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(57) Abstract

A lossless encoder and decoder are provided for transmitting a multichannel signal on a medium such as DVD-Audio. The encoder
accepts additionally a downmix specification and splits the encoded stream into two substreams, such that a tWo—channel decoder of meagre
computational power can implement the downmix specification by decoding one substream, while a multichannel decader can decode the
original multichanne! signal losslessly using both substreams. Further features provide for efficient implementation on 24-bit processors,
for confirmation of lossless reproduction to the user, and for benign behaviour in the case of downmix specifications that result ir overload.
The principle is also extended to mixed-rate signals, where for example some input channels are sampled at 48kHz and some are sampled
at 96kHz.




(.57) Abstract Additional data A |ossless encoder and decoder are provided
for transmtting a nmultichannel signal on a nedium such as DVD- Audi o. The
encoder accepts additionally a downm x specification and $pkirésed 83
encoded Sﬁkﬁﬁ%hp to two substreanms, such that a two-channel decoder of
meagre conputational power can |nplenent t he downm x specP¢T/EBOV/BII0HY
decodi ng one substream while a nultichannel decoder can decode the
original multichannel signal |osslesslly-using both substreans. Further
features provide for efficient inplenmentation on 24-bit processors, for
confirmation of |ossless reproduction to the user, and for benign behavi our
in the case of downm x speéecific 5E§Qﬁ1¢ result in overload. The
principle is also extended to mXed-ta S|gnals mhere for exanple sone

i nput  channdAS RIKeAMPROVEL BN TS SIOHE Oyl S ENEOD [RETR ;@%%%@Z

00/ 60746 7 OCTOBER 2003 PCT/ GB00O/ 01308 DESCRIPTICN NATRI EMENTS TO
LOSSLESS ENCODI NG AND DECODI NG Field of Invention The invention relates to
t he encodi ng and decoding of digital signal streams, particularly digital
audio streams, with reference to matrixing nultichannel signals. Background
to the Invention Lossless conprp&&hgphhinﬁgw an established neans of
reduci ng the data rate required storing or transmtting a digital
audi o signal. One nethod of reducing the data rate of a multichannel

signal is tfﬁ YoJo] ¥ natr|X|n so that dom nant information is concentrated
in some of ehg THERLHRER 5’0‘ ¢ RaRARSangierdiphel digtd siconkatireins, maticufarly

rel at idigita) aliliotstr@arh @R O 1§ g{amﬁ)ﬁggmlﬁc a%s(f\[gn%rﬂnel audi o may have
nearly the sane waveformin the left a ri channel's if conveying a

central sound image, in which case it is nore efficient to encode the sum
and difference of the tmoﬁgq§§nels This process is descrlbed in sone
detail in WD A 96/ 37048, P gnd ﬁ‘é“lfs’é“’él“'&“ cascade of “prinmitive
matri x quantisers' to achieve the matrixing in a perfectly invertible or

| ossl ess nmanner. The process disclosed in WO-A 96/ 37048 al so envi sages the
use of mat ﬂt%slqu@nmm@mn ionovagpesyateisired micnd of rédutitg the BaRRRE rfuk gl B

digit n rder to ve matri xed digital signals representing
speakglron?l ggo atm 1é"Eu % g‘&l“éfjf“bdrlo éégﬂéi‘ll -al ‘Efoﬁ@él’tqdcoﬂ r@p@ng e ditseste ofitar i xed

o a0 5 S gl B B A

advané&edirprsayided chawelsewhileralye lomberdhaﬁﬁms efirfrfBQ'EIaﬁf/elS/hﬁtle information. For
example, two-channel audio may have nearly the same waveform in the left and right channels if
conveving a central sound image, in which case it is more efficient to encode the sum and
difference of the two channels. This process is described in some detail in WO-A 96/37048,
including the use of a cascade of ‘primitive matrix quantisers’ to achieve the matrixing in a
perfectly invertible or lossless manner.

The process disclosed in WO-A 96/37048 also envisages the use of matrix quantisers to
apply a matrix to a multichannel original digital signal in order to derive rﬁalrixed digital signals
representing speaker feeds more suitable for general domestic listening. These matrixed signais
may be recorded on a carrier such as a DVD, and the ordinary player will simply feed each

matrixed signal to a loudspeaker. The advanced player, however, may invert the effect of the

matrix quantisers and thus reconstruct the ori ginal digital signal exactly in order to reproduce it

in an altemative manner.

Ina commercial application of DVD-Audio thereis a requirement to combine the above
two concepts so that a transmission system using lossless compression may also provide both a

mamxed signal and an original signal. In this application the required matrixed signal has two
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matri x quantisers and thus reconstruct: the original digital signal exactly
in order to reproduce it in an alternative manner. |na conmerci al
application of DVD-Audio there is a requirenment to conbi ne;bhfostR¥e two
concept svamod/dsdis @ transm ssion system using | ossl ess conpr ion may al so
provide both a matrixed signal and an original signal. rﬁ)(ﬁz(i?%"“é{'dﬁqsi cation
the required matri xed signal has two SUBSTITUTE SHEET (RULE 26) WO 00/ 60746
7 OCTOBER 2003 PCT/ GB00/ 01308 channel®’s whereas the original signal has nore
than two channel s, thus additional information nust be provided to allow
the nul ti channel signal to be recovered; however, the additional

i nf or hennelp Vdisousk dhaeriginalpisnal RacoopLihah iteb Bhaed, IRk HRlHIEGRIERT oL hat
W sh r’g1gstq3e6:code.(£eﬂe wo- channel matrixed signal only. Currently, él gital
audi 0TS Of F'OKEF 4R SHPYt (8@ T ltiehapacsigaal tarke ysopidred; Divgivern itheSkdstitdnal

Pr oc s Sdrh@rib | ' diig sych as the Mdtorola 56000 series
al so easi | §/1 h?ﬁ%‘ilghgﬂiﬁ-@%%? Q@g?%%?—%\%\?&e#ﬁg ‘%FB‘&%%*%&"%Q@P?%GW n WO A
96/ 3MesB-heancigenskat dgmipaBrs requiring a word width greater than the

ori gi nal \Sé nal . Because the- use of "double-precision' conputationis
pr ohi bi ti ‘ﬂwﬁ%éfﬁéﬁabévdla igre ftho Srangmitied deith (24 tHis| end pbpulpr DageSSgal 0 be

subst J I: ut ile.not requirjn n _increased word wi dth.

Fimal Ty e (REl R oeitihed B g Rteri s Mattofcenihmes gsqrioty tedlams css
repr Gditdt wond. \Muwdlel ileCpiotas sl €a S r red is,i ndeed

| ossl ess.. Convent i_or?al %gri t?lléa(?\édggﬁctﬁé(:&g{hg:gsA\?mB?’g?%g tcglg%gﬁ%agtaél&“%qefseam

wi || TEHBURSER Mord widib erepterdhan thoorigptal signal. t Bédausd dhe usé bL@IUbRLHrediigy Wi | |

not -err.ors ,d to matri.xing or, of her algorithm c msmatch between
an eﬁé@ﬁﬁ‘?“ﬁ'ﬁ,d??ﬁg@ﬁag@  CXBORHER A B‘fe"i%ie‘sl pessist itorellapc thecpragessiog doftier st

aspesiibstdntiahe chite i SMile h&eﬂégui-ﬁﬁ RR Q¥ g&%d%f{?{hr\&l g di vided into two
substreans, the first substrearn %row di ng intormation relating to a

" downni x' Féiaglvalthovoasumed, thavingatoughin @qainaeniaigicad d ewevids hpangls than
an o;eié)gci) al. mul “ﬁﬁ nnel digital signal, and the second substrearn
provi di rfS 8% YPUR Liice Tsapawante thah the S5l FepovBred ér indeetlbssiask t Cofremtiehaldi gi t al

si gnaammn@@m@a&miimgrﬁ&&%@&f&%@%ﬁﬁ%@%ﬁ@%@lhé e Ao gvia (2oL P

substreans are conveyed uUsing lossfess ¢ > toglagcoBHRION Within dec odes

onl ythetseredmwhni shegivgillatotapeke drfors 06 AIRARSKidd 6 SihEShieSHRSHE SALA ‘BF' y and
can therefore use fewer conputational resources than a|ge requi reglt o]

decotd@VEALAeRPOdeandAdecadeyi t al  si gnal .

Summary of the Invention

According to a first aspect of the invention, there is provided a stream divided into two
substreams, the first substream providing information relating to a ‘downmnix’ signal obtained by
matrixing and containing fewer channels than an original multichannel digital signal, and the
second substream providing additional information allowing the odginal‘multichannel digital
signal to be losslessly recovered by a decoder. In the context where both substreams are
conveyed using lossless compression, a decoder that decodes only the downmix signal needs to
decompress the first substream only and can therefore use fewer computational resources than are
required to decode the multichannel digital signal. |

In a variant of this first aspect, the first substream may be replaced by a plurality of
substreams. allowing a plurality of different matrixed presentations to be selected. Again
however, the last substream will contain additional information that allows.a complete original

multichannel digital signal to be reproduced losslessly.



In a variant of this first aspect, the first substrearn may be repl aced by
a plurality of substreans. allowing a plurality of different matri xed
presentations to be selected. Again however, the |ast subsbrfsHEr 6 |
contain Idoje@nal information that allows a conplete original

mul ti channel 3| gital signal to be reproduced |osslessly. WSUOBSBRAEG 3 7
OCTOBER 2003 PCT/ GB00/ 01308 In a preferred inplenentation of the first
aspect an encoder furnishes the downriBx signal using a cascade of one or
nore primtive matrix quantisers, each of which inplenents an n by n
matri x, followed by selection of the n: channels required for the downm x.
A mul ti chanpehreesatgss ; Lgn of.h substreans and-apply
a cascade of Fnver se ppr #&%?@@%&?iﬁéﬁéw ﬁﬂa%rcgéé)d% @lnfr“é%eg\%éer&ot“ﬁ’émbf’igﬁ? nal
mul t i AHEgfetasesidgabdne drimoreghimibiee macisquierisds, BadhbfabhitindsI8REnS Be » shannel s

t hat Ny t to the decoder's cascade so that the channels fromthe first
subst ?]éagﬁ%{’gffg go‘ﬁchk%agﬁcfthtnﬁgté%@ﬁ C&‘ﬁpﬂ S reqgifed &y thedlasvrmix. resul t i n |
| noor rect ohanRhaidt8Eddae: @it LReEHRYIRE 68f téo@f’%%%%%%%gﬁ@ REYs Oy

preferably a channel pernutation 1s~Speci

i mpl emersschrbyitivhenaecadar ortler tepeuedr th@righial fdticHal@d N§inaPr ﬂ%'g t be
Pr eferabl.%:,§ cﬁnz truncation or rounding wthin the matrixing shoufclil be
conpuf BFULFh L dp oFder|the charpelsathat afeonpitoiosthe siecatedisngscadhaotthathge

si gnakhisls RS, RIS %3l e to the decoder. in order that it may invert
the conputations. perrﬁdc'?ﬂr)réet%%jya{e la(éer?chté? ﬁ%lgnY‘hu(sUH?"@E‘éF\‘iéPlst'H%Y gsitgiimal

si gnaincbusst| aaste) .orddringlat heroutpy: HE(HEOIRISE USERR. 3D o ' nefet hod
as envisaged i.n WO A 96/37048; but in the context b?@gr?ﬂéﬁa@%%gﬁﬁmem
conpr BEEHH08h#nresi fieg Rydde ercader and ieplementeébly teydepoderitaravgver th tdisct seed
in thglﬁﬂglqgﬁg. streamthat allows a decoder to synchronize its dithering
process to that which was used by the encoder. Therefore according to a
second aspBeferaifly! i duneandn 8Nsouh BRIy itSin KOV €6 ¢hAsH ' -ession
system.including a dither seed in tﬁgyengoded bi ts%hgg%séﬁﬁzn%‘ﬁ‘?ﬁsﬁg%eed IS
used Fihersimtbiseass Be losslsseanding, Hredbithes s gns nost lganateaivaiabildtothededeeRder Wit h

a fungl .1y identical enerator. in an encoder. In an inportant

appl P@gt&ﬁgﬁt l{o 2 Rt R ,“%ﬁeeﬁm@ thegncedsy aad dhiserepvertiig ongingbs t
conv eshgreah tdsyi 1 7ad dbyed e j QR t WU Lrix guantisers
to the origi r?gaﬁﬂy mul t i cﬁann%?ggkgﬁ?gdqgf%\% %Eoﬁmé%%nae:{ﬁ%dr@ser{vﬁsﬁge Wol enent
the sWELAPOAEIHEE: busin theeonterentftalossless dirthiressidmscheny) duesityr Qaehashidnt | ser |

nor e if.fere dit her shoul d_be provided for the two
Oo\ﬂfefirogicfmg a cﬁtther seed In ﬁ'le encoded st?eam that allows a decoder to synchronize its

dithering process to that which was used by the encoder.

Therefore according to a second aspect of the invention, there is provided a lossiess
compression system including a dither seed in the encoded bitstream. The dither seed is used to
synchronise a pseudo-random sequence generator in the decoder with a functionally identical
generator in an encoder.

In an important application of the invention, the downmix has two ‘channels, and 1s most
conveniently derived by the application of two primitive matrix quantisers to the original
miuitichannel digital signal. In embodiments that implement the second aspect of the invention,
dither is required by each quantiser; moreover different dither should be provided for the two
quantisers and the preferred probability distribution function (PDF) for each dither is triangular.
An efficient way to furnish two such triangular PDF (TPDF) dither signals, which is referred to
herein as ‘diamond dith;r', is to add and subtract.two independent rectangular PDF (RPDF)
signals. For further details and generalisation to more channels, see R. We;namaker, "Efficient

Generation of Multichannel Dither Si gnals", AES 103rd Convention, New York, 1997, preprint
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quantisers and the preferred probability distribution function (PDF) for
each dither is triangular. An efficient way to furnish two such triangular’
PDF (TPDF) dither signals, which is referred to herein as;ogtsHERMo3

di t her' ,woaoi6074add and subtract, two independent rect angut@hGPB%m(ﬁ?DF)
signals.. For further details and generalisation to nore channels, see R_
Wannamaker, "Efficient Generation of, Multichannel Dither Signals", AES
103rd Convention, New York, 1997, preprint SUBSTI TUTE SHEET (RULE 26) 7
OCTOBER 2003 WD 00/ 60746 PCT/ GB0O0O/ 01308 4 no. 4533. Accordingly, in a

pr ef erreg | npl enentation of the second aspect, the encoder uses a single
seque’?ﬂ:é &Lnerator to furnish two independent RPDF dither signals, and the

sum and dj ence.of these signhals i.s used to provide the dither required
by two pr | AeHFBOAE Pk ISR hEBReR alidn oF §earoBE Spachohe masarier v x.
WO A $9si8 ¢ aesieth&Stot fif j i1 1] tisers wWthin a

| ossl ess %ﬁgr egsieonﬁztys@@%mgﬁgrnggg@gb f‘/&el\(ﬁggg& 1&5 5’%&2@ f"lbaeglep?@’f M ed

i npl efiffercacd off tiosse tshumaksi is Stsed as Pestide WY Afth@! RQuISE Sy i hilin¥ey Bl

quanti sers in order to place the information required for a downm X'

si gnAUAEER uped &y deriitea Wighehapeeldowastidr dingly, in a third aspect of the

i nvention 3 +Provi ded encoder.s and decoders containi.ng uncommtted
or 1 ve WOERBG DR TR BRaSERE SulOKS Tt ) Ggnicenatitie dejeges

downrbinpssioh fdydmasnd ab®e w¥ Hale caekEd & Qrebtngfgn@li I B%E?ﬁltﬁkﬂgué?)&l% ﬁgt

primtive matrix quantisers to furnish th wnm X" and optl ona

al | o@8iess wighalscuses primisiore masripgoartiders imomndexiodadeahd edstedatiohheqdat forr at e.
The gng&gﬁki f,ur ni E.h S a stream containing specifications of the primtive
matrix 0 quant PRSI G? FRARGHOSEF#® opt i onal |y may i ncl ude the addition of

dither. | mcBof@iflif 8ehird ' ] . s generated as two RPDF
di t her s_eque%ceg ?_z;nd tl%eéggﬁﬁggg%ﬁ%%gf?}%ge Qljgtpg(g‘é #cf%rggﬁ?rs FB‘?Q%CQ?FFSdi t her
S equePRi@INITE Wiondnigdid pemiile trhus glenakarabthe chyodepeaving 16gicting ace@t hi cients

of t SR A, %imgndi n the.case ofa fi rz}t %i mtive matrix quantiser, and two
coefficlents -of  BpHUEITL SPEHCIcHIs Heocales 8 nBMbST Qlgubhiivemaix fyantisersr i x
quantd fuish the d@ﬂnﬁﬁ@%@pﬁbﬂall@io@%ﬂﬁ ﬁIr!r%Pnﬂ%b&hS £ .icljedmgtsrg(%% HorbdiGe .
primtive matrices are chosen so that the downm RSi ghaf s are transmtted
di r ethe|dats mte; Hehefeneerer Subishesemstreahbeuevaning tshi fioajons of theyirBtviemadtrif Or
seve . S, nsi deri.n he n channel s of. a multi channel subspace as
def | i‘?gﬁé‘gﬁg%ﬁfb& H%eﬁs &) 8P“9‘g’é{YoWa¥ pAelude dbg additiqn) of dither. rsalnreferred
NoNZzigpleAeitBEdn, ik dehlet i@%érﬁerat(é@%mamlvq)' Fhithr Renddael HRcHQUNM X
has , n-channel s then th& subspace w ulsuaISlr‘;%l?t’i‘en%g?’%l%‘ﬁw""‘nwdmSpecgi%S
a coefficient for each dither sequence. Diamond dither is thus obtainable by specifying two
coefficients of the same sign in the case of a first primitive matrix quantiser, and two coefficients
of opposite sign in the case of a second primitive matrix quantiser.
In an elementary implementation of the third aspect, the primitive matrices are chosen so
. that the downmix signals are transmitted directly in the first substream. However, this may not
be optimal for several reasons. Considering the n channels of a multichannel subspace as
defining an n-dimensional vector space, the signals that result in a nonzero output in a linear
downmix will form a subspace. If the downmix has m-channels then the subspace will usually
also be of dimension m. The signals in the first substream should then convey the m-dimensional

subspace optimally, which may require its transmitted channels to be a matrixed representation of

the downmix channels. Thus matrixing facilities are usually needed even by a decoder designed

to recover a downmix signal only. )

