WO 00/ 60746 PCT/ GB00/ 01308 1 DESCRI PTI ON MATRI X | MPROVEMENTS TO LOSSLESS
ENCODI'NG AND DECODI NG Field of Invention The invention relates to the
encodi ng and decoding of digital signal streans, particularly digital
audio streans, with reference to matrixing nmultichannel signals. Background
to the | nwengdigarysLOSsl ess conpression is now an establishe

reduci ng the datg rate required for storing or transnitti%%ﬂgﬁgﬁﬂﬁﬁ%J
audi o signal. One nethod of reducing the data rate of a multichannel

. signal is to apply matrixing so that “doninant information is concentrated
in sone of the transmtted channels while the other channels carry
relatively little informati on. For exanple, two-channel audio nay have
nearly the sane waveformin the beSCrwdriorght channels if conveying a
central sound image, in which case it is nore efficient to encode the sum
and di ffe:r\%fi«fkTeRB%J INTRBROMESMENARED §-OSMIES SoESEINNG ANES DEQGHOING sone
detail in WO-A 96/ 37048, including the use of a cascade of "primtive
matri x quantisers' to achieve the matrixing in a perfectly invertible or

| ossl ess manner. The process disclosed in WO A 96/ 37048 al so envi sages the
use of matrix quantisers to -apply a matrix to a nultichannel original
digital signal in order to deri ¥eéeldwafinveadiodi gital signals representing
speaker feeds nore suitable for general domestic |istening- These matri xed
signals may be recorded on a carrier such as a DVD, and the ordinary

pl ayer wil | gé : I I al oudspeaker. Th
advancep_playe??bﬁg&gsggsﬂﬁg§eﬁ%@gi @ﬁ%hggﬁégfﬁéﬁmfﬁgdﬁ%§€WF aﬂﬁﬂﬁ?ﬁéers
and t hdigitalemidisstreants, whieraderegienalmaliigingahulstigmak! gxaed. |y in order to
reproduce it in an alternative manner. Inn commercial application of

DVD- Audio there is a requirement to conbine the above two concepts so that
a transm ssion system usi nggl hﬁﬁatfﬂﬁfﬁﬁ%ﬁEQH may al so provide both a
matri xed signal and an original” signal- 1n this application the required
matri xed signal has two SUBSTI TUTE SHEET (RULE 26) WD 00/ 60746

PCT/ GB00/ 01308, channel s whereas the original signal has nore than two
channel s, t ?JSSSleéﬁ((‘:ﬂ"E‘I?rSﬁﬁn 15 AP 2REstrllished means of reducing the data rate required for

storing or transmitting a digital audio signal. One method of reducing the data rate of a
mulfichannel signal is to apply matrixing so that dominant information is concentrated in some of
the transmitted channels while the other channels carry relatively little information. For
example, two-channel audio may have nearly the same waveform in the left and nght channels if
conveying a central sound image, in which case it is more efficient 1o 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 muitichannel original digital signal in order to derive matrixed digital signals
representing speaker feeds more suitable for general domestic listening. These matrixed signals
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 original digital signal exactly in 6rder to reproduce it
in an alternative manner.

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

matrixed signal and an original signal. In this application the required matrixed signal has two
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must be provided to allow the multichannel signal to be recovered; however,
the additional information should not inpose a conputational overhead for
decoders that wish to decode the two-channel matrixed signal only.
Currently, digital audio is often transmtted with 24 bits, and popul ar

Digital Swvgmako74Pr ocessing (DSP) chi ps designed for audio e
Mot orol a. 56000 series also easily handle a 24-bit word. I@ﬁe@%‘?ﬂ?@%@
processi ng described in WO A 96/ 370487,can generate nunmbers requiring a
word width greater than the original signal. Because the use of

“doubl e-precision' conputation is prohibitively expensive, a nethod is
needed to allow the processing to be substantially carried out while not
requi ChpRcknvhererseths odzinet sigma! dinh mdFe ranl tywot dianeaN ILRRIddilaM] Rlohught
equi p igned t rqvide | ossless reproduction, would |ike

r eassﬁ%&gg%ﬁ‘g ecﬁﬁeﬁgﬁb mP%‘&B@)E’F digna! ihbeEgoresd) kovevecshy addition|
pari t ynfeffaoRGheIRGHE iMbddRiat cRRsefed. 51 i I.L_show.errors due to
data corruption withi n!%thea so%ﬁam ut trﬁéeaff\%p{j%%ﬁ%rf%éag%@’e@é{ef%{%stﬁﬁue to
mat r i Verghamebmiawixed|signai ¢tiyi ¢ ni smat ch  bet ween an encoder and a decoder.

Summary of ?I he | nvtﬁnii on Accerding to a first aspect of the invention,
there is proVPBty disalaudip §iafleademsmitted with 24,bits, rad populah Bidital Signal

subst peRRH QT H) RFinl ' e ' a _.d i X! sjgnal obtained by
mat ri xi ng an Cngr)]][E gﬁpﬁﬁﬁﬁéﬁﬁfﬁg [gagﬁjﬁé%gsﬂf M%ogrl'a %g?%a Fatsfléfﬁ%"e‘!

di gi t 34-bsiwerdl , Hamevdérhie pseeaise S6sibeEam WOOXIodi77@4844d); t%'eﬂ&ﬁde Mg grat i on
al | owm ng. the original multichannel digital signal to be ™ osslessly

r ecovEABYING? Koaridiibgreater then theerigingltsiguabr Bebrishtisulss bf &tumbleaprecisioanvey ed

Usi NOcd@RRAERSi5C ron, a decoder . that decodes only the downm x signal
needs 0 decolr?pﬁ?rg]s]{sb?t?‘%«le’p f fq?%’tswguﬁsr??tgg%‘%ﬁ‘le??eg!ntﬂ ‘tlg’r‘f’ ¥}I“FeP"é‘f3‘6ﬁSB‘gu‘§eb@f ewer
conpuiubbiantielly caesalioweshileRo rdifting Sinkfased Qodegage the mul tichannel
digital signal. In a variant of this first aspect, the first substream nmay

be repl acefnByy athgl consiiney biving ubstghe asmiipabhioviesignal pb Up@kidey |@Eless

di ffe{egf&tdum riwxeﬂd[lﬁ{ esent at i OHS Lo be selected. Again however, the |ast
substTeam w r\’. ) erf?%ﬁa'(’.ﬁaf‘?eot ?;1‘![ ¢ HBBFIFEEQV6FE h Hidead lossiessa Convpitional

or i gi pugity arCR Cehadelitih Gk balodSh 808dm K1 beod
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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 “downmix’ signal obtained by
matrixing and containing fewer channels than an original multichannel digital signal, aﬁd the
second substream providing additional information allowing the odginai-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 computattonal 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.



matrix, followed by selection of the in channels required for the downm x.
A mul tichannel decoder will take the signals fromboth substreans and apply
a cascade of inverse primtive matrices in order to recover the origina

mul tichannel signal. It mght be considered natural to order the channels
that are wiidlcolqq t he decoder's cascade so that the chann fromthe
first substream are placed at the begi nning. However this GPURES i n

i ncorrect channel ordering at the output of the decoder's cascade, so
preferably a channel pernutation is-Specified by the encoder and

i npl enented by the decoder to recover the correct channel order.
Preferably, any truncation or rounding within the matri xi ng shoul d be

conput ed uslmgprefitthanpichbnttios o L@s €rst bgiecl Mt &rs AFATHAGhe ddiindi kRgL
signal nust be de available to the decoder in _ order that it may invert
the colfpl# AEISEAE 05aNT O RRE PEYitiNe MEHEoANtisass eaeiLel wiieloireplemirts on it hiv nal

si gnal phesS kRS ' i pg an. “autodither' nethod
as env?éaged ine Rﬁggﬁsgygggﬁggﬁﬁﬁ@gﬂ%‘%ﬁg%%gﬁﬁgi?g%wng*lossless

conpr essi onAsafiectannel dbasliet Wl takatheBRmaN Godsbth QbsRERY! HaPpid adhd B orseed
in the encoded streamthat allows a decoder to synchronize 1&ts dithering

pr oces@VEES PRENUNFHNAHICHR & pElst thyecomer Bncoginl mititrhehoeleiamtoldniht e a

secon y invention, there is. provided a | ossless conpression

syst e(rjnm?%g%%gi"(r%tgur%q ARG Bhenele el aisBbel? Bevebodein captpslecior fatr thseed i s

used tdhanﬂﬂ&b%bﬁﬁsﬁsﬁ@é@@hf@?g%ﬁ §@gx'é%§§mg%nelf[%g{rer! st IIH?}’ Q{sﬁﬁ’ﬂ'ﬁ rwth
or an

a functionally identical genera in an encoder I n an inpor
appl i dBEQTEL ehanppleoidaviesial dre ottpet dbwenilocotarss tawoadhannebfrabtnd dhsniEdst

convenj erive he application of t rimtive matri x quantisers
to th e§?%ﬂ?‘ﬁﬁ1s Sp?ﬁiﬁ%ﬁ‘b %‘h&ﬁﬁBF Cg?fam? HPP@FGWST‘\.Q?’F‘% AP tpsrRoyer thacowespl ement
t he setamél ageect of the invention, dither is required by each quanti ser;
noreover different dither should be provided for the two quantisers and
t he pref er risefersbbbany hitbgatidn o robulingmwithinnit manigRDMouidbe enaputed hélﬁ%:i S
trianqm%%r. An ef&icient way to furnish two such triangular PDF ( TPDF)
di t her™"8fly A8 S cagfferossless spding.dhe dither pigpalimushie madeatisiabld i thedecodérdn t 0 add
and s\Radragk it nladOn i PARPENHERbIS R ARANLAY EDf 3 0 tneloQiap ! t e
details and genéralisati on“itnolm)fptee cﬁ‘gnne)i@?g%‘gegeﬁeﬁr}d\}\g‘ﬁ%%%‘fgéwemﬁf@rci ent
Gener atgnohlosfiesMyl t Trehdittee nabi Heh@mSitghadise an AR d®3r dnSasy 88 thAtheedaw York,
1997, epr.l UBSTI TUTE SHEET (RULE 26) WD 00/ 60746 PCT/GBOO/OféOS 4
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-A 96/37048; but in the context of a lossless compresston scheme, autodither can be avoided

by providing a dither seed in the encoded stream 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 lossless
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 is most
conveniently derived by the application of two primitive matrix quantisers to the original
multichannel 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 dither’, is to add and subtract.two independent rectangular PDF (RPDEF)

signals. For further detaiis and generalisation to more channels, see R . Wannamaker, "Efficient

Generation of Multichannel Dither Signals", AES 103rd Convention, New York, 1997, preprint
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no. 4533. Accordingly, in a preferred inplenentation of the second aspect,
t he encoder uses a single sequence generator to furnish two i ndependent
RPDF dither signals, and the sumand difference of these signals is used
to provide the dither required by two primtive matrix quantisers used to
derive awom&@hannel downm x. WO-A 96/ 37048 descri bes thepdpr;pdbodpgm tive
matrix quantisers within a | ossless conpression system and above we have
referred to a preferred inplenentatign of the first aspect, which also
uses primtive matrix quantisers in order to place the information required
for a “downm x' signal into a separate substream Accordingly, in a third
aspect q& Ehe i nvention there are provided encoders and decoders

cont af*fi a uncomm tted primtive matrix quantisers, the encoder having

l'ogi ¢ that A@E&ﬁﬁgfy,g? agﬁr}g\ﬂﬂjeé iﬁB%&leﬂaﬁgn%% tfie ggéornidxatsgécrtﬁ(?l%{eg%g eﬁglts%,o%mm «

al l ocates a nunb Imtive rirx quanti Sers

and ogitizlenahlsncakbesabet furdish LG indepsRit RODIM Al Lid A% Lo, %&{juce

the data rate. The encoder furnishes a stream containing specifilcations of
t he pdifferanice f thesei signadpusntded dosprovidbehaisigtier ediredthiyorad byimiaye imaixde t he
addition .of dither,. .Ina preferre i npl enentation, the dither is generated
as t wWorRPEHES ertdﬁgrdegié%%@%b‘%@mﬁ YH@Xencoder specifies a coefficient for

each dit hepsad o Bl d.di i S t ai nabl e by. specifyjing two
coef fi ci enmégﬁ‘%? g&g agrrl}ssagﬂl’)ég}nthfgn‘fstg ﬁ({ef %rg[gﬁe[ﬁgf mg&\‘xi 9%%“?16?? n‘}é ‘[tﬁlgea %k?sx

quant ¢esmprressamdsytstem. Cod fabboé @t ifave Gb @RS ial Brefn@A ihipIdicnEdio Pihedi sECONd
primtive matrix quantiser. In an elenentary inplenentation of the third

aspectsPeitnghih alsp ises grimutivq matsixguantissess s ardso to plhea the hifodoativmi reqsiegifod s ar e

transamdt()%%g (H L pn.the first substream However, this may not be
optimal for ]se\}gl:fagfr}{?ggec?ﬁag?Sl&?c?ﬁrg?rﬂ'eri ng the n channels of a nultichannel

subspace aSccoddihiply] MG tBRd BspdEr BRI i00& i8R hrSREFEed %ﬁt%déis%ﬁ'déc&d%t
result in a nonzero output in a linear downm x will forma subspace. If
t he OGRS HACRPEREIENG ve ratrix quaisbesp thoesnplidr hasirad logic ks accopts af

di MENg il i l.s in the first substream shoul d then convey the
i n- dirHr%r)lensfséE ?cmés%ua%ggrgfg%x %%?toleﬁ%lﬁwﬂ}s,’ aaﬂfaz‘ﬁ*w LHUPT R STRIPY AEAR P
channelfianish txalcavriimik khd Estion@RY eRAlA LIS humbBeIIRYNAL %t RARR] SduckhUS
matrixing facilities are usually needed even by a decoder eS|gne% to

recoJgf d 2 G ki ergogerdimasitey 2 siseam conshiging speaifisations ] thy paminheyreairiusi ng at
Logs Baa®ettln B Yekiiad ARvRERE i hebidR dRtuaiied SUERhE Wit e rsterred
S| MSTinpjekhtatioh,lthe ditdrilocheratéidhs two RPDF dither sequences, and the encoder specifies
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 #-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

