1' DESCRI PTI ON MATRI X | MPROVEMENTS TO LOSSLESS ENCODI NG AND DECODI NG Fi el d
of Invention The invention relates to the encodi ng and decodi ng old
igital signal streans, particularly digital audio streans, with reference
to matrixing multichannel signals. Background to the Invention
Lossl ess conpression i s now anestabli shed neans of reducing the data rate
required for storing or transmttingsa digital audio signal. One nethod of
reducing the data rate of a multichannel signal is to apply matrixing so
that dom nant information is concentrated in sone of the transmtted
channel s while the other channel sbEaCryTieatively little information. For
exanpl e, two-c I e arly the sane waveformin the |left
and ri ght chan%jf\}gﬁ?{fiﬂgggggs%#ﬁg%c{eﬁgﬁaqs\és%w%@@P QECQEHNGN case it is
nore efficient to encode the sumand difference of the two channels. This
process is described in some detail in WD-A 96/37048, including the use of
a cascade of 'primtive matrix quantisers' to achieve the matrixing in a
perfectly invertible or |osslessSpni8hvestion The process disclosed in
WO- A 96/ 37048 al so envi sages the use of matrix quantisers to apply a matrix
to a multichannel original digital signal in order to derive matrixed
di gital signal Shé@phesaakbgns RRAKEE i@RF &S abl e for general
donmestic |j.stening. These natri xed %j %‘ﬁ%‘?’?“‘%&g‘ﬂb@“?‘é‘é‘@?" ed™ ‘rl{%‘é‘n?:r Trier
such as a THD *“didUtHe Yihdrrarsy pmayeamemutichainailignabeed each matri xed
signal to a | oudspeaker. The advanced pl ayer, however, may invert the
effect of the matrix quantisers and thus reconstruct the original digital
signal exactly in order to rBpketyed @ thejlpveatioml t er nat i ve manner. In
a comercial application of DVD-Audio there is a requirenent to conbine the
above two concepts so that a transm ssion system using | ossless conpression
may al so provi RSSO EImPESHeR iF hovesh eslablichbd mends afitedicing it akia Sicgiqliced k2 t hi s
appl i cati ebridd§ &H6kkkd 6 ' si gnal _has, t wo _channel s whereas the
original si _nggl ha.ghlﬁ_glf" g C{I%Iaa{lh%&?v\(gs%h%hgée esr?fﬁ?%du%f ‘?%‘(ﬁ“tgi tgﬁg @iHE Of Amtion
nust be pPBUFiaHe! signagis fappply Metriisk ¢ hixalnmahnt SifgaaliodidcdaeniaeOM edr@dyr however
t he addi t iy@nahslildO, QN uld nat inpose a conputational overhead for
decoders t hat llS\/rvll!“{saék{li {ho !éc‘%h'eqﬁ%%tq?rm%a%%ﬁ%w rﬁ’&f‘Y‘?qgéﬁleS‘f‘@ﬁ%“oéﬂlﬁf’F
Cur r ent | yexaaiplgi taichannd migtid 18ay tearadly thB Suvicttaeetordh fnlthe2d Ridtish: RRdeP@PUI ar
Digital Sigr Processi ng.(DSP) chips designed for audi o such as the

or ol a SA08b 4™t iEiter &

Mot or ol a et hes "B g8 WIHLSE 8 o affisieqier encofdothe wen andhe

processi niffdesc ol hietvd Mallls ATRSHSLOGE; A0S NELAH: G AN TPRFABAYLE N9 a word
wi dt h greazﬁrﬁt%an the original signal. Because the use of ’

' doubl e- gF% fUse Ob ABTIENE b rprirmsti v ORIk iqtdntiedry/ texghens ivematdxingeirhod i s
needed tq:exiféchpmvérh@felaifi%@éﬁhmgt o be substantially carried out while not
W

requiring an I ncreased word th.

he process disclosed in WO-A 96/37048 also envisages the use of matrix quantisers to

apply a matrix to a multichanne! 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 foudspeaker. The advanced player, however, may invert the effect of the

matrix quantisers and thus reconstruct the onginal digital signal exactly in order to reproduce it
In an alternative manger. |

Ina commercial application of DVD-Audio there is a requirement to combine