Audio signals are normally conveyed using at most 24 bits, and in a lossless reproduction

system such as Meridian Lossless Packing® (MLP), it is guaranteed that the output will not
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al so pbe of dinension in. The signals in the first substream should then
convey the in-dinensional subspace optinmally, which may require its
transmtted channels to be a matrixed representation of theceoRTods
channelswvggagwﬂgairixing facilities are usually needed even by a decoder
designed to recover a downmi x signal only. Audio signals dHE/GBHYEBISYy
conveyed using at nost 24 bits, and in a | ossless reproduction system such
as Meridi an Lossl ess Packing” (M.P),-?t is guaranteed that the output wll
not SUBSTI TUTE SHEET (RULE 26) WD 00/ 60746 -S 7 OCTOBER 2003 PCT/ GB00/ 01308
exceed 24 bits because the original input did not exceed 24 bits. A

descr igrtédd 4HitsMePau¥BYheBici ' B ci,fi cations for Read-Only
Di sc, Part 4: ltAS\udiE(l) Spee(t??l fgi”%grﬁgﬂgﬁ r{ggggeeagy"é‘%g f@L Sﬁlequeotneor@gﬂ}l) Mrirat i on,
Ver si GRtaingl frvn iR VD1B@0ificativhs ffooReANDOALODIS37 DAB 4: hdioBheeaRatHs, PhGed

downm ‘:Mtﬁ% %t%ut | evel i.s defined by the matrix in the decoder. In

ori nci ple: 9kE Refganes aogmation, eﬁ%‘t"?i-ﬁ%ﬁ‘fﬁ‘i%ﬁeﬁﬁﬁ%W% 9¢/Ae048uiptie can
never cesxCHRRe: 4 i ined by.,a 24-bit word, but in

pr act ice this (Ekgrgﬁﬁ E{ﬁk@%%feﬁ%? g@*‘g‘j Fg\%{eolﬁgtﬁﬁtlxf@\féf?g%g%m‘é‘i‘pgi%ei s not

acceprabldgcilothethetrigreoeffietentsaolthatithe Ouitpat édd Adver SRR SR ShredS kN S
cannot, be Cﬂ)on Wit hout affecti ng. the reconstructed nul ti channe,f]I si gnal
whi ch \?\'Ef&ﬁ Yidfghbihwerdy Bulip peectieathisapsulisin puaccemetdly lowattpexieeddddrbsver

at ur gt;d i c rred.to herein as '.overload' ., Qccasional
caL 200 BEARIOA - CBAETS S & 167 B Pef D Erbire tiemoens vonaee
di gi t wiithowtexffeorink thiefrecnk@el mbRichWir sToRHNFhich vt 8K iHef B e %Q%l@é’érir@‘ab' e.
etail.

The conseéue ce of wap-round is discussed below in nore de efore
in a PFBEEFYEdat aptesrethe sttrstionthresheld isreferrad pebdreinfas tdverlbay eOtéRbnad

d ) T e b 11 boi Ssimil it
i | Sortond b e BRI Ry ATl ot BB o1 eRt B il ob e allg ey
over | lodwragr-mundt, is(ﬂ:cj:xﬁﬁﬁeiy@b?d@ti@nab@é]Orﬂbﬂfonétéﬁh%ﬁc%tﬁ’%gpﬂ;un[i&edigcﬂﬁ Whefoladi tion

in hi.ﬁh uaJity audio is the availability of DSP processing chips having a
24- bi'lf Peresiekal Tsreforg igtarprefemed ipplemientation afahe first agadt 6S0E identish ¢l osed

in / 37048 di fi es one. channel .of a nultjchannel signal by adding
pro\;;\o%reft%?%%stﬁ%tf éefcﬁggso #W“E%ﬁ}%&?@ga%ﬁ'ewas F isttlan bmitingr faﬁﬁtﬁﬁéﬁﬁiﬂsd‘re has a

st r aicghiputdiod W thORhitix s8fthdd Mld MreciV d2 j ' fourt h aspect provides
for a primtive matri ;( guant | serect hatd‘a)(;lgge&{lo%lgs%qlét)'t Q%fg?thonééggffi cient for the

modi fi ed ohigthes| conseqdeitasfae 2d4tit ttiadivain idlatigh Radifly kidd@ens 8 dvailaiiRass.
The. AOSPITEEH R AGTR NSVITE & ebip AL STREd ere e Ll St matit qidveiseroant a1 n
| ess diRiqaedah A-ahed)s 1048 ﬁlg&lﬁteS (m-et pnatnggl of a multichannel signal By adding
proportions of the other channels. Such a primitive matrix quantiser has a straight-through gain
of unity. The invention in a fourth aspect provides for a primitive matrix quantiser that accepts a
gain coefficient for the modified channel, and has an additional data path known as Isb_bypass.
The.gain may be set to a value less than unity in order to avoid overload. The quantised output
of the primitive matrix quantiser will then contain less information thah its input, with the
remaining information being contained in additional least significant bits (LSBs) that are
generated by application of the gain coefficient. Some or all of these LSBs are then transmitted
separately through the Isb_bypass data path. In particular, in the case ofa gain coefficient of £,
a single LSB is generated that can be conveyed through the /sb_bypass. '
In a fifth aspect of the invention that provides a ‘lossless_check' feature, a check value is
computed on the multichannel input to the encoder and is conveyed in the encoded stream. The
decoder computes a similar check value from the decoded output and comp:res i-; with the check

value conveyed within the stream, typically to provide a visual indication such as a “Lossless’
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remai ning informati on being contained in additional |east significant bits
(LSBs) that are generated by application of the gain coefficient. Sonme or
all of these LSBs are then transmtted separately through;bhfoderBobypass
data patWwoopmoarticular, in the case of a gain coefficieptrRighdbizos
single LSB is generated that can be conveyed through the Isb_bypass. In a
fifth aspect of the invention that pr60vi des a'l ossless _check' feature, a
check value is conputed on the nulti'channel input to the encoder and is
conveyed in the encoded stream The decoder conputes a simlar check val ue
fromthe decoded output and conpares it with the check value conveyed

wi t hilight fethe igtergnthatyip repiodyction iptraiy ldeslessy Isihalcasendia @atAro Rit 4 @bwasi-a
“Loss) g%%'. §UghST}_TUTE SH%ET (RULE 26) 7 OCTOBER 2003 WO 00/60746

PCT/ GSEFHEIO8N G TS gPrect of e dnventppibs dowamIX et @dessipge raponsuction pfany

| 0ss|Rftnal kignbih : A0t X, . according to.the first
aspect of 1%“%351? gq\?g%??%ﬁ%s’ l'? ﬁ? lﬁfg'\;\?ﬁgqﬂr%‘l&é)? d?tg@rn%?) W%‘s‘gﬁ& e“?%"ﬁ?%?a[f‘é?ﬁ 8%t an
or i giseedndsisgera) and\Efutie tdbeddes satiifing is prehebnieeabal RSN asi forRh@ibiesd n the
decoder .according to the second aspect, and if the decoder matrixing is
pr eci®BIY IRIdiEesgeeprdingrio ts thirdaspestafiiieanvantion, then the sowmmixtreedistias gsor di ng

to t J .Of _the invention,.then the downinix reproduction is

conpltaggtngr%t/agedt% %?%I%nlstg% ?r%j %rlllob ec%{ﬂwtgage% f"nﬂ'Ieaet“gag‘?r ri’“\flj\nﬁé‘gg’r?éﬁ‘gg}’ 2IARFIEEG t i oned

by aengist@ramgodedyi MEtefofe HeCshd6@s:- cahNIShE & dHRBk §2GRAGT hE ﬁ@féﬂ“t e a
val ye on the sinulated downm x and this word can be checked by the

chec t
dec OEBWF”’E’F]@}? BAYord srmbe sheskedhsthe dpeasidn dhisoonéifmingHesstaseprialntivnoft hat
was it i -for audi.tion in the encoding.process. An
Gl bl Ol s Mg O P RRE i e reieessrbed i n . G

encoder t I nNcor pora or

Gaven anth chofilerShutdhtorporgRs TadabidId 080 - BAAGITRECHBEON SB] Bty

Lossl ess Kernel' , J. Audio Eng. Soc., Abstracts, Marc
5, pandbl; SiyrrpiGaseadable LpsaeDataeEenpression Usingsi nosales\RSmel 99 Audiafig. whi ch
can r er or,i gi nal_rnultjchannel sjgnal before encodi ng, has a
choi SRy K07 191 PR it B ro 441 g berornre ARSck
val uedd7, aimd tvalgicP lch itk foreS higrathe oﬁgidap Qilﬁﬁéﬂaﬁ]ﬂeiogi%r{a?%ﬁfo?é Endogil, Oﬂ%i'sc 5 lgon

[

such as the 'Lossless light' on a decoder w no um nat e =durin
pas seliees anhe chaputatior nf tletcheadvalibn it comattesvie theck FaRKbnt R orighRil ed

signal__.avall.abl.e f udition as part of the encoding process, and to
corrpsz}%al’t;}’i’em(d,ﬁ%?(n Qg[%ge?srfﬁﬁﬁofjH%tm“a?“PEraé(ﬂh%‘lL@ﬁ%iFS:S light' onjacdesodrsivellannt with
the‘cﬁqmmgd@[w ad i i t h ess. |Ligh i ndi cates | ossl ess
reprlodpét on of %aég%gér%gllmtha{é% H@\Aéélsaq%\gegf I%%%gé%%tr“%alﬁ ?%akﬁtkéetaqgteﬁ SER6di ng

st ageyallable fprantitiones parmof eesticading Brodehe aB @S Kol td chedk PR E¥mGReck word

that is conmputed on all the channels. In an enbodi nent incorporating the
fir sqlte@p%gal.off hispis cppsigtent with therdowrimigtcase: in both situations the Lossless light
indicates lossless reproduction of a signal that was available for audition at the encoding stage.
In a preferred implementation, the check value is a parity-check word that is computed on
all the channels. In an embodiment incorporating the first aspect of the invention, the first
substream contains a parity-check word that is computed from the simulated downmix before any
modification such as clipping is applied to avoid overload, while the second substream contains a
parity-check word computed from the complete multichannel signal. Before computing the
parity, the word representing each channel! value is rotated by a number of bits equal to the
channel number so that an error affecting two channels identically has a high p:robability ofbeing

detected.

Thrpugho ut this disclosure, more particular reference is made to encodin g processes that

record an encoded stream onto storage media such as DVD, and to decoding processes that

retrieve the encoded stream from such storage media. It should be understood, however, that
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substream contains a parity-check word that is conputed fromthe sinulated
downm x before any nodification such as clipping is applied to avoid

overl oad, while the second substreamcontains a parity-chegkriprdegonput ed
fromthe ﬁQﬁHﬂﬁ; mul ti channel signal. Before conmputing the parity, the
wor d represenflng each channel value is rotated by a nunbePCHGHIN/ESIRqual
to the channel nunber so that an error affecting two channels identically
has a high probability of being deteetfed. Throughout this disclosure, nore
particular reference is made to encodi ng processes that record an encoded
stream onto storage media such as DVD, and to decodi ng processes that

retri exeotidre iplemddd StdRan: i i iol | should be .
under st ood, hrg%s/‘vever, t hat STT%%{TETél“t‘I}'EI'@r c@%‘fg@?%ﬁﬂﬁe?& ,énclog?#jswnﬁdjlsﬁ’@MG 7
7 OCTCBffRti2bp 3nparneBoiod B68iaeincbidires basepdrANGINiNG duR e Mo GnitRiohNiths
inventr'hl%n l[g(ﬁx be used to send encoded streans using essentially any
t r ans i SS PRI ARGSPSCTHE | SRR 8P 58RI Enblltigyiols dignuansies commanibeatsed o pasids

t hr ouglagstedlshe: ! I ie to ultraviolet frequencies, or may
be useddto recgﬁgﬁﬁgﬁgggééagf?ggggggﬁk@yé?%?gﬂgmﬁﬁﬁ$59@%¥ﬁ@h{§§€ﬁ%¥%ﬁly any
r ecor dindgptieatectoliqgy. Jimihiylideeh JFRIRRdrSent e i - 3 _Similarly,
decoders i npl enent ed acco_l?jgi ng to ?ﬁ)e ir?\t/ent f%ﬁﬁﬁg@{hgtgﬁfég@%ﬂk@%e&%@ Ss

encod PIPEETDapded sheamneltained fromumbh mediaa. Bri ef Description of the Drawi ngs

Exanpl es of the present invention will now be described with reference to
the acconpanying drawings, in which: Figure |I shows an overvi ew of a

| ossl ess six channel encogigkr BAER{Jtin T tRe TRLIviRGst NAt 1S used to encode
the matri xed channels into two su{?stream;? V\HVE: Sare then packaged into a

single “stream and recorded on DVD. Figure 2 shows a nultichannel decoder
decodi ng t%‘%at"‘ﬁ s#b%{er eans produced by the encoder of figure 1 to furnish
a | ossl ess TeCONStY uTEi BRSE PKHEEN Jilhdiovsibr desaribed svittFirefarescs tshbws a

t wo- chanhghkndes adefingdeaPdhing. the first substreamonly to furnish a two
channel downm x. Figure 4a shows a cascade of two primtive matrix

quant i ser sFig88i ¥ shong anwweryfeanad lossdss six dhantic] elaaBEtonsh ¥l SmafrixQhgs 40

shows il cascad f two. primtive matri x quantisers, configured to
i nverg{is‘%d% Mool & AT RannelSin 0 two substreams, whichczlue then packaged iﬁtoas?ngle

stream and recorded on DVD.

Figure 2 shows a multichannei decoder decoding the two substreams produced by the
encoder of figure 1 to furnish a lossless reconstruction of the original six channels.

Figure 3 shows a two-channel decoder decoding the first substream only to furnish a two

channel downmix.

Figure 4a shows a cascade of two primitive matrix quantisers modifying two channels of

a four channel signals.

Figure 4b shows a similar cascade of two primitive matrix quantisers, configured to invert
the processing of figure 4a. |

Figure 52 shows a primitive matrix quantiser incorporating dither.

.- Figure 5b shows an inverse primitive matrix quantiser incorporating dither.

Figure 6a shows a primitive matrix quantiser modified to provide the ‘LSB bypass’
facility, and the separate transmission of the bypassed in the case of ahy further lossless
processing.

