f or group
presentation with a sparse nynper, of .chapnels, ,because it requires the
Pl stener et o PR Feaber HRhF e oo SFRieied S8 ToARhPY | "o, i ovi
t heat r es pobiflbnsii 8paet Othef then Whért add\spakiltlis TobAEH. THiReAdsLESn@bLude00 far 15°
apart to obtain useful phantominmaging of a center inmage to nuch of the
audi eHte of viswal iglagiag iz indbq sigrer repradictivh of Aeingaga part wekiRetern 8% t he source of

e of el nale 1 BUFR gk, AL Lo SRR, Vi Bidbid iSRS, Fovever . as

aker's i NCrease feached where

virtual icongdend 4 wable ahaqhebyeetp ﬁx@b@nﬁhﬁbﬁw@tﬁa%p&%ﬁhﬂaeﬁ@f much of the 20
audi ence, at least to the extent that pans are snpoth; wi th sufficient

speaker.s chaels, bpappse Baequiienthe hsteagsdaReearidigtent frem thebee spsaliskioved as such.
Such an %%ﬁrﬁysoh%? nlolR 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




potential to be nearly indistinguishable fromthe 2 mllion array derived
earlier. In order to test aspects of the present invention, weagdesimosd a
horizontal array of 5 speakers on each wall, 16 total allow ng for conmon
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 bg/ current parlance this systemm ght 2
August 2005 -8 be referred to as a®23.1 channel system for sinplicity it
wll be : : s a top plan
Vi ew sho&mgaeg&ge?ﬁ%%%a ?%}iﬁaségns??%g,a’]]ﬁ I Szieéﬁ(tdg;g}o%ﬂfﬁé ﬁ%ﬁgﬁgaes#gﬁt i n the manner
of the | dsimnelagsemthentin est arrangenent Five wi de range 5 hori zont al

cardi nal cha | s. are shown a uares 1' nd 13" on the outer
circle. A ver%rq‘?v;]at‘IS a¢ ARYIEWSar %é"hﬂ’éif“il‘%?géia‘?%ﬁﬁeﬁéle@% wi de range

car di nal § 19 BRI rrn i 2he UARRIELEMCLEYRARAIAL A wike rafgar ately

suppl i ed, Héﬂg@glﬁom as tnharbb Y en squaré3 23' %yﬁ{ Le center he

t went y- thmwntmi cmdmdmgmmlstapmhowhammh@s at &, ¥rdand &3 on thstrdu@lred filled

circles L Thre%1 2‘” f. ut put channe i.s on a 10
Cor | vont i) AyBTiefhSinet obfiafs Bt FOr T IR bR ERds 18 Tor fy ri ve
degrees a&@rﬁmnfohgemtemmraératmna@%epﬁ&ma Jﬁl'@@ﬂé‘ﬁﬂo“%%s ifige WbléemCt | y above

one or nore |isteners. Five two-input décoding nmodules are illustrated as
arrows 23quae 23t intheicentee. Bhe eventyithesk wide reugerratnué chapnelgwere shavar#s pair  of

hori zont al I an Fi Ve a d| ti onal i nput vertical decoding
modut o Byabetd B ERE TR, Tre B R R o b b B R 0¥ 8L | o “ehanne
to eaoh Réridoh] pland, ARtk ciecls 6f stabgput ik iChap e dédreestabéve! evat ed
center rear channel, is derived froma three-input decodi ng _nodul e

i | | ust r athedorzontal plaavs Opteuteiernch?d isdireelyabae onzpr mere bisienersndivechannel s 9,
13 d 2 t
5t ol osobto TRReef il moMRGHL £t ATARGHBLE T4 2 LNAGHERBBEMIAE POCC ST 07O

modul es- t@peaeEbdtwekn dachﬂ)a(ii ofholigorgal chrdinel cha@eimmivﬁddfﬂom t@ot put channel s,

a decodlng nodul e may have any reasonabl e nunber of
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




out put channels. An output channels nay be |l ocated internediate to one or
nore cardinal channels or at the sane position as a cardi naIz&ﬁgmagj%
Thus, in the FIG 1 exanple, each of the cardinal channel |ocations is

al so an output channel. Two or three decodi ng nodul es share each i nput
channel. 25 As will be discussed, a design goal of this invention is that
t he pl ayback processor should be capable in concept of working with an
arbitrary nunber and arrangenent of speakers, so the 24-channel array wll
be used as an illustrative but 2 AD%Ust 2005 -9 non-uni que exanple of the
.density i f&gﬁgﬁ% L: | WL RG Vg nuum
perceive s%ﬂﬁﬁfle acélf)e?%#ér% ?galg%%‘ég%%\ggqﬁgg t he ?%@g?ﬁion. The desire
t 0 be abtmstihoum perceivedsoyedficidatepulingithbye aspeat of the @oenfidne, nunber of

presentation.channels raises th uestion of th er of discrete
hannel . and R Hests (op AR e fiuth O PoERy URSEe DR COHURGEH Lo ¢ he
pl aybackyREtida ChannBls 4i&s thel fistioh of the AMbU DT dbretelBBineRSaiiie Option, the
twenty four channels descri bed above. bviously, one possible approach is

si nmpl y totheninfesmation; thehmyst be genveyeside sheeplayibacknspesssop i orderifarit tf r om t he f act

that it uld_ Likely be onepous for cgntent pragducers have to mx that
many sepl Pt dEaARaRE Pty thg ety fopt e s Srr bR aBO DViey as many
channel Sone]&séibleiapprﬁii@lfiﬁiﬁ?ﬁr t0 @andngit fhenfFourdhiscidi€chafndld) dungldear r angenment i s
nmerely one of man possible, and it is desired to allow for nore or fewer

pr esent afipwthefaghihatiicweuld ikely beeonerns ferrcanispirredgers tghaye tamialiat one way to

recover ' i | Lop, a fixed
wei ght edI(Pl!Esh]i ﬁ]&g?rﬁ{éﬁg regsh%n?rlifﬁ)ae%ﬁ’gwgsgﬁgﬂsed or ecac‘f"léy% Bgfmag%@?jm ng the
densiipy it ipreferredindt t6 Baso) e the 04-channél aiatgdnhent §merély boe elithany for that.
However, this would require fr?mthousands to mllions of transmtted

0

channel sPosghls gigtis degredfieallpyetopmoge onfewer prosgpfatinhanslsdrom i | ter to

perform {em LAt afr lazﬁ:l%a n of a single signal. Reduction to a
pr actica% nu fgénso et%rsg%ém ?’ed channel s requires the application of

psychoacoust Dae pay tciepdvesowtput chanmels &g uesfoirnia spatiahmtdrgolatidnga pol ati on from

far f ewe{'lxed 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




20 channels, still |eaving unanswered the question of just how many
channels are needed to inpart the percept of a conplete soundigkd2005hi s
guestion was addressed by an experinent performed by the present inventor
sone years ago, and recently replicated by another. The basis for the
earlier experinent, at |east, was the observation that conventi onal