SUBSTITUTFE SUFET MY F 76y



WO 00/ 60746 PCT/ G800/ 01308 -5 exceed 24 bits because the original input did
not exceed 24 bits. A description of M.P may be obtained from DVD
Specifications for Read-Only Disc, Part 4: Audio Specifications, Packed
PCM M.P Reference Information, Version 1.0, March 1999, and from WO A
96137048. wl case of the downm x, the output level is defined by the
matrix in t({]bgkgggoder. In principle one could scale the rﬁft%?ﬁ“mu%
coefficients so that the output can never exceed the saturation threshold
defined by a 24-bit word, but in pracfice this results in unacceptably |ow
output level. Mreover it is not acceptable for the encoder to limt or
clip the dowm x signals, as this cannot be done wthout affecting the

r econsexaged 2dbitubdchehaneigisdl gnal dwhicexeed o giken Aakriftod S3LBSSy AN

out put | evel thayé &x%d the saturation threshold is referred to herein
as’ ove?3gd frop Y, tiicaonsy fop RgadOndn Digro Rartidk Asidimaipeci ferati oms iPdeledd

accept ' G Il i | oned : -roynd', is
extr engil@ %%ﬁgﬁ%ﬁggﬁg?%gﬁ’%eﬁgégd‘edr')lgkejar%lf i%@a@%ﬂﬂﬁ 63‘\ %@ ?Qégs g’ag’ﬁel ow
in norasdef teldowhiner, ahosepircal [y &ffieed 8¢ thaRheBALRS §QBdaT 11?] gﬁnéi' fedne@SpeCt

of the ip(i/enii on, a. decoder-that decodes a downm x si gnal S clipping or
si mi | U $hatE thg MRlEs sqefficsentngo Gpt the@utped apunester exceed thehsaturaiani tresholthat

the ef t gbj ecti anabl e. th f th

i by 10 TREEb P} 20V RE P iRk B BS U B S Cen D d R ouiing ot Mmrover

pr ocessisngt attcpablayi e efcodér Biikmit BE 8RN #He A il Eﬁrﬁ& c%f.m}f}ei 8 MRLT I X
Cha (0] a

quantiser as_disclosed in WO A 96/ 37048 nodi f1 es "one nne

mul t i CHsinepifegtigahe reponstiubind multoghantécienab fvhidhevadlt elienalta ba@sslessSUER A
primtj b x, Quantiser has strai.ght-through gain of unity. The

i nvenHuyn tlﬁgﬁ%gﬂj toe%f: %%d_tségeﬁgwﬁﬁpgme&%cgd?i)‘ie_f%{“iﬁlrtf’ g"F‘iei‘"/‘és pearionst- Glearsionsér t hat
ac ceplosedoadgritie dRefik ighAlts EikideRg 4 9;!&61@.%%6}%{5%& itﬂﬂ&ehﬁéd Faygedy ti onal
data path known as |sb_bypass. The.gain may be set ©o a value 1°eS¥*¢ han
uni t y 9 Vigpdend’ ds exteinetlpoledtvadble The quergusedo Duiapubundit dishssdlticliv | Ve
mat ri iser-wll then cantai.n |ess information than its input, with

t he ?%ﬂ%?%?%%ﬁ‘i Iy%‘FtPéf ffb?mpﬁ’gﬁ EEBeHaten af hadirstiaspest of Bednvesitigni 4 i cant
bits QksdRe) tnAeces 2 ARNERZL Lcatio f t.he.gai.n.coeffjcient.
Some or all of these LSBS al?eﬁg-hatgﬁlatg Ezghérﬁfgt(%regc]m?lére%lg}%‘?%lf%fﬂfth%oﬁﬁt %e

| sh_bypaputation af thamntatrit so ghar thé effbas of brerldad as& ddfecliodld) coefficient of %

a single LSB is generated that can be conveyed through the Isb_bypass. In a
fifth aspelfOHEr Eonseaynpenes Ga 2¢that trpdition dehich quablysludisisdheakaifbidityof, a

checkoemlys s TR AL 2SO ERERAE). Bheb L neneRthect 13
f r om diselosiel @d O HEBT0L8 rRBABRS chbnu¥l LY & NRukibRLH el signal by adding
proportions of the other channels. Such a primitive matrix quantiser has a straight-through gain
of uaity. 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 than its input, with the
remaining information being contained in additional least significant bits (L.SBs) 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 Y,
a single LSB is generated that can be conveyed through the Isb_bypass. |
In a fifth aspect of the invention that provides a 'fossless_check' feature, a check value is
computed on the multichannel input to the encoder and is conveyed in the encoded stteam. 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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val ue conveyed within the stream typically to provide a visual indication
such as a = Lossless' SUBSTI TUTE SHEET (RULE 26) WD 00/ 60746 PCT/ GB00O/ 01308
6 light to the listener that the reproduction is truly lossless. In the
case of a streamw th a downm x according to the first aspect of the
i nvent i oWO 80/¢874downni x i s not a | ossl ess reproduction of pr/caiId@beRl
signal. ‘Nevertheless, if a synchronised dither is provided in the decoder
according to the second aspect, and.f the decoder natrixing is precisely
descri bed such as, for exanple, the "matrix quantisers according to the
third aspect of the invention, then the downm x reproduction is conpletely
determnnistic and can be sinulated in the encoder and audlygoned by a
mast ef§HEp the Hé‘ieﬂf’ééhaté‘f‘e isprodueiean is Mk lossdese. {rgée em@destrr]@aﬂu clmmb ';nﬁreux check
tecodsr oo iR tker SR T EaBOF. b B bl o8 = 1RSSR HERRASE™ hat
was adrifiifidl oipaal. MlevamRélERbIF 8 sfhr@HSHAldiBr is Brd igedSh %Qfe&giepﬁ QGfart to ﬁfé
encoder that incorporates‘for exanmpl e, the prequantiser’ described in P.G
Cr av es§congnaspgctRandsifuthe thCOCKEadekSJg és prl'z:ﬁsy:ity[)dﬂstanmmrwa cﬁﬁﬁ;lg)g ;k&sglﬁ alzs .
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d i f i | that was available for audition at the encoding
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par i § 99 hackwhizhctahhhtrefose cloembt ®igfmap mlﬂﬁ@laﬁhawég{aﬁ? deQaVaiEodindehay ﬁ any
modi fj cation such as clipping is applied to avoi d overl oad, mhlfg-t e
seco ﬁ%‘"%‘?ﬂ?)‘b thesampugattoniof hechepla ralug.- I iecoiknpadesdhe cmplitveliie ffroaniht heigimbpl et e

i . g- smhniteathcany aittlosghai) ot
cach Enannc P or LRI Ealibten Mnsdioe L ofed ighilan seeds %l ghne

numbilfungfatt datind PaBLE A thATHOE bbfalleht CRRARENSiIASH HERL lne AMBadidlph
probability of Dbeing detected.

available for audition as part of the encoding process, and to comptte the check value from the

altered signal. This is consistent with the downmix case: 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 sccond 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 girobability ofbeing
detected.

Throughout this disciosure, more particular reference is made to encoding processes that
record an encoded stream onto storage media such as DVD, and to dec:ding processes that

retrieve the encoded stream from such storage media. It should be understood, however, that
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Throughout this disclosure, nore particular reference is made to encodi ng
processes that record an encoded stream onto storage nedia such as DVD, and
to decodi ng processes that retrieve the encoded stream from such storage
media. It should be understood, however, that 5TTRSTITTrr1l cTTr rT mirT r

., WO O0{efu646748CT/ GBOO/ 01308 -7 encoders inpl enent ed accl?éﬂ%:ﬁ‘guoa%vt he

invention may be used to send encoded streans using essen

transm ssi on nedi a includi ng baseband_or nodul ated comruni cati on pat hs.

t hroughout the spectrum from supersonic¢ to ultraviol et frequencies, or may
be used to record encoded streans onto storage nedia using essentially any
recordi ng technol ogy including nagnetic and optical techniques. Simlarly,
decodesusodarpirepremtetdd acwodidiz ng tedntérgionmuantd wad nagerabendesael dt@amp AGESS
encoded str gans obtai ned fromsuch pedja. Brief Description of the Draw ngs
Exanpl BRI 78y gragsmisionedie; gRluding basshyng eorqasdylpisd ¢ommunicagipe pethise t o

t he ARFRABRALR 1 g[f.‘ﬁw I Al chey B shows an overvi ew of

| ossl ess i X g‘hﬂﬂ)ﬁe en%g?ﬁég%o\en@ ﬁ)sllliﬁrghglé?rgrte%lfc%qeﬁ’a?r 1Y Sf 4 PI*Kode

t he metcodeddtrednsvnel sorfd MedinlsiBb BSEARANERY \06drgig BcAnd] nBaGkagethlipt o a
single stream and recorded on DVD. Figure 2 shows a nmulti channel - decoder

decodiaig ot tepRniquepstimaarty, docatircnpldmentddaccading dethe ofvefitiapmay He uted 1 ur ni sh
ructi.on. of .the o nal six channels. Figure 3 shows a

I L
?m?iﬁéﬁ%g éngg%gff FATR QIR frf’ﬁ’e‘“‘l"{’If‘%fhasubstream only to furnish a two

channel .downm x. Figure 4a shows a cascade of two primtive matrix
quantisers nodi fying two channels of a four channel signals. Figure 4b
shows a sinmilar cascade oBrief\Deqrriptioni ofahea®rawingguanti sers, configured to
invert the processing of figure 4a. Figure 5a shows a primtive matrix
quanti ser incorporating dither. Figure 5b shows an inverse prinitive matrix

duant S RN iy 3 BB Y
t ranspresienyof drdvengy pasded: i n the case of any further |ossless
processing Figure 1 shows an overview of a lossless six channel encoder comprising a matrix that is

used to encode the matrixied channels into two substreams, which are then packaged irgto asingle

stream and recorded on DVD.

Figure 2 shows a multichannel decoder decoding the two substreams produced by the
encoder of figure 1 to furniéh 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, confi gured to invert
the processing of figure 4a. |

Figure 5a 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 aﬁy further lossless
processing.

Figure 6b is complementary to figure 6a, showing the separate transmission of the
bypassed L.SB in the case of any inverse lossless processing, and a primitiv;:matn'x quantiser that

integrates the bypassed LSB and reconstitutes the original signal.
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Fi gur

e 6b is conplenentary to figure 6a,. showi ng the separate transm ssion

of the bypassed LSB in the case of any inverse |ossless processing,

prim

tive matrix quantiser that integrates the bypassed LSB and

and a

reconstitutes the original signal. SUBSTI TUTE SHEET (RULE 26) WD 00/ 60746

PCT/ CBOO'W03080748 Fi gure 7a shows a bl ock di agram of part Qi eRs8580di nent

of an MLP encoder with LSB bypass. Figure 7b shows one enbodi nent of a
decoder that is conplenentary to the gncoder of figure 7a. Figure 8

a pri

mtive matrix quantiser that is

an M_.P decoder. Figure 9 shows a | ossless encoder preceded by a

prequantiser. with an output for audition, and a " Lossless Check' val
conput ed f riggtena shpegadindkgbezramtqiwart ofiogaeambbOingdrows aaMbP pacatensithor
encoding; glxed-rate signal sanples at 48kHz and 96kHz, conprising a

shows

pecified for use in one enbodi nent of

ue

| ossl ess” enficoder preceded by an upsanpler. Detailed Description of the
| nventi on ipms17% sRoROdhd\emBsHimeRCIA deBoddrehAkd ddmPembRas) B8 SRGUAL OF
Audi o Discs", J. Audio Eng. Soc., Septenber 1996, vol. 4, no. 9, pp.

706- 74@ushHE-i nt er nat i onal pat ent application WO- A 96/ 37048 contain

i npor

di scussi oNg:; .0

f .spne of .the principles ed in |lossl ess conpression.
Cant | dupiesIRays Spmmitve A aranisadial inspegfind ke cehody

wher e an\IEP @ec@fder. t WO cl asses of player: the multichannel player furni

puts used typically to drive a 5.1 speaker layout, and the two

channel pl &ygure § showshiondess encodet prataietl by alprajuamgyes widhtah outpaprot uiisReaker s

or for ‘]fl)or‘ able ﬁsle wi t h headphones. Therefore, DVD Audi o has the
fy-%5'earrsF

6 out

capab?

An
YA ongerghodiwentafdi o,

shi ng

i velue spmeeed gmbthe ipgpmarnEsdatPWnce as a nul ti channel

si gnal and FagRd 10afoRs ta%'gﬁﬁ%g?{;r éﬁc%?gll : mhk%\éﬁgt%rsigr%a?%%gg g& ggkjﬁlﬁgrqg |

twice has adverse inplic

1ons t1or I ng ti1ne.

)

ori gi AékHz.eoompdising a i5s3dese sasidedp@sedad byuhtupsstapieel si gnal only, and the t wo

channel listener is given a down mx derived fromthe nultichannel master.
If the recorded audio is carried as conventional Pulse Code Mdul ation
(PCM sanpl es,

Detailed Description of the Ynvention

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 discusstons
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 multichannel player furnishing 6 outputs used typically to
drivea ‘5.1" speaker layout, and the nivo channel player furmishing 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 1s presented as a

multichannel signal only, and the two channel listener is given a downmix 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 Eoejj’iciems that

altow the player to derive a two channel downmix as a linear combination of the channels of the
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the di sc may advant ageously carry the multichannel recording plus dowmi x
coefficients that allow the player to derive a two channel downm x as a

| i near conbi nati on of the channels of the WD 00/60746 PCT/ GB00101308 9

mul ti channel signals. For exanple a downm x consisting of the two channels
L, and R wenié e conputed froma multichannel signal c L0

| eft-front, rggﬁ?-front, | eft-surround, right- surround, 3’3%‘?3?‘2"‘@%%}’8

| ow frequency-effects channels, which _are denoted Lf, Rf, L, R5, C and Lf,,
respectively, using the matrix equatr8ﬁ: Lf R Lo _ .75 0 .739200 -.126825
-.5.5LS Ro- 0.75-.126825 .739200 -.5 .5 RS C Lfe The conputation
of the downm x within the player is however |ess attractive when | ossl ess
conpr e§uiltighanselgigoals. Bpi exsmpleciiammelis codsidting offitHettive badarels [ k@R coiuste be
decodeglqugr% the a oﬁe ”ELriﬁ equat.ion coul d be applied, and the

conput a1 ohar "SR ATBRECBIGedew! fgneining defirfion S1aht-fierk delisyaonnd, trighs:

cont ex§urrad¥ads I . g i . | o] in flgures 1, 2
nd 3 TR R o S O ST e d e B B 1

f ed torespaetively, dsing the mhitiis eqasiena 6x6 matrix, whose outputs nmo ... nb are
partitioned into the two subsets {np, m } and {m, m, mis nb} . These
subsets are then encoded by "Encoder core 0' and ‘Encodpr core 1' into two
sep arate substreans, designated substream Q' and ‘sg.bstream 1'. Each
substreamis then 2d through a FI FO buffer and the jsubgtreans are
conbined in the 'paCketifseor' Ot o .G3900Ce -42688posht esYuLpyt stream whi ch
may be on a mediu Rugﬁ[&ﬁ a7V 1288 s hoyayog the f;ﬁuée-

using a FIFO buffe #s -di scussed In US patent 6,023{j238,| and is
illustrated in MA. Gerzon, P.G Craven, J.R Stuart,] ¢M{J. Law and R J.
Wl son "The M.P Lossl ess Conpression Systent presenteqLat the AES 17th

I nternational Conference on Hi gh Quality Audi o Codind, /llorence, Septenber
1998, refertigded i ' el he nultichanpel signal
encoded by the elﬁ%%gﬁrﬁgﬂ%%idoi n |éﬁ?§nﬂle glagérg%(]%’rwegﬁrclﬁessg g ﬁth Wi‘ﬁgv\n in
f i gur dossldss corspussidmistubids Adbgodennelaof the mpatdiAhhd Slpnal HRGEHYES @ HRRseded

strea . . .
e above matrix equation could be applied, and the computational overhead of decoding six

The reason for

channels is excessive in this context.