Figure 6b is complementary to figure 6a, showing the separate transmission of the
bypassed LSB in the case of any inverse lossiess processing, and a primitiv:mat;'x quantiser that

integrates the bypassed LSB and reconstitutes the original signal. -
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the processing of figure 4a. Figure 5a shows a primtive matrix quanti ser
incorporating dither. Figure 5b shows an inverse primtive matrix quantiser
incorporating dither. Figure 6a shows a primtive matrix qugptdegRhoswrdi fied
to provi & bixd74¢-SB bypass' facility, and the separate tr (g%@%l g& of the
bypassed. in the case of any further | ossless processing.lﬁﬁz B8 s
conplenentary to figure 6a,. showi ng the separate transm ssion of the
bypassed LSB in the case of any i nverse | ossl ess processing, and a
primtive matrix quantiser that integrates the bypassed LSB and
reconstitutes the original signal. SUBSTI TUTE SHEET (RULE 26) 7 OCTOBER
2003 WO 00F &7 8a FI@H-GBRIOCD 1388 oFpati b€ ofa csibowenant BF 86 K1IP agioan: Rfipart

of onE§r§r§)odi ment of an MLP encoder with LSB bypass. Figure 7b shows one
embodrENtPBY a decoder that is conplenmentary to the encoder of figure 7a.
Figure 8 sh i 4 i | | cified for use in
one- ebod mare By B reKtRihit o AEkddPlyal Tbnls TR g S B sribut?
precefigereldg. a prequantiser with an output for audition, and a "~Lossless
Check' val ye copputed from the prequantised output. Figure 10 shows an
appar at us @Pre&@mswwlﬂéﬁmm@@ﬂgﬁih%’éﬁ?ﬁ dfor Uk reneamboddBkrinf
corrprgnsm&c%&)&sl ess encoder preceded by an upsanpler. Detail ed
Description of the Invention Downnni x encodi ng and decodi ng The article
"Lossl ess Kgdierfgshboss aAvkdicos dAco8&r preckded Wi BreERghti i 996, vol .
44, no. 9, pp. 706-720 and inter%%tioﬁﬁﬁgpgiEn?ngggfpgg??@h&gﬁﬁﬁﬁégﬁ37o48
cont @AM i ostiesiGhesk” wiusenmpustd from the pregumitised osipaiti n | 0ssl ess

conpr essi N rtant co ci al lication of |ossless conpression is
o DV Auc B/ IRAYS AL BT T e dBR sS4 7 el StmpiSaay (koo
pl ay ex6kier coraptisigg B IREleR R ol §hleded B sflmh ¥pdapiglr 1 ve a 5. 1" speaker |ayout, -
and the two channel player furnishing two outdﬁts for listeners with two

| oudspeakers or for portable use with headphones. Therefore, DVD- Audi o has

the capability to carry_a recqorded audi o signal tw ce, once as a
P y yDetaileS?)escription of the Invention

e

w

Downmix encoding and decoding

The article "Lossless Coding for Audio Discs”, J. Audio Eng. Soc., September 1996, vol.
44, no. 9, pp. 706-720 and international patent application WO-A 96/37048 contain discussions
of some of the principles used in lossless compression.

An important commercial application of lossless compression is on DVD-Audio, where
‘there are two classes of player: the mulrichannel player fumishing 6 outputs used typically to
drivea ‘5.1° speaker layout, and the nwo channel player furnishing two outputs for listeners with
two loudspeakers or for portable use with headphones.

Therefore, DVD-Audio has the capability to carry a recorded audio signal twice, once as a
multichannel signal and again as a two-channel signal. However, carrying the signal twice has
adverse implications for playing time. In many cases the original recording is presented as a
multichannel signal only, and the two channel listener is given a downmit derived from the
multichannel master. |

If the recorded audio is carried as conventional Pulse Code Modulation (PCM) samples,
the disc may advantageously carry the multichannel recording plus dowmnix Eoejﬁciefzts that

aliow the player to derive a two channel downmix as a linear combination of the channels of the
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mul ti channel signal and again as a two-channel signal. However, carrying
the signal twice has adverse inplications for playing tinme. In nmany cases
the original recording is presented as a nultichannel sigpakrédR¥%ggand the
t wo Chamf'b({q}ﬁﬁ% ner is given a downrni derived fromthe multichannel
master. |f the recorded audio is carried as conventional REFEeBEHE8

Modul ation (PCM sanples, the disc may advantageously carry the

mul ti channel recording plus downnix-8oefficients that allow the player to
derive a two channel downmi x as a |inear conbination of the channels of the
WO 00/ 60746 9 7 OCTOBER 2003 PCT/ GB00101308 nul ti channel signals. For

exanpl mubtichammisignalonBbsdxhmelcfdolWhi gl , d b
conputed froma Dr%ul ti c_hanne? Si ghglﬁl%gﬁ?s?iiﬁfﬁgk et%VF-Cﬁ?rg]r? ,Leglﬁgﬁf‘-’cf”?%hﬁ‘,

| ef t - SYRAMRSHRE from grmnultishannelsignal ccentairénarhdt-tfmm,frﬁmumnqyleﬁfsha@hﬁd,qk%ﬂneI s,
whi ch L LS , .C.and Lfc, . respectively, using the

11 SN il tou rpaisey Fpsinaelgmiicn sossrated by iR, Cand Ly,

0. 75- .rfe88bel ¥ 30240 the Fnank %ngtigﬁ:e The conputation of the downrnix within

t he player is however |ess tractive when |ossless conpression is used.
Al'l six channels of the multichannel signal nust be degoded before the

above matrix equation could be applied, and the conputatijonal overhead of
decodi ng six channels is excessive in this context. Aﬁfexanpl e of a

solution to this dréplemrss ghownsgapof i g_qlﬁ@gszsl,,% apgl 3. lln figure 1, the
mul ti channel signdlpp Eg%nte? to 5%%256”0%5 isfed fljo *Matrix I', in this
case a 6x6 matri x, S ou 5put‘% Ar e'-ﬁar-? tRpjed into the two
subsets {nD, m} and {m, nB, m}, nb}. These subsets 2§ t hen encoded by
“Encoder core 0' and " Encoder core 1' into two separgt€ substreans,

desi gnated "substream 0' and "substream 1'. Each subs_t%gjxm is then fed

t hrough a E fer the substrea are conbined in the " packetiser
to producewgegg%éﬁog (%nu(gfj&f)wm’éé"rﬁ%H%nplaﬁﬁylsﬁé)“&’{e%ﬂ%éﬁwmigw(Mineas a
DVD, B&slsfsttnpressidifs hic@uUng sixdinkdass Hhg) a.qLEQ butfer i

di scussed in US patent 6,023,233, and ?g;n:&? fd&s%raflgﬁalinhus ‘?Aém%eldzbﬁﬁo,mP. G
Cr avele abope nExtig equation could be applied, and the computational overhead of decoding six

channels is excessive in this context.

An example of a solution to this problem is shown in fi gures 1,2 and 3. In figure 1, the
multichannel signal presented to the encoder is fed to ‘Matrix 17, in this case a 6x6 matrix, whose
outputs m, ... m; are partitioned into the two subsets {m,, m,} and {m,, m,, m,, m;}. These
subsets are then encoded by ‘Encoder core 0’ and ‘Encoder core 1 into two separate substreams,
designated ‘substream 0’ and ‘substream 1°. Each substream is then fed through a FIFO buffer
and the substreams are combined in the ‘packetiser’ to produce a composite output stream which
may be on a medium such as a DVD, as shown in the figure. The reason for using a FIFQ buffer
is discussed in US patent 6,023,233, and is illustrated in MLA. Gerzon, P.G. Craven, J.R. Stuart,
M.J. Law and R.J. Wilson “The MLP Lossless Compression System” presented at the AES 17th
International Conference on High Quality Audio Coding, Florence, September 1998, referred to
herein as 'AES 1998',

To play the multichannel signal encoded by the encoder shown in figure I, a decoder such
as that shown in figure 2 is used. In this decoder, a ‘de-packetiser’ receives an encoded stream
from a transmission medium or storage medium such as a DVD, as shown, parses the encoded
stream and separates it into two substreams. Each s‘ubstream is passed through a FIFO buffer and
a ‘decoder core’ in order to furnish the signals m, ... m,. These signals are then passed through

the inverse of Matrix 1 in order to furnish the original muitichannel signal.
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MJ. Law and R J. WIlson "The M.P Lossl ess Conpression Systenml presented at
the AES 17th International Conference on Hi gh Quality Audi o Codi ng, '

Fl orence, Septenber 1998, referred to herein as 'AES 1998, . JqRl Ay, t he
mul t i chamwade/esiqgnal encoded by the encoder shown in fi gurg i awdecoder
such as that shown in figure 2 is used. In this decoder, 5 lcasg ﬂé?é’ﬁeti ser'

recei ves an encoded stream froma transm ssion nedi um or storage nedi um
such as a DVD, as shown, parses the i¥icoded stream and separates it into
two substreans. Each substreamis passed through a FIFO buffer and a

“decoder core' in order to furnish the signals m, ... nb. These signals

are then pgasdada twy chaghel dovenriiinyedadef suvhbs that hdwh @ fi8fe § & (e Nish t he
original .mul ti channel sjgnal. SUBSTI TUTE SHEET ( RULE 2 WO 00/ 60746 - 10 7

OCTOHER eiramspee sqpaesty by valyreibsiraam 4 is isaiopdriéferafioandndecoded tddmaisar such

as t in fi e i s _used. e . the substreans are separated but
onl ygghﬁlggﬁ’\ggahndl @"i sf%hélt t&?’%’e@'? %We% A dlegyed fiegdesied wigiebhlo #1dgRal s no
and agsunfiiiinttheseotiben ' b 3 i sired signals.L. and
D e Bl Rt o R Ao B RLEPRIIG o ana

m f diorenpmpleoifbe pos svblrews oF dfateixaif ehe dcolidieoft DRurkWOHNR dlyn¥pLri X |
in the gncoder of figure 1 contain downm x coefficients such as those in

t he REIHENF SYchstolinsabolie 2 ormatsixgrhare ahoventesignals i, bed thevillreqhé r ed

downgeg¥irsd 80ASixdsi In;thi-s case, . Matrix_0' in figure 3 is
reduﬁgalrrlt and cglr?lgxgalrﬂ%%g?ndbré"'rlenp aced b af%bi Hefigyre ¢ iggedundaniand gan t ed. A

di stéitigubs teptaged Bathe idemtity biiripbeSRMked NVeENtion is that it may be | ossless
throughog‘%, .s0 that the nultichannel output 'signal obtained fromthe
decoder of distiggiighips feptyse of fhgipresient indentiondsithat i mayte losspist thshwmal:, & ovi ded

to t i 1 Thu th ncoder _and decoder cores, if
pr estgﬁttts@ﬁrr[ggﬁh%’g;ell {))'ﬁstg{fttrasz%rfal S%tal"ﬁa{f’m&fﬁamer? 1guRg tsdat-for-Bitidenscal kqui r ed

to Bhe inpsshigsal priided lothelepssdRRETDRF: ANTHISGALRLRRY G5d onzgc%rE’P!iF”E“t ed
in essenti allga?ny manner that provides for |ossless coding but,”in

pr efPAYFBY "h Bailonsiess andidaixg} gué dsdoverse aiengbe mepired tadedosisag Tz t he
pr 0qes i S I, VWO-A 96/ 37048, si derations for,
ey B eF R Hal B R 7 Fremi e S s pgsovides

i npl enenting Matrix are cuss

di stibrigssleshroting batt inrpeefoired 6m5bEisteneO Heldp3bQ¥Sard n{%ﬁteﬁta&%[*digf%i um to

con e%%{ an encoded streamin a formthat allows |ossless recovery’ of an
ori S‘i‘ PesrEfst I AETHistlossddn Y O 86/33048. Gurlsulesativinefidrampdanasing Mdtrig 1mat 1 i xed
" ePLRSERAYNY i B LaiPT the original signal using
This distinguishing feature of lossiess coding allows a DVD or other medium to convey
an encoded stream in a form that allows lossless recovery of an original multichannel signat and
also allows simple recovery of a matrixed representation or downmix of the original signal using
essentially the same storage space or bandwidth that would otherwise be required to convey only
the original multichannel signal. In practicai embodiments, the required storage space or
bandwidth of a losslessly compressed signal incorporating a downmix rﬁay be very slightly
higher than that required by the compressed multichannel signal alone due to the additional
information conveyed in the encoded stream that is needed by the decoder to reverse the

downmix and due to the fact the PMQs that are used to encode the downmix are not available for
use to optimise the coding process. |

One method of performing the matrixing losslessly is by using a cascade of primitive
matrix quantisers (PMQs), which are disclosed as ‘primitive matrices’ in WO-A 96/37048. These
PMQs are maitrices that are used to modify the signal in one channel, using signal values

obtained from other channels, in a manner that is invertible. In particular, WO-A 96/37048
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essentially the sanme storage space or bandw dth that woul d ot herw se be
required to convey only the original multichannel signal. In practical
enbodi nents, the required storage space or bandw dth of a;hLHessHeRSSlY
conpressed signal incorporating a downm x may be very slightly higher than
t hat reqmqg%ﬁ%ﬂ’iﬁ the conpressed nul ti channel signal al one RleGB@/M 3
additional information conveyed in the encoded streamthat is needed by

t he decoder to reverse the dowimxiand due to the fact the PMX¥ that are
used to encode the down. m x are not available for wuse to optimse the '
codi ng process. One nethod of performng the matrixing |losslessly is by

usi ng C f imtive matrix quantijser PMX), which are disclosed
as' pr F%lc@?%eﬂ?rgtlér)sls%g%’mieﬁse\wrﬂ}{g@/ 948 PeF é‘é"ég t&l\/@'e‘é’r{’é thacfieelcef g2t are

used t@antiveliih Yevieh@ ofdedNhis id1R6@atED IR re 4XShHG iR b e tained
from ot her channels, in alsrlralnneratt hat gei ri\%/!éék?}rgrg’{aqill\ﬁbgér?alg%aﬁilgg?r,us?/\(}A
96/ 37048 crcader GBRERIN00 3b\¥hodih S AHe Gve ihversePP B0 L8R801dEsS C [0 $RghHOW
Iosslse1 stignverse mat ri xi ng n&% be perforned by inverting the effect of each
quant TS BFOTHVIEY BELeAr G BALUCHIF.ON) 6t DrifE Ve Fiaeri quantisers.dhefidhe sgrodi g t wo
PMX® &7 56as€ 8o vdiddeBied! : i gupe.4h, show t he.. ‘
i nverse PMX in reverse or %@hﬁﬁﬁgﬂﬁﬁpﬁ%&ﬂg}?%ﬁgﬁ }t{BrITS’ meg?-e""@%%er‘&‘)%lh\ég in
par t i sigrady $7 ‘CatldySA wan e i derkifiég WIBL I | dHabt B sfnaldiBNaddg signals Si,  S2,
S3 and $4 can be identified with original channels suth as'Lf, Rf, LS, R5,
etc., and theerfpditiredit resogstatatiosiof therdizB2 sigaal, bieseidanitthe @nvkdrlp, tn  and
R, orgw i I and m To yerify bit-for-bit reconstruction of the
ori gifr%qré EPB%%%*‘?W%BE%? FEE figpal $ihg ATHSE Qadp figyre frglkey, dsingsssuserdyi t h
- the sa&micsi, apads LG i ser i i qur a.. They,, .bei ng assuned

i denti cal , thergﬁprre pr ggﬁg%ﬁiéﬁ%tpga%fhoﬁg%gﬁ gct]éef Slrgﬂgfgznggorff%dtaﬁ SiTgnal

S2'  iS2-fowild figbreB perfornvRthd restWiib® L1045 & ARy REH AL IS, LEshRLasion S2
= 82'_+g2. Wth S2 thus restorred, (;uanti ser (% in ?gfjreesjl gcli’g‘ﬁ ne[ﬁer\?é‘th t he
Ig I

sane B fighg|4bds fegueit ths eampighal ok iqgamtized@, indighrsignal siShal ¥ & estssdai N a
mann L.l ar the manner S2 is restored. The quantisers Q and Q are
needzﬁdan?lhmdifng%rréoﬁge pr&ve 'tsﬁeé;t%a'd length of the modified signals Sl 'and

S2' from ehegashiigrstdainded, a?@ﬁeéd@@m%fﬁ&%:aglréveﬁl th%@oﬁ%enél?ofg%%%ﬂotgﬂ%ﬂne| s

information <content is not increase ure 4 shows j _

for sigmplsiSei and SHurorh texvdelinghBaiserane hwt §ibhas BY bAGISP! & ®aNhe BosxdBRded to

any nunber. of channels and how a | arger nunmber of PMX can be used in
content 15 not increased. :

Figure 4 shows just four channels for simplicity, but it will be seen how this ﬁﬁnciple can
be extended to any number of channels and how a larger number of PMQs can be used in
cascade. Each PMQ modifies just one audio channel, and in figure 4 only the first two channeis
are modified. In practice, any or all of the channels may be modified, and there is no restriction
on order nor any prohibition that a given chaunel be modified more than once. In the case of a
two-channel downmix, it would be normai for at least the first two channels to bé modified.

It will be seen that each PMQ in figure 4 has a gain of unity to the channel it modifies. It
1s not possible to synthesise the most general matrix from a cascade of such PMQs:
WO-A 96/37048 explains that the set is restricted to matrices having a determinant equal to one.
In the general case, it is necessary to scale the downmix equations in.order to obtain a

determinant that has a unit magnitude. For example, in the case of the downmix equations

displayed earlier, they shouid be scaled by 4/3 so that Matrix 1 in the encoder implements:

x -

SUBSTITUTE SHEET (RULE 26)



cascade. Each PMQ nodifies just one audio channel, and in figure 4 only the
first two channels are nodified. In practice, any or all of the channels
may be nodified, and there is no restriction on order nor,gRy dkORis0i tion
t hat a gwoswsgignnel be nodified nore than once. In the C?Eﬁ“(fjo &b"’“
t wo- channel downm x, it would be normal for at |east the &b Ehannel s
to be nodified. It wll be seen that each PMQin figure 4 has a gain of
unity to the channel it nodifies. 1t 12¢s not possi bl e to synthesise the
nost general matrix froma cascade of such PMXl: WO A 96/ 37048 expl ai ns
that the set is restricted to nmatrices having a determ nant equal to one.
In the general case, it is necessary to scale the downm xequations in
:order to obtain a deterninant that has a unit magnitude.’/For exanple, in
the case of the downmi x equations displayed earlier, t eﬁ&should be scal ed

by 4/3 so tha n the en ene I U1E SHEET ( RULE
26) 7 OCTCBERIZOO% 8%?6 6)%3 PC%?EOO/E)G%OS @éﬁ?z ﬁlé I
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C Lfe while Matrix O in the two-channel decoder inplenmgntsjthe inverse
scaling: [LO175 O nb Ro -L O .75~ nit It is evident that itri x 0 cannot

be inplemented as a cascade of PI\/@ because its determ n@pt does not have
jtu Thi s s n probl em because Matri x is"not required

a unit

to prvé‘?}r?]%naVB‘s fetbe t?’@ A%t E}E‘iqdéﬁlwlef&ﬁnféﬂh@m@rﬁeS@a@nm An architecture

that allows a two-channel nt Matrix O as either a strict

cascade of PMXx for | ossl es%e OIWE di rq r f’?@-channel original signal, or
r

as a nore general matrix fo O applliwatli ons, is shown in figure 8
and described | ater. .