2- channel binaural 25 recording is capable of reproducing a realistic
left/right image spread, but results in erratic front/back |ocalization
owing in part to the inperfection ofoany HRTF enpl oyed, and the | ack of
head ot i Bh.Qus eﬁ-é?xréiéfoctﬂggﬁ%ftﬁé‘ﬁﬁnd?nr 4P 30ke pat Rl orlikraty al (4~ channel)
recordi ng-was nade, using two palrs o ITection n1crop ones 2 August
2005 -103tl$qmn:é1drmnﬁbwmmﬂﬂxtgeﬂmdmgwasphge&ﬁvetfwrmmdpeeadcl@ae pair faced

forward, the her t he rear re ti recordin | ayed over
Four s pedR Dol 4o i et Fors emutriives s Gitemsiueriet o ses
coupling r@ef]icsﬁ@le?r/n%-ﬁhhﬁn%rahaaﬁﬁl%ﬂ@ 10951&)&'1(51%5!@3 ﬁ@zﬂleh&tﬂaﬁ df%ﬁetakér’sght timng
and anplitude |ocalization cues fromeach pair of speakers, 5 plus

unanbi Yualss nawmhighpusdont/hickrinfatriation fioonthe hm@mndagpbsmtmgosmom rete

positions_..of the mcro akers. The result was a singularly
Conpel &1 % B PFBEREReS B0 fransre ol e B e Rae e e hne o il o

r epr esentsaéndytesehtati6 @bt ladkel eﬁlwtwmb refresenRE6R bf E@@ﬁ irféptionf Aanot her added
a center front channel and two height channels, and was reported to be

si m | ar | yeqeabgxparment opanotpp ad d@deﬁe@m{smebanwl ap svaabrightichannels, 10 hei ght

I nf or mat i Qu s and '
enpi ri calaga;\%aggkﬁwéaotfg?) ® Slfnfope pe%gbhcoﬁééﬁﬁg%r 2l eg{l/lglﬁcte gggrﬁlggg{ilﬁé+ 8F nf or mati on
can bm ceeipy@ébrinatigger haps 4 to 5 "binaural -1ike" horizontal channels,

pl us perhaps one or nore vertical channels. However, the signal crossfeed
" char act eri st i derpfors; fipmm beth p@ﬁhmevsns&pm%demé%mdmwm edamce.dbl e for
direct pl t ery little
epar at | SRR tat e AIORg bl RS REREH o B ER IR e XPTY 4 i gt e

cr ossf eedbinatiral- l‘ii&”dhﬂﬁmﬁﬁl chaagels, phagathapOsnear iodavsridal plainhgls.only to have to

undo it ip the decoder, tI
' 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).




Is sinpler and nore direct to keep channels isolated, and to m x out put
channel signals fromthe nearest transmtted channels. Not quMggggmsthis
allow for direct 20 playback through a |ike nunmber of speakers w thout a
decoder, if desired, plus optional dowm x to fewer channels with a
passive matrix decoder, but it essentially corresponds to the existing
standard arrangenent of 5.1 channels, at least in the horizontal plane. It
is also largely conpatible with natural recordings, such as mght be nade
with five real directional nicrophdﬁbs, since, allow ng for some possible
25 time del ayrn3 OpIAS pfcEhtiidl Rendgofiy it Bﬁﬁfd%‘fi ?s’itﬁe?dﬁraecﬁﬁdn%f‘s will tend to
map principally to the nearest ‘'m crophones Fln a horizontal array,

speci f i cardnglation decedenémaceept aptindard .1 dimmebphgamsind cBnvinnngdy 2005 - 11 Thus,
froma percept.ual standpoint, it should b ossi bl e for, hannel

tr ansat (5FeRL Bimuth 26 Sty purkbes pRARTzPEr Gy SPOR hraee s ding B

convi nci nghttyen HAFiesRAllspdakert BF B SRerdfuk-Rhdnnall irah dBREbeddarlier WagNt al | y
arrayed speakers, including the sixteen horizontal speakers of the

t went y3 f dhe additipnade varicahcharngh sidhed issonietimes propeshd raidigitabicinehdn of a

| Yl . . g f daital o
system. i pouBtShoBTbisRo RETH R R RRRF PRy LT channel array
wi th i ndhatiidugly derided, pyreehtugdigvabdsipimild tataddtichr frhghied ontihaim t oget her i npart

a continuum _soundfield percept at nost listening positions. O course, if
t here i s saundfickl negceptat mostlisteningqopitionsu Qfecoutsaifibiers intccessdo Bedwai ng site,

addi tionagj.,:] | 2em.m . . | alter the
encode ngr arl%l g@%ﬁe %c@@% léé E?%d%gé{g‘t%ﬁ%igégé@gn@%q aggué ggetgj# I\A%h}r!n tations, or
mi gﬂt 1®i ﬂjeluyel:che abmlyrfdtedthae?mddhtatrﬁf%hlefdodﬁs tbﬁﬂgﬂorﬁpanéﬂltb it‘a(ir yl) I nf or mat : ;)n,
perhaps sjm]laj to the cqupling coordinates used in AC Dolhby Digita

mul ti cha %qdeE[b‘Hﬁtﬁtj’,nsﬂﬂﬁP“ B b%lnplysledivéﬁd@%ﬂ\l gidpshan %é‘f‘l%gﬁ‘gs houl d not be
necessary; - Rr ' : r | or < d Qf h information is
undesir a%?fgaﬁﬁ%gﬁ‘ﬁ%gﬁaﬁ?gﬁ%eﬁ t@%%“?g%l%ﬁggapdttﬁgﬂsﬁgm? U’??%ﬁﬂ ation decoder

i s not | iDigitaimbldclemeclabdiag, bunpérbephually,Gloelnemtia isformation shaddinohe use fewer or

nore, but there is at .|east sqme. . . ) _ .
: necessary, and practically, requinng the inclusion of such 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




justification to the belief that credible performance can be obtained from
5.1 channel sources. This still |eaves unanswered the questiXofugfst 2008t how
to extract the 20 internedi ate output channels froma sparse array of
transmtted channels. The solution proposed by one aspect of the present
invention is to exploit again the notion of virtual imaging, but in a
sonewhat ‘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” eﬁU|d|stant from each speaker. But it
wil lc‘;mla"f‘ﬁlé Siendl &%&bﬁneac?mefﬁci érﬁﬁ ﬁmaﬁ#lgiehlﬂs{ ysly so
placed W ng t ercept |nterne I a e p an anne s'for signals
t hat hav eanbeeuh fhnqiiohingdnaa panmes dnalogeisecthe hllrmarrmﬂitmgrtsystﬁnlto eataptut channel s.