An example of a solution to this problem is shown in fi gures |, 2 and 3. In figure I, the
multichannel signal presented to the encoder is fed to ‘Matrix 1 ", 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 FIFO buffer
is discussed in US patent 6,023,233, and is illustrated in M.A. 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, adecoder such
as that shown in figure 2 is used. In this decoder, a ‘de-packetiser’ receives an encoded stream
from a transmiission medium or storage medium such as a DVD, as shown, parses the encoded
stream and separates it into two substreams. Each sﬁbstream is passed through a FIFO buffer and
a “decoder core’ in order to fumish the signals m, ... my. These signals are then passed through

the inverse of Matrix | in order to furnish the original muitichannel signal.
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froma transm ssion nedi umor storage nmedi um such as a DVD, as shown,

parses the encoded stream and separates it into two substrearns. Each ,
substreamis passed through a FIFO buffer and a "decoder core' in order to
furnish the signals m, _ .. nb. These signals are then passed through the
i nverse ®fo ddadordieX | in order to furnish the original nul t'P?ilmﬁmﬁkgnal
SUBSTI TUTE SHEET (RULE 26) WO 00/ 60746 -10 PCT/ GBOO 01308 a

channel downm x. a decoder such as that shown in figure 3 is used Her e

t he substreans are separated but only substream O is retained, buffered and
decoded to furnish signal's in,, and m. Fromthese the matrix Matrix O
derives the desired signals L" and RO, assum ng that the encoder has

pl aced the ‘bb‘lay ééWO PhﬁrmphéqwmnlxtmdcwdeaMhm tHapshdvihi  figurbe ipasdi Hee.  For
in the encoder of figure I contain

f Mat
ﬁém‘% S“"é&% B e é?ﬂaggp 4 byt gy ﬁlrhﬁgrsgrhﬁ’ if ﬁ%mz% butkergdangidanpdestioviernishhe
l.s L. d Rt I hi
iLEQ%“%aﬁﬁ“i‘@%d“} . "ok Bsd Bfe RERH S 0K BIRR R BN L By "oy e

i dentassuminatiat the encodlt hiselacedid c%HeBQHfo?ﬂhﬁQn fred! 4HdSn Ofor tﬂ?ﬁol%f ﬁuﬁfme
invention is that it may be Fossless throughout, so that I Channel

out put oissxgamie. abthgi tap dwbrrowstdiMealeizotien thef erfcoder ef Bgire bbtbntfilﬁl’ddi)\hﬁmx

i dent the i provided to the encoder of figure 1 Thus,

t he elﬁg%l ‘e“’?“%a#ah 8%&‘6’??8?“ ?‘tﬁ% Mafrix ?hwerrﬁ@tsrgje 9 e ghéay widinkt Rt ri x |
and iréduiteB\IBHABIHAL] @{gqp ui e e ess encoder and
decodeqriugores mlay Be | rrplafe(?re tgtgﬂ} %9%%8%3“ a Iiég "f/re ﬁr{g‘?"“tdﬁ%tta BV des

for Ietib@ﬂtessplwdlhyghdmdcnnnynnahefoerbhﬁdedanbodl nents, these processes are
i npl enent %accor to the processes that are d| sclosed in WO A

96/ 37048. “CHHEIRY gfureraf the Rfﬁﬁff‘éh’élﬂﬁlw wshat uxnayb@lpsslcmﬁuu@mdt kel ow i n 3
mor e imhu A re Ies ading.allows a DVD or
e ftRinhulti dHaha lq.l'ug-}u't Elghﬂl%ma d ﬁcﬁﬁ%\’h decoder Fnﬁ feﬁﬂf f(g%lt Adenbicalda | oss

ot her nmediumto conv enco reami n
rec Oﬂ‘@rlypldfmmi p)lrolvgjedab theudricod&rad@durs it g Midus;§ aﬂh@ en@écﬁa@ afh |ge¥sies Loel &

recoyver ri.xed representation or downrnix of the original 'signal
usi naf“%‘%s‘é‘H?‘ %%P?l?ﬁﬁea@aﬁ@‘%’f drang eltssﬁ‘é(éee &re plapdeduired tohizet lopadersdTint her wi se

be r REYESREIdRr SRINLYIQRbs nid BePhbRAledTHELARANNE, .B?rgga‘hgg%%@gqay' cal

enbodi nents, the required storage pace or

co rrpﬁéé@éfdssmogmlbut e prefipredtenttgdaneiovyniiess pfﬁ%ﬁsﬁé@aﬁé%le’?ﬁénﬂﬁt&k%miﬂ% gher than

t hat re ired }/ e conpressed mul tichannel signal al one due to
ad d i E&gﬁasses that are 1sclose m WO-A 96/37048. Considerations for implementing Matrix 1

are discussed below in more detail.

This distinguishing feature of lossless coding allows a DVD or other medium to convey
an encoded stream in a form that allows lossless recovery of an onginal muitichannel signal 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 practical 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 matrices that are used to modify the signal in one channel, :sing signal values

obtained from other channels, in a manner that is invertible. In particular, WO-A 96/37048
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i nformation conveyed in the encoded streamthat is needed by the decoder to
reverse the downm x and due to the fact the PMX»s that are used to encode

t he downnmi x are not available for use to optimse the coding process. One
nmet hod of performng the matrixing |osslessly is by using a cascade of
primtiv i, X quantisers (PMX), which are disclosed as__primtive
natricessy?ﬁﬁk 48,&96/37048. These PMX are matrices that ERCBUAE38,
nodi fy the signal in one channel, using signal values obtained from other
channels, in a manner that is invertilble. I'n particular, WO-A 96/37048 WD
00/ 60746 PCT/ GB00/ 01308 -11 discl oses how | ossl ess inverse matri xi ng may be
performed by inverting the effect of each quantiser in reverse order. This

i's il ldistdsad Rekvilossidsgiher$amag o n&ytwpé%m]ehgw%sﬁﬁ%ﬁ% {2 e  4tnan

=

encoder, and figure 4b showi ng the two inverse in reverse order. In
si npl @uaRjseyatrense aesr dhisheribistated in figywardeisbuvirg tvanP M Qs\imc g3t dei fbd use
natri>§n Hqgtigers bhen hehsi%na s Si,. 82, Eg and S4 can be identified
with oF i2gi PspdLnaih dedresth phoyging the gwo’ ipverpg, PMQs 1n reyase prslerp dn fsirerie

si gnalsguabions #MekeHere §RNNPGIAER d-fid il i ] Lan mo
and m. To n;S/eri fey l;‘iet -1 8?3 f)ti t@r?'e(%:ﬂ;%gfp? ﬁﬁ%ﬁbﬁ%ﬁﬁ?ﬁgmﬁ ?rra] tﬁ% tﬁes?icgr%égls
obser ¥é. $3rnd S¥lsen beidnot fielrwi) ofi ginafdhgumeds diohias Lf, & Ivj R hett hendBemosifignal as
the quantiser Q in figure 4a. Theﬁ, bei ng assunmed identical, therefore
pr odu&iEneln 87 $ antSLeamiie identifiad witlyLy andiB., oh avishi sypells ®@and g1, f or med as S2' =
S2-q2, whi figure-4b.perforns.the. restorgtion S2 = S2 '+q,. Wth $2 thus
Cestor et dpaRtBAIEroEBREorel iion ST ] ebth Obsreve bauihpismiiserty n

quant figefe 4B isi Bd WiGUIhe sdie sl 84 A uantisdr Q) BSEQEEHA fh H%g' Lgni | ar
to the manner S2 is restor egim%he quanL{i slsérr?'Q, a‘Qﬁ% Q,a ar gy’nee e%gtl”ﬁé%nr der
to pr éleancalttherefwe prodeagthk sahe ohepurpdilh ifgdre 4 oalalh)’ REmRA asf 5om
exceeding that of the input signals Si and S2, so that the information
cont et d:sVlstliguredleprs fams Hieesteratiop hohms S20ist, WotrS Xthasmesibs:dfquanssen®)| i city,

but i i) L be e ow this principle can _be extended to any nunber of
channt it 4P PG Uaine sturBLas SreRiels Enfidtie Wioty 3 ol ShGateseied mrh PAD
modi f irRfindrEhiRNE tRURIheE BANRorand in figure 4 only the first two
channels are nodified. In practice, any or all of the channels maybe

nodi fi ed, &heiquantisess Qg ambQy @sheedsdiipordepip predartt thowoahlgngiholithkimddified hat a
gi ven _chalmnlell ge modi fied nore than once. In the case of a :1wo-channel
downnfi&nals 7 \#8tl5d " Fereicagding dhat af thedmput signalsS/rand $3ueo dteathedhSrmatidne

nodi fvi:cﬁ'ﬁent is not increased.

Figure 4 shows just four channels for simplicity, but it will be seen how this principle can
be extended to any number of channels and how a larger number of PMQs can be used n
cascade. Each PMQ modifies just one audio channel, and in figure 4 only the first two channels
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 channel be modified more than once. In the case of a
two-channel downmix, it would be normal 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
is 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 should be scaled by 4/3 so that Matrix 1 in the encoder implements:
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It wll be seen that each PMQ in figure 4 has a gain of unity to the
channel it nodifies. It 1is not possible to synthesise the nost general
matri x froma cascade of such PMXxs: WO A 96/ 37048 explains that the set is
restricted to matrices having a determ nant equal to one In the general
case, it wgopassssary to scale the downm x equations in q‘%ao‘]}a 3(3Ft ain a
determ nant that has a unit magni tude- For exanple, in the CREE}
downm x equations displayed earlier, they should be scaled by 4/3 so that
Matrix | in the encoder inplenents: “$8BSTI TUTE SHEET (RULE 26) WD 00/ 60746
PCT1GB00/ 03308 -12 ttt,, [-1.0000 0. .9856 -.1691 -.6667 .6667 LHI O.
1.0000 -.1691 .9856 -.6667 .6667] r Li Rf L SRSC L fe while Matrix O
in the two-channel decoder inplenments the inverse scalingy LO .75 0 m
_ [ 0.75nt It is evident that Matrix O cannot be inpl énented as a
cascade of PMX because its determ nant does not have lﬁﬁit magni t ude.

This is not a lpm ausey Matr 01 ot ui provi de | ossl ess
reconstructi oi j %@Pg 2 ngﬁ% An§a§rllch| tetg)'?urdeé%(il atgsal | ows a
two-channel  decBagr Lt o i mpl'e m Hi x B8 efether 4611 Ret| cascade of
PMX for |osslessly decoding a two-channel original si ng/ipor as a nore
general matrix for downm x applications, is shown in filjgurg 8 and )
described later. To calculate the coefficients for the AMgs [forming Matrix
may be_ adopted. Denote by downm x the matrix of

0, the,fo roced

downm %“8&%\%@1‘ @g‘éﬁfest,wor‘g}amé?([éjﬁﬁ‘i’@r “ﬁpieﬁé:ntsd%el"é’@ﬁs‘rmienged above, we have
Ll r7s oq[m
Rﬂ _[0 .75] m,

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 i[}lplement Matrix 0 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

_ [.75 0 739200 -.126825 -5 5
dowiimix = jl

0 .75 -.126825 739200 -5 5

Then forj =1 ... 6 calculate
downmz'x ;
coeff [B¥) downmu.! |
then calculate
downmix, -
coeﬂl] —e—oeﬂ‘ 12 d’ownmn - downmf):l 5
)
and then forj=3 ... 6 calculate
dowsmix, y .
coeﬂ coeff ! .,_downntbL_L:— -([ownn'zz—{_: cocff. 2.1 coeff bi

The coefficients m_coeff'in figures 4a and 4b for i j are now given by the expression
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downm x = 75 0 .739200 -_126825 -.5 .5 0 .75 -.126825 .739200 -.5 .5 Then
= |

for j ... 6 calculate coeff r i downtttixi | downm x then cal cul ate
downm x, coeff2 CDeff 1' 2 (10'11111ll', - dott'nniix, 2 and then for j =
3 ... 6 calculate { dowmntttil, i Ooeffy J = - coeff , doSvnniLC2_ 1

downnl | _twodosomeef f 2 coef f E 1 The coefficients trt _coef ' 4a and
4b for i j are now given by the expression CTrncTTTv TTr 5'(:%@[&091& 3fbﬁT*ry r

we% WO 00/ 60746 -13 C CT/ GB00/ 01308 mcoeff[i, j] = -coef. . i where the
minus sign arises because of the subffaction in figure 4a. In the

mul ti channel decoder of figure 2, the inverse Matrix | may be inplenented
as in figure 4b, using the sane values mcoefffi, jJ as in the encoder,

but with the reversed order oifn cd%l‘ﬂL_EJ]asﬁdcduf‘ﬂ} subtraction in each encodi ng
PI\/Qr‘QIacE an addition as shown- Note that the inputs np ... nb to
the cd<td GBF VBN 87 $s Jegaussef the sHhitagbor ilbBgyredas in this case. Although

t he i nvent ar.ticul el eyant in the context

of conpregrg@gﬁﬁum? hz{ngela%’c? CEQEF %urﬁgngFéPY?S% trﬁ‘o{ mﬁ)éé? TRiEwgnied as in

conpr Ggeicaid, 8yia5 ehesanty vidues b @oefRt 1/N84 B tﬁe ARt BEOWAR WeFrel S s QPo gl F 5 r| cted
to two substrearns. For exanple, uSing three substreans a i ne- ¢hah

si gnaPMQandevidosntpeon lossdf&msbq/mc RMQ rdphecet by an aadiiiGnas sBawh! Btd @at dec ode
a SiX; chan eI dovmrnltf(etcarrled in the first two substreans, and the

i nf or BETRIS Pequitet s $scade 04BMRs 6 déﬂé%fé?mdﬂﬁﬁhbweemg imthiy eRsar
conbi nat i 0B IAbudH ErcSinYert DRSSt GAHLES ;1 Bar%@u%rly relevant in the context of

compression, it is applicable generally and not restricted to compression systems. Also, the
principle described above is not restricted to two substreams. For example, using three
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 downmix (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
termsof L, R, L, R, C and L. wili 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, 1s 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 signaks;m0 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.

With such a permutation in the encoder, the multichannel 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 dowmmm x signals La, Rain ternms of Lf, R, L,, R5, Cand Lf,
will generally have the | argest coefficients multiplying Lfand Rf, as is
the case in the exanple above. However, this situation cannot be guaranteed

because thgoochosg nant coefficients may nultiply sone of t nal s.
If the coefficients of L f and Rfare indeed small, the rgga?é@%n@%ogt hat a

PMQ have unity gain to the channel that it nodifies introduces a problem
because one or nore other channels sHful d be scaled up accordingly. If
sinpl e scaling as shown above is used to address this problem other
coefficients of the matrix w1l exceed unity and, as a result, overload or
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inverse pernutation is applied after the S matrixing | e encoder
appl i esnearlyples sateatr) iowtize fards thatiowrinhgis mAmotdi@earPomshdi In this svostich the t o
apply the per gut ation.in the decoder before the matrixing if pernutation
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strategies outlined above will not handle. One possibility is that L. and
RO mal/CHiehaact 81 signadnteandBs wall &n general span a two-dimensional subspace of the 6-

dimensional Euclidean vector space, or in general an n-dimensional Euclidean vector space, of
which the channels of the muitichannel signal form an orthonormal basis. The signals 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 a scaled version
of the desired m,. Itis 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 skilied in the art of matrix computations, and will not be described ﬁjfther 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 E‘ami‘ giving m, and
m, in terms of the original channels. The coefficients determined by thisrprocedure' will then

determine the actual scaling of m, and m,.