It is evident that Matrix 0 cannot be implemented as a cascade of PMQs because its

determinant does not have a unit magnitude. This is not a problem because Matrix 0 is not
required to provide lossless reconstruction of an original signal. An architecture that allows a
two-channel decoder to if}lplcment Matrix O as either a strict cascade of PMQs for losslessly
decoding a two-channel original signal, or as a more general matrix for downmix applications, is
shown in figure 8 and described later.

To calculate the coefficients for the PMQs forming Matrix 0, the following procedure
may be adopted. Denote by downmix the matrix of downmix coefficients, for example in the
case considered above, we have

) [.?5 6 .739200 -.126825 -5 -5]
downmix =

0 .75 -.126825 739200 -5 .5

Then forj=1 ... 6 calculate

dc)v.n'f.'mlxI .
coe

ﬂ'l a’owmnul |

3
then calculate

downmix, |

coeff |  =-— —

.1 coeff | , downmix, | — downmix, ,

k4

and then forj =3 ... 6 calculate

downmix,

coeff, it e T Hat — coeff, coejf g

coeff | , downmix, , - downmix,

The coefficients m_coeff in figures 4a and 4b for i J are now given by the expression
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To calculate the coefficients for the PM» formng Matrix O, the follow ng
procedure may be adopted. Denote by downinix the matrix of downm x

coefficients, for exanple in the case considered above, we Eﬁ% 3
Coli’ 71k biesrd5 O - 739200 -. 126825 -.5 -5 0 .75 -. 126825 . 739500 -.5 .5

Then for j =1 ... 6 calculate coe downlllixt , ff I.j =T4J{4BAB t hen
cal cul ate downm x, t coeff t = - coeff 12 dowlll3iiC, t - dowwdtm x, 2 and
then for j =3 ... 6 calculate dolvilhdx, j ti coeff' j = - coeff t. ,
clo>vnlllix2 t - clowslnli-r, z - coeff2. | coeff t J The coefficients

nt_coeff in figures 4a and 4b for i j are now given by the expression t'Trn
rTTTr) " T2 C'Trr-r mrrr- -. W Q0% L6_-JFrmcoeff[i, j] = -coeff. ij 7
OCTOBER 2003 PCT/ GB0O/ 01308 where f@ﬁ ﬁ%ﬁ%‘%ﬂ'éi gn arises because of the

subt r a@eicdhe minds gen @istabedansd dfahesittiactiomieliggegader of figure 2, the

I nver se Ivairix 1 rra%/ be inplenented as in figure 4b, using the sane val ues
m coef f (i , 11} e Faulfichanpel depedsaaf fiswsa . tietlnvarsreMatiret sy boinplemefited@M@E and

ith I ' di ng. PMQ repl b .addi ti h .
ot e TRy B Rafe el BRARRAC Lo TR aRe Bichieg bubid e wvimed Gt of om t o

subst PREYsEntd WitHiubtre@ i in MdhRabsing PRIG RAEREE 8Y aR3ddifod A shA&RC Nol?eet% i S
particularly relevant in the context o conpression, It I's app i can! e
generBE iRpuiial, nomsrte dhe dastade of BMEngre desianfrayistve mabstARE® .in tHi€caspr | Nci pl e

descri bed ve.is not restricted to twd substreans. For exanple, using
three sub’gpfr]) ‘éﬁ?sa‘ﬁ HY OB RasRRT €ps5Hard daRvbeuiabkvelgeant|inghe eemteyt ofni t h

TSt e aubet e g o L R R TR APl hanne
downrAtiicips dasqribed saborerbinnttdsoivtaf td hwosivbsctmmnelFs) exampiee@dsing @Rley
substreams a nine-channel signal can be conveyed losslessly, with the information required to
decode a six~-channel downmix carried in the first two substreams, and the information required
to decode a two channel c!ownmix (as a linear combination of the six channels) carried in only
the first substream.

In current commercial applications, the matrix defining the downmix signals L, R, in
terms of L,, R, L., R, Cand L, will generally have the largest coefficients multiplying L,and R,
as is the case in the example above. However, this situation cannot be guaranteed because the
dominant coefficients may multiply some of the other signals. Ifthe coefficients of L;and R;are
indeed small, the requirement that a PMQ have unity gain to the channel that it modifies
introduces a problem because one or more other channels should be scaled up accordingly. If
simple scaling as shown above is used to address this problem, other coefficients of the matrix
will exceed unity and, as a result, overload or other problems may occur.

This problem may be addressed by a permutation of the channels in the encoder so that
for example a 'first’ channel whose coefficient in L, is largest could be brought to the beginning
of the sequence and a ‘second’ channel whose coefficient in R, is largest is brought to second
place. In this example, it is assumed the first and second channels are not the same. This re-

- ordering usually makes it possible for the encoder to furnish matrixed signals:mG and m, that are
proportional to L, and R, by using two PMQs whose coefficients do not substantially exceed

unity to modify the first two channels,

- b

With such a permutation in the encoder, the muitichannel decoder of figure 2 will require

an Inverse permutation in order to reproduce the signals in the correct order. Re-mapping of the
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the first substream In current commercial applications, the matrix ‘
defining the downm x signals Lo, RO in ternms of Lf, Rf, L, R5, Cand Lie
will generally have the | argest coefficients rTU|tIp| ying Lfq 03dS 18

the casewpokhasexanpl e above. However, this situation caﬁgg} @%ﬁr ant eed
because the dom nant coefficients may nultiply sonme of t P gnal s.

If the coefficients of Lfand Rf are indeed small, the requi rement that a
PMQ have unity gain to the channel thét it modi fies introduces a probl em
because one or nore other channels should be scaled up accordingly. If
sinpl e scaling as shown above is used to address this problem other

coef f pwpeithsneds it P vidddrih ¥n MILE HeRYEE eFinbidiod BNfe c@%s.?tgfz g3ttnlaticR¥AHL 0Oad or
ot her praoblens may occur. This problem may be addressed by a permnutation of

the cHiAA] ream. (Ipgheegase Hhat theenepdar usesr pesaitgiion, i mdyi insttuct clieadavederwhos e
to the beginning of the
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second channel s are not the same. This re- ordering
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propoc{ y usi whose coefficients do not
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requi-re an inverse permutation in order to reproduce

cor r defore fleamatriRgié e cogffofierithef GERSEHA thEil:ﬁl-jEdEEuidaULE 26) 7 OCTCBER 2003
WO 00/ 607 PCT/ GB0O/ 0 30? 14 qQut put channels is provided in an MLP
decoder, CFGAE POt R En ey Prat ropsible QP\jﬂmPiﬂpé?lﬁﬁﬂiQﬂﬁ thay thetsrategies outineds t r eam,

In the @@@mﬁ& e it the
decode? to apg1 ?/&l? gﬁ?ﬁg%r?égﬂég?hﬁaﬁg“&?l on %}yg{%écclo’regnaémf ﬁ’@tt g ate

r e- n@ppealy. thd bemé oy v ctReipesidy tiat dowhnis ieRPhd 6€naatlyShodd)8n 4AS Sideiios the
matri xing if the encoder applies a pernutation before matrixing. Another

possi? PY‘iRrﬁ?C%Eﬂ 18“@)@“’@@‘@&5 S»Catl‘f'%hﬁé@mia%tﬂmfthmemmﬁswdé@w@ﬁi fretames t he

h der, af
ndd £k ear o B S REP oeifcicfls 0] acHRR POt e PBTES appl y
the pmmainmolmfbgrcﬁo@mgﬂﬁhﬁdfﬂ aﬁffe'rémltyhgeg%frfgetﬁéﬁgﬁais &felérﬂéum’fa“ x are

al so pernmuted. There are certain unl i kel y but “possi bl e downm x
spec"fiteninaphdhe signals he and Ratvaliin general ﬂpned twabdivengiohal subspdeandile.6-One

noar Fheelobal BudidBhn Vocror e Or PERerd AL S Himeseo B! FiboG e pyposmtio. 1 n

t hl s whiidhthé ¢iNnéIB6f the multichannel signal form an orthonormal basis. The stgnals m, and m,
must span this subspace if L, and R, are to be reconstructed. It is reasonable to choose m, and
m, to be orthogonal or approximately orthogonal to each other in the subspace spanned by L, and
R,. Having determined my in terms of the input channels, these channels may be permuted prior
to the matrix so that a channel whose coefficient in m, is largest, or substantially largest comes
first. A PMQ is then computed as above so that the first transmitted channel is 2 scaled version
ofthe desired m,. It is then necessary to compute a PMQ to furnish a scaled version of m,. Once
again a prior permutation may be desirable in order to minimise the magnitude of coefficients.
This permutation of the signals to be matrixed is akin to the process of ‘partial pivoting’ known
to those skilled in the art of matrix computations, and will not be described further here. Initially,
m, and m, may be given arbitrary scaling. Then the above procedure for coefficient
determination may then be used by replacing the matrix downmix with the mamx giving m, and
m, in terms of the original channels. The coefficients determined by this procedure will then

determine the actual scaling of m, and m,.
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above procedure is unsatisfactory because the denom nator of the expression
for coeff2 , becomes zero or nearly zero, resulting in |large coefficients
and a high probability of overload. This problemcan be sph¥fshdR¥bog00si Ng
ni and m dlfferently Regarding the signals as elenents of a vector
space, th¥OIV§¥4fs L., and RO will in general span a two- dPORGBIONALS
subspace ‘of the 6- dinensional Euclidean vector space, or in general an
n-di mensi onal Euclidean vector space, pf which the channels of the

mul ti channel signal forman orthonormal basis. The signals no and m nust
span this subspace if L" and R, are to be reconstructed. It is reasonable

to choose ort I’OXI mately orthogonal to each
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prlor5@@&@U&@kh@$nﬂaﬁdQﬁuﬂﬁﬁhéﬂp|e in order to mninse the nmagnitude of
coefficients. This pernmutation'of the signals to be matrixed is akin to

t he procesdngfe erlosswss pmmpltesngn sYse the OefiloRnes GRIhIBA) hid chRd2y f e

mat ri % S0P atlgnl?f q% not be described further here. Inltlaq
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nmix with the matrix §iving

The cdetdded ifiont the diettsubstreast. by t hi s procedure will then deternlne t he
actual scaling ofrno and in, 7 OCTOBER 2003 WD 00/ 60746 -15 PCT/ GB0O/ 01308 -
In the degenerate case Wnere L" and R, are identical signals or are scal ed

versions of each other, the subspace spanned by L. and R, will be

one-di nensi onal . hHp . 110 . be .chosen arbitrarily within the
subspace and m nayu% ﬁ%%%ﬁ“ggog@%%?fﬁgédﬁﬁﬁ’Fﬁgr “45¢OM r om - out si de t he
subspace: Matrix 0 in‘a two-channel decoder will then reconstitute LO and
R' as a scaled version of no and will ignore m. In the MP | ossless

conpr essi ohosless erpdé asiagefdiiiting atedifusMatdxiohsReBf 8 WAl B 70ds tvﬂ?ere first.
subst r,eam Subétreamo and the coefficients of Matrix | are carried

ent i r BEPUTRPSE ABthe JASHKINS 43 tosterecenthe %@d@h@amtweeeﬁmtmﬂmgéd steanmeiofind hese
coef fih%fe?{?ﬁ§ rédufe *ﬁ%q&ngrglt{gdlcfatap rate. Stngt?lglczsise W grgcalle oJrrEn?g(] ItS rt]c? bI: If:rrlcsotded as

substre
described above, the matrixing is partially specified by the downmix requirement, but

considerable freedom in the specification remains.

Firstly, in choosing m, and m,, the condition that they be approximately orthogonal still
allows an arbitrary rotation within the subspace spanned by L, and R,. This freedom may be
used to minimise the data rate required to encode the first substream, Substream 0, for example
using the methods discussed in WO-A 96/37048 that minimise the data rate taken by any signal
of two or more channels.

Secondly, assuming for example a 6-channel multichannel signal, the matrixing of the
four channels that are not modified to furnish the downmix is still completely unspecified. Once
again, the methods described in WO-A 96/37048 may be used to minimise the data rate required
to encode the second substream, Substream 1. In the case ofa PMQ implementation, two PMQs
may be used to derive the downmix, and any remaining PMQs may be used mm:mlse the data
rate of the remaining four channels in the same way as for any other four charmel signal. Inthe

MLP compression system, six PMQs are available in total, allowing four to be allocated to this
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Downi ni x encodi ng conbined with data rate reduction Lossl ess encoders using
matri xi ng are di scussed extensively in WO-A 96137048, where the purpose of -
the matrixing is to reduce the correl ation between the trapggdd-gdoghannel s
and thew(byo/cwweduce the transmtted data rate. In the ﬁ’ ? E}re a
downm x is to be encoded as described above, the matri xi ?‘"% rl?qsally
specified by the downm x requirenment, but considerable freedomin the
specification remains. Firstly, in chbosi ng no and m, the condition that

t hey be approxi mately orthogonal still allows an arb| trary rotation within
t he subspace spanned by L,, and RO. This freedommay be wused to mnimse .
the: dWalt.a rate required to encode the first substream Substream™0, for
exanpl e wusing the nethods discussed in WO-A 96/ 37048 that mnimse the
data rate taken by any signal of two or nore channels. Secondly, assum ng
for exanple a 6-channel nultichannel signal, the matrixing of the four
channels that are not nodified to furnish the downm x is still conpletely
unspecified. Once again, the net héd&@hescribed in WO A 96/ 37048 may be
used to mnimse the data rate required to encode the second substream
Substream 1. In the case of a PMQ i npl enentation, two PM¥ nmay be used to

derive th QU mai ni be usdmnlmsethe dat a
rate of tﬁegremal ‘Frﬁ{g@ our n'ﬁ‘étfogp ﬁh‘nl\éﬁﬁloggﬁ‘éc’\‘iﬁﬁs 3¢ 3y AugFipaiemibet f our
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total, allowing four to be allocated to this SUBSTIT 26) WD
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regar r orta di ophile circles that any quantisation
that S i B R bt onn Tof Srdiondly u Gatien el Distromdheotonly
di t h&urveJynl. ealdid/Eng SYRBINIyPERIIQ01. haNGPALEi4her value is added to the .-
signal before it is passed to the quantiser. See for exanple S.P.

Li pshitz, ﬁeﬂﬂmhﬁmﬁmuanams inhexéanig @ekooy quirfisand:. Zathodhsadiopiither : A
vol . 40, pp. 355-375.

Th j Audi 1992,
TheOLLI WA b R AP TTR rgie Pyl Pertbeiadisrisa mhixiamn he
casetiefdebodelipasts eRAQROLS thatEing BEIGH lnttﬂteer?cla eco ltfziflnggzhéh anli$ Q! 2

probl em because the lossless nmairixing in the ST y the
mat r FYFSYy  Ferreyemadiurishing aelovodex asidestribgd rpoasyMauiar ds@atid@invert the

effect of Matrix 1, and the downmix will contain quantisation effects from both matrices.

In order to render the downmix quantisation benign, dither must be added by both
matrices. However, adding dither in the encoder’s Matrix 1 will affect the transmitted signal, and
the decoding of the multichannei signal will be affected thereby. Therefore for lossless decoding,
the Inverse Matrix 1 in the multichannel decoder must compensate for the effect of the dither in
the encode matrixing.

Figures 5a and 5b show a complementary pair of primitive matrix quantisers including
dither, in this case for a three channel signal. The two matrix quantisers differ only in that the
signal q, is subtracted in the quantiser shown in fi gure 5a, whereas the same signal is added in the
quantiser shown in figure 5b. It is easily seen that, provided the signal furnished by the box
marked “dither’ is the same in both cases, the PMQ in figure 5b will undo the action of the PMQ
in figure 5a. Thus, an encoder as shown in figure 1 can be constructed in which ‘Matrix 1’ is a
cascade of PMQs as shown in figure 5a, and the multichannel decoder of figure 2 can be
constructed in which ‘I.nverse Matrix 1° is a reversed-ordered cascade of PMQs as shown in
figure 5b. This will ensure that the multichannel signal is reconstructed ig;sieaaly.