It is therefor osed in ane aspect of.the resent invenfion that the
channel | S SPUEIAPHE CEELamess frogt opliua reshed Sl I o9 August 2005
-12 i nt erpgh %ﬂe&!%&sﬁéhﬁkrsﬁﬂh%&ﬁ% ﬁrefe%%rfa'}e@&&ﬁél& #atng an optimally
pl aced | i stener each functioning i'n a”manner al"logous to the human
audi tory mylsalemtuablmgmga@nﬁllmﬁlermmageemézevwesetm w rtual images from

anpl i t ude- pann ned si,gna the to L& l.oudspeakers; the speakers
preferably ar §§Iée al bg?%?% Wgﬂgtdﬁg esis ém\h r“(e?fgﬁ i mging can fill

in the repmimited cadingl MeintReWhich ot examplefte b dhno g@fw&erm ngmodul e
derives its inputs fromthe nearest transnitted cardi nal annel s, whi ch,
f or exanﬁpeakensmaydwél@mepgxmpr@@éqdmh@rﬁmml& dynegpay of pegcating oWl be t hr ele or
nore car i nvol vin
d, 1s‘i1h\?o'\ﬂ%ﬁm ethan (4 yca%ﬁnaﬂ@ﬁéﬁ&% H@t 8¢’Iope%£1 f&‘?eﬁ@?&ff Vi ng

nor e than cardi s mg erres 10 pair-w se

oper atd Onpgir-wikd dheratiofs, ,wmap& pubEpas ofsofe p@@wlsweaedldgﬁeahlweéﬂm@l es feeding
the inputs of other nodul es. However, this has two drawbacks. One is that

cascadi nghejiapys phefherderdules. HﬁWPW@ébaWthfﬁY@ck%sQ%éﬂmfl me constants,
resulting, hgpgﬁé%g&g%ﬂhleg ?@?Eée?nﬁlﬁﬁyﬁeo&géaﬁgd é@orﬁéﬁfcébleléﬁgﬁﬁn ot hers,

causing au tion a Second draw at pai r-wise
corr el at iinsonmd auput channeld lrgsponding 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




15 place internediate or derived output channels along the Iine between the
pair; use of three or nore cardinals renoves this restricti @nugust2005
Consequently, an extension to conmon pair-w se correlation has been

devel oped to correlate three or nore output signals; this technique is
descri bed bel ow. Horizontal localization in the human ear is predicated
primarily upon two 20 localization cues: interaural anplitude differences
and interaural time differences. The latter cue is only valid for signal
pairs in near tine alignnent, 600" 3 croseconds or so. The practica

ef fect i §mbRakilRBRIYSFehd uBAITRA LS BndoFBRIRA sinhls, hQB WY REFHIr at posi tions

corresponding to a particular left/right anplitude difference, assum ng

t he communtemsiegintd inmgeytomht separate land digkinct kel and Mightisiagesi Negativeel at ed, or nearly
25 so. (Not%: .tWwo_si ﬁ@fl S ge%n ave CI‘OSﬁ éorrel afi n.va]I ues that span from
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corresponding to off-center Image positions.) As the correlation of a
si gnal® pavtond eritivakband basis, and above phoup b109di3, the cpitigal furd sigobs - 13 i mage wil |

 nt er moaPractehafased ipbRlot B GRE R ShORBi chithigt | mgeo

Negat i ve requirtemehta{MIP®). are usual ly treated by the ear as simlar to
uncorrel ated _signal pairs, although the two i mages may appear_to be spread
wi'der. The cofertigablocdlization is 2 lflermerg complay, relying op AR TIcpimnaieganshsi s, and

above ab L . L] I : ..used instead
of the s?g‘&]aér?‘ ggﬁﬁg%%%rf %ggﬁ%rfgb@vcggﬁﬂﬂgﬁé@gﬁn%ﬁp gtﬁhl\fglr?g&%?fg%ﬁ}sr enent s

(M PS)p. Vetilat eellorizostal lo2adization with respedttid bsnned nepkiodss] ewsss rel yi ng on HRTF

pi nna. cues and dypam c ng,dul ati,on ,of the_hori gl'nt al _cues. with head notion,
but the FPFIpIQ adqomesponding pergsiyedimage pesitiongng fisiany Varticabsield with respect
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than hor demsatakirayesfuardinab chanacls!fol edsuate tnterpolatiorepesformance. ’
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,




dense an array of cardinal channels for adequate interpolation perfornmance.
An advant age of using directional processors that enul ate the Apase2éosn of
the 15 hunman ear is that any inperfections or limtations of the signal
processi ng should be perceptually masked by |i ke inperfections and
limtations of the human ear, allowing for the possibility that the system
w Il be perceived as nearly indistinguishable from the original ful
continuum presentation. Although the present invention is designed to nmake
effective use of however 20 many bW‘feM/output channel s are avail abl e

(including pg@ﬁg%ﬁtatg&ﬁo?ﬁxe{?z&&tiﬁv%ﬂﬂérp&i‘ﬁ% sl fibR f5e | nput channel s

with no deco and passi m xdown to fé r channel' s, includi ng nono,
st er eo apdnaples: ourod casaipmentpdaminant Rotaininent; sonspntgfomenlhd i nt ended to enpl oy
a large and soma%Q/nat rbitrary, but nonetheless practical nunber of

pr esent at YGHORHS FfB‘P‘gﬁ‘P%udspeakers, and use as source material a 25 sinilar

or smaller nyMetorRinRe: osted (Cihe RBGdSthatl SiveHHE NRIRBOS dPoding Channel
surround tracks, and possi bl e next-generation 11- or 12-channel, digital

ci nem@ sweridihe deskeded positign aEeach soBce shouldbepn somerrezsonablgssense nege pr esent
I [ Qr contai nment,

I nventio esi.r.ab shoul d hi bi.t. four . principles:

dor nant W% BG40 A AR B TR el Hiaig ek bheoBRereli oot ni ng. &1 r or

cont ai nMagdodingfsaitsg .@‘a&é’tﬁwiﬂl@ﬂk?ﬁbsbé@bfm@ﬂe\éggreﬁm debddig hood of decoding 5
errors, the decoded position of each source should be 1 n sone reasonable

sense nedgcomppried by possiblyteseates gpatial dispariehin thheventiafsrramelt isaistdlnt ai n degree of
conservaj i smil ' . F | pect of nore ‘
aggr ess?é}ee?égéeﬂég@i a%ge%?fa%%%ﬁ%%{#tg%ﬂ%%/mﬁ%@%ﬂﬁwgg‘o’rsé%? gﬁz{tggat ial disparity in

t he auentor@din@entOESen intsitiRiolsStnallivh mpregireisaesding cas eaifidehtdslse preci se
decodi ng in exchange far assured spatial 10 containment. Even in situations

in whi charibied ipmaybewnviesds @p g ifdhere ssorikchipd ot ggnangp pignad, it may be
unwi se t 0o iftiche will régkEd e tScoler th KRLHPBAFed WREreSHNAIR Cotdefaftle
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




conditions wll require the decoder to ratchet between aggressive and
conservative nodes, resulting in audible artifacts. Dom nantz&cgmxgmomgent,
a nore constrained variant of error containnent, is the 15 requirenent
that a single well-defined dom nant signal should be panned by the decoder
to only nearest nei ghbor output channels. This condition is necessary to
mai ntai n i mge fusion for dom nant signals, and contributes to the

percei ved discreteness of a matrix_decoder. Wile a signal is domnant, it
is suppressed from other output c éﬁnels, either by subtracting it from
the assogjoahiede ﬁﬁﬁﬁﬂ?é‘dvi_téie&”%ﬁ is t@%vo’i@h%in@é ﬁ&ﬂ?'d)ﬂmﬁﬁﬂd dfeBGorap Ot her out put
channels matrix coefficients conplenentary to hose used to derive the
doni nant sigiia) appear tostawly Gdeipamfromdlagirtviousedominat gimeetiv)..  Const ant power
decoding requires not only that the total decoded output power be equal to
the i nput power, but also equates the input/output power of each channel
and directional signalpegceietiON CIEHEDRAYAN@@rdi nal array. This