TETIVOTTTYITY COrr Yy coa e -,



or nearly the same or, in other words the downm x is nono or nearly nono.
In this situation the above procedure is unsatisfactory because the
denom nator of the expression for coeff, , becones zero or nearly zero,
resulting in large coefficients and a high probability of overload. This
probl emc | ved by choosing ma and m differently. Regarding the
signal s a‘?be‘%agr(@ﬁts of a vector space, the signals L,, anﬁgﬁf;fm P98 i n
general span a two-di mensional subspace of the 6- dinmensional Euclidean
vector space, or in general an n-dinehsi onal Euclidean vector space, of
whi ch the channels of the nultichannel signal forman orthonornmal basis.
The signals m, and m nust span this subspace if LO and R,, are to be
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00/ 60746 PCT/GBOO 01308 - is In the degenerate case where L" and R, are
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spanned by L,, an®dRBunixlebcb@in@n@nthimedsiifn@hta Aok boU.SLRse M may be
chosen arbitrarily within the subspace and m nay be chosen to be
orthogonal to no but from outside the subspace. Matrix 0 in a two-channel

decoder will then reconstitute Lo and R as a scaled version of no and
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signals . .
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. Inthe case ofa PMQ implementation, two PMQs
may be used to derive the downmix, and any remaining PMQs may be used minimise the data
rate of the remaining four channels in the same way as for any other four (:ilanﬁ;l signal. In the

MLP comipression system, six PMQs are available in total, allowing four to be allocated to this
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decoded fromthe fist substream Downm x encodi ng conbined with data rate
reduction Lossless encoders using matrixing are discussed extensively in
WO A 96/ 37048, where the purpose of the matrixing is to reduce the
correlation between the transmtted channels and thereby to reduce the

transm ttwdodadrasrate. In the case where a downmx is to as
descri bed above, the matrixing is partially specified by Bﬁgﬁggégﬁﬁ%

requi renent, but considerable freedomin the specification renains
Firstly, in choosing m, and nt the-déndition that they be approxi mately
orthogonal still allows an arbitrary rotation wthin the subspace spanned
by L. and RO. This freedommay be wused to minimse the data rate required
to enéole the first substream Substream 0, for exanple using the nethods
di scussed in WDO-A 96/37048 that minimse the data rate taken by any signa
of two or nore channels. Secondly, assum ng for exanple a 6-channel

mul tichannel signal, the matrixing of the four channels that are not

nodi fied to furnish the downm x is still conpletely unspecified. Once
agai n, the methods described in WO ”5%037048 may be used to minimse the
data rate required to encode the second substream Substream1l. In the
case of a PMQ inplenentation, two PM nay be used to derive the downm X,
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val ueSursetidedudio Brigesed. avay 19ef abe 4ot pp3s3agped to the quantiser. See for
exanple S.P. Lipshitz, R A Wannanaker, and J. Vanderkooy, "Quantization

and Di t her TRoPrREbcartay quamsisersayherenly praffiro dBagtisaBoa. In iMayast @9 Ryssieqd . 40,
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of dithhdecddsr imotrtoecap RMmaasagsRrihted AsSk %ﬁé}d&ﬁtiﬁélfﬂiﬂg anil)'f'quantisation
effects. However in furnishing a downmix as described above, Matrix 0 does not 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 Mairix | will affect the transmitted signal, and
the decoding of the multichannel signal will be affected thereby. Therefore for lossless decoding,
the Inverse Matrix | in the muitichannel 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 inciuding
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 gurc 5a, whereas the same signal is added in the
quantiser shown in figure Sb. 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 Sa, and the multichannel decoder of figurc 2 can be

constructed in which ‘Inverse Matrix 1’ is a reversed-ordered cascade of PMQ)s as shown in

figure 5b. This will ensure that the multichannel si gnal is reconstructed losslessiy.

For the best quality downmix reproduction, the conventional requirements for dither
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t he decoder inverts exactly the matrixing perforned in the encoder,

i-ncl udi ng any quantisation effects. However in furnishing a downm x as
descri bed above, Matrix O does not invert the effect of Matrix 1, and the
downm x will contain quantisation effects fromboth matrices. In order to
render tHBOAHMTAMI x quanti sation benign, dither nust be ad<ag:fucPikh
matrices.- However, adding dither in the encoder's Matrix | wll affect the
transmtted signal, and the decoding-of the nultichannel signal wll be
affected thereby. Therefore for |ossless decoding, the Inverse Matrix 1 in
t he mul ti channel decoder nust conpensate for the effect of the dither in

t he enﬁgge mat ri Xi ng. Figures 5a and 5b show a conpl enmentary pair of
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“Matri ?“Oi claer PMQ%de of PMX»s as shown in figure 5a, and the
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t he encoder, tﬁe ?%?ﬁ??qgéﬁ%%g‘gggﬁﬁ ??%ﬁgggaggdﬁﬁ%“gﬂuﬁﬁﬁﬁaOgﬁg%ﬁﬁ%beously
f ur ni @il StTEDFbedinthizy thei dnboder pealkdihgape&la’ 3FR)dyt c8AKBYT 4 F]%eﬁeﬁ?-rand m
quantisation steps of the quantiser Q If the first two PMX In Che
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nevert heless 1 nc Wht'eh increases the word | engt h,

fol | owed bly: lfli@nthe Seduchte getiRehtb isiaS2 NPk %Eulﬁpslﬂﬁqeﬁkgepginepﬁ{n ra?se&@é:—h

guanti sation. The requirenent for identical dither~in e encodi ng and
deco IR QHREY seamenesf(PRBS) nsing e expressBi: can be net by the encoder
recording a seed'  conyeying the state of a pseudo-random seguence
generator withi %f%§i§¥rean1fron1tine to time, and the decoder reading the

seed ang. b, represents bit x of the shift register, and

@ represents the exclusive-OR operation.

Thus the seed in the stream is 23 bits long. The shift register is shifted by {6 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 twc; 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
undesirablle that the same dither be applied, or that Matrix 0 apply any dither that is correlated

with the dither applied in Matrix {. In MLP the downmix decoder generates a dither signal using
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t hereby synchronising its own sequence generator. In MP the sequence
generator is a 23-bit circular shift register generating a pseudo- random
bi nary sequence (PRBS) using the expression: b,3(r)b5(r)l where b.,
represents bit x of the shift register, and (r) represents the

excl usi vewORoogrsat i on. Thus the seed in the streamis 23 fi#,&gbddiSeg The
shift register is shifted by 16 bits on each sanple period. This allows a
new 16-bit pseudo-random nunmber with rectangul ar PDF to be generated for
each signal sanple. However, because !YPDF dither is preferred, the 16 bits
are divided into two 8-bit dither sanples. These 8-bit sanples each have a
rectangul ar PDF, but the encoder has the option to add and subtract these
two sénpiaes digorfihimnissie moftichanid) @ecddas ot eleafiter isdii vent SaaRiane baviing a
triang%Jar PDF. This process is known as ~Dianond Dither' and is explained
in t heiEsencthe secddonsn iiavax 8 dithemeeastiedin SNESeRERWiite the seed5Bathe Maeriencoder

can .T%ﬁhhﬁggsﬂkﬁﬂ1&ﬁ%§Q§Hhar PDF sanples to add dither to two PMX that
furni sh the downm x™ Signal . Audiophile considerations do not require that

the di ther riapglp, 8@ quan®datibh dndar el OVPlatd X are SPMRTE K uSt &3)‘?!30'&?){ as, for
synchroni sed to a corresponding process in the encoder, In eed It 1s
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di t he hat .ispcorrelated w.th the dither applied in NMatrix 1. In MP the
cownny e ShEFC Siahls Hebbersdny the feiolndrvn & s 15T WEba tior q v £ 26)
WO 00p&farafer,PCT/ GBOO 01308 - 18 the sane al gorithmas the multichannel
decoder, but the dither is different because the seed is different: the
seed for the Matrix O dither is carried in Substream O, while the seed for
the Matrix | dither is carried in substream1. In MP, the quantisation
and arithnetic of Matrix O are specified just as precisely as for Matrix
1, and with the dither also CBHYPEPIEABY #HE encoder, the encoder has
preci se knowl edge of the L. and RO signals recovered by the decoder, down
to the last bit. W shall return to this point later. Saturation of
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signal at the maxi mum
level that the digital channel can handle. Peaks in live music can be very ‘uncontrolled’ and the

average level must be 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 a ‘controlled’
signal that modulates a channel very fully while ensuring that no peak will overload.

It will be understood that digital overload can resuit 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 gencrate 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 si gnal 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 b—:: aw;ided by scaling

down the coefficients of ‘Matrix 0’ sufficiently. However such scaling down has two problems.
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handl ekk sricobatlit gW&maﬂaﬁ;ﬁﬂhn@fafd%%ﬁux specification that result 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 “output_shift” 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 accurnulator may be stored to memory using ‘saturation arithmetic’.
An additional 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.
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In MLP, the output word width is specified as 24 bits, and nost of the
internal signal paths, including the paths between the PMJk, are al so .
specified as 24 bits wi de. However, after the last PMQ in the decoder, a
shifter is provided that shifts left or right by a variable nunber of bits
speci fi edvbyosog put _shift" information carried fromtine {o.tifBekik t he
encoded stream If the encoder is given an input and a downm X
specification that result in a dowmm_x requiring nore than 24 bits, the
encoder scal es down the downm x speci‘tication to avoid overload within the
matri xing. This scaling down is by a power-of-two, so that the correct
anplitude can be restored in the decoder by specifying a positive |eft
shift in the "output shift" inforffBilopasshe shifter in the decoder thus
generates a downm x signal of the correct anplitude, which may be too

| arge for the 24-bit output. Therefore a clipper is placed between the
shifter angathe ou der to %void t he undesirable "~w ap-round
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PMQ shown on the right of figure 6b. Here the LSB is appended to S/' and the result is shifted

left by one bit so that the separately carried LSB is the LSB of the shifted word, thereby giving a
25-bit signal to which the quantised signal g is added. The resuit 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 S/ 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 fossless 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 coresponding 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
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The LSB thus shifted out nmust of course be carried with the signal. To
decode the signals Si, S2 and S3, the LSB together with signals SI', S2
and S3 should be presented to the inverse PMQ shown on the right of figure
6b_ Here the LSB is appended to SI' and the result is shifted left by one

bit so thatobherscparately carried LSB is the LSB of the shj rd,
thereby giving a 25-bit signal to which the quantised si gﬁgﬁk%q?fé\ﬁggded.

The result of this addition is only 24 bits wde by virtue of |ossless
reconstruction of the signal SI fed a%linput to the PMQ shown in figure

6a, provided that Si 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 fossless
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the I RVEFSRUDOEANEs  Processing' shown in figure 6b coul d include an
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configured to provide a bypassed LSB. Thus the 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 occasionally 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 ¢ 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 shifting of the S/’ signal and the LSB together may instead be
implemented as a left shift of the §/signal, thereby producing a zero LSI;, and then adding the

separatcly transmitted LSB. In this case the addition of the separately transmitted LSB may be
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sort shown on the left of figure 6a, and the coding effect of this nested
PMQ could be inverted by including in the "Inverse Lossless Processing'
shown on the left of figure 6b a PMQ of the sort shown on the right of
figure 6b. In this case a bypassed LSB will be generated at each stage, so

two bypaswedsls&Bs nmust be carried round any further proce%ﬁhﬂ?nwﬂﬂmﬁ” M.P
encoder there are up to six PM»s in cascade, and any or all of them may be

configured to provide a bypassed LSB. Thus the substream may carry up to
si x bypassed LSBs, one from each PN@?‘AIthough each bypassed LSB cones
froma different PMQ there is no requirenent that they cone from
different channels, and the encoder may occasionally choose to allocate
two orcombiredswicth oPpREotmtedofesr clhaadditionbdtiichusanttet dishaiy 1adtitotifnals fedB or
nor e %% qgadrﬁqn1for t hat channel. There are variants of the topol ogy
shown NPy thg gddiion shauldipeduen a4 bihinherequi val ent  effect. The subtraction
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of t handssneadsr speciign shinstesd. (T8Bs theyetnsiig BEN iTUAE tBHEET2I (RULECRE ind\O
00/ 60 308 -cpnbi n with, or perforned after. the addition of -
t he qéﬁ%??giﬁggggég "a?“ﬁﬁ3%§5§§9ﬁgﬁPEM?%r M.P, the addition should

produce a 24-diictissadipheiously, Bug £1v8nG@BESE td 0e BROAHLBHBVPRIISCHfHLHAMN MP,
as configured to recover three channels Si, S2 and S3, with the Second
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the left “shi encoder specifres cl udes

t hem bits driarcatadaaif thdhwere the extth thanntRE Thése AherSRand et drc R¥v@Modditd Bhe
encoder could set the coefficient mcoeff[2, 2] equal to +2. M.P uses

16- bi PMeflt will basegnithptitheditherde fipuz 8 is 2jventbler ef ore the exact value +2 is

not available. _and the oder speci fies,~2 instead. Thus the decodi ng PMQ
inverts the sigf 0?‘?19{?1%6[2'&7:35@(3* 03&12,%] Bitnér

This dither is like the dither identified as dither in figure 6b. If m_coefff2, 4]and
m_coeff[2, 5] have the same magnitude, dither will have the desired triangutar PDF. Thus, if two
PMQs are used to furnish a downmix, the encoder will specify m_coeff]2, 4] and m_coeff]2, 5]
with the same sign in one PMQ and opposite signs in the other PMQ, thus fumishing
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, then 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 vatues
are night-justified in the 24-bit words Dither0 and Dither?, then the conéct magnitudes for
m_coeff{2, 4] and m_coefff2, 3] 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 nt_coefffi, j] values

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



t he encoder nust also invert the signal to conpensate. As di scussed
previously, it is advantageous to have two uncorrel ated RPDF dither signals
in order to furnish two TPDF dither signals by addition and subtraction. In
the MLP matrixing, the two 8-bit RPDF dither signals obtained fromthe
sequence gEmeY@ba are sign-extended to 24 bits and treat i f they
were two extra channels. These dither channels are never nﬁg"{@g‘aﬂlﬁ{}s PMXs.
It will be seen that the dither in figure 8 is given by: mcoeff[2, 4]
DitherO + mcoeff]j2, 5] Ditherl ThisZdi-ther is like the dither identified
as dither in figure fib. If- mcoeff[2, 4and in_coeff[2, 5] have the sane
magni tude, dither will have the desired triangular PDF. Thus, if two PMX
are useduldtefmadeitmoRindRIUE te dihée CBRAMELTN M PMRDER) ¥oiBRST §Amk ;2nd
nrcoeff[2, 5] wth the sane sign in one PMQ and opposite signs in the
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si gnal ggg%feggpggggﬂp %Pg‘i“fﬁ“ é'f%‘{‘wteﬁgﬁ“leﬁgﬂ(ﬁ?ﬁ?rb%ﬂd“\‘%‘lah&rOfﬂTF tiplicadons.