For the best quality downmix reproduction, the conventional requirements for dither
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effects. However in furnishing a downm x as descri bed above, Matrix O does
not invert the effect of Matrix 1, and the downtnix will contain
quantisation effects fromboth matrices. In order to rendeyothacHowam X

guant i satson/dagssi gn, dither nust be added by both matric ver,
adding dither in the encoder's Matrix | wll affect the t?g’rﬁfdrﬁawléggsi gnal

and the decoding of the multichannel signal will be affected thereby.
Therefore for |ossless decoding, thé’fFnverse Matrix 1 in the multichannel
decoder nust conpensate for the effect of the dither in the encode

mat ri xi ng. Figures 5a and 5b show a conpl enentary pair of primtive matrix
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two matrix quantisers differ only in that the signal q, I's subtracted in
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reproduction, the conven

VDO%&OQ%::E@IMGBOO’ 01308 - 17 shoul d be satisfied both in the encoder's
Matrix 1'_and in the decoder's "Matrix 0'. Thus for exanple in the
encoder, tH¥ faqltlmen@&me&ﬂaﬂ ditheqin ghn wsodng amdidSbdipg glahtisatyaf fgugadias| v
furni ﬁgn5b‘[;lgp||§ i de §9; Pea itud ual. to two

quantal sati on setepgbg{) %dgh%?? e% deelﬁf o Vﬁ%‘“ﬁ.‘ﬁ%ftgm amppydortandora

encodequefice gcrmk‘atb:l‘lﬁrﬂﬂ&%ﬂ%em @08 timtRE fnlel ah® HRUecHRE FSIRMRL QeedQdq di ther
to tthqﬁl ater . Matrix O may be a different type of matrix, but It will

neve @ye%’éldi‘fﬁﬂlsﬁtge“sc‘aﬁ‘bﬁﬁ%wféﬂgenﬂmrch i ncreases the word Iength

foll d d d her bef h
quant | sat Fon s SRURE oBRfcrds & 23R PR e Sreiie forersang aassgoand
deCthzﬂglrﬂhiaﬂ@Iss@lﬁ@c@thgg}lﬁﬁ%]ﬁl@ex fidsigh can be net by the encoder

recording a seed' conveying the state of a pseudo-random sequence
generator wit hifg, @@&treamfromtl me to time, and the decoder reading the
seed and t hereby synchronising its own sequence generator. In MP the
sequihes éeﬁfé?%?@fﬁ bity of tixashiftregistecahdr shift regi ster generating a pseudo-

@ represents the exclusive-OR operation.

Thus the seed in the stream is 23 bits long. The shift register is shifted by 16 bits on each
sample period. This allows a new 16-bit pseudo-random number with a rectangular PDF to be
generated for each signal sample. However, because TPDF dither is preferred, the 16 bits are
divided into two 8-bit dither samples. These 8-bit samples each have a rectangular PDF, but the
encoder has the option to add and subtract these two samples to furnish twd further uncorrelated
dither samples having a triangular PDF. This process is known as ‘Diamond Dither’ and is
explained in the above-cited Wannamaker reference, AES preprint no. 4533. The encoder can
use these two triangular PDF samples to add dither to two PMQs that furnish the downmix
signal.

Audiophile considerations do not require that the dither applied in Matrix 0 to recover the
downmix signal be synchronised to a corresponding process in the encoder, Indeed it is
undesirable that the same dither be applied, or that Matrix 0 apply any dither that is correlated

with the dither applied in Matrix 1. In MLP the downmix decoder generates a dither signal using
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random bi nary sequence (PRBS) using the expression: b23 (r)bs (r)l where b,
represents bit x of the shift register, and 8 represents the exclusive-OR
operation. Thus the seed in the streamis 23 bits |ong. The,shigtk 580 ster
is shiftegobyeotlys bits on each sanple period. This allows P%g'??ﬁ\bo?oéé it
pseudo-random nunber with a rectangular PDF to be generate or éach
signal sanple. However, because TPDF dither is preferred, the 16 bits are
divided into two 8-bit dither sanpleb- These 8-bit sanpl es each have a
rectangul ar PDF, but the -encoder has the option to add and subtract these
two sanples to furnish two further uncorrelated dither sanples having a
tri angekahe rithHl r : j W ! M i | ai ned
in-the abovg@g t%gh%l%nrggnﬁlﬁgﬁdn?]e@\gﬁég% tﬂ%ﬁg‘%}ggf ﬁ%%o?ec%%gébéﬁg%ncoder
can . differenhdwseedvribid agin GditieDis caangd ie Subsireanhd), aitiileelic dead fovahPMagixt hat
furnish the downm x signal. Audiophile considerations do not require that
the di SRS 1SG55S ’d‘ﬁ“EStK/"‘e’i‘Wi‘x 0 to recover the downm x signal be
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downm x decoder generates a dither signal using SUBSTI TUTE SHEET ( RULE 26)
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mul tichannel decoder, but the dither is different because the seed is
différent: the seed for the Matrix O dither is carried in Substream O,
while the seed for the Matrix 1 dither is carried in substreaml!. In MP,
the quantisation and arithnetic of Matrix O are specified just as precisely
as for Matrix 1, and with the dither also controlled by the encoder, the -
encoder has precise knomﬂedg@anﬁﬁﬂQmef@@ﬂ@ﬁ@fRQ signals recovered by the
decoder, down to the last bit. W shall return to this point |ater
Saturation of downix It is often considered comrercially inmportant to

encode an 481, ShTle el B URLPUEL L0 LG Sl Pl chaonel, cor
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is to cause overload. However, the professional recording engineer is well
equi pydagsevel meglbs kept well below digital clipping if no peak of a live signal is to cause
overload. However, the professional recording engineer is well equipped with tools for
waveform modification, such as clippers and limiters, that allow him to produce 2 ‘controlied’
signal that modulates a channel very fully while ensuring that no peak will overload.

It will be understood that digital overload can result in extremely unpleasant artifacts
caused by ‘wrap-round’ effects. For example, in conventional twos-complement 24-bit audio,
the maximum positive value is represented by 7£ £ ££ £ hexadecimal. A naive attempt to increase
this value by one quantisation level will result in 800000 hexadecimal, which is interpreted as
the maximum negative excursion. Thus small overloads can generate full-scale transitions
having a large high-frequency energy content, which sounds extremely unpleasant and frequently
causes burn-out of tweeters.

In the context of DVD mastering, it is assumed that a ‘controlled’ multichannel master is
produced and presented for lossless encoding. In other words, it is assumed that any overload
problems in producing the multichannel signal have already been dealt with. The task remains to
produce an acceptable L R, downmix.

Overload at the output of the two-channel decoder of figure 3 can bi: avc;ided by scahing

down the coefficients of ‘Matrix 0’ sufficiently. However such scaling down has two problems.



wavef orm nodi fication, such as clippers and limters, that allow himto
praduce a "controlled  signal that nodul ates a channel very fully while
ensuring that no peak will overload. It will be understood7 BEﬂiz%st al
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This i.s_begause an riqr. _clipping or limting of the multichannel signal
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then not b less. Accaordingly, the invention provides for a downm X
decoder t oﬁhmtﬁ%m&w‘l Yot Widtyisraccified ange bitalang modovihd iutengrsagnahavi ng
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Howevge endddeBls given an input and a downmix specification that resuit in a downmix requiring
more than 24 bits, the encoder scales down the downmix specification to avoid overload within
the matrixing. This scaling down is by a power-of-two, so that the correct amplitude can be
restored in the decoder by specifying a positive left shift in the “outpur_shif” information. The
shifter in the decoder thus generates a downmix signal of the correct amplitude, which may be
too large for the 24-bit output. Therefore a clipper is placed between the shifter and the output,
in order to avoid the undesirable ‘wrap-round’ effect discussed earlier. The clipper may
conveniently be implemented using the facility provided in many DSP chips whereby a value in
an accumulator may be stored to memory using ‘saturation aritfimetic’.

Anadditional synergy arises in this case if the memory location to which the accumulator
is stored can be calculated in dependence on the “ch_assign’ information. in the stream. This

accomplishes the inverse permutation of channels required in a decoder without having to

Implement it as a separate operation.

SUBSTITUTE SHEET (RULE 26)



the last PMQ in the decoder, a shifter is provided that shifts left or .
right by a variable nunber of bits specified by "output-shift" information’
carried fromtime to tinme in the encoded stream I|f the epgogkrbgi0i VEN
an i nput W‘%f@%omm X specification that result in a downm X requlring
nore than 24 bits, the encoder scales down the downnix spdGHFRWHYE to
avoid overload within the matrixing. This scaling down is by a

power-of -two, so that the correct andPitude can be restored in the decoder
by specifying a positive left shift in the "output shift" information. The
shifter in the decoder thus generates a downm x signal of the correct
anpl i tude, which may ‘be too |argeygi,ihe 24-bit output. Therefore a
clipper is placed between the shifter'"and the output, in order to avoid

t he undesirable "wrap-round' effect discussed earlier. The clipper may
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channel
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signal t he{uftSi b{élr%cégde slg%shgr?g{fggﬁ’t? ?g’%ﬁgé‘% ’%?rg?faﬁeérae%gé%f' r SfyREnglhais are
i nt erasalmédtobbe4lbias sli@sgenennoiup gft@nHe datadtiBE o Phe GRS Tiscd §Bndl® from §7a
accomodat ed economically even on a processor using 24-bit arithmetic by -~
usi ng-rhiedata pathiis proviied toalldw headeodn e thapddifians Mbesignaris thea shiffet] right PMQ
t hat | ates a,shifter he. .si.gnal ths ar assyned to be 24 bits
wi de a&%étgﬁ%p% Yioae bifand phg %%g §E‘1§‘Ffigm ttot“'l‘@?a‘ﬁe‘ﬁﬂr IO BI TR r om Si
a  2%9rd¥h thedabia dRaiudd SV'S Wi t A@eﬁg Ii k.t he addition. The
Si gnall- i's theln sﬁ%fted ri ghtogﬁglrsit?%?rir}t@?{al 'y ﬁblgﬁoryrr%é?gllt%‘ and the LSB shifted
from t he bDOtetlsiB Gius siifedortaniss o Onstupetbeseparday gh the sfgneimTohizcods the sigigiut Sl ',

101 E1e 854 08 TPCRIELILIA, 24, MOk oL Lo The LO8 Laus snifLed ou
2 SUh 5 BT, Nt S gl SR A RRETL 0 L
t o Siteft bneng Yiesarthatthe sgpgragdly tareidd LSB is the LSB of the shifted word, thereby giving a
25-bit signal to which the quantised signal ¢ is added. The result of this addition is only 24 bits
wide by virtue of lossless reconstruction of the signal S/ fed as input to the PMQ shown in figure
6a, provided that 5/ is a 24 bit signal.
As shown on the right of figure 6a and on the left of figure 6b, it is possible to insert
further lossless processing and inverse lossless processing of the 24-bit wide path between the
two complementary PMQs, provided there is a bypass path so that the LSB is conveyed
separately. For example, a partial block diagram of an MLP encoder is shown in figure 7a and
the corresponding decoder is shown in figure 7b. A decorrelator and an entropy coder comes
after the matrix shown in figure 7a; thus, in this example, the ‘Lossless processing’ shown in
figure 6a would include these items. Similarly, referring to figure 7b, the ‘Inverse Lossless
Processing’ shown in figure 6b could include an entropy decoder and a recorrelator. As shown in
figures 7a and 7b, care is taken to preserve the bypassed LSB across this processing, to store it to

and recover it from the encoded stream or substream.

Sometimes the matrixing in MLP does not cause overload, but the decorrelator, while

(ol aa alals ol do ol Al A R e



|l eft by one bit so that the separately carried LSBis the LSB of the
shifted word, thereby giving a 25-bit signal to which the quantised signal
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this processjng. . For. ‘exanple, the "] ossless Processing’ shown on the right
of fi g*b"r"“é” ‘th’L%I‘EOII '?%Ifﬁg‘é L{ltbwﬁqa?wssesdoﬁ@ b ke sereretad al esth stage, 50 gur e
6a, afsh biRseadi 88s §idseld cfied I e gk, be inverted by

i ncl udi ngﬂfaﬁ t he ‘Isnvgr seC Logs @gqﬁoces%%&gghgm on the left of figure

6b a PMQ oin athiI§omcodstibam anrupt toesix PNIQs ifcabdagey dGlay ok Bllbhitentageba

bypasgoe% LSﬁ will 'qu blg}%nerat ed at each stage, so two bypassed LSBs nust be
carri €4 B8LHAC BIRY 497 Dwassep LoBe ddwp e substream may carry up to'six bypassed LSBs,

one from each PMQ. Although each bypassed LSB comes from a different PMQ, there is no
requirement that they come from different channels, and the encoder may occastonally choose to
allocate two or more such PMQs to one channel and thus obtain an additional 12dB or more of
headroom for that channel.

There are variants of the topology shown in figures 6a and 6b that have an equivalent
effect. The subtraction of the signal g in figure 6a and the addition of the éignal g in 6b could be
interchanged. Subtraction can be avoided by inverting the sign of the coefficients, by inverting
the sign of the dither if used, and if necessary by making an adjustment to the quantiser Q, for
example by replacing a quantiser that rounds down by a quantiser that rounds up. Another
variation is to place the quantiser Q in the forward path, as shown in figure 23a of
WO-A 96/37048, instead of in the side-chain, again taking care in choosing quantisers that round
up or down. In figure 6b. the s_hiftirig of the 5/ signal and the LSB together may instead be
implemented as a left shift of the S/’ signal, thereby producing a zero LS];, and then adding the

separately transmitted LSB. In this case the addition of the separately transmitted LSB may be

SUBSTITUTE SHEET (RULE 26)



In an MLP encoder there are up to six PMX in cascade, and any or all of
them may be configured to provide a bypassed LSB. Thus the substream nmay
carry up to six bypassed LSBs, one fromeach PMQ Although,eaghzbBypassed
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includes themin the stream Thus o shift the signa one bit
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to conpensate. As discussed previously, it Is advantageous to have
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to 24 This dither is like the dither identified as dither in figure 6b. If m_coeff]2, 4]and
m_coeff{2, 5] have the same magnitude, dither will have the desired triangular PDF. Thus, if two
PMQs are used to furnish a downmix, the encoder will specify m_coefff2, 4] and m_coeff2, 5]
with the same sign in one PMQ and opposite signs in the other PMQ, thus furnishing
uncorrelated TPDF dither signals by the ‘Diamond Dither’ method discussed above.

In figure 8 if we regard the input signal samples as 24-bit integers, fhen the output values
from the multipliers will in general have 14 bits after the binary point because the coefficients
m_coeff{2, j] may have up to 14 bits after the binary point. We assume for the moment that the
quantiser Q,, quantises to a 24-bit integer value. In this case, if the two 8-bit RPDF dither values
are right-justified in the 24-bit words DitherO and Dither1, then the corre:ct magnitudes for
m_coeff{2, 4] and m_coeff]2, 5] are 2%, _

If additional PMQs are used to reduce the-bit rate of the stream without affecting the
downmix signals, it will be normal in the encoder not to use dither, hence the m_coeffi, j] values

used to multiply the dither channels in the PMQs will be zero. This suggests that an economy



bits and treated as if they were two extra channels. These dither channels
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t he decoder. Wen using the 2-channel

i ncl uded i n éEEi .st?r eaagl for Hse %y ! i
decoder t o7 &pFBY e &ANgRithRimodifigg shapnel eandie arsemphighednhit sakingglidhe/ or
scal i BeefitichBeetbpt BOG B cSLEBRLS { 8ok, 1RRGRR, SRS A -
coefficients, not' restrct efg toébig\%eclr%glﬂd}é}#g%et\?\gﬁ' Igsrcg‘h?%%%‘ngﬂﬂfeﬁetge'ieﬂst he
PMQs . 2 pegsibilitysbilthe ietiyireduchling tdtodesd e dvaifabRxobiflcichyrahgs o[ DB 2§ReAEer are
reasons f.or ﬁdocﬁ%i F?g the architecture of figure 8 uniformy. In .Matrix O,:
scal i N B e cueithumthemaaanp el bis sumps deserithly seabing ghedcalingie
by a power of 2, then using the final “output_shift” to restore the desired level. ‘
In MLP with downmix, it is not normal to carry the bypassed LSBs in the first substream,
Substream 0, since the downmix decoder does not attempt lossless reproduction. The second
substream, Substream ! carries all the information required for the multichannel decoder’s
matrixing, including the coefficients, the dither seed, and the bypassed LSBs including those
LSBs that were dropped from channels that are carried in substream 0.
One feature of figure 8 that does not affect the above discussion is that the quantiser Q,, is
able to quantise to a step-size that is a power of 2, thus putiing the truncation point one or more
bits above the LSB. This facility is included in order to optimise the treatrient of input signals

that do not exercise the least significant bit(s) of the 24-bit word. In MLP, the LSB bypass