m ni m zes gain- 25 punping artifacts. Synchroni zed snoothing applies to
systef’s wi t hFEG.driap schepaticidnawingrsbeving adop plamuicw of au idetlized deqedetequi res t hat
if any s&?agltﬁ%ag network within a decoding nodule is switched to a fast
time constafnt node, all other snoothing networks within the 2 August 2005
-15 nodule be simlarly switched. This is to avoid having a newy doni nant

directional signal appear to slowy fade/pan fromthe previous dom nant
direction. DESEBEFHMEDEFOR EABBNINGOU FRE INVENTION Chermt i o dr awi ng
showi ng a top plan view of any i ecoder arrangenent. BEST MODE FOR
CARRYI NG QUT THE | NVENTI ON Dggg%?kr%%g‘éfgl e 10 Because encodi nhg any source

di reabi on i sBesastedoding amyzomice diadtiby istassunked to fmapprishrilyas tienal channel s,

channel translatiqn decoding is based on a series of sem. |
nearest car&maﬁ channels, chal?ne transﬁltzon decoding is based on a series of semi-

autonomous decoding modules which in a general sense recover output chamnels,
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.




aut ononmous decodi ng nodul es which in a general sense recover output
channels, particularly internediate output channels, each usuahdust2003m a-
subset of all the transmitted channels, in a fashion simlar to the human
ear. 15 In a fashion anal ogous to the human ear, the operation of the
decoding nmodule is based on a conmbination of anplitude ratios, to

determ ne the nom nal ongoing primary direction, and cross correlation, to
determne the relative width of the imge. Using control information
derived fromthe anplitude ratios a¥d cross correlation, the processor

t hen extract . ' | | | &0l Sy i O best done on
a |inear bas?gg%ﬁ@yg%gﬁggﬁggﬁéﬂﬁgtn&g@% ‘Z‘? %1?1’%%]%125 ‘%E"{é‘gﬁzz‘tﬁ%fhgt he decoder
forns weisgine aldressedbyattiveed: Ninmadix ddvadung lsschcasnlhienaw elgssiciinlisy Boal of interest.
(As explained below, it.may alsp bege desirable to include informtion about
non- nei gRBB MAEY SRepars Vi PAIPWSCzp ine PO (P REmGRPIRE] B ) Thi o
limted lggmg;%g@égg;%{agrm of interpolation is nore coomonly referred to as
matrixing. If, in the source, the 25 desired signal is napped (anplitude

" panned) to t MNetecBreeutpuld of a2d¥ matrixagleaedeehrs sombtimes refegedtogsl em i s one of M N

ot opor t | GHEDFHERER: Hh decHRralon'eve: Wbt aist o et i hERBRS ol |y it he
case of tNRnsEBEhe eRmAS tREsIImAHeESder.t Nis is much like the issue addressed
by active 2:N matrix decoders, such as the now classic Dolby Pro Logic

mat ri x decoddherevs, howener,rahlesst onesigifieryt disigrenee batweanpriopartt agiyendi ng to t he

Lt/ Rt engqded si : t f 2: | x.decoder are
sonet i mg.ﬂfgﬁcgaegg%a@djttﬁeg@?‘ﬁ%ﬁ%gﬁ%ﬁfég%ﬁlﬁﬁ@eg@ 1%%%(11{1){%1%%3%1{, however, uses
" car dighalnverition! 8¥le th@fdrher ise pfiright hapinedds toindidae léfﬂﬁﬂft?bsitiﬁlﬁn8| ation
decoder. There is, however, at |east one signjificant difference between

prior ar s pestulaied asovel] foethe ghanaeltsnslatinn dspeden theyrplsefusaintrsggmialy nodul e
accordin the - 1\ enk.i: ' r use left/right
Aol 1 ¢ uaBs? i ot E5EMack Poydbi ooty on'Fe 16 BF

' sum/difference of the Lt/Rt encoded channels.

There are 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 Left-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




as postulated as well for the channel transl ation decoder, they al so use

i nterchannel phase to indicate front/back position, relying2sfegisf20al |y
on'the ratio of sumdifference of the Lt/R encoded channels. There are
two problens with such active 2: N decoder arrangenments. One is 15 that
fully correlated (frontal), but off-center signals, for exanple, wll
result in a sunmdifference ratio of less than infinity, incorrectly
indicating a |l ess-than-full- frontal_position (simlarly for full
anti-correlated off-center rear si grll?;ﬂ s). The result is a sonewhat warped
decodi Ng Rk Gar, HATHYBEANA ufll (MIRAG fude? fofilack BEsiRAS Tt pRALn MaPPI NG 19
many-t o-one, 1ntroducing I nherent decoding errors. For exanple, in a 20

4: 2: 4 matinventisy stoekmbestrwithrat teast dlhire¢ nah-todlineat cardina clRingbls.-sorthati gnal pair with
no Front-_ln.or Rear-ln wl| to the.same net., uncorrelated Lt/Rt pair
R wi I} dAFonecposyigp ignde Y i pSumRd e of e capiral chanpey s gne i,
or for thafhdWRbdsBhnink dperédt dirb@ehs depbdify otHEie Felfive pRakes JipPlARROder, faced
wi th an uncorrelated Lt/Rt signal pair, has no choice but to "relax the
mat ri x3, Asech,apairsd uacoseelatidvas antieerrelatedielannl smnslafion serdinglsignalo 25 al |

‘out put channels. Lt .is,inca l,e af decodi to.a Si t aneous
ot b ot /B Eietey ddsifes %S BRARD SnRinal R R Pk iR, M BRAI v ay. The
under | yi rigteRhéddte Hgha ahdwd “redi@atd? diredtion Mididatdda ik, bpiRseay, avsidde

front/back position in N 2:N nmatrixing s}ﬁstems runs counter to the

oper at i ortheRnfprienae ‘serfernileppoaect in actingr?alN decadersvinivdichdweerdlafed use phase to
judge fr [ it s ' ' t with at |east
t hree no;i:%g{)]:ﬁ?a?lﬁgea@i ?(P?a#] [ %%%Qgﬁgt{?ﬁquﬁh rsegﬁkt\éﬁg{ﬂa&ﬂp%‘ﬁédﬁ Sggﬁéposi tion is

I ndi cad edebytet RRdosmnddifléreme bf tiese gnalshe candrdnd alrrovhd oindhsls.) Wi t hout
assigning_ different directions, dependjng on ,their relative phases or
pol ari t i €3f coyrspdit ispessibleingineiplerto spatially erpandy LER signal paiLbY el at ed channel

Lrans! atl Qo.68E d'00leclid RS, JHSAVR SHQUE 'cyanqg%ﬂgéuan%yéé@g,'ng}&g 4o

car di nal - out put channe I 'gndl's, I nternmedi ate
"r ear war dhatdaseany liamtaiiomdiof de@dN décbders suchys témter pdgup, elbbedsarrigche unf ort unat e