mul tipliers [MMIP,icRsd8REP Y& a4 Bibs t binary .pai nt cayse the
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the -ncoeff[i, j] values wused to nultiply the dither channels in the PMX
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enbodi fegimcteditapowerswé bghard then eaairedfn 1bo PRUJ. tA i@l gBRkity B the decoder and
mul tip |c§itl-| ogjs. In M_P, cascaded PMX®s according to figure 8 are used both
for MatTPIRNY SRENHCPISE ate reasons fareadepies e anhitesturelof figure whidotmelynor mal f or

t he coefficjnemtrggozggm? ppel ﬁ 9] diEied whi ch. I's, pn-coeff] 2] in
the case illustrated, t ﬁave @h\g(glcgﬁé@e C%g%a?ﬁ?glﬂ?gée%gbéélnigﬁaﬁ%d,
and ei adedcients, orecht ileeithtd e [ioRenly fA6 ortShtelo S EealifBiup iSRQLES I dRde by
t he encode.li)a}nd the coefficient is included in the stifeamfor use by the
decodd}Possibility that the required scaling will exceed the available coefficient range of [-2, 2), or that
signal overload will occur within the matrixing. This can be dealt with by reducing the scaling
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,
Subs;ream 0, since the downmix decoder does not attempt lossless reproduction. The second
substream, Substream 1 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 thaf the quantiser Q,, is
able to quantise to a step-size that is a power of 2, thus putting the truncation point one or more
bits above the LSB. This facility is included in order to optimise the treatment of input signals
that do not exercise the least significant bit(s) of the 24-bit word. In MLP, the LSB bypass

feature is used only when the quantisation step size is set 1o unity.
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When using the 2-channel decoder to reproduce a down.mx, Matrix O provides
the matrixing and/or scaling of the m, and m signals to provide L, and
Ro_ General coefficients, not restricted to powers of two, are then
required in the PMXx. Again regularity in the decoder and flexibility for
t he encoekas oo’ easons for adopting the architecture of pkgﬂg /01308
8.uniformy. In Matrix 0, scaling of the nodified channel can be
acconpl i shed by scaling all the coegficients, except the dither
coefficients, that contribute to it 2t scaling up is required, thereis a
possibility that the required scaling will exceed the avail able coefficient

range of [-2, 2), or that signal overload will occur within the matri xi ng.
This can be dealt w th Byesmdugichgy the Sesd/efoChHbBY'a power of 2, then using
the final "output-shift" to restore the desired level. In M.P wth downm x,

it is not normal to carry the bypassed LSBs in the first substream
Substream O, since the downm x decoder does not attenpt |ossless
repr oduct | enlossyredyigsysiem serasally fuamishesaboutmy that isowt an escaetonstraction of
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val ue, is conputed for each segnent
CITOTS.

In preferred embodiments, a player is able to inform the user of such errors: for example
a “Lossless” light could be illuminated 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 Losstess Check value is an 8-bit parity word that is computed for all channels
and all samples within a segment of, typically, 1280 words. [n 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 in érder 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 where an error that
affects two channels identically would otherwise not be detected.

An zlternative implementation is to take the parity of all the octets within each segment of
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of the input signal, and included in the encoded stream It is expected
that a decoder will conpute a simlar parity word and indicate an error
has occurred if this conputed word does not match the word included in the
stream Unlike the checks that are possible in a Jossy coding system the

checks mav® dosoas! ossl ess codi ng system are able to show fai eto
overload or other algorithmc failures within the al gori tﬁé%;&h&ﬁolgﬁ :

pl atformrel ated i nconsi stenci es and A ransm ssion errors. In preferred
enbodi nents, a player is able to i nf3@Pm t he user of such errors: for
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should make the simulated downmix available for auditioning, therefore the listener can be
assured that the signal recovered in his player is bit-for-bit identical to the signal heard 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 anditioning and the Lossless Check value should be—;;om‘;;utcd from the

prequantised signal so that the listener can be assured that the signal recovered in his player is
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In this downm x case the first substreamal so carries a Lossl ess Check
value , but this relates only to the downm x. Although the downm x out put
is not a |lossless reproduction of an original signal, it is determ nable
by virtue of the precise specification of the quantisations in Matrix O
and the 1 peci fication of the dither. Therefore, the_encoder can
deterningﬁgﬁgaﬁg%wnnix that will be reproduced by a decodéF?WQWH%igﬁ
conpute the "1 ossless check' value from this sinmulated downrnix. In the
context of DVD--Audio mastering, it i%¥4intended that the encoder should
make the sinulated downm x avail able for auditioning, therefore the

| i stener can be assured that the signal recovered in his player is
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decoder incorporates a shEfhitsdd! hgirix ERSick sRalefM and may J npl enent
clipping by storing an accunulator to rrienory-using saturation
arithnmetic, the Lossless Check may be conputed directly fromthe value in
the accumulator, which is thereby not affected by the saturation.
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As noted previously, one way to avoid the worst of these problems is to choose m, and

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 (75 0o .75 -126825 -5 5
Ry| L0 .75 -126825 8 -5 .5}

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:
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which can be implemented by a PMQ that ieaves the first channe! unmodified.

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, is given by

m(unscaled) = R, — AL,,
R,L

O 1]

L,oL,

where A = and

the symbol denoctes 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

2 downmix, ® downmix,

downmix,  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:

m (unscaled ) = {-.1387, .7500, -.2655, .8234. -.4076, .4076 )

I'"Lf_

e

L

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

channel of which is m, rather than L;. Therefore m, must be re-expressed in terms of m,, R;etc.:
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If, 7 which can be inplenented by a PMQ that |eaves the first channel
unnodi fied. Signal m nust be a linear conbination of L,, and Rg_ A linear
conbination that is orthogonal to La and hence al so orthogonal to na is
given by in,(unscaled) = R - A LO, where = R',* L and L. L. the synbol
denot es tWe wseddar or dot product of two vectors. The resuddABod@Ahde 1S
equi val ent to taking the dot products of the row vectors in the dowm x
matrix. If we use downm x to denote_the downm x matrix, then the scalar ?
may be expressed as k = downm z, downm x, downmi x, downm X, where
downnrrx, denotes the first row vector of the matrix; downniix, denotes
the second row vector of the matrix; and Using the downm x matrix fromthe
exanpl e shown above, i 0.1849. Thus: Lf Rf L nzl(unsdakpd) -.1387,
. 7500, -.2655, .8234, -.4076,.40761 R C Ife The second,PMQ that w ||
generate n' receives the signals furnished by the First Pﬁ/Q the first
channel of which is m, rather than L;. Therefore in, mjst be re-expressed
in terms of no™ (Reesaled ) <BSBYTUTE0.SHRES, BRONL.E. 5969, MDA 60746
PCT/ CBOO/ 81308 -28 f R /17, L i (rrscaled) -.1387, .'S@D.} --1268,

- C 1...

L|

Here the largest coefficient, 0.8000, multiplies R, the fourth input channel. Therefore we applya
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:

I my ]
R,
L
m(unscaled) = [ -.1387, .8000, -.1268, .7500, -.5000, .5000]]
. R,
C
5 Lﬁ’-’J
Finally we scale so that the coefficient of R, is unity:
g ]
R
¥
L
m =[-.1733, 1.0000, -.1585, .9375, -.6250, .6250]] °*
R
S
C
e

This is now 1n 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, is zero. In this particufar example, the

sparsity of the original downmix specification results in this condition being satisfied with A = 0:
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.8000. -.5000-50001 R1 'l [LJ Here the largest coefficient, 0.8000,

multiplies R, the fourth input channel- Therefore we apply a pernutation,

as di scussed previously, to swap the second and fourth i nput channels and

thus bring R to the second position so that m wll| appear in the second

position iwpod@74watri x output: m (unscaled) [-.1387, .8000, Tmﬁ%gﬁum§7500,
y:

-.5000,.5000 ] Finally we scale so that the coefficient of R 1s uni M
1733, 1.0000, -.15 85, .9375, -.6250,.6250 ] This is nowin the correct
formfor inplenentation by a second ) nmO Rs LR C LfeRLs Rf C

Lfc The above exanpl e shows one of several strategies that can be adopted
by an encoder. A sinpler strategy is to conpute nbo as above, then to

define m' apart fromscaling, by subtracting a proportﬁd?}h of Lo fromRa
such that the coefficient of Lf is zero. In this particular; exanple, the
sparsity of the original downm x specification results iﬁ}this condi tion
being satisfied with 2. = 0: CInCTTTTr-rr -TYT'r-r ntrx g .-, WO 00/ 60746
m(unscaled ) =[0.,.7500. -.1268. .8000, -.5000, .5000]] °* !
R |
- cl-
e ]

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:

m, ={0., 1.0000, -.1585, 9375, -.6250, .6250]] "=

Lfc |

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

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

Alternatively, 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, should be
approximately zero. This condition can be satisfied by an appropriate choice of .. The
condition of zero cross-correlation minimises the energy in m,, and in the absence of frequency
dependence this would be effective in minimising the transmitted data rate. As explained in
WO-A 96/37048, data rate in the presence of spectral variation is more dependent on information
content than on energy. With typical audio signals, the energy and cross-correlation will be
dominated by large low-frequency si gnals, 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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-29 PCT/GB0O/' 01308 Lf Rf L' s nl (cutscaled) _ [ 0 7500 1268 8000
5000 5000 E ., . , ] Lr~ 1C The zero value of the first coefficient

avoi ds the need, when cal cul ati ng the second PM) to consider the effect of '
the first PMQ_ That is, mD can be substituted for Lf in the above equation

wi t hout metiengezaey ot her change. Applying scaling and per npag@E e fk
di scussed previously, we obtain: M =] 0., 1.0000, -.1585, .9375,

-.6250,.6250 ] ~1ro RS L 30

emphasise high frequencies, before calculating cross correlation. Ideally the spectral weighting
will be adapted to the signal itself, but it is complicated to determine an optimal or near-optimal
weighting, and in practice a fixed weighting will suffice. For example, a digital filter whose

z-transform is

(1 —-z"y
lwill have a response rising at [2dB per octave over the low and mid-frequency part of the audio
band, and this will generally be sufficient to suppress undue domination by large low-frequency
signals.

In WO-A 96/37048, the preferred directions for the transmitted signals was disclosed as
being the eigenvectors of a matrix that, in the absence of frequency-dependence, would have
been the correlation matrix of the signals. Such a choice would lead to zero correlation between
the transmitted signals. However computation of eigenvectors is time consuming, and the
procedure outlined abovedwherein 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 10 minimise
some measure of entropy, or information content, of the signal rather than sﬁnply to minimise the

energy. In WO-A 96/37048. the entropy was estimated by taking the integral over frequency of
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SR C L fe whichis of the correct formfor inplenentation by the second
PMQ. Al though the above sinplified procedure does not achieve
orthogonality, it does avoid generating no and m that are nearly linearly
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di scl dbedeetsrs that have not yet been processed. However this will not generaily be true when a
downmix is being encoded nor will it be true if the minimisation is of entropy rather than
energy. Hence in general each PMQ will subtract both signals that have already been processed
and input channels that have yet to be processed.

So far the order in which channels are chosen for modification has been considered to be
arbitrary. In many cases the order may have littie effect on the final 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 tmportant. [f 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
€nergy, 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 LSB
bypass method described above. This will provide an additional 6dB of heedroom, which wili
usually be sufficient. Ifit is not, there are several possibilities. The currently considered matrix
transformatton 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 conﬁéured for LSB bypass

operation and allocated to the channel under consideration allowing a further 6dB increase in
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It will be understood that for each PMQ it uses, the encoder must specify a corresponding PMQ
to be used in Matrix 1 by the lossless decoder, and that the decoder’s PMQs must be applied in
reverse order. In the case of LSB bypass, an encoder PMQ appiying a coefficient of —0.5 to the
channel being modified implies a decoder PMQ applying a coefficient 0f—2.0 to that channel. In
the downmix case, the encoder must specify the coefficients for Matrix 0 in dependence 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 wil 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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not, there 1393' pgaer{l/@rc gl“%‘&&'}hﬁfﬁrﬁ&?’ir@é.a FFﬁ‘é‘CEearti‘%ﬁ‘t"Wh-cézﬁieéféﬁﬂéh’s restokihe

tr ansf eiipid HenalBys thealTRG) b r§flodl RERNL D i ' . channel may
be transmtted wt ho?Jt gr(lodi‘fﬁbicli(():atcieon.a O, i?[a}r{%%lﬁﬁk%k%%lt%&gég} gllﬁ'f‘g, it
too melAvB&enbhticguergs above REBIDIaBsicriope batpaming 248 REatsefpled sidil.
channej% un%er COB%i deration allowi ng a further 6dB increase in SUBSTI TUTE
SHEET ‘CHOFESE) Vi) 1087180 sampiespes|seiestyn mined-rate maserilos mpovsibleawthatt onal

PMQ Wi didnian R dr&le fpsch I ¢ i ol ts.the _subtraction- The
addi t i oénal PMD, bei nfg&? E‘éd‘??‘é%fg2?‘%“%@%‘“%%‘3@2@%%@5 %ﬁ%?‘"ea“r"r%ﬁef'%ﬁ&? Wil l
nor malipyer rataveR. A8jHy, fereehtodingnd thaf ali Shannélo atch@iceNannehe Heidampmds f i ed,
and have zer oelIf_i ci.ents otherwi se. A particular case where two or even
t hr ee BRCEEnigKile Tiiificd Sl mRmalkes ehsethc matrix operations required i order

to implement the invention.