{eature is used only when the quantisation step size is set to unity.
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coefficients, except the dither coefficients, that contribute to it. If,
scaling up is required, there is a possibility that the required scaling
w || exceed the avail able coefficient range of [-2, 2), or%§8atopehiognal
over | oadwa bdsp@gcur Wi thin the matrixing. This can be deal%nﬁéé nﬁ%m
reduci ng the scaling by a power of 2, then using the fi ndlc e put _“shift"
to restore the desired level. In MLP with dowm x, it is not normal to
carry the bypassed LSBs in the first28ubstream Substream 0, since the
downm x decoder does not attenpt |ossless reproduction. The second
substream Substream | carries all the information required for the

nul ti channel decoder'-s Sk tdd@in iane! USsABs$ geepef ficients, the dither
seed, and the bypassed LSBs including those LSBs that were dropped from

channels that are carried in substream0. One feature of figure 8 that does

not affect the above discussion is that the quantiser QS, is able to

quant i se t é lassytcegingisysemiganerply furpishsranafutyt thatisngpah txaegretOresatitigicet i on

poi nt NG Qi 412 bits abg}.}r/le fi?he LSB. Thi ? facility i s included in_order

to optimhes S{aval Jntegribpehiecking; ion sranapisitvelic redindapsyiibecle R €] 2 PRyl east

si gni EheeRNdhobidtdeSksiBtiel 2RI SSrorf reis
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used only when the quantisation-step size Is set to un SHEET
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system general ly furni shes an out put

d 'L | .Check’ | ) dij
? Rat ?@iﬁgﬁ?iﬂ%&ﬁe‘ﬁ’é’@gﬁﬁ%ﬂl lggﬁeéfn the hessy gpending agd dpcoding regedss.jand

checkiydatfbif-r@XadBl6rs BaR¥E bl rﬁ%HH%?ﬂ't‘}éﬁ R e 1o Ral LY oheck,

shoul d be restricted to a clhiégrfao the enggg)glg%gtélr eaﬁdéngptr%%fsotrpéﬁé%ssi on

er r orbeinggifiseent fionggethf tihencodingtproceskorp bet ween the input signal and its.
ction is sonewhat _unknown, being affected both by inherent

~final rec ﬁ\éi . ) :
| osses i noff]‘ ?t?s‘?;‘i‘%?f@@d\mﬁ@méﬁﬁ bewkus ek oekissis camgutedyfoysiagh segnmnt el at ed
err orgs thal i £ j t di rocessor.

posol 1y AR sltal, Npd Aol e REPBYC oL IR SBEAS M REBRE

par i topmputah dmoanpaiy aotd asishdisse Bheatt hasalcutmred ¥ (6 08RHp@ed WOEd 8ashopegnent
of the ingut signal, and included in the encoded stream It is expected
t hat TRAtEL Hsdeerdanslpdedsig e sleeam. s Uike thepehiacks theb re possiblenidiaciassy emiire r or

e SR ek ROTBHOE BT 088 P S b Bl PR "
checloshemalgerittmia fiRSed wififin GRAIDHHHY SIAMA-L1354 ﬁeér&is%aﬁi’&s&ﬁd IMsElislie 1O
overl oad or other algorithmc failures within the algorrthm
pl at F8PH r el at ed i nconsi stencies and transm ssion errors.
In preferred embodiments, a player is able to inform the user of sucl; errors: for example
a “Lossless” light could be il]uminatedr when the two check words agree and be extinguished
otherwise. Since failure could be momentary, a pulse-stretching circuit may be used so that the
user has time to recognize the failure, for example the light could be extinguished for two
seconds on receipt of a single failure.
In MLP the Lossless Check value is an 8-bit parity word that is computed for all channels
and all samples within a segment of, typically, 1280 words. In terms of the MLP specification,
this segment includes all samples between two consecutive ‘Restart points’. As MLP assumes
24-bit words, the parity would naturally be computed as a 24-bit word, but this parity word is
divided into three octets or bytes and these are exclusively-ORed together iﬁ (lerer to furnish the
Lossless Check value. Before computing the parity, each 24-bit signal word is rotated by a
number of bits equal to its channel number. This rotation avoids a problem whe;e an error that

affects two channels identically would otherwise not be detected.

An altemnative implementation is to take the parity of all the octets within each segment of
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In preferred enbodi nents, a player is able to informthe user of such

errors: for exanple a "Lossless" |ight could be illum nated when the two

check words agree and be extinguished otherw se. Since fagbgﬁgBMbﬁ be
as

nonent ar ywaoeadtge- stretching circuit may be used so that er
time to recognize the failure, for exanple the Iight coul d})gglcéidﬁ’fl}f’dﬁi shed

for two seconds on receipt of a single failure. In MLP the Lossl ess Check
value is an 8-bit parity word thati@r%bnputed for all channels and all
sanples within a segnment of, typically, 1280 words. In terns of the MP
specification, this segnent includes all sanples between two consecutive

" Rest afach peAontisio prodfici/hiP8 dsigianes oct@d akd fote B4l patibEodiaittive WaMidd niabLr al |y
be cor‘g)gted [ﬂals. a] 24-bit word, but_this parity word is ivided into three
oct et s UMY REYELHAR ngdlen fnesthercThis may|be nomre dcanogatdh en piasespriaot Kavidgur ni sh

t he L@ﬁﬁbﬁ%rﬂéggﬂﬁ val ue. Before conmputing the parity, each 24-bit signal
word is rotated by a nunber of bits equal to its channel nunber. This

rotation avoiMBP avifhra0dh &8ss the ¢ losAbsst ek vafub§GhLS s kB Gy H'Pi?%}% I, .
Ive 1%}) enfent at i on

i denti call %/ woul d ot herwi se not be detected. An alternat
i s to thafiebeing lgsslessly reprodaced.t WaheoMBPss wirtyinga davnmseghe sicond subdBeRn/ 60746

-25 7 / GB00/ 01308 each .chapnel to produce an 8-bit parity
oct et e IOV AN IS SRR LA U iec Thy e aLamHetniowH be plasked by &

ex| usipvgtiymeitirigeddeem t oget her. This may be nore econom cal on processors
not having a 24-bit word length. In MLP with a single substream the
Lossl ess Chetks dewumix alsattesfirsosibzean iatforatriesiagDddsless TAECK SaliRe] WM this

| ossl eproduced. .Wh M.P js carrying a downni x, the second substream
carri g"zg‘%%%‘hig°s§'ﬁ§8§’%c§%%@éh? EPWRIRGOYiBuL iR BOGH logilersirepsoduntion ofad t hi s
will begighesied bk detediidoid | this. downmi x case. the first
subst ream al %gqjclarri.(ta% a ﬂigfgg?e(ﬁgggg%}sagﬂ?m %Jat%lophoﬁﬂé RAPEONS My to
the oWl R andthetmsediée spveifidatiomo kthouitheit Tiserefote, thd QesH&SEn @REAMNGRE ON Of

an oglginal, si |, it is determ nable by virtue of the precise
speci ?é‘g‘gﬁﬁ(&lﬁatc}%ﬂ{%ﬁ Eepgiﬁ%# g)ﬁ? dgsnser-nd g sampude thedlosslessnbedi’ yelue from
speci thissahiiRREJAb winhfx digt a, oder. can erm ne the
downmi x that will _bexrggﬁggounége;ggggf\? %‘eugﬁ)%gl? ?tglgrﬁ% ltéaw%?ﬁﬁg&aé{qeﬁam%ssl ess
checkshoylll mekd thersimulites! diwnthixt dildolenot ¥uditiBninBEtHeRTb X the M RNEr At

d

rrastegsis‘p[g iaitt is.intended that the encoder should nmake the sinulate
downrdsG Mt Hisr sienabrecarigied ihis pdpyer Heisfariit deatidal sa theesigrehhednd by the

mastering engineer or the recording producer.

An exception arises in the case of overload, which as described above is normally handled
by clipping or limiting in the player. Because the behaviour of the clipping or limiting is not
precisely defined, the Lossless Check value is computed from the signal immediately prior to any
saturation or limiting. In MLP, where as explained above the decoder incorporates a shifter after
the final PMQ, and may implement clipping by storing an accumulator to memory using
saturation arithmetic, the Lossless Check may be computed directly from the value in the
accumulator, which is thereby not affected by the saturation.

Sometimes, as shown in figure 9, a lossless encoder may be preceded by a prequantiser in
order to reduce the transmitted data rate. Additional information pertaining to prequantisation
may be obtained from the AES 1997 and AES 1998 references cited above. in these situations,
the reproduction of the original signal received by the prequantiser will not be lossless but the

~ reproduction of the prequantised signal will be lossless. Again. the prequantised signal should be
made available for auditioning and the Lossless Check value should be‘;:om;uted from the

prequantised signal so that the listener can be assured that the signal recovered in his player is
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assured that the signal recovered in his player is bit-for-bit identical to
the signal heard by the nmstering engineer or the recording producer. An
exception arises in the case of overload, which as descri bggd-AhRKeqds
nornally‘ﬁgpg%ﬁg; by clipping or limting in the player. Because the

behavi our of the clipping or linmiting is not precisely défiTHeR00/OEHS

Lossl ess Check value is conputed fromthe signal imediately prior to any
saturation or linmting. In M.P, wherébas expl ai ned above the decoder
incorporates a shifter after the final PMQ and nmay inplenent clipping by
storing an accunulator to nenory using saturation arithnetic, the Lossless
ChecKk birefipr-bR ideatTpal 8 thedi g€ tHay whE 2MitiBed\@hiRad Wab H&ilaﬁﬁﬁd%cﬂﬁ?&. ar i ch is
t hereby not affected by the saturation. Sonetines, as shown in figure 9, a
| oss| BWPSICHRB6WES- may be preceded by a prequantiser in order to reduce the
transmtted data rate. Additional information pertaining to prequantisation
may be obtained fromthe AES 1997 and AES 1998 references cited above. In

t hese situations, the reproduction of the original signal received by the
prequantiser will not be £psstess 5*gcﬁggésﬁg£%§guction of the prequantised
signal will be |ossless. Agaln. t%e prequantis signal should be nade
avail able for auditioning and the Lossl ess Check val ue shoul d be conputed
fromthe prequantised signal so that the |listener can be assured that the
si gnal recévensatle a tho-shgiray dowingiSUBS S ghalEEnSHERE R, (RLbE28) the HEFEBER 2003
VO 00/60?%? Pﬁg{gBCiYOlSOS -26 bit-for-bit identical to the signal that was
audi tTPERBY By e dpwnmix ghannglsohd ansl Bot Jrhersuigi qongiderabte flewsbilipnstighin rigs st age.
Enco ari | X h ' e e t wo- channel, dawnmi x, , t he

Si gnal Lo bl Sonf s BB B B o e THE ol TSR ol Kibannel s |
LO artd HROneatllpdineails depsnsibstefoaibeerill exsdak) IFidt thbinfthediNnNBatri€ 0 46619 en DUt
sone choices are better than others. The encoder should avoid choosing no
and rRroP3Rly Ravedwge poeffivisatsang thiiseontenof the dowamen whulddesoisy. SEiandly, jn t he

mat r i i d,then r |y have .l.afge.coefficients and the

r ecovs)é}{/{g%@eiéﬂ‘ga%\%\g\nhorﬁ SE(e U %e%m#%ws@é’b%t%l tﬁﬁ e“@&ﬁ?"ﬁbﬁtpﬁ@a@b’uat i ons
to defenentoweliiigerdtMabges R the 86nistibMtahp Thitd) ,rﬁaﬁszﬂl%foflf@é’éi R AR Y
generate coefficients larger than the adm ssible rangé. irdly, matrixing
of t Kbe dataraie frdesstess eomprivesiotmtaad iitdis eneffiicnt ds rhussit sapapteiy sigaals tendrd t | S

i neffj.ci ant transnit separately signals that are very simlar to each
otheﬁkﬁhggﬁgtgﬁmﬁﬁggp5usly, one way to avoid the worst of these problens is

to choose AgncdtthrViously, one way to avoid the worst of these problems is to choose m, and m,
to be orthogonal to each other. That is, m, and m, are defined in terms of the input signals by a
matrix whose rows are orthogonal to each other. This criterion still leaves some flexibility,

which could be resolved for example by taking m, proportional to L,. Consider for example the

downmix specification:

Ll f75 0 75 -126825 -5 57 L,
R,| Lo 75 -126825 8 s .s] R

Le i

Here the largest coefficient contributing to L, is that of L, which has a value equal to 0.75.

Therefore, if we generate m, equal to L, scaled by 1/0.75 = 1.333, we have:

= i
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to be orthogonal to each other. That is, m, and m are defined in terns of
the input signals by a matrix whose rows are orthogonal to each other.
This criterion still Ileaves some flexibility, which could;gedsahped for
exanpl e bwomkbryg no proportional to Lo. Consider for exa _g/é%g ownmi X
speci fication: Lf Lo_.750.75-.126825-.5. 5Rf Ls Ro- [O0.75- 01308 5Rs C
L fer Here the Iargest coeff|C| ent contrlbutlng to L4 |s that of Lr, which
. has a value equal to 0.75. Therefore?’if we generate no equal to LO scal ed
by 1/0.75 = 1.333, we have:: WD 00/ 60746 -27 MO = [ 1.0000, O.. 1.0000,
-.1691, -.6667..6667 ] Lf Rf L s Ra C Lfe 7 OCTOBER 2003

PCT/ GB00/ 01308 , which can be inplenented by a PMJQ tfhat 71 eaves the first
channel unnodified. Signal in, nmust be a |linear comfi nation of La and RO. A
| i near conbination that is orthogonal to Lo and herc@I al so orthogonal to
mo is given by in, (unscaled) = Rry - )~ LO, where X=RL¢ and L. L. the
synbol denot es t he /gcal kPOYR, Cdot. 04100 u691, 0f666WassEx t or's! The resul ting

val ue is equivalent to taking the dot products of thekyow vectors in the
downmi x - c -

% |

which can be implemented by a PMQ that leaves the first channel unmodified.

7

Signal m; must be a linear combination of L, and R,. A linear combination that is

orthogonal to L, and hence also orthogonal to m, 1s given by

m(unscaled) = R, — AL,

where A = RyeL, and
L,eL,

the symbol denctes the scalar or dot product of two vectors.
The resulting value is equivalent to taking the dot products of the row vectors in the downmix
matrix. If we use downmix to denote the downmix matrix, then the scalar A may be expressed as

downmix, e downmix,

A=

downmix, e downmix,

where downmix, denotes the first row vector of the matrix;
downmix, denotes the second row vector of the matrix; and
Using the downmix matrix from the example shown above, . = 0.1849. Thus:

.
L

m(unscaled y = [-.1387, .7500, -.2655, .8234. -4076, 4076 °

Lf”.

The second PMQ that will generate m,, receives the signals furnished by the first PMQ, the first

channgl of which is m, rather than L. Therefore m, must be re-expressed in terms of my, R, etc.:
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matrix. If we use downm x to denote the downm x matrix, then the scal ar 2.
may be expressed as X _ downm x, . doivnmyv, downm rl downm X, where
downmi x, denotes the first row vector of the matrix; downphX;ogdRRELLS t he
second r owOwemem™s of the matrix; and Using the downm x mtﬁéii;/ E?E’&%Bge
exanpl e shown above, r = 0. 1849. Thus: ml(unscaled) _ [ -. g ,
-.2655,.8234. -.4076,.4076 ] Lf R L SRS CL:Lfe The second PM) that
will generate ni' receives the signal$°furnished by the first PMY, the first
channel of which ism, rather than L;. Therefore mnust be re-expressed in
terms of ma, R-etc.: SUBSTI TUTE SHEET (RULE 26) WD 00/ 60746 -28 |11,
(unscaled) = [ -.1387, 1387,.7500., -.1268,.8000. -.5000f 53001 7 OCTOBER
2003 PCT/ G 300/ 01308 Here the | argest coefficient, O. 80%0, multiplies R
the fourth input channel. Therefore we apply a pernutatf 5}1, as di scussed
previously, to swap the second and fourth input channelsl and thus bring Rs
to the second 'pd¥isdadad )sol {1387, .AE0G-11268pB660. -L5000hs08@E 0Nt |position in the
matrix output: 171, (unscaled) _ [-.1387, .8000, -.1268, {.&500, -.5000-5000]
Finally we scale so that the coefficient of R, is unity: (,M‘= [-.1733,
1. 0000, -.1585,.9375, -.6250, .6250] f1I0 RS L Rf ; J
fe

Here the largest coefficient, 0.8000, multiplies R, the fourth input channel. Therefore we apply a

permutation, as discussed previously, to swap the second and fourth input channels and thus
bring R to the second position so that m,; will appear in the second position in the matrix output:

!
?IO

m (unscaled ) =[-.1387, .8000, -.1268, .7500, -.5000, .5000]

0 H\:u S

Finally we scale so that the coefficient of R, is unity:

m, =[-.1733, 1.0000, -.1585, .9375, -.6250, 6250]

This is now in the correct form for implementation by a second PMQ.