"center pileup" effect [n.active 2: N decode i n_which uncorrel at ed
: pover toF%he §1anne mui .ZIt 15 acf tﬁese nctions

tiplied outputs SO possd;lg to combine

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




Left-In and Right-In signals are presented with reduced separati on because
the 10 decoder feeds sumand difference of these signals to eeqf ﬁbﬁ
surround channels.) O course, it is possible in principle to s%at |y
expand a Lt/Rt signal pair by cascading a 2: N decoder, N =4, or 5 wth
an N: M channel translation system but in that case any limtations of the
2: N decoder, such as center pileup, will be carried over to the channel
multiplied outputs. It is also possible to conbine these functions 15 into
a channel translation decoder conf i'é ted to accept 2-channel Lt/Rt signals
and, i N hei§RtcAPOBE perdbided 3% didcPetd) @RAMIR! alf ChahtMIESPRRing NRARLGve correl ation
Si gnal s as havin rearward orientation, |eavi ng the rest of the processing
| argel y idhernsl quﬂgﬂtwmmheed@meli; piuttetl i stilbs eqnsideratioh toceceorhingdsite i es resul ting

from havi onl n tted nnel s would remain. 20 Thus, each
decodi ng l?’r%&url g}é“en%g%f% fe@ngwooggs%a?g two i nput channel s, resenbl es a
prior art actTog s%rd\lt}{é%ﬁﬂdeperaﬁngtdh dﬂﬁ@;u&ﬁc?fﬂeééiﬂﬁﬂft vdsis, it gl%h @hsabl ed or
nodi fi ed, and an arbltrary nunber of output channels. O "course, it is a

mat henft iT6est SQ“I‘&)‘@@&?WIII Wlmllﬁﬂ!sﬁéffﬂlﬂleﬂ Mllrfgeqp@wmsa tqeether vésrthect a | ar ger

nunber ofg, %&E@E £ [ ¥ Jsnvol ves N

| i near equat [ On;éﬂ\&fr c%f n&%@ﬁ%%%ﬂwgécg%@ %@ﬁﬁ’%ﬁ %.ﬁérig, l¥ or e, Is to
be expecttede é)k}attecﬂ that ﬂwﬁhhhnd@hamﬁmdmlaﬁaysﬁtenimMmﬁb’dUabwle bfess t han

per f ect channel %overy in the presence of multiple active source

di rect i orfats WBB QBRBLPAP SO EPPHGHHORS- aMH‘“Pé‘F‘{Phémgﬁﬁ'Slatﬁopm ted to using
oot ot 0 B dng oult o156 BE pbRILRE uSHEL e frBeck i G Bt SRl bARS, 2} 1 O 1O 2

August 2 e sy s em e perc cre even'with all
channdl s anqbesiag thagamd ambé&demgnabhaadedase;s@thlewmbwmh batdvddthatffannel s nut ed,

s still a@:bde atlonls&o %commdate | i te ers that may be situated
near one %dd\é‘ Geihe leff a2 frep parameter tg F WPIemeer r equency- dependent

T e it
Pro Logi pratessogeths Calsplaamndbttraladd$lylsjt wohbe thtat fogch 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




to be expected that a w deband channel translation systemmay al so be
‘capabl e of satisfactory performance in some applications. M2lAuguazd05
channel translation decoding should also be possible, using simlar
processi ng on a band-by-band basis, 10 and using the same encoded signal in
each case, so the nunber and bandw dth of individual bands can be left as
a free paraneter to the decoder inplenenter. Although multiband processing
is likely to require higher MPS than w deband processing, the

conput ati onal demands may not be t dt " nuch hi gher if the input signals are
di vi ded i g QiR b6 KPhid PRbIRLIRE AGEFSe With PAT Ldgiardbine? Aotiyel! OCk basi s.
15 Before describing an algorithmusabl e by the decodi ng nodul es of the
present 2:Nvleending, sineothsy uisroatyi oningls ifolatet chginebpait & thtvdecpdartibign of shar ed

nodes. Shared.Nodes 1f the. cardinal chanpel qgroups used, by t decodi ng
Todul s wer o B 1 RAsesserta i nieRigle SrB° duemtrte ol URPREEs! ves. coul d
be i ndepepsieBido s@ WoaMiLRNS ERUHGCIONE rdcbRsted sPhifal from thd\MBME nodeot usual 'y the
case. A a;ven transmtted channel will in general share separate out put

si gnal & vitefare tryiog & repoves theaiutpubeignah of ancadjagem alecagingrmedude shating thdependent

decodi ng | e re.use ecode the arfa ach will i nfl uenced by
out put signa g nofi gn@?lg%bog‘e%%appcoﬁ% fel &’ a?%i;?ﬁ%{"ieﬁ ﬁﬁowB%&olgﬁlley serious
decodi ng efimaesthe hmoaitiof cbmmbioutpukt sitinb] cepypresemiat Neingiebairets, 25 decodi ng
nodules will "pull”, o ravitate, toward each other, because of the

r
i ncr easedifl @gapergroraoiiing Shandnforns each modwle abitvesighbor Ayryeignaki gnals. 1, as
is likel yenal%?egﬁ'ngt&? case, the signals are dynamic, so too will be the
anount of 1fiteraction, |leading to signal dependent dynanic positioning
errors0 of a possibly hiRyi-wisé coglagen &Qdmmonléhedtyj ecti onabl e nature. This
probl em does not arise with Pro Logic and other active |IN degoding, since
they use onl yF'% cX4mRle. suPRose Fasdingl chinglpa -qon@@staweﬂﬁ@e@t@ﬁlﬁnput. Thus,

it is ne %mibﬁv@gﬂp&%ﬁgﬁwﬁg{ L& angf@r ed node" effect. One possible
wou et e

way to do s 0 subtract one recovered signal fromthe comon node

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:




5 before trying to recover the output signal of an adjacent decodi ng nodul e
sharing the comon node. This is often not possible, so as @ Awdust 205K,
each decodi ng nodule estimates the anmount of comon out put signal energy
present at its input channels, and a supervisor routine then infornms each
nodul e of its neighbors' output signal energy estimates. 10 Pair-w se

cal culation of common energy For exanple, suppose cardinal channel pair A/'B
contains a common signal X along with individual, uncorrelated signals Y
and Z: A = 0.707X +Y B=0.707X+Z 1¥-where the scal efactors of 0.707 = 0.5
provi de a power preserving mapping to the nearest neighbor cardinal

channel s._RVBEner.gy(A) JA251=A2 =(.707X+Y)2=(0.5X2+0. 707XY+Y2) =0.512

+0. 707XY#/2 05¢’BdCause X and Y are uncorrelated, XY=O So: 2 August 2005
-20 A2 = 0.512 + y2 i.e., Because X and Y are uncorrel ated, the total
energy in cardinal channel Ais the sumof the energies of signals X and Y.
"I'F 5 Si.ej Bagauye X abi® Y=2e tnéBrndldtedi the@taKeneYgy imrdrdihad tlenniel doisrtled at ed, t he
~averaged cro ti-eproduct qf A)?Qr?d% is: 10

sumt o energies of signals
5
Similarly:
B*=05X’+2°
Since X, Y, and Z are uncorrelated, the averaged cross-product of A and B is:
10

4B =05X?

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.