‘Upsampling’ is also known as ‘interpolation’ in the Digital 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 channels 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 outpul 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 vaiues. '

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 samples in the case of

channels that were originally presented to the encoder at 48kHz. In this case the playef has
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where a downm x specification has several coefficients of substantially the
sane magni tude. For exanple, although the PMQ that furnishes nD in the
exanpl e above has all coefficients less than wunity, the sum of absolute
magni tudes of the coefficients is 2.627. Thus, even if the PMQ furnishing
rn0 uses WOBGYPWass and scal es the channel by 0.5, there ig-5&kddoidos
possibili-ty of an increase in signal magnitude of a factor 1.313. This can
happen if, on a given sanple period, ,,channel s of the input achieve full
nodul ati on sinul taneously and each has the sane sign as its coefficient in
the PMQ or if each has the opposite sign as its coefficient. Overload can
be avoided by allocating an additional PMQ inplenmenting an LSB bypass

pri or 3CFES OPIsiES recansiusterso fithe med-relegontan! thatweasgeseatedes dieieptdden In

ment i , i hpl enent.ed by the encoder. _ It will be understood
t hat f% g‘fc rg@ah’ﬁ"% @@a%{sﬁg P eéﬁ&S‘HﬁF"%E%?"‘%‘Bé‘éP??ﬁaatmqfé@b@hﬁraﬁgcleQ to
be usert dniddhillyipfeskniM af e s ; der's. PMJs
nmust bera p%{imeg4 plf?] nre\zlletrsled‘ger?géerrﬁ.ﬁﬁ?‘hhéféﬁg&{:%{lslg&g tE%%Ev{)@%'a%%%%gﬁr eetﬂg%der
PMQ aptpgaytfngls &veweitivdiidnie ofberegdiddd ds0oddie The harpalaybeimplidDdinkseehn NP i es

a decoder. Pl\/g aEplréiﬁng .a coefficient of-2.0 to that channel-.1n the
downnfYREs & Block stristws dw whighdhe swaberaf samples ired block sralwayorvehaONDVD- i n

d .« ChoiGes. § d m. Further, if a channel h
opn AGERE YW¥Lst BP AGRR AR TR oS aln Vil biovidte SUckh & stHetiter aal oul ot ng
subsequent Tdawmm—zquambééiﬁ&mh?ir&ﬂaés S‘Mnhlbrl%rtrﬁi%?'—fﬁtggorﬁg?&g%.2@%&9i ng of

g
m xed-, -ate content The DVD- Audi o specification allo recording to
be caftikldzcrhetmizedirae coding fratume desaiboll bgvd mey ko GicepliEDio @IAAR &2 t he
fro”té}hﬁﬁpﬁﬁﬁ%rs L1, Rr may be encoded at 96kHz sanpling rate, while the
ot her channel's"may be encoded at 48kHz in order to reduce the data rate.
However, the preceding description of the sinultaneous transm ssion of
downm x information in W& 00/ 60746 PCT/ GBOO' 01308 -33 a first substream
assunes that the channels are all sanpled sinultaneously and, in
particular, at the same sanpl i/ngpleraewtatibhe article P.G Craven, MJ.
Law. J. R and Stuart, " Lossless Conpression using I[IR Prediction Filters',
J. Audio Eng. Soc., Abstracts, March 1997, vol. 45, no. 5, p. 404 preprint
no. 4415 i ; en_usi ng .l ossl ess npression, it is not
necessar ye?%g trmé E)(r:l é ?%%lgeds\%n‘fﬁ’%ffﬁ V%F‘B?Seasipﬁc% ng‘re IR¥ENEgY cag he geriqrmef by
suf f Iongihelotest ihgliméde) AU dhhepbe Lo BLAAL ALEAURSid Dpohfis! €5

encoder will automatically respond to the tTeductidn I n 1 nfformatl on cont ent

of t HECST BRE ASICs and/or program-controlied processors. The manner in which these components
are implemented is not critical. For example, operations required to practice these aspects of the
invention can be implemented by in an apparatus that comprises one or more terminals for
receiving and sending signals representing digital information, random access memory for storing
the digital information, a medium for recording one or 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 brought together in any combination, in order to benefit
from the different advantages provided by those féatures. While the claims define various

features independently, the features of all claims can be combined with each other and this
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and encode it to a lower bit rate. An upsanpled signal inherently has a
restricted bandw dt h- For exanple, a 96kHz sanpled 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 by upsanpling a 48 kHz
sanpl ed swymed/ice746Accor di ngly, when | ossl ess conpression'ispezﬁgmaﬁmo
"mxed-rate' material, it is possible, wthout significant adverse e?fect
on the data-rate, to upsanple' any channels that are presented at a |ower
rate, e.g., 48kHz, before encoding so’that all channels are encoded at the
sane sanpling rate, e.g., 96kHz. This unified sanple rate makes possible
the matrix operations required in order to inplenent the invention.

* Ups anpisclogure;is inggnsisd kpinghuda gl silt erplinatiéren’ in the Digital Signal
Processing literature, and the techniques for performng it are well

known. Figure 10 shows an encoder adapted to include this feature. As
filtering involves delay, the channels Lf and RF that do not require
upsanpling are given a conpensating delay. Interpolation filtering is in
general not lossless, but in a preferred enbodi nent the “upsanple' filters
in figure 10 are of the type-known as "half band filters'. \Wen used for
interpolation, half-band filters furnish an output with twi ce as many
sanpling points as the input sanpling points. The even-nunbered out put

poi nts correspond to the input points and contain sanple values identi cal
to the input values, .while the odd-nunbered output points |lie halfway

bet ween the i nput values and contain interpol ated val ues. Wien a streamis
encoded in this way, the player has two options. It may play the stream as
if all the channels were originally sanpled 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) WO 00/60746 -34 PCT/ BOO 01308 access to a | oss |ess
reconstructiono f the m xed-rate content that was presented to the encoder.
In order to make this, possible, the encoded stream nust contain a

speci fication of which channels were originally presented at the | ower
sanpling rate, and an indication of which sanples are to be regarded as
“even' and which are to be regarded as "odd'. The latter nay be inplicit if
the stream
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contains a block structure in which the nunber of sanples in a block is

al wvays even. On DVD- Audio, the use of “Access Units' and " Presentation
Units' provides such a structure. The DVD-Audi o specification provides
simlarly for mxed-rate content at 88.2kHz and 44.1kHz. The m xed-rate
codi ng fagdh scri bed above may al so be applied to thi in

simlar nanlr?g@ﬁierrpl enentation The functions required to S’FQZ??O%"?/@H ous
aspects of the invention can be perfornmed by conponents that are
inplenented in a wide variety of way%1including discrete |ogic conponents,
one or nore ASICs and/or programcontrolled processors. The manner in which
t hese conponents are inplenented is not critical. For exanple, operations
required to practice these aspectgigfiygRe invention can be inplenmented by
in an apparatus that conprises one or nore termnals for receiving and
sendilng si gnat §epadsr exmptisingamingiut foir ainnfnbenditdfencoded nporciencess: memir y f or
stori e digjital infornmation, a nediumfor recording one or nore
progrrggr%.a% anrllrsl*‘?lrhﬁé??%ﬁ a}“ngﬁanglmﬁl%’@@?&?? aff‘ﬁ&?‘{e&f%ﬁ'ﬂ%mﬂﬁx BHYFHps of

I NSt ke B profi@inbr A ha®eON 6W§1§fr&c$ﬁtgﬂlscmelp,eth5 ACOSHE Pty BrVALI €LY
machi ne readabl e nedia or other product$ of nanufacture 1ncludi'ng Vvarious

t ypeshannel petgdng mfprmativar fyom peginptt chatmie  wireagn dicidecatics kurtheptoragtisediasc, or
convgg_eda b?/ baseband or nodul ated co ni cation paths throughout the

spect ¥ URPPISA B EREHArans s sHFk that s ppaper N obderoder aauput vhannglsere erdergdes of
the emeafomne @8k dRAREIRNERELIAHIRE5ANd apparatus have been descri bed
above. It is to be understood that, where these features can be inplenented
separately, it is envisaged that these features nay be brought together in
any gonbination, in order to benefit fromthe different advantages
provitded by thiEgderagdpimed impiapn 1y whereimihgge dopping amangenen! ifpavideds

i ndepReGBRL ¥k t he features of all clains can be conbined with each other
and this tnmsTCTTTTr CT.T7'r T rnrrT r WO 00160746 disclosure is intended to
i nclude all such conbinations. PCTI GB00101308 SUBSTI TUTE SHEET (RULE 26) WO

00/ 69746 PCTI C?OO/ 01308 - 36 CLAI M5 .
. A decoder as claimed in claim I, wherein the re-mapping arrangement is provided

before the matrix.

4. A decode;r as claimed in claim I, wherein the number N is six, and the encoded
channels comprise the left-front, right-front, left-surround, right-surround, centre and low-

frequency-effects channels of a six channel audio signal.

5. An encoder comprising a number N of input channels, the encoder comprising a
matrix for transforming the input channels and implemented as a cascade of primitive matrix
quantisers, the matrix providing the number N of matrix output channels as a stream of encoded
information formatted as a plurality of substreams, the data in the first subétream comprising a
strict subset of the outputs of the matrix and containing sufficient information for implementation
of a downmix specification, wherein the encoder further comprises a reordering arrangement for
permuting the channels before applying them to the matrix and comprises means for encoding the

selected permutation into the encoded output stream.

6. Anencoder as claimed in claim 3, wherein the reordering arrangement s responsive

to the downmix specification.
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| . A decoder conprising an input for a nunber N of encoded input channels,
a matrix for transformng the input channels and inplenmented as a cascade
of primtive matrix quantisers, the matrix providing the nunber N of
matri x output channels, the decoder further deriving channel ordering

i nformat i eyp bdidaast he i nput channels, wherein the decoder further conprises
a re-mapping arrangenent arranged such that a nunber N of PHEEHKe3 t put
channel s are ordered in response to the channel ordering information. ?. A
decoder as clained in claim1, whereBh-the re-nmapping arrangenent is
provided after the matrix.- 3. A decoder as clainmed in claim1, wherein the
re-mappi ng arrangenent is provided before the matrix. 4- A decoder as
claimdd in cl annentodsher Ghitndde [fnst oded. channel s
conprise the left-front, right-f?%ﬁ??yF%%?ﬁ%ﬁ#%%ﬁ%ggm%ﬁ%ﬁﬁgidggoﬁﬁﬁ?.centre
and | GAPPRIBG fidlaes) ord prwitivechannejusniader thasinodiffes arkhnrl diaOissiod Ralto R AN
encod?ﬁt% égsing a. nunber N of input channels, the encoder conprising a
matrix yorotransy ?ﬁVH%ePﬁgﬁFWHﬁﬂﬁEW§ﬁﬁ@P§V%E@“WNHP@h@ﬁﬂéﬂﬂa&e@hﬁasmhde of
prin1t&m&n@@@&ggrﬁggguégﬁ&QE?ganﬁatrix providing the nunber N of matrix
out put channels as a streamof encoded information formatted as a
plurality of substreams, the data in the first substream conprising a
strichasubset of the outputs of ‘the matrix and contai ning sufficient

i nforfrati on f OFOMRPRICEMEROR ProAuUCtdr¥ing iomed thersprewi dnicodadiandio datusigiahthehe

encodgicofit & | reorderin rangenment for perputing the
channel s bef%d%%%g%lﬁg&tnﬁéwgtaomﬁ"hbg r @a‘f refl‘ioc%ﬁd‘”a‘(?ﬁﬁ‘??'?é%wﬁgg ave fen
encodémvgdediey mahtei tadspanfidndiHe@ncodtiQuiiB A6k doR HQH% A& erfly AN
encoder. as clainmed in claim5. wherein the reordering arrangenen [g

r es poqrRLeR, Yheeeiy thishronel prslering irdeimention GSTpToTiTied ToFroausing reordering offhel - - ,
WO OQ4RR448 ar B< iRl L 1308 7. An encoder as clainmed in claimb5b

provi di ng | gss%é SQI S ﬁg‘%‘g%?% rrlr,lazﬂ’ﬁ g a?ﬁ?%ﬁo“ WOy deeRgeralor despdinegha

pri maudvedatat ri x quanti ser that nodifies a channel that is not fed to the
first substream wherein the coefficients of that primtive matrix are

chosen with the object of reducing the data rate of the encoded stream
9. An encoded audio data signal provided on a carrier, the encoded audio data signal
comprising a number N of encoded audio channels which have been encoded by a matrix
transformation, the encoded audio data further comprising channel ordering information, wherein
the channel ordering information is provided for causing reordering of the channels at the input

or output of a matrix transformation unit of a decoder for decoding the audio data.

10. A method of encoding a number N of input channels comprising:

permuting the channels;

applying a matrix transformation to the reordered input channels using a cascade of
primitive matrix quantisers, the matrix providing the number N of matrix 6utput channels as a
stream of encoded information formatted as a plurality of substreams, the data in the first
substream comprising a strict subset of the outputs of the matrix and containing sufficient
information for implementation of a downmix specification; and

encoding the selected permutation into the encoded output strc:zam, wherein the

permutation of the channels takes into account the downmix specification.

Ll A method of decoding a number N of input channels, the method comprising:

applying an inverse matrix transformation to the input channels using a cascade of
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8. A conputer

menory product having stored thereon an encoded audi o data

- signal, the encoded audio data signal conprising a nunber N of encoded
audi o channel s which have been encoded by a matrix transformation, t
encoded audi o data further conprising channel ordering information,

wher ei n tQﬁoﬁQ

he

n
of the channeﬁ'@"at the input or output of a matrix transfSEFEFR8BINGAI t of

a decoder for decoding the

audi o data. 9- An encoded audi o data signal

provided on a carrier, the encoded aggi-o data signal conprising a nunber
of encoded audi o channel s whi ch have been encoded by a matrix
transformati on, the encoded audi o data further conprising channel ordering

i o Co i ' ti [ i ded f
o RS gHAR it DSEATINSHo RS R LECTES g LA BLERE, |

causing reorderin

e | nput

gl ordering information is provided for causing reordering

N

t ransf or mat i orbtamihg ofianacldededtey infovmaties 6dnnGeteneodddhpuidRhinelst@nd A Met hod

of encodi ng a nunber N of input channels conprising: permuting the

channel s; applPFMYINE st Patixt pypsl ehamaeison dependence eur ther elrinpbotdechannel s

using‘g§ﬁﬁ$-ﬁpe of primtive matrix quantisers, the matrix providing the
0

nunber

1

formatted as a plurality of substreans, the data in the first substr
conprising a strict subset of the outputs of the nmatrix and containing

suf fi déent
encod

t he

speci Eiﬁ@ﬁfchﬁrﬂlel,|thédcc3démrﬁfégc&£p[§'§?ﬁé)gmﬂigie? %F%ﬁlgﬁiﬁ{&éhg vy cﬁ%}g{ép@eé

met hod conprising: applying an I nverse

i_n | tati into t
TSR BRI R LG i ShcRIed U B Lo,

trix nat 1 on

chann&hig casfficipnt avds cavisnaffo StdR®ihihy/Tie BilfpTed Ridt Eanfd sWRa0R{B Aidional

PCT/

numbe o'\ SE

o0 01308 §$ itgrimtive mat ri x quantisers, the matrix providing

matri x output channels as a stream of encoded infornmation

eam

i Bf deqedel eymproing apirpme firad ecodéd atrelsmveninprisipecd piuediy on; and
e encoded output stream wherein

, the
i nput

t he

desayered HEMNAChS engtricd; sirsagn cibareial ther grse icagfficinbisat i on

from thesneadad dl:ﬁgfé{-:lha%%ﬁg&?ﬁﬂg madBf in [ﬂ?%{l‘y(}deggtréab’r?, a@%%ﬁaﬂgéé% ut, channel s

i n dependence” on t

raeri ng nrormati on.

conpr valieginaldingat of Moravalencadeidaztioe poveRmIvel Ng a plurality of
encoded channel s, the decoder conprising at least a first primtive matrix
guanti ser that nodifies

13. A decoder as claimed in claim 12, wherein the modified first channel is a linear

combination of the channels input to the primitive matrix quantiser.
14. A decoder as claimed in claim 12, wherein the combiner comprises an adder.

15. An encoder for encoding a plurality of channels, the encoder comprising at least a
first primitive matrix quantiser that modifies a first channel, the encoder further comprising a
multiplier for multipiying the first channel by a gain coefficient within the first primitive matrix
quantiser, |

means for recovering any low significance bits which result from the multiplication
which exceed a number of bits allocated to the channel; and

means for storing the additional bits, the multiplied modified first channel and a
parameter representing the gain coefficient to enable future decoding, wherein the gain

coefficient may take a number of values including one or more values which are not powers of

two.