The above example shows one of several strategies that can be adopted by an encoder. A
simpler strategy is to compute m, as above, then to define m,, apart from scaling, by subtracting a
proportion A of L, from R, such that the coefficient of L¢1s zero. In this particular example, the

sparsity of the original downmix specification results in this condition being satisfied with A = 0:

QIMMCTITIITYE CTTT T T MY r ~ 4



C Lfe 1710 RL SR C LfCThis is nowin the correct formfor
I npl ementati on by a second PMQ_ The above exanpl e shows one of several
strategies that can be adopted by an encoder. A sinpler s}pafR@kbs 1O
conput e nwoem/sabgve, then to define m apart from scali ng,PB¥Kﬁ}§%{3% ting a
proportion k of Lo from Ra such that the coefficient of Lf I's Z Iin this
particul ar exanple, the sparsity of the original downm x specification
results in this condition being satisfied with X = 0: cTTT7cTTLr TTTT
r'Trr.r'r nmyrt r -..t WO 00/60746 -29 7 OCTOBER 2003 PCT/ GB00/01308 Lf; i
Rf j inl(turscaled) _ [0., .7500, -.1268, .8000. -.5000,.50001 L RS C"
Lte The zero value of the first coefficient avoids the nged, when
cal cul ating the second PMQ, to consider the effect of [théifirst PMQ That
i's, mQ can be substituted for L1 in the above equation ﬁ'y'thout, maki ng any .
ot her change. Applying scaling and permutation as discuysged previously, we
obtain: 'no R S (unscaled)=10.,.7500. -.1268. .8000, -.5000, .5000]] °
R

B C

-Lfe_l,

The zero value of the first coefficient avoids the need, when calculating the second PMQ, to
consider the effect of the first PMQ. That is, m, can be substituted for L.in the above equation
without making any other change. Applying scaling and permutation as discussed previously, we
obtain:

r -
Hlo

m, =[0., 1.0000, -.1585, .9375, -.6250, 62501 °

Lf”

which is of the correct form for implementation by the second PMQ.

Although the above simplified procedure does not achieve orthogonality, it does avoid
generating my, and m, that are nearly linearly dependent, for example if L, and R, themsélves
were nearly linearly dependent. The possibility that L, and R, are actually linearly dependent
(1.e. are scaled versions of each other) must be tested for and treated as a special case.

Altematively, in a more advanced encoder, the above orthogonality condition can be
replaced by the condition that the cross-correlation of the signals m, and m, shouid be
approximately zero. This condition can be satisfied by an appropriate choice of .. The
condition of zero cross-correlation minimises the energy inm,, and in the absence of frequency
dependence this would be effective in minimising the transmitted data rate. As explained in
WO-A 96/37048, datarate in the presence of spectral variation is more dependent on information
content than on energy. With typical audio si gnals, the energy and cross-correfation will be
dominated by large low-frequency signals, which Have little information Content on account of

their low. bandwidth. Hence it is better to apply a spectral weighting, which will typically
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[0., 1.0000, -.1585, .9375, -.6250,.6250 ] L5 Rf C Lfe which is of the
correct formfor inplenentation by the second PMQ Al though the above
sinplified procedure does not achieve orthogonality, it does-ak%us3
gener at i "gowdserael i n, that are nearly linearly dependent, ;gﬁcgmﬁﬁﬁgeif
L,, and Rn thenselves were nearly linearly dependent. The possibility that
L,, and RO are actually linearly dependent (i.e. are scal ed versions of
each other) nust be tested for and tT¥hted as a speci al case.
Alternatively, in a nore advanced encoder, the above orthogonality
condition can be replaced by the condition that the cross-correlation of
the sicgrrilasisahigh fimduertiessthdotedalvalatinprRra comélalivn. 288ty Bk secaoNGibi R can
be satLﬁfigg bg an appropriate choice of ?,. The condition of zero ~

cr oss-"CHPEEAARFLE the Mehrldiss! e itapesmplisatedp datedmine anloptiatas enwer-oftimal

frequ : -1 hj uld,be effective in mnimsing the transmtted
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spect eatangforindt i on i s nore dependent on information content than on
energy. Wth typical audio signals, the energy and cross-correlation wll
be doninated by |arge | owfrequenéy—si'ffnals, which have little information

t eqy: . their. ! ow bandw dth. He it is better t |
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before cal culating cross correlation. ldeally t ral” wel
be adé‘ﬁf‘%‘ﬂ- to the signal itself, but it is conplicated to determ ne an

opti mal or -0t 1 wei ghting, and i.n practice a fixed weighting will
suffi ce. F%‘?@’amﬁlgﬂg’ Hicdif?fgrfe? 8’1”?%’}0%%‘3 transilierssignals yas Qlﬁfggse}i agi | |
have Beingshiosigevet®d 6l Alnadkd 0 ] m d-frequency -
part of tghe aﬁdi o band, g%ﬁgﬁﬁggﬁhﬁ?{i&égﬁe{ﬁT@gﬁg (g%%eﬁ ?%}Cgh‘fm'tdg%gﬁ%press
undueb¥ariinearrebriopynatar géthesiprhlse Suetne yhoisé goalddead td zM6-0An2HAidH B4R eet he

prefegr i recti.ons f the transm.tted signals was disclosed as being
t he e{hgéﬁa\?gc terdsm%[l‘aﬁ%\ ﬁ‘&’t"‘ﬁ"ﬁr Pomputatipn of S1gsh¥eHes ptinta eepsumeyg. depdhelence,

woul dyradatiire outlined above wherein the zero correlation is achieved simply by subtraction leads to
a data rate that theoretically differs little from that resulting from an eigenvector computation.

The procedures above for choosing the directions of the transmitted signals can also be
applied generally, that is to encoders that do not compute a downmix, or to the processing of the
remaining channels once a downmix has been extracted.

We now describe a procedure in which the vector directions of the transmitted channels
are chosen one by one. A first input channel is chosen, and other channels are subtracted from it
with coefficients chosen to minimise the energy in the signal remaining after the subtraction. A
primitive matrix quantiser implements the subtraction and furnishes an output signal. Then
another input channel is chosen, and again the other channels are subtracted by a PMQ. The
PMQ furnishes the next output signal and has coefficients chosen to minimise the energy therein.
The process is repeated until all input channels have been processed, or until all available PMQs
have been used, or until it is considered not worth applying further matrix transformations. Any
further input channels that have not been modified by PMQs are passed to the output without

modification.

An improvement on this procedure would be to choose the subtraction so as to minimise

some measure of entropy, or information content, of the signal rather than simply to minimise the

energy. In WO-A 96/37048, the entropy was estimated by taking the integral over frequency of
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been the correlation matrix of the signals. Such a choice would lead to
zero correlation between the transmtted signal s- However conputation of
ei genvectors is tine consum ng, and the procedure outlinegdoahpn wherein

the zero w@rgoebaii on i s achieved sinply by subtraction |ea dat a

rate that. theoretically differs little fromthat resulti nggﬁ%}‘/g;ﬁ!]ogﬁmos

ei genvector conputation. The procedures above for choosing the directions

of the transmitted signals can al so be'l “applied generally, that is to

encoders that do not conpute a downm x, or to the processing of the

remai ni ng channel s once a downm x has been extracted. W now describe a

pr ocediie doganitiwhiof hhe specreat arrd itivoetd boasirelly pobablet@bshp it esthGhaRARL o, ar ©

chosen rqﬁe bF%/i one, A first input channel is chosen, and other channels are

subt r a¥ TR JCHEEh{S this GliteRopodYlmimisaiies of foserallyoveighiedieserzy eowdddegylesn t he

si gnal b tH ¥: : ractjon. A primtive matrix quantiser
conBRNnAly BnieBhye ferhittlel AR It xeRbi ks Lo rertiappromimer

i npl enment's the subtraction an

i nput sphetralebeiglisimgphipsdpendinde a9 @dsibha. WiBRrecs - ed- by a
PMQ. Ithe PMQ furni shes the nhext oufput signal E%ﬁ@%%%%@&?%%ﬁ%ﬁ%es&c%osen
to m ri¥dseqisaci verightingn deepxamplFias povided dyi & digipatled huvibi |z-@ddsfdrpput
chann?hgzhfve been processed, or until all available PM» have been used,
or until it is considered not worth applying further matrix

t r ansf or matl @fsbe A@M%niééarﬁygﬁéseisﬂméh i %@@F@Q?Eal%\@x ﬁg%%?g}@g%ﬁggi fied by

PMX® are passed to the output w thout ation.  An O%nh this
pr oc e MEPESHG §Pewhat akinclosbsesctoll Gramb dhadti @mth@ondBafich t9ifHhZh aCotigieniEasur e

of entr.0 or information content, of the signal rather than sinply to
m ni mgéte&%cﬁ%torse é’reﬁﬁ‘.ﬂ’ﬂglyr'lt ‘v\!ﬁ%hbwnﬁ‘f@&fﬁ%mﬁ@sw,mpcmsieesg thewuleachyn,t aki ng

t he | o4 R@halk vemsrFs tha =~ rANS +rHr, - -, - WO
00/ 60746 -31 7 oéfos%%uggg%édmﬁecgﬁ %&g%éfgdé%e H;ig ARy S PFIEHgR ofthesanakie r um
and i thawsgtars Buit bavé nel yet pesspiobesstd ElompuéahBasI 15t REFESIAE bORue Whth a

respe to.this.criteriaon. Mnimsation of spectrally-weighted energy would
be a ﬁé‘grslm“&(')s ?JpatePB?flrﬁ%i o5 ilbshs augif Beratnimisatiomss ofentoparatheathanus

ways eders@NaekdeRg ) i.aht i i n dependence on the
signal . Nore econgﬁll&éilpp%ﬁ ?Mémkﬁﬂlsg@tg%% ﬁlé 5 ggg?atﬁgvﬁqué‘g&?qegﬁwﬁwg

wei ghtidchigpuf dhaneslatipl daesy@robt grdetyeda digital filter having z-transform
(1 z-1)2. gt V\”BI be recq&gi sed by those skilled in the art of nuneri cal
matrix al gaBfa theguder wmavhighchannels geechosensfos medifivatiomlasbeencaniigereddo bé

G am efirarft 1Phhgoenal igabiRp k& BN SRcP5LIRI%NS data rate, but it can
substantially affect the size of the coefficients in the subtraction. As MLP restricts coefficients to
a maximum value of 2, this consideration is important. If the minimisation is of energy, or of
energy with a fixed spectral weighting, this is extremely fast computationally and it is entirely
possible to make an arbitrary selection on a trial basis and to reject that and try another if the
coefficients are too big. Another heuristic is to choose for modification the channel whose
encrgy, or spectrally weighted energy, is the smallest. |

If the PMQ is implemented as in figure 8, it would be normal to choose a coefficient of
+1 or—1 for the channel being modified. If the subtraction generates signals that overload, the
coefficient may be reduced. It would be normal in MLP to reduce it to —0.5, using the [.SB
bypass method described above. This will provide an additional 6dB of heéldroom, which will
usually be sufficient. Ifit is not, there are several possibilities. The currently considered matrix
transformation may be modified or abandoned; that is, the input channel may be transmitted
without modification. Or, if another PMQ is available, it too may be conﬁ;urec-i*for LSB bypass

operation and allocated to the channel under consideration allowing a further 6dB increase in
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set of vectors. By analogy it m ght be considered unnecessary, when
considering the subtraction, to include vectors that have already been
processed, since they are by construction orthogonal to thg-ueekahs t hat
have not wewobeesn processed- However this will not gener al,{]lcyreﬁ 9tor e when
downm x i.s being encoded, nor will it be true if the mni AP o
entropy rather than energy. Hence in_general, each PMQ wi |l subtract both
signal s that have al ready been processed and input channels that have yet
to be processed. So far the order in which channels are chosen for

nodi fication has been considered to be arbitrary. In many cases the order
may h&¢alrpemy | ThefaditionanPMe Willradl aplial pebe to hbé PMQC@E: iaMBskantigl | Y
af fec .sj ze, of ,t.he fficients iin the subtraction- As P restricts
coef f %%‘%‘%ﬁ’%‘é“'t ghe Sd‘h&%f’ﬁ%ﬁ‘#{la g2 grauired sHpRlydemeduserthe signaliasnplivpds; walt . | f
t he mhédintdlSadni ©M P _pfe . ener i,th.a fi spectral

wei ght i nfq,_@'?ir{]li S | sﬁg}(’% Fa :dangff%yefn Etig'f ggn%)u{ﬂgtclq%ﬂé\%llbfl%ﬁm?ﬁ% sgré:ﬁbi“feeﬁ?o
possi eradlicioniymkieraisear bitrary sel ection on a trial basis and to reject that
and try anqther if the coefficients are too big. Another heuristic is to
choose for iqulargescowhern bve prgisa thish 836Qs arerbgyicedad to pentssad dhanneliight ed

ener g¥herke . the: PNO Ls.i npl nted as in figure 8, it would
be nor nal gtd%%ﬁgo eéc?ég3%4 1}%Sé%eﬁ?lI\égf“%ﬂscffnr{g?&g%t?“mauﬂ’ Hhe samg Hvenityis: Fgr

modi féxachpld, hlthdveshabidPMAEthaORnGEREFA e He Sk eRBlb he

coefficient may be reduced. It would bg nor raral ?)ngﬁ/al_s%‘ﬂfcr({))leﬁg uct:ele?stth%rb -0. 5,
usi ng"¥¥e iospm oy ghsalutgaragmiiudessefthb ede fivbanss isTRE37 WiTlhlus, psven i flthedVQ

ddi td,pnpal; ich il |1y be sufficient. If it i
ot PRRFAREHE o LERERETap e Bt chamT B i el aerelinatane

t r anshaeastih ehnaby: A : s the i hannel

b {ransri et i LRaUL oL T 2T o T cH 1eBhal e wheFr sBsbeihe. 1

too FRJUISE elght input echiwrfull SBdolafias simulpeiaii 9 An@Bthdlak 8caLAE & N8
chan & nder %\r%lwggr ation allow ng a further 6dB increase in “SUBSTI TUTE
SHEE% fl%f_elg %?h /%6 %h%zs TCPRBER SEIS itPoRffEen. 008e®adeadrizom The
addi teiaad bPMRoWkte RE | ng- P n% |l enents the
subtracti on? The addi t?%ﬁ[g+dag , 5@?%&%@ iarng/gsgi FV?%Orggﬁg’i‘@étth@ si gnal
anpl ifgoees Wl | normally in MLP apply a coefficient of -0.5 to the channel
bei ng rmdinoig . aﬂfle]#ave zero, coefficients otherwise. A particular case
wher e two oF_ élvgn i 86‘3@&&%"”(?&9”%@0%@@]@@? BMSpnawiementighignthe kndosler.wher e a
(rjrg\émn ﬂ%lél?&%gfﬂs%@t% f&%%cl?% ﬁhse%?ﬁlfefeh% &?h%us?gpegﬂ”}b a E:grr}ésjpgiulii}é g tPR/? Q sane

to be used in Matrix 1 by the lossless decoder, and that the decoder’s PMQs must be applied in

Q

reverse order. In the case of LSB bypass, an encoder PMQ applying a coefficient of —0.5 to the
channel being modified implies a decoder PMQ applying a coefficient of -2.0 to that channel. In
the downmix case, the encoder must specify the coefficients for Matrix 0 in dependernce on the
choices made for m, and m,. Further, if a channel has been scaled, the scaling factor must be

taken into account in calculating subsequent downmix coefficients that will multiply the channel.

Encoding of mixed-rate content

The DVD-Audio specification allows for a recording to be carried on the disc using two
sampling frequencies. For example, the frontal channels L,, R; may be encoded at 96kHz )
sampling rate, while the other channels may be encoded at 48kHz in order to reduce the data rate.

However, the preceding description of the simultaneous transmission of downmix information in
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exanpl e, although the PMQ that furnishes m® in the exanpl e above has all
coefficients less than wunity, the sum of absol ute magni tudes of the
coefficients is 2.627. Thus, even if the PMQ furnishing mpotasgrb&R bypass
and scal egyd figgosqannel by 0.5, there is still a possibili t}( of an increase
in signal. nagni tude of a factor 1.313. This can happen if, Yo CPOYP1A8

sanpl e period, channels of the input achieve full nodul ation

si mul t aneously and each has the sane-8Bgn as its coefficient in the PMQ
or if each has the opposite sign as its coefficient. Overload can be

avoi ded by allocating an additional PMQ inplenenting an LSB bypass prior

t he PMRfitdhaiibstiebhiRkSRQSE thitQhe EHnELL 8fel A L PLL BR-IEAL Lpns
only thel PI\/[;BS i 1I enent etd byeth'iemencodaers.ﬂmlblnit‘:a S\jﬁ\?ﬂlﬁggﬁu%é}g?gﬂgg%gﬁﬁﬁtapfor

each PW©samesampling taée.encoder nust specify a corresponding PMQ to be used
in Matrix | th 0ssl ess oder, and that the decoder's PMX»® nust be
applied in TE%G%PE‘;J -cé’f“fe‘% fﬁﬁhga‘t‘f d& 3d Qtat.pl.pesdess Gompragsiensimpp/R

appl yi medrticR ek o] £ MR £ 0 c logbel g smodid Led J mplies a
decoder PMQ applyi ng a coe’%‘?@%’bﬁ%agﬁ% gﬂg{ﬁte;gg hvé)tl'qléhﬁ?]'r?ep.‘%4&%‘?%“0'

downr 4 Scaphinstthel, ehemdeng fssiessspapiréstichhie iaRe hitdesdePtcrelidde tN@Eéﬂxﬁ‘li&ni n
dependence on the choices made -for no and m. Further, if a channel “has
been J8%IBLIIEHE se¥afintdg i icauficisnisto neerict thr dandwidth af thewsignal becaise teat i ng

b | %; hat will multiply the channel , Encoding of
i oot o AN CAES A0 bBEle b el o By P ebr Ry 1o be

carr i eaddencddedt thi slowds biigatewo sanpling frequenci es. For exanple, the
frontal chapnels Lf, Rf may be encoded at 96kHz sanpling rate, while the
‘ot her chanrfe? ¥PFaEPlek signabtnbareatly 48k Azrestricisd dendwilth. e Foc eximpled atSskHat €.