AB =0.5X2 So, in the case of an output signal shared equally by two
nei ghboring cardinal channels which nmay al so contain i ndeperdgigust 2005
uncorrel ated signals, the averaged cross-product of the signals is equal

to the energy of the common signal conponent 15 in each channel. If the
common signal is not shared equally, i.e., it is panned toward one of the
cardi nals, the averaged cross-product will be the geonetric nmean between

the energy of the comon conponents_in A and B, from which individual
channel common energy estinates c# "be deri ved by nornmalizing by the

squar e T gpstPbertdifiin, lﬁﬁrivﬁseg;fro&é‘sﬁgcdﬁlm%ut@wni fall W@ Berefidtt BliwlkbdT® aver ages

are conputed wth a leaky i

4
! O integrator having a suitable decay tine
const ant separater atput signals hesvean each pant ofjinpufthandtaj spgnal eoomsaraintallsnoot hi ng can be

el aborated w4 h.nonlinear,attack an ec [ tions nd in a

mul ti band S%Pgwer;#ﬁgle’ﬁ‘g’péecg?%eaca&ﬁ%fai °€%§é§§}%ﬂ$@g‘ﬁ@& Lg)r?fgr cal cul ati on of
common  epgloft¥lated sialie W, Aland stnrhdisisRIen ener gy of decoding modules with
three or nore 25 1nputs, it is necessary to form averaged cross-products

of alP the input signals. 2 August 2005 -21 Sinply perform ng pairw se
processing pfpthe inputs will fail to differentiate between separate

out put si g $ bet ween each pair of inputs and a signal common to all.
Consider?‘ f¥exanpl e, three cardinal channels, A B, and C made up of
uncorrel f=ef*dignals W Y, Z, and comon signal X 5 A=X+W B=X+Y C=X+Z
If the average cross-product is calculated, all terns involving

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

cal cul at i on, Ifltheaerage tivss-produc patrhilatedOal X8tms involving combinations of

W, Y, and Z will cancel, as in the second order calculation, leaving the average of
10 X

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




ABC=X3 Unfortunately, if Xis a zero nmean time signal, as expected, then
the average of its cube is zero. Unlike averaging X2, which J Auggsiadsve
for any nonzero value of X, 15 X3 has the sanme sign as X, so the positive
and negative contributions will tend to cancel. Obviously, the sane hol ds
for any odd power of X, corresponding to an odd nunber of nodul e inputs,
but even exponents greater than 2 can also lead to erroneous results; for
exanple four inputs with conponents (X, X, -X, -X) will have the sane
product/average as (X, X, X, X). 20%2Thi s probl em has been resol ved by
enpl.oyin : J.ant i f.ore bei ng
averaged,gm"tlep?lﬁt-;l-éjtjédlngnr'l:l %@é%tﬁg?%cgaéﬁcrog@{g Sco?ﬁ%gﬁ?l%%g%ﬂ@]ﬁ ?Eg/sa?%lg?ng t he absol ute
val ue of diffeeenpsignl carhbinafivas Biagpliedad tieaepatédcataolofe vialve ppodacised are  exani ned.

If they are all the sane, the absolu al ue of the product i.s applied to
the  avePOTRRSalR POt Aarghiexiiee R maplie B HGNEE ot CARATNGS BE Her o ¢ ho
negati vegffe B%f%%hﬁﬁﬁ%hﬁ%@sﬂéﬁ%?%o&ﬂﬁe W Pihe'sﬁ%ag : AfifittentS! NCe the

nunber of possi bl e same-sign at1ons y not e same as the
. nunbep ofespitingind ssaldiffctarcd 2t6- 1/gn This soypesatRD@Buses #@ infegrviedat i ons, a

wei ghting factor.c rised of .the.ratia.of, the nunber of same to different
o on conti BRLSEr BERR T 8 Besty e it A S BT 8 *080He pr oduct s 1o

conpensat@napdnesit ceaibR!t&all mphfdoe & dbdoitk adil € has two ways for the signs to
be the same, out of eight possibilities, |eaving six possible ways for the

signs to be Howperdnordesfordeaaverages dfdifferent arder madulextodbt 2/6 =1/3. This

i oot 1 oforrd R R sl S EMETHE ey B LR BRIOIR sk R ol " mput o

of a 1decedichgiontidlves avdeapey 6f twolifipi? iii@ipliceiont Bl neé afEn®@iesdi f f erent order
nodul es to be conparable, they nust all have the sanme dinmensions. A

convent i Wi theglgensiong prenergy iy pewer: clihas the terms dobs avsragedindagher of  t wo- i nput
mul tipli i . i L it P j i energy or
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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.




order correlations nust be nodified also to have the di nensions of power.
For a kth order correlation, the individual product absol ute AgluseR0osust
therefore be raised to the power 2/k before being averaged. 15 O course,
regardl ess of the order, the individual input node energies of a nodule,
I f needed, can be cal culated as the average of the square 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 Shared
nodes: Nei ghbor | evels By using aVé?éged squares and nodified
cross-products of cardinalg ﬁ%%ﬁés:ﬁ}éﬂpé?ﬁvelsi he anount of common out put
channel signal energy can ge estimated. The above exanple involved a

si ngl e i nt er Byluaing everagedcawsasrand hatlifiefll cose poductoofcacfina bimnbeld/ B(/ C) nodes
were common.tqg another. nodule with its .0 conmon .signal, . c onent,
Uincor r of SPEF. G RURy ST sOmaien ShEennel R e LA o b s b s r oduct
conput edaiRRe ¥t Red a ﬁﬁgl@ﬁﬁt&?&l%ﬂ 8, Bub oh@bCHbRlf e | nherently
free of an i mage pulling effec s.gé te: if the two output signals are
not uﬁcoN%(K‘a)t@d?S Wwére gomnpn to anether medyle with ith ewd eeoten siggdne, but shoul d

have a sjim e . h n.eaf.,.s0.10 agai.n_system operation should
remain f%olrntlﬂr?s %‘F’ é%gﬁ%]ﬁég "@*ﬁ%ﬂ #tg?afs)' ttgelég'(? iG] egd’f%é'p’??@&}ffl e has conputed
t he esti ¢omipebdabovenowld npite affettad) Aekingithh@lcubifioh itheRhtlPiehofainyi t s car di nal
nodes, the supervisor routine function_ can informneighboring nodul es of

~ each ot hidage pelipepiieds dNgle: if the twpioutpubsgnals arpeot uasarrelated, ey oillt he out put
channel gj ' . I tion of the

cormon ehPhR FETAACERE, PR HFRERRTTRE Mo iR e 'O 0

hi er a0 c haganfsypemsipblationsteoldapnain daithifid v kenaf auditichgr ent order, and subtract

the common ener f hi gher .order modul e fromthe estimated commbpn
energy of an§n°q%§e%3w§m%gblaéﬁ%cmmdﬁge ?SH@aEeg]ﬁ@nﬁﬁﬂégthFor exanpl e,
suppose (et sighdl ehiBy FHaBF 6tts G Adtles, ARGV R0 Yol fnction