16. A computer memory product having stored thereon an encoded audio data signal, the



a first channel, the decoder further conprising a nultiplier for
multiplying the first channel by a gain coefficient, and a conbiner for
conbining the nultiplied first channel signal with additional |ow
significance bits recovered fromthe encoded stream wherein the gain

coef fici ewo ¢ogs674el ect abl e by the decoder based on i nfor negipaghdioshie
encoded stream and may take a nunber of values including one or nore

val ues which are not powers of two. 13. A decoder as claimed in claim12

- wherein the nodified first channel iS5 a linear conbination of the channels
input to the primtive matrix quantiser. 14. A decoder as clained in claim
12, wherej tge conmbi ner conprises an adder. 15. An encoder .for encoding a
pl ur alqn[’?flegfa“ Rffaretignal corpayiesd srmbeniy of shceged pudie abinnels Whiclshayerticent | ve
matri ty] : i £l first .channel he encoder further

conpr :%g I ng aﬂysﬁu E{tl?)g}trﬁgg%lru%ﬁuﬁf ieﬂf%#eﬁga'ﬁ%hoeg?tf“rflg?g?{ﬁgm?é’ismtgf BT

coef f iindieatingv hinncdeliciérit 161 atOfehd¥idnieV@aRRAL! hatd tHEUSRLESEY di%ﬂ%@xﬁl hf}[her
recovering any |l ow significance bits which result fron1t%e tiplrcation
whi ch cexpBeag additinneibisonshe af ledst onattednelowhheircthagaiel coefiitbnrbansvitied

stori i.lonal bits,-the multiplied nodified first channel and a
par arreq?re%anr&elgglguslé ltci)q’aﬁlﬁn tohgwé:gf’?f‘eé&’éﬁhl"? mAlEx {rgngpaptionrumt ofa drsedei fay,

wher eldBcddi 63kitio 886 JoiheRiHRN BiRleFe FroDhITR RS BlutYldE R itiel el one or
nore val ues which are not powers of two. 16. A conputer nenory pP ct

" havi nghainek agd whereiwohe gain evnflicient aad diay takatansitgnaf valies trcWQiRUR A7 Afre
PCT/G@%E%Qlégﬁ -39 enbodeq audi o data signal conprising a nunber N of
encoded audi o EhatieCee R &¥ohave been encoded by a matrix transfornmation,
t he encoded audi o data further conprising a paraneter indicating a gain
coefficient for at |east one channel, and the encoded audi o signal further
conpr 13i ng addicompugdr nirnay pardutths cidimee as tlanma 6chpaeRl N=aher ei n the gain
coefficient is provided for causing nultiplication of the channel within a
matrix transformation unit of a decoder for decoding the audio data, and

matrix ransform it o der for  decodi ng dio_d
Channe : and wher asoepdoda FERLbRARTH L0bHE0 o el A nA L 8l e

i ncl uelimpyisérgea oumber & of etcoded whdic ehafeel OthifOWRFShéth dntBded dy A HATRUL er
rrermr% oduct a%ed ained in claim16, wherein N=6. 18. An encoded audio
dat a ‘?‘8 WPy igethcatrdaandie [datay furthee compogug adrandet tndsiagngla gain

coefficient for at least one channel, and the encoded audio signal further comprising additional
low significance bits for the at least one channel, wherein the gain coefficient 1s provided for
causing multiplication of the channel within a matrix transformation unit of a decoder for
decoding the audio data, and the additional bits are provided for combination with the multiplied

channel, and wherein the gain cocfficient may take a number of values including one or more

values which are not powers of two.

I9. A method of decoding an encoded stream comprising a plurality of encoded
channels, the method comprising:

applying an inverse matrix transformation to the tnput channels using a cascade of
primitive matrix quantisers, a first primitive matrix quantiser being used to modify a first
channel,

within the first primitive matrix quantiser, multiplying the first channel by a gain
coefficient derived from information in the encoded stream; and

combining the multiplied first channel signal with additional !gw significance bits

recovered from the encoded stream, wherein the gain coefficient may take a number of values
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conprising a nunber N "of encoded audi o channel s which have been encoded by

a matrix t
par anmeter i

ransformation, the encoded audi o data further conprising a
ndicating a gain coefficient for at |east one channel, and the

encoded audi o signal further conprising additional |ow significance bits

for the awolegseissone channel, wherein the gain coefficientpdgcRidMbeied for
causing nmultiplication of the channel within a matrix transformation unit

of a decoder for decoding the audiqﬁfata, and the additional bits are

provi ded for conbination with the mu

coeffici ent

iplied channel, and wherein the gain
may take a nunber of values including one or nore values which

are not powers of two. 19. A nethod of decoding an encoded stream
conpr insiudipgzong lom madre vatues which adenbt poharmel tso. t he met hod conpri si ng:
applying an inverse matrix transformation to the input channels using a

cascade of

primtive matrix quantisers, a first primtive matrix quantisef

bei ngygised t o thddastiditlen NRTBk herpinVhb Rbflplife LdishscRbidihp | Ve, Mt ri X

quant | ser,

mul'tip Irs anne y a galn - coe Pentsderi ved

yrng

frominformation in the encoded stream and conbining the nmultiplied first
channel signal wth additional |ow significance bits recovered fromthe
encoddd st r eafivmagknst afiencedieg g piunalttyef fnpit ehannelsy theakethad nompesingf val ues

SUBSTI TUTE
or nore val

cl ai MdeBix QRRisRE 2 & pERRl Mg

SHEET .( RULE, 26 00/.60746 PCT/ G1300{ 01308 -40- including one
udBPhREHMAE WM?%‘%&‘CWWFC YICl UingAFdsersle of BimERei n

[ijse?%%ir%qgie&go m%glify'g‘ thaghf encoding

a plurality of input channels, fﬁ met hod c¢onprising:” applying’a matri X
t ransf or mat i ovitltio thdBrst ppmitichanmal quanssaagmaliqAgiagdiee Hfst phdnfiel by gavat ri x

guant |

a first primtive matrix quantiser being used to nodify a first

Sers,
chanﬁ?F&&“ﬁfThin the first primitive matrix quantiser, multiplying the
first channeledieAndalyhdafiRhb folalkninf £ROVRE Whtkndo¥Atth HAARipliGllo

significance bits

ich result fromthe nmultiplication (e xceed a

nunberhigh exsieed a alunberntfddtstaotdtel ohhankdnnehrddst ori ng the additional bits,

the mul ti pl
coeffici ent
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t ake ifdicating the gain coefficient to enable future decoding, wherein the gain coefficient may take a

number of values including one or more values which are not powers of two.

22,

An encoder apparatus for a lossless compression system having an input for a

multichannel digital signal and fumishing an encoded compressed stream having at least two

substreams, one of which provides a two-channel downmix signal and the other provides a

multichannel digital signal, the encoder comprising an input for receiving a specification for the

two-channel downmix signal, and wherein the encoder further comprises means for computing a

first check value relating to a portion of downmix signal and inserting the first check value in a

first substream and for computing a second check value relating to a portion of the multichannel

signal and inserting the second check value in a second substream.

23,

An encoder apparatus as claimed in claim 22 further comprising a downmix signal

output enabling the downmix signal to be auditioned.

24.

A decoder apparatus for decoding a lpsslessly compressed encoded signal, the

decoder comprising:

" an input for a multichannel encoded digital signal;
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nunber of val ues including one or nore val ues which are not powers of two.
22. An encoder apparatus for a | ossless conpression system having an i nput
for a multichannel digital signal and furnishing an encoded conpressed
stream having at |east two substreans, one of which provides a two-channe
downm X siyghgdsedpd the other provides a multichannel digital signal, the
encoder conprising an input for receiving aspecification fBFT{5a001308

t wo- channel downm x signal, and wherein the encoder further conprises neans
for conputing a first check value relddt-ing to a portion of downm x signa
and inserting the first check value in a first substreamand for conputing
a second check value relating to a portion of the nultichannel signal and
inserting the q I i . . An. encoder
appar at Ue. a0 oraroh ERRSIY T S bR naReandunLRE) REAT e UuRBRERT

out putsismalbl i ng t he downni x signal to be auditioned. 24. A decoder
apparatus for decog%nq_a_lpsslessly conpressed encoded signal, the decoder
conpri sing: afPHHior TFBEFVIAS hSFeoncHAsAE Valup Serede ¢hepded stream melating O BO/ 60746

PCT/C@QQ@@&ﬁQQﬁT lppgﬁﬂgukfggﬁgngaiing a first check value relating to a

portion the nu annel Tsignal, neans for retrieving a second check

val ue from thecenpaded afhi@amnt &doki}@rhg thdrst SR LeRRY dHePR vALed BEa
mul ti channel signal; and a conparator arrangenent for conparing the first

and second ch&tRutpydfice fanprovighnga fleatindieaying avifettrer gheontiedk najues dgrag
i ndi cating whet her the check val ues agree. 25. Apparatus as clainmed in any
one of clains 22 to 24, conprising a digital signal processor for

i npl e@@nt i ng ApphrawsEpylaahitdin ahy anebeckimabia, a3, @orﬁ#)ltié’fﬁg% d@gfd'l 5¥nal
operation on_ the binary representations of the signal wofds Tn a segnent

of t hBFOSessRBior pHempnting sachspaguiation gf 2 clicktvatieias a ditpesetemiceomnatidnenc hannel
numnmbe [ jtyv.is.conputed. 26. A er for .consuner disc
Conpr iy ol QB ot il TR Bt ispmen B B Slemel thedbigray parcedeincce
conpriosgted i depsidehe: éitheGChhiiel naRBeMOEHRI e Eﬂﬂyﬁé bt t&?_r ther conprises a
pul se- stretching circuit for providing a driveée 5|gn£f or the visible

i ndicator, configured such that a lack of agreenent between the first and
t he ond CHQCE,W%%UGS f riod shorter than a threshold | eve

SEEOI y or_ a tineFPe t ]
resul TS in a vPErBl 9 P RANTRST SircromPRstigAdssadsr sacqrdingde cleiands weereinr eshol d

| evel the output device comprises a visible indicator, and wherein the player further comprises a pulse-
stretching circuit for providing a drive signal for the visible indicator, confi gured such that a lack
of agreement between the first and the second check values for a time perod shorter than a

threshold level results in a visible indication for a time period longer than the threshiold level.

27. Apparatus comprising an encoder as claimed in ciaim 22 and a prequantiser, the
encoder providing as outputs an encoded compressed stream and a prequaniised signal that can
be auditioned, wherein the check value inserted in the compressed stream is computed from the

prequantised signal.

28. A two-channel lossless decoder receiving as input an encoded stream , the decoder
comprising a decoder core to which the stream is supplied to generate a two-channel decoded
signal, wherein the decoder further comprises a shifter at the output of thei decoder core for
applying an arithmetic shift in response to information in the encoded stream, and further
comprising a signal limiting device at the output of the shifter, the shifter and the limiting device

providing limitation of the wordwidth at the output of the decoder.
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27. Apparatus conprising an encoder as clained in claim?22 and a
prequanti ser, the encoder providing as outputs an encoded conpressed

stream and a prequantised signal that can be auditioned, wherein the check

val ue inserted in the conpressed streamis conputed fromthe prequantised
signal . 2&0 tb/6by¥g- channel | ossl ess decoder receiving as ingybcg&mﬁg&pded
stream the decoder conprising a decoder core to which the streamis
supplied to generate a two-channel decoded signal, wherein the decoder

further conprises a shifter at the of#put of the decoder core for applying

an arithnetic shift in response to information in the encoded stream and

further conprising a signal limting device at the output of the shifter,
the shpfter andideb@ed ds®idiinBd irdEMint 88, WhPdih dhdehdolifd folit §featf cdhfiRLAW dt h
at the output of the decoder. SUBSTI TUTE SHEET (RULE 26) WO 00/60746

PCT/ GRegtwe30streams 2@hich tepetwd defies: mlili-chadnélrencddeidrmad®, sigtathsiing trioes

encodgd i nput streamc ri ses | east two substreans, which together '
def i n&28 twg|°%‘?th?ifaﬁﬁ%r”%glggbﬂ&0f§f]ﬁ§@S§F%!|S SHERASIdo r%ﬁ?%‘atctth%lﬁ”‘i‘ﬁbgr@ﬁbnnel s,

and Wagbakdsighg. of the substreams is supplied to generate the two-channel
"decoded signal. 30. A decoder as clainmed in claim28 or 29 wherein the
limting device conprises a clipper which stores the output of the
arithoetic shift usin aturation arithnetjc. 31. An _encoder having an

i nputgr(?'or rec‘éi‘iﬁﬂ‘zﬂ 3 ined i slaHe 128 T i avharekn the Lguking devirgperpprissiannel or
el or channels

chan n@gﬁ)e?@'m?:h%%rﬁ th@ olilpuBbf {h@faﬁtlﬂ[q@ic%hﬁ?ﬁlggfz{tmmm g&@lﬂ'ﬂe

sanpled at a higher rate equal to tw ce ower ra T he appar at us

conprising: a device for increasing the sanpling rate of the or each first
i nput_ channel ,to the hi gher rate; a lossless encoder which receives the

first3land secdnaneasishiing %&m_t"l‘fél ricgune papdii-ohgnnel gepalhayingg Gt ispetoded
St €adRanrid or ﬁﬁb‘r}r@@ﬁ%qﬁgleiﬁzalg Gl TRl ahd'a ?Agﬁ%ﬂlrﬁ;ﬁt Eﬁﬁg;é%%rr Haidd s rbg%({r?qans for

inserting sa r at ormation 1n e 'enco streamin Ag, for

each highwaad eqizdno elvice thrdlbiver ratd) éhe pparaasponghiristhgt nput channel was sanpl ed

at the first or at the second rate. 33. An_encoder as clained in claim 32,

wherei n the ot d¥aenioddnareasingohe spaplngratgyof e or eseinfirst meput shenrebpities es

hal f tﬁé&%‘rﬁty ters, providing a first plurality of sanples corresponding to
a lossless encoder which receives the first and second channels at the hi gher rate, for

generating an encoded stream.

32. An encoder as claimed in claim 31 further comprising means for inserting sample
rate information into the encoded stream indicating, for each decoded channel, whether the

corresponding input channel was sampled at the first or at the second rate.

33. An encoder as claimed in claim 32, wherein the or each device for increasing the.
sampling rate comprises half band filters, providing a first plurality of sarnples corresponding to

the input signal, and a second plurality of interpolated samples.