However,, j . ription of the sinulta S . transm ssion

of downe el ES AN 955 Bk RteR s s\ 819 e A e et 63308 183 o
first haubsenydarle eaggyaBsvd Ml 18 BRRAVE By ap&ndli LBt usly
and, in particular, at the sanme sanpl.ing }Fageﬁfhg%g{gt)!(@?g%%f S%'q%gen,

M J_ sRentinely.arhendpssiass comprsssibmis sisehorpne sel-ate’ usiterin) it R poRisid] withai

Filtegs 19 ). Sac., Abstracts, rch 1997, vol. 45, no. 5, p. 404
prepr F%tmﬁnc\(‘])i?lt éﬁ%&% "EQ"%? Qoﬁ‘ﬁ? daiaate. (R eWPsaaip aF’Bé‘g‘FrE@&S hahiie osesenigd af e i s
ot néwessatkeye. 5048168 R drBen SRR id@at 1AL VAl B fiko | S
sufficient to restrict _tﬁe bandwi dt hatof thghégls %%%ﬁé%%gfzglg aﬂ% S%THBL‘% ess
encodEXe: 4.1 Y0kbizo Fhisiunifiddsampdprarnales pbmibietteniidxvpetioné REIRéd iBBrdepnt ent
of th%- 'pqgal tt@\nd encode it to a lower bit rate. An upsanpled " signal

i nher EntIY AL 4° PYERYS ™t ed bandwi dth. For exanple; a 96kHz

“Upsampling” is also known as ‘interpolation’ in the Di gital Signal Processing literature,
and the techniques for performing it are well known. Figure 10 shows an encoder adapted to
include this feature. As filtering involves delay, the channeis L; and R, that do not require
upsampling are given a compensating delay.

Interpolation filtering is in general not lossless, but in a preferred embodiment the
‘upsample’ filters in figure 10 are of the type known as ‘half band ﬁlfers‘. When used for
interpolation, half-band filters furnish an output with twice as many sampling points as the input
sampling points. The even-numbered output points correspond to the input points and contain
sample values identical to the input values, while the odd-numbered output points lie half way
between the input values and contain interpolated values. '

When a stream is encoded in this way, the player has two options. It may play the stream
as if all the channels were originally sampled at 96kHz. thus ignoring the differing provenance of
even and odd samples. Alternatively the player may select only the even :amples in the case of

channels that were originally presented to the encoder at 48kHz. In this case the playcf has
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sanpl ed signal has the ability to reproduce frequencies up to nearly 48kHz,

but such a signal will have very little energy above 24kHz if it is
derived bwoupsenpl i ng a 48 kHz sanpl ed signal. Accordi ngl?( QWQ ess
conpressi.on is used on "mxed-rate' material, it is possib @ ,

significant adverse effect on the data-rate, to “upsanple' any channels
that are presented at a |ower rate-34-g., 48kHz, before encoding so that
all channel s are encoded at the sane sanpling rate, e.g., 96kHz. This
uni fi ed sanple rate nakes possible the matrix operations required in order

t o i mEreasein a lobsbess racendtivation oEiNS aftREd-Pe cdi$ g‘lﬁﬁé@‘b ~int i on'
in theﬁéj i taL Ejiésgnal_ Pr ocgggi ng |i terat%re?lﬁk%npggt e t@%}tﬁ?ﬁ&e@é&cﬁ%%
per f of %530 ke es pessiblac fipvamcodzidgtneem touss hontainanspecicieatsn ataBiE Shdrels
inclu s filtering,.involves delay, the channels Lf and Rf
t hat ggeré\%t@ pal |rrg£e3%te&g‘i%‘?‘f’ﬁgga@%3§n% faje Andarisdisaticre f wihjckisdmples are to be
| nt er peyjaedddae ‘dvieh 1814l | Sl Jogssless, byt .in.a preferred
errbodimrr!;ant the uﬁ?a‘fr"ﬂfﬁeae?%%g?d?%aﬂaéﬁr gﬁ-‘féa%%fg‘aé'f eippliei S hashewh as

hal f oopintsblack siticutifiamicieto homber GRpRA & Bfbok R ibvad20rknl UASUD
furni éhdan out gu}w th twice as many sanpling points as el npu’t Sanpl i ng
poi nt §14R, hedise AT Heases Wents ang (Prepantation Guits’ espodis suoh bheubmput poi nts and

contain s /al ues, identical tq the.input values, while the
odd- nunber e Q&%&“ﬂﬁoﬁpﬁ?‘ eqtion R{&Y‘ﬁ%ﬁg}ulfiaé?We@weicnmnt at 88 QkHzand

cont adh 1kt eFlpohixt@daty ab&ias - ' ed | his.way, .the
pl ayer. has two options. I?ﬁ%%@gscr?;ﬁg%g??%%ﬁ?ggg%lefapglﬂfeéf?'u@“%‘?%’?\ﬁb?s wer e
©ori gi WARYM@aREH ed at 96kHz. thus ignoring the differing provenance of
even and odd sanples. Alternatively the player may select only the even
sanples in the case of channels that were originally presented to the
encoder at 48kHz. In this case the player has SUBSTI TUTE SHEET (RULE 26) WD
00/ 60746 -34 access to a | ossl emgpiemennsidyuction of the m xed-rate content
that was presented to the encoder. In order to make this possible, the
encoded stream nust contain a specification of which channels were
originall y.gpriﬁsent ed at the lower sanpling rate, and an indication of which
‘sanpl es ar e tEPEHODS FeayPd kprasticeaiaginus aspdeteiof the invention dag be eEbGed
" odd'compbfer Lplicit if the stream , coptains a block structure
in whic thﬂ%%eefrm%?lnglglﬁp eas-‘gidﬁ "&“%WS?WV%‘“& g disepers logiycapymnentadi o,
the @8e0BMOreASIES andAv frogramieébnirBlQERBERIO ThbRiahSer iR WA RS 3G Rt

y for CEQSr at e

struct ure. The%[(),VD Audi o specification provides simlar
cont Eift "t “BESkisN0h Fatical 4 or lexemplEepenitioasireyaired tqsthetibelthat uiRc@@S el bed

abovmﬁﬁﬁo@képbé’%nﬁﬁ%%g btyoint QI‘II Sapgaarlgtgs itt?at acom%iriggsl c?xge g? Qo?‘é terminals for
receiving and sending signals representing digital information, random access memofy- for storing
the digital information, a medium for recording one orr more programs of instructions, and a
processor that executes the programs of instructions. The programs of instructions may be recorded
by a variety machine readable media or other products of manufacture including various types of
read-only memory, magnetic tape, magnetic disk, optical disc, or conveyed by baseband or
modulated communication paths throughout the spectrum from supersonic to ultraviolet
frequencies.
Various features of the encoding and decoding processes and apparatus have been
described above. It is to be understood that, where these features can be implemented
separately, it is envisaged that these features may be combined to benefit from the

different advantages provided by those features.
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| mpl enent ati on The functions required to practice various aspects of the

i nvention can be perfornmed by conponents that are inplenented in a w de
vari ety of ways including discrete |ogic conponents, one PbcTodER 28683 Cs
and/ or programcontroll ed processors. The manner in which these conponents
are inplemented is not critical. For exanpise, operations required to
practice these aspects of the invention can be inplenented by in an
apparatus that conprises one or nore termnals for receiving and sendi ng
signals representing digital information, random access nenory for storing
the digital information, a nmediumfor recording one or nore prograns of
instructions, and a processor that executes the prograns of instructions.
The prograns of instructions may b&idd® ded by a variety nachine readabl e
medi a or other products of manufacture including various types of

read-only nenqty\mﬁagggﬁaﬁmQ@ggmnﬂggyetic di sk, optical disc, or conveyed
by baseband or nodul ated conmunication paths throughout the spectrumfrom
supersoni ¢ to ul t reRAIYPEE nunpheplj vémeitebanngisidaalss f eat ures of the encodi ng

and decodi ng procesmeBa@Rgiha RPar Rhdit FAYE bP 8 i dEs fhiloed . It isto
be understood that, where thg?e featdagé cgn be i npl e ntgﬁggégparately, it

i s envisaged HEICCheLRtiyeERIF dwiizys BaroyvisaBinHakE No fpeiraiupul r om t he

di fferent advahinagegnfisavd ded by those features. STTRCTYTTTTF CTn?rr (1)TTT
r ir) 7 OCTOBER 2003 35 CLﬁ%?Bé%. A decoding net hod that conprises:

© obtaining a number® {88 2 PHPUT Nk derrding ety shannel sieapls Mbichpasgespensive nput
channel si gnaksthbsateix m@putickanhdl@igail§ in PRI LIRRASHinGAoGRAG Of prinitive

matri x quantize 0 _[pr.ovi a nunmber N of matrix output channel signals;
and ordering ggﬁéj %PBN"Hngﬁ%BE?HBSoutput channel signals, which are
responsive to the matrix output channel signals, in response to channel

ordering i nfognmati.phy.dent romthe input channel signals. 2. A nethod
according to d[aiﬁll,amﬁgplgﬁd% 3'8%“é?f%ﬁ”ﬁg“%gﬁff?ﬁ%%ggTP@r t he
t r ansf or fapgormdg. A et hod according to claim 1, wherein the ordering is

performed before the transform ng

3. A method according to claim 1, wherein the orderiag is performed before the

transforming.

4. A method according to any one of claims | through 3, wherein the taput channel
signals cepresent left-front, right-froat, left-surround, right-surround, ceater and low-

frequeacy-effects channel signals of a six-channel audio system.

5. A method according to aay one of claims 1 through 4, wherein one of the primitive
matcix quantizess in the cascade of primitive matrix quantizers is a first primitive matcix
quantizer processing a first chaanel signal that is responsive to one of the input channel
signals, and wherein the method comprises:

multiplying the first channel signal within the first prmitive matrix quantizer
by a gain coefficient obtained from the input channel signals; and
combining the multiplied first channel signal with one or more least

significant bits obtained from the input channel sigaals.

6. Anencoding method that comprises:

obtaining a number N of input channel signals;

transforraiag the input channel signals by a matrx that is implemeated as a
cascade of pawitive matrix quaatizers to provide a number N of matrix output

chaanel signals;



4. A nethod according to any one of clainms E through 3, wherein the input
channel signals represent left-front, right-front, |eft-surround,

ri ght-surround, center and | ow frequency-effects channel sHgRER 2683 a

si x-channel audio system 5. A method according to any one of clains f

t hrough 4, wherein one of the primtive matrix quantizers in the cascade
of primtive matrix quantizers is a first®prinitive matrix quantizer
processing a first channel signal that is responsive to one of the input
channel signals, and wherein the nethod conprises: nultiplying the first
channel signal within the first primtive matrix quantizer by a gain
coefficient obtaineddﬁmganmh@wNmmummmh@mn@kd&hgmﬁb&k,aﬂﬁhﬁeﬁgkﬁkng t he

multiplied fir leogi.ghal, with.one or re Jeast _.significant bits
obt ai ned from t§ ‘ng'l'%‘ggt% tgﬁé:nﬁ“el Lsighalsy 1 &sPgnse fge Q‘HEL‘&T?WQ’% HeHBROT Augt

conpri ses: obtai ni regeaatingaiplrality @tutisnguis catvayiighfoahgida kpreséitiagskor i ng the
nput_channel sigaal Sl o Bikid LOAE o Spl IRLEIENLEd 2 g cascade of

primtive matrix quantizers to provide a nu “Br'Pet  channe
signal s; 7 OCTEBHR2pIOBesa8s vitaks sibag obthnmatoe outhitchaneelcipdilnghdauhpins channe
signal's, Wwhi ch, advehntif $ROASKYE “to the matrix output channel signals, in
response to channel ordering information; and generating a plurality of
substreans conveying information representing the encoding output channel

signal s and the £RR0GEhHERAE] MmicHhLEIRE tﬂé‘cha}MlFﬁﬁé g?‘nfgrin{aﬁg gaypstream

represents a strict subset of the matrix output chann S|gndfs and
contai ns % QERRPIPECIHE®; fication_ 7. A method according to claim6 that
derives the channel ordering information from the downrnix specification.
8. A method according. to claim7 that derives the channel ordering

i nformation sdcH* "‘f"ﬁgﬂ acgording forraim Jithphdarvesdly dhanng! drdarige informeednfsudi ent i n t he
downmi x sfrecd dhaa@t digal liaSing b Gefe@@ottOcicddh tRe ddwnilix HBARNARL. Sb@oal Jf hat is
representhahr@t substrea nmet hod according to any one of

ﬁhe {Lrs 9. A
claims 6 through 8¢ Srﬁ%ﬂ‘f"ttgzﬁbsl PRSP UGt 9istrsa@t ri x quanti zer in the
cascade of primtive matrix quantizers to nodify a channel signa
represented in g s&coNd.sHbstream i n the Iurglit of.substreans such t hat
t he second _subsprean1|§"l3%§Fg%%F§P%8W%Pe U 8th”WL”aP“m"WC

matrix quantizer in the cascade of primitive matrix quantizers to modify a channel signal

represented ia 2 second substeeam in the plurality of substreams such that the second

substream is losslessly compressed.

10. A method according to any one of claims 6 through 9, wherein one of the
primitive matx quantizers in the cascade of primitive matrix quantizers is a first primitive
rmatrix quaatizer processing a first channel signal that is responsive to one of the input
channel signals, and wherein the method comprises:

| rultiplying the first channel signal within the ficst primitive matrix quaatizer
by a gain coefficieat; and

generating the pluratity of substreams to include the gain coefficient and one

or more least significant bits exceediag a number of bits alfocated to the first chanael

that result from the multiplication of the first channel signal.

Ll A medium readable by a machine conveying the pragram of instructions for
execution by the machine to pecform a method according to any one of claims | through 10.

I2. An apparatus corprising means for performing the method according to any one

of clairas 1 through 10.



10. A method according to any one of clainms 6 through 9, wherein one of the
primtive matrix quantizers in the cascade of primtive matrix quantizers
is afirst primtive matrix quantizer processing a first ghefdiek 54:0nal
that is responsive to one of the input channel signals, and wherein the
met hod conprises: nmultiplying the first channel signal wthin the first
primtive matrix quantizer by a gain cgefficient; and generating the
plurality of substreanms to include the gain coefficient and one or nore

| east significant bits exceeding a nunber of bits allocated to the first
channel that result fromthe multiplication of the first channel signal. |
I _ A nediumreadabl e by a machi ne conveyi ng the program of .instructions
for execution by the machine to performa nethod according to anyone of
clainms t . throu - I risin ans for performng the
met hod accordigg %@“&%ﬁméﬁﬁaﬂgg‘%%%ﬁﬁE%@B¥WF§&%HH%SQE¥S@Eﬁéﬁéﬁﬁfbos 37 13_
An appar atofi§siaetionsding g progesedr apupled o hompdiis forgxautiredhaprvgrabf st ores a
program  Gserh&vhs BGkiQRSnARgng Processor coupl ed to the medium for
executing the programof 1nstructions to performthe nethod 14. A nedi um
carrying information formatted as a plurality of substreans representing a
plurality of chandglkdishangi iﬁﬂa&%@ﬁfonmﬁe@asr%ﬁeam BF&%&%{BU on having a
plurality of matrix output” channel signals, erein a tirst substreamin

t he pl ur af§Prsyeniing  glupbity of shasng! signabsemadsd by amatiig transfweriondhvinhe mat ri x

out put chanpsity SFingiad! GuRDhaRNiSialRSwiRreiPPRR b SPE & thd [ﬁaltallﬁ%f and wher ein
t he |nfornag|on carried on the nedium further conprises 1nformation that

conveys af ' SFdBY IEresnita Lrc sbatt obthe mary optay chanael sieaals sndicretavs ar al ity of

subst r eandownbiix sgecifiRitionand 6AeEid itRgntb fnatibdaicd 4n WRELQiuth &Hﬁeric&'f]a{sg@t ion
carried on.the j information In a first

D h ﬁneﬁhun1 conpr Sﬁsha ga”n_coefficient, )
channel si"GARFIRS "if?)'}vl%sd‘"t?de'f dheghingel siggals reprepeaied o e alugtity fr  more | east
si gni fi casbstipiatns of the first channel signal resulting fromthe nmultiplied
first channel signal that exceed a nunber of bits allocated to the first
channel .

15. A medium according to claim 14 wherein the information carried on the medium

comprises a gain coefficient, information in a first channel signal multiplied by the gain
coefficient, and one or more least significant bits of the first channel signal resulting from the

multiplied first channel signal that exceed a number of bits allocated to the first channel.