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




20 representing two horizontal directions, plus a cardinal channel C
representing a vertical direction, and further suppose the exAsgwrdmEsof an
internedi ate or derived output channel representing an interior direction
(i.e. one withinthe limts of AA B and C, with signal energy X2. The
common energy. of a three-input nodule, with inputs (A B, O, wll be X2,
but so will the common energy of two-input nodules (A 25 B), (B, ¢, and
(A, Q If the conmon energy of A-cqonnected nodules (A B, C, (A B), and
(A, © is sinply added, the resul t"2%fs 3X2, instead of X2. In order for the

cal cul at@)\?é?laé’ﬁih%W[vaC}H@duTe”%@Mc&ﬁm’&ﬁeﬁ&é}éﬁ% hibie ofRRPRBAuENET gy of each

hi gher orde dul'e’is first subtracted ft e estimate of the comon
ener gy o(A@ﬂileumwfr@ﬂﬂﬁcomMH@negyaﬁmmﬁgotfﬂmewelt\w-aiputmdul e, so the
conmon ener. her orderagod le, (A B, i S subtracf ed fromthe
common cagys st fEhGact e nd ek gt conpp ety SFORIFEl ng 1 1 0 | n
each casgydedenAPisiNFO-G @ -1gE common energy estinmate at node A equal to X2
+ 0 + 0 = X2 Qut put Channel Signal Extraction As has been noted, the
proceds of recovering th@ueusé'Mﬂml&?ndlEWtia}hannel s fromthe transmtted

channels. in,a,]li;near f ion is basical that is

form ng wei gﬁ‘?]elﬁ bs‘eﬁ]rlrgm?)?l Wéo%egsr?ﬁbﬁ%ve %ﬁgl?sgmg% g'a Ptpk}g(‘:hgl%[e ut channel

si gnal s. fronliie: @RkmiRY chdible ¢ HfinddBiathidn BGatieallydnt of Satriningemerial | y si gnal
dependent. |Indeed, if 10 the nunber of currently active output channels is

equal _tofoﬁﬁ’é‘gﬁtﬂlﬂi’éqdS@mspfﬁ’ﬁ%ﬁdtn@b‘éha“@lﬁatﬁﬂéﬂﬁemch@p@é%ﬂlsi ng different
directi ‘e’ﬂféopn%i% P Eafi¥S {ca@ff&&gfs'g\é?e@ﬁ%%{af&@gﬁden{ tInhéedgﬁt hemati cal I'y

pOSSIb| (0] COHpU € an exact | nverse Ive encodl ng matri x, and

recover the thb@ﬁ)f\tﬁﬂ‘iﬁl?@th@foutﬂueclﬁlﬁtﬁlﬁislﬂ eﬁu@ﬂﬂginmﬁ)?ﬂftmghﬁl&id number  of
active outpu annels |1I's r than the nunoper of cardi nals, it may
still 15chgmneleibut qspréseelans:@g% ispclights) makpgdberystemaErdl.  Unfortunatel y,

i L S CE N
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.




toward hi gh accuracy floating point inplenentation. Even though
intermediate signals are assuned to be panned to nearest nei2gdgost 2085di nal
.channels, a 20 mathenatical inverse or pseudo-inverse of the effective
encoding matrix will in general involve contributions fromall cardinal
channel s to each output channel, because of the node sharing effect. If
there are any inperfections in the decoding, as indeed there inevitably
will be, a cardinal channel signalzﬁould be reproduced from an output

channel far renpved fromit spatialTy, which is highly undesirable. In 25

-addi tion, psgydgotddy®YifPleaRht4pratiansauliahrahPddbRe e®hiTh BhdRdMm RVE- ener gy
solutions, which maxi mally spread the sound around, providing mninmm
separ at i éeeoding lgirersiate igharendlytcantainpddke sameahodulae strushurn v was used fggust 2005

-25 So, [.n_order.tQ inple t .a practical, fault-tol erant decoder in which
spati al glﬁléaig%f’ﬁﬁmésrérg@gyeg?@rSll%ﬁg?’grﬁfﬁlvcont ai ned, the sanme nodul ar
structure asFulisvihgae dtails ofthenatackiel RedebOby Whicle lp@sashalsake si gnal
extraction. Follow ng are details of the extraction process by which output

si gnaPs Keeverss hyadssedingmpdule, Netedhat fig cffseiive@ositipn of capluoutb¥e ef fecti ve
it ; . i S med to b
Phdi cat s E’;}&?ﬁ@"g‘gﬁp& |tﬁg‘g’ﬁ@§ﬁe ASS‘E“?%?%MS@P%%%% ﬁ‘e%% e Jod an &

i ndi cate erw se be needed to pan a
si gnal - t thatwatld pthysiisetie deededtio pan a sigreal fo thit@hysidal eatédn, Lagthetdtiect i ve matri x
cients, correspong_i ng to that_direction., To_ avoid

encodi ng gefjfgi: ) 0
di vi de- b9 ibe? By ompERencodig qostiigieatsicoprspandine todhe direttion. ¢ the quotient of
one 10 CRAMEYidE-bIBbl pfotl Oy frdtﬁ)% sf&tr%ﬁ!agl@f@@a&@@& g%@ieen%fm@f that input

channel s’ matrix “coefficients (usu exg I'n a two-input
modulle whahmelismatréx ¢oeffimienRopver e RMMBamgyf plhbf thatiispd clvonbld’ tetrikhe L ener gy

over the s of the,L R energies ('L- ratio"), .which wel | - behaved
range of cqg@ben{s_ (“?‘Taw Aﬂrﬁ%"%’?@% nHE ‘E)’HHPHU“%\"@’ Ipuis 4’{;3?1 put channel s
wi th ef f&ﬁﬁ/gir\&ﬁticﬁtﬁk@@woﬁm BRRAS T, Sner&Pdvet s §ikh oPfeTSan@R énbriles @L 15 (0. 89,
~0.45), (0.71, 0.71), (0.45, 0.89) and (0, 1.0), the cortesponding L-ratios
are 1. 0,rati@’)8@hiclDhah wdl-behavedrangs, of fitm t.elfelctwosopitdedodirtganogdé r has an RVB
sum of ]'liag 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.




From the signal energy of each input node (cardinal channel) of the
decoding nodule is subtracted any node-sharing signal energy sAhgisn®asby
nei ghbori ng decodi ng nodul es, resulting in normalized input signal power
| evel s used for the 20 remai nder of the cal culation. The dom nant direction
indicator is calculated 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 normalized i nput signal power |evels. The

out put channel s bracketing the dom¥ant direction are determ ned by 25
conparing th t LabihQs L-ratios of
t he out put 2 ann #@E f%%ér)rgg%lrftg@eldum tlt%éﬁ%l %‘??18 o Sfttr?gacg%ﬁi\g

five-out phmmdemdalaglawddmhetheraMpmfﬂlmasti-(doﬂlﬁl,amtﬂl@akMdmdftaad t hi rd out put

channel domi pant dir ce 0.8 75 > 0.71. 2
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nearest kipag lﬂ%'ft kdﬂﬁlts ﬂ%&ﬁ@&&e@ﬁﬁdﬁ@ﬁ%ﬁﬁ&%dﬁd@@nﬁﬁ%l@% I, Of the

ant i - dom nant Sltg | evel s of channel s. The ant1-dom nant si gnal
associat satrized Wi tlpmtmluah@melmﬂnptdonmmeﬂnxussalc fectorss j Aynetitputhat results

the out peaef SARBROUT St REEE P RBCH AP s CRAle 43 P St g ™"

channel ' $.0avHidh-reuli ifl @b olfglut WherSCahgde a@ﬂmﬁ%xgﬁms pdidsetoth@b@phtact ors with
RMS sum= 1.0 which result in_ zero out‘%rm when a single domnant signal is

panned t ehanpl imguestion. 1€ pmeripyt channgleencodsrmatrix seate Hotopiare ¢hdinel ' s encode
matrix sg; f th m nant scal e factors of
t he channe ﬁ-Laragﬁt(ﬁ?’ 2 ,al{eﬁﬁ(:t&%af%gaﬁgnél??”g&s( qﬁe dom nant signal is
panngad to an output channel with gmpggde scale fact ors (A B), then the
si gnal nust have l'itudes (KA, k‘f”i}dp k the gverall anplitude of the

si gnal . Thenlf@ain m‘ﬂ@*rﬂﬂa 1 BuRerHP an gptptehanneh withencads sealn, « B -

kB*A) =0. 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))).