34, An encoder as claimed in claim 33, wherein the means for inserting sampling rate

information indicates which decoded samples correspond to the input signal:.
35. An encoder as claimed in any one of claims 31 to 34 further comprising delay

elements n the signal paths of the higher rate channels that substantially compensate the delays

introduced by the sample rate increase of the lower rate channels.
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the input signal, and a second plurality of interpolated sanples. 34. An
encoder as clained in claim33, wherein the neans for inserting sanpling
rate information indicates which decoded sanples correspond to the input
signal. 35. An encoder as clainmed in any one of clains 31 to 34 further

conpri si ngvaeb/ayrds el ements in the signal paths of the high nnel s
that substantially conpensate the delays introduced by thgﬁgéﬁ%ﬁgﬁﬂgte

increase of the lower rate channels. WO 00/60746 - 43 PCT/ GB00/01308 36. A
decoder having an input for an encodéd “stream produced by the encoder of
claim 33 or claim34 and furnishing a nultichannel output, wherein the
decoded sanples of the |ower- rate channels that do not correspond to
original sanples of the input channels are discarded, thereby furnishing an

outpuph§dentiqghm&%et e.mul t.i -channel signal originally presented to the
encoding apparatis  3VIng WIRpTEAnReReisy steauredussd P ghesinepdat of hlaireon an

encodesd dredhim I4aha feinBhab a of | fcSinal fompRi sl ng a
plurality ofencoded audigacﬁgﬁﬁgﬁgggggﬁéggﬁ#ﬁﬂgﬂﬁ gﬁ%esamgﬁgﬁgﬁgﬁgg pl ed
ei t herraigtchanagls §tat damp! cangspatdeo arigital 3aipEHSF tELHAOCCHHANBE 2RGEkGedMDi Ch

i's doqﬁ%e %he.Lirst sanpl.ing rate, wherein the encoded audi-o channel's are
al | saRprey fufis Wé%‘&k&%@ﬁ Rarto theymatlti-ghanngh sigat!rorigiietllyi pesdniddnbaheat i on
IS preytsed gﬁhnﬁagh channel indicating whether the channel signal was
sanpl ed at %he first or the second rate. 38. A conputer nenory product as
clainmed in claim37 wherein the additional information further indicates,
for tg?se encoded channel s representing channel signals sanpled at the
first fate, wh tIMRIEESHERPTE arpdretdiarivesiarpdidreon at brecodapadicdasgnal 3B An

d LQdi j i.ded jer, th ded audjo d
S gnal s B Re BB B ol St taiedr Sorapigteiminy

signal conprising

channeignsis gmapled salwgplaesfiei dahlin@tatdor di b hidhes &0Bhd idadpaher
second sanpling rate which ?? ggublé:the frst sd%%ﬁ?ﬁ%??gﬁg?%lﬁ%gﬁbln t he
encod 8l HEdiABPERE Fel Whemirthglehcosladpiidid chanretsears elt smmabibd gihthe sdcanehighed

wher ej L l,.nfar.mation is pravi ded for each channel indicating
whet h!édr?e’taﬁ'gd'lélfﬁéé‘%ﬁgldd‘sf%%éi%ﬁ%m“s‘ér%?‘éée‘g oryqagh changel idiqapas sdethss theat e.

40. Achannelgigeh] aadsAnslad & it GRabr MEQYIARGaRN @ carrier as clained in claim
39, wherein the additional information further indicates, for those

encoded channel s representi ng channel
38 A computer memory product as claimed in claim 37 wherein the additional
information further indicates, for those encoded channels representing channel signals sampled at

the first rate, which decoded samples correspond to the input signal.

39. An encoded audio data signal provided on a carrier, the encoded audio data signal
comprising a plurality of encoded audio channels representing channel signals sampled eitherat a
first sampiing rate or at a higher second sampling rate which is double the first sampling rate,
wherein the encoded audio channels are all sampled at the second higher rate, and wherein
additional information is provided for each channel indicating whether the channel signal was

sampled at the first or the second rate.

40. An encoded audio data signal provided on a carrier as claimed in:claim 39, wherein
the additional information further indicates, for those encoded channels representing channel

signals sampled at the first rate, which decoded samples correspond to the input signai.

41, " An encoder having inputs for a multichannel digital signal and for a downmix
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signals sanpled at the first rate, which decoded sanples correspond to the
i nput signal 41. . An encoder having inputs for a nmultichannel digital
signal and for a downm x SUBSTI TUTE SHEET (RULE 26) WO 00/ 60746

PCT/ GBOO' 01308 -44 specification, conprising a matrix i nplenmented as a

cascade Giopskdg¥hd 1 ve matrix quantisers and furnishing a f .encoded
informati.on formatted as a plurality of substreans, the dg{c;ﬁ?%aofbﬁ?éa% first

substream bei ng taken froma strict subset of the outputs of the matrix and
containing sufficient informati on'f%r" i npl ementati on of the downm x
specification; wherein the matrix conprises: a first primtive matrix
having terns conputed with respect to the specification for a first
downFPSCIEsEIRRtomMpSistTE @ harixampbnapiad wsfa caprade pf pimptiverritinkeumeisersants

subst hal he first, .downn x _channel, multiplie a scaling.factor;
oo dRidle el o bh &hac (MR HARRED Al bheiiy SHodbifurtn e AR BT el ent

nul t ifRbydub@reatrBeify ttikéh Mfm h@nfd fubbetRdd tit LR BE HeXmhSixSMRStaMibak! v zero
42. An encoder as clainmed in claim4l, wherein the first primtive trix

nmodi Bidisienn nfopuationhfen repletiguiatign ofitlst downmin ypecifecatiangedtretogkfmaiient in
t he speci.fication for the first downm x channel. 43. An encoder having
i npuf€™PBF®Sa nul ti channel digital signal and for a downnix specification,

conpri sing a,mk hﬁl-g-%ﬁm%@ﬂg@g@ q : | L I ntisers
and furni shiang g stlrleam of encg e icgfhgr?ﬁ%ﬁlg%e?%érc%t*égp@%h%%?gl ity of
substrstsirypmichehadatlasuch thatan olitpus bf Gielisttrpeanitive mgrik akabsthhanyahs fifs: ct

subset of .the oat puts of the matrix and, containing sufficient information

for FRPMEHE SRUgPlisdhly dsRAIRS f2¢Yedd i cation, wherein the matrix

defining the ‘S, | ol j reamin te .of the
channel s of afl%ﬁgﬁﬁbﬁﬁltﬁ:‘%ﬂﬁg}(héﬁgﬁg%?m%ggmpgt\rfg%?%‘g@ §étarc§egﬂu %”anrlllgtﬂji’('%
or t hdgangiut bbthedatr mihieive ndix Aubsiendaly 4aayi ng i nputs for a nul tichannel

digital signal and for a downm x specification, conprising a nmatrix
i npl enented as a cascade ofprimtive matrix quantisers and furnishing a

stregsm of en information fornptted as a plurality o f. substreans, the
dat 2t the P epgedeRinp SIS P aTt, MR o st Bt SapaSonter it

out piipat CharnbE hiBAE iskbaRdia0ONhaiiWeBd coeidibmti BNthel HeLiHBESP Tolf e first

i mpl ementati on of the downm x specification, wherein the cross correlation
bet wisknmhkehapeghsni t t ed channel s of the first substreamis substantially
zero.

43. An encoder having inputs for a multichannel digital signal and for a downmix
specification, comprising a matrix implemented as a cascade of primitive matrix quantisers and
fumishing a stream of encoded information formatted as a plurality of substreams, the data in the
first substream being taken from a strict subset of the outputs of the matrix and containing
sufficient information for implementation of the downmix specification, wherein the matrix
defining the channels transmitted in the first substream in terms of the channels of the

multichannel signal has rows that are substantially orthogonal to each other.

44. An encoder having inputs for a multichannel digital signal and for a downmix
specification, comprising a matrix implemented as a cascade of primitive matrix quantisers and
furnishing a stream of encoded information formatted as a plurality of substreams, the data in the
first substream being taken from a strict subset of the outputs of the matrix and containing
sufficient information for implementation of the downmix specification, wherein the cross-

correlation between the transmitted channels of the first substream is substantially zero.
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c ncTTTrrrTr rrrr. r m-TT -. WD 00/60746 - 45 PCT/ GOO 01308 45. An
encoder as clained in claim44, wherein the said cross-correlation is given
a spectral weighting that enphasi ses the frequency bands that contribute
substantially to the transmtted data rate. 46. An encoder as clained in
cl aim 45, whnewa4s t he said cross-correlation is given a s | ghting
substantially as defined by the digital filter (1 --- z"')&,%ﬁﬁ]@lr"gwﬁé: 1, 2
or 3. 47. In a | ossl ess encoder corrpr4i sing an input for two or nore
channels and transmtting output si'gr?a“l s that are linear conbinations of

t he i nput channels, a nethod of determning the output signals for
transrgéssi on, conprising the steps of (i) establishing a first |ist of

i nput “Shannel £\ ¢ikade asadaimed inslaigetq. nwirgeiouhpetid csisgratrsiatiais diearea been

det er g,pg ohli ission: (ii).deleting one channel fromthe first list.
and c%osﬁ\éﬁg’fﬁhﬁggﬁp ¢ Op%gsﬁgg:% fkbe)nﬁe%‘fcn‘f%é’g?‘ggn’g?h FoRYTEWS yastantalvitashd i r st

| i st ardsmifited deta@atbput signals determned for transm ssion, the |inear
conbi nati on bei ng chosen substantially to mnimse an entropy neasure for a

signal equal to the difference between the said one channel and the |inear
conbi nation; (il | 1 ocating.a scaljng factor to the difference signal;
(iv) gﬁ] ocat i ?1\8 et“z:n%&§ é"élcgdmagf‘i‘ é&érﬁcdé’ hgrran thessash crpas-perrelgtiqnialgiveara

t r ans gpee&raORei gRiHE tibQhh g ?r b - tput, signal_in the second
list; and (v) rg%eati ng stygar?s Ilhgé";1 Bi’g{é(‘?%tél;}ggergpf Uri h‘é’b"gri"ﬁ’p“uy}c‘?fg'nnel or
channels. 48. A nethod as clainmed in claim47, wherein the definition of

t he oyt put Si%naﬁilf’ co%i ses the output signal itself. 49. A nethod as

clai mgd in cl ZiAPIEss Gicorer commsingam inpet fontvet ormere shampets apil gaadmittmgnpr i ses

mat ri Jug Qﬂﬁ%ﬁ ak [ [ ] signal to al cul ated. 50. A
met hod gs c aiscrig%:it al?ﬁﬁré a?%“?%tl&ﬂg?gwﬁ #é{let C#' ?’F’s?bs’ﬁir%‘?tgﬁ‘?cgoé qcﬁ“’trfnéﬁ'i‘%/‘héqual to
t he eentpuisignals fof ramspiidsiorh aomelising adstefieosecond list is initially enpty.
SUBSTI TUTE SI—BET (RULE 26) WO 00/ 60746 PCT/ GBOO 01308 -46

1 establishing a first list of input channels, and a second list defining output

signals that have been determined for transmission;

(i1} deieting one channel from the first list and choosing a linear combination
of the remaining channels in the first list and of the output signals determined for transmission,
the linear combination being chosen substantially to minimise an entropy measure for a signal
equal fo thc difference between the said one channel and the linear combination; |

{iii) allocating a scaling factor to the difference signal;

(iv) allocating the scaled difference signal as an output signal for

transmission, and storing a definition of that output signal in the second list; and

) repeating steps (ii) to (iv) for a further input channel or channels.

438. A method as claimed in claim 47, wherein the definition of the outpuf signal

comprises the output signal itself.

49. A method as claimed in claim 47, wherein the definition of the output signal

comprises matrix specifications enabling the output signal to be calculated.

50. A method as claimed in claim 47, wherein the first list is initially equal to the entire

set of input channels, and the second list is initially empty.
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51. A nethod as clained in claim47, wherein the second list initially
contains signals that allow a downm x to be recovered, and the first |.ist
contains a subset of the set of input channels. 52. A method as clained in
claim47, in which the step of deleting one channel conprises selecting a
channel fwgosledg¢1 on fromthe first list for which the ab i tudes
of the coeffi c7i%ents in the |inear conbination do not excﬁmﬁeom
predetermned limt. 53_ A nethod as clainmed in claim47, in which the step
of deleting one channel conprises s¥lecting a channel having the small est
energy 54. A nethod as clainmed in claim47, in which the said scaling

factor is +l or -1. 55. Anethod as clained in claim47, in which the said

scal i51g fact ok nigshot Qdinrel2n clafl 47 AVAEERAH: 8% 06l BLITRAial) cg{uﬁin@m N
d as claimed®in claim

which the said entropy nmeasure is energy. 57. A netho
47, ithatwilogha dhensak do batrecopsredeasiuthe first leshepgipins cadubstiadfate wéttdl iap@pect r al
wei ghting,that enphasi ses the frequency bands that contribute
subst® ﬁ?‘?eaﬁ'l y to the data rate of a conpressed output stream of the
encoder. 58- A nethod as clainmed in claim47, in which the said entropy
measure is energy calculated with a spectral weighting substantially as
defid@d by t e mithod ab cldihieérin (dlaihe? eilnwhich, @@ sdep 59 deRtiABIMeL1afng! & med
inclaim47, in which calculation of the scaled difference signal 1Is
per f 6PRPESERsciEcHing arlidnpel faedalétiondtamthieSust lis6®r whidhsbdaidome: magitmel dfn ¢l ai m
47, i i.ch the scaling factor has a magnitude of . less _than unity, and in
whi cﬁﬁea%%{%l%nﬁsaf" (1?'8\%“5? magegogiot 5"9‘%‘&8\?&‘? Frrgeddiiithg t he scal i ng WO
00/ 60746 -47 operation are provided as an output signal for transm ssion.
PCT/ GB00/ 01308 61. A nethod of encoding two or nore channels to produce
out p88- si gnals mieghod s ghemed $i chimhél, iarehichnbarstepoabdelating eac thait® | nput
changg&sﬁséﬂg net hod cog@{i Si ng: determ ning the output signals for '
t r anSTHREFSRCIFEI MR PRAnGERABLE (BF SRAYCSHARETBY- clains 47 to 60; and
cal culating the determ ned output signals 62. A nethod of encoding a
mul ti channel signal containing input channels, and a

54. A method as c}aimed in claim 47, in which the said scaling factor is +1 or —1.

55. A method as claimed in claim 47, in which the said scaling factor is +% or —%.
56. A method as claimed in claim 47, in which the said entropy measure is energy.
57. A method as claimed in claim 47, in which the said entropy measure is energy

calculated with a spectral weighting that emphasises the frequency bands that contribute

substantially to the data rate of a compressed output stream of the encoder.

58. A method as claimed in claim 47, in which the said entropy measure is energy

calculated with a spectral weighting substantialty as defined by the di gital filter (1 —z™)", where n

=1,2o0r3.

59. A method as claimed in claim 47, in which calculation of the scaled difference signal

is performed by a primitive matrix quantiser.

60. A method as claimed in claim 47, in which the scaling factor has a magnitude of less

than unity, and in which additional low significance bits recovered following the scaling



downm x specification, conprising the steps of. choosing a first input
channel having substantially the |largest coefficient in the specification
of a downm x channel; and scaling down the first input channel using a
primtive matrix quantiser in which the coefficient of the first channel
Is less t oA o and the coefficients of the other input channels are
substantially Zero. 63. A nethod as clained in claim®62, iPCHkB8KHII308
additional |ow significance bits recovered follow ng the scaling operation
are provided as an output signal for4yransm ssion. SUBSTI TUTE SHEET ( RULE

26)

operation are provided as an output signal for transmission.

61. A method of encoding two or more channels to produce output signals for
transmission that are linear combinations of the input channels, the method compusing:

determining the output signals for transmission using the method of any one of
claims 47 to 60; and

calculating the determined output signals.

62. A method of encoding a multichannel signal containing input channels, and a
downmix specification, comprising the steps of:

choosing a first input channel having substantially the largest coefficient in the
specification of a downmix channel; and

scaling down the first input channel using a primitive matrix quantiser in which the
coefficient of the first channel is less than unity and the coefficients of the other input channels

are substantially zero.

63. A method as claimed in claim 62, in which additional low significance bits recovered

following the scaling operation are provided as an output signal for transmission.
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