15 So, if a dom nant signal consists of two-input nodul e input signals
(x(t), y(t)) wth input anplitudes normalized to RVB=1 (X, ¥Y)Auguse2005
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 equiyal ent dom nant signal scale factor for
the latter channel will be: 25 SF(C D) sqgrt ((BX - AY) / ((DX - CY) + (BX

- AY))) . 2 Autiiht dafifieant dikdtichSs plimed GBimvan oupur dhehnedtd theothanned from one
out put channel to the other, these twp scale factors nove in opposite
di r ect i orfespByoisals faepis mave imenrpogife direcions detyreen srsqaid egithrhe ant i - domi nant

si gnal i%oﬁﬂrﬁﬁb‘% ofnd panned with suitable gain scaling to 5 all
non- dom nant channel's. The anti-dom nant signal is a matrixed signal

| acki ng - any THe ahticothdmintwigial iicglcalated hid pdmmed with ksitable gainckeglagitng nodul e are
(x(t), y(t)) with naqrnmalized anplitudes ( , .the doj nant signal is
Xx(t)+5\(y@'_§1)“°3'\r$|ﬂmfl}?€t dS-éﬁmaﬁa- it e is ayseteedhgoe] lacking especti ve of
the posi thhPBEhe HodHant Wit OF R uts BUdRHIdif 1RONRE fe c(j:Q(gl }g%?’%ﬁl tion to the

dom nant/anti -dom nant Signal di'stribution,” a secon di stribution
i s cal cumatrealizediasiplifuddsd, JBa ks dopiinanbsignal js Xk(tdWy(tsanddbe anti-l y t he out put

channel trix scale factors .alread l,scussed al ed,tao preserve power.
The or os EiRRLRER BrgR DI HebR s AR Do i aehoutaBi oLl Cul ot ed as
t he avebgg,qgclﬁhﬁa@product of the input signals divided by the square root

of the product 15 of the nornalized input |evels. Returning to details of
the eXtracti dnagdivencwshe ddmindnt/anti-dowinpuitsignabdisifibutionea segend signal cul ated as a

wei ght ed 4 A5RbR %R Ul udfifind PRAA AR ARSSS VT R output
channel matrix scale factors already discussed, scaled to preserve power.

The cross correlation of the decoding module input signals 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




di stributions, using the decoding nodule's input signal cross-correlation
to derive the crossfade factor. For correlation=l, the 2 August 2005

dom nant/anti-dom nant distribution is used 20 exclusively. As the
correlation dimnishes, the output signal array is broadened by
cross-fading to the passive distribution, reaching conpletion at a | ow
positive value of correlation, typically 0.2 to 0.4, depending on the
nunber of output channels connected to the decodi ng nodule. As the
correlation falls further, toward Z&ro, the passi ve anplitude out put
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may be t #ataudible pemaliys avhich vl sivepliy, diesueiurepo theigyeral} p04¢T- channel s wi || not
i nvol ve any i : ,-EQQQ 1 LRl ure of the
overal | decogfg{réﬂy %%e?df@g’lr‘%}%%le% I ng&nxﬂéél{lqeglgpﬁish{‘%r%a F%&r‘l;eildﬁzclzl udes both
soundof r baiowaamd eheadedoded sthehopwlesariiskdivwitl wbele eglally sl wdtheitkerdagdn i bed wil |

wor k equal |y Il . with either, but in practice there is little natural
sound nopPTgtice eﬁ%wﬁu@iw@%@%ﬁ#ﬁ%&lﬂxRﬁ%‘@#aw@@g%ebb?foa’f,aeessi ng and

channel s | Lt A : éﬁnd . nprom sing the
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at notion may l?ave practical significance En tﬁe appqicatwn or}%hannel

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.
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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




condi tions, weight the output signal distribution toward recently dom nant
directions. This can enhance the perceived reproduced discrétAnmmss26{(id
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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




of gain conpensation is not provided. This problemexists as well for
conventional 15 matrix encoding, but is potentially of great&AsguyhzdlScance
for channel translation, because the nunber of channels being nmxed to a
gi ven output channel is greater. To avoid clipping in such cases, an
overall gain scale factor is derived by the encoder and conveyed in the
encoded bitstreamto the decoder. Normally, this value is 0 dB, but can be
set to a nonzero attenuating value hy the encoder to avoid clipping, with
20 the decoder providing an equival®ent amount of conpensating gain. If the
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scal e factor progranl(e g., an existing 5 channel soundtrack) it could
opt i onal performe ireapbropeidte diewdivare andfon as fm@ﬂmnam adisiaresuidion Kicrewdmer esumabl y 0
dB), or apply an expansion function based on signal |evel and/or dynam cs,
or possibly make use of 25 avail able netadata, such as a dial og
normal i zation value, to adjust the decoder gain. The present invention and
its various aspects nay be inplenmented in analog circuitry, or nore
probably as software functions performed in digital signal processors,
programed general - purpose digital conputers, and/or special purpose 2
August 2005 -31 digital conputers. Interfaces between anal og and digital
signal streans may be perfornmed in appropriate hardware and/or as
functions in software and/or firmvare. 2 August 2005 -32 New Clains: 5 1.
A process for translating Maudio input signals, each associated with a
direction, to N audio output signals, each associated with a direction,
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 has a conpact 2sougast A088ge i n
the nom nal ongoing primary direction of the input signals when the input
signals are highly correlated, the inage spreading fromconpact to broad
-as the correl ation decreases and pro%%essively bow ng outward into 15
mul ti ple conpact sound i mages, each T™n a direction associated with an input
signal, as the <correlation continues to decrease to highly uncorrel at ed.

2. A process according to claim1 wherein said MN variable matrix is a
variable matrix having variable coefficients or is a variable matrix
havi ng fi xed coefficients and 20 vari able outputs, and said variable matrix
i s cont W Glefmlyy varying the variable coefficients or by varying the

vari abl e 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

i nputg si gnal nels
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15 multiple compact sound images, each in a direction associated with 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




signals has a conpact sound inmage in the nom nal ongoing primary direction
~of the input signals when the input signals are highly corrélAugd 2000e

i mage spreading fromconpact to broad as the correl ati on decreases and
progressively bowi ng outward into nultiple conpact 10 sound inmages, each in
a direction associated with an input signal, as the correlation continues
to decrease to highly uncorrel ated. ? Appar atus according to claim4
wherein the nodul es are hierarchicha 3y ordered according to their nunber
of input channels and further conprising a supervisor 15 comruni cating with
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or amn%&@r‘é&ék%ﬁ@h@zﬁi‘&grpe'iage%.nce with their hierarchical ordering.

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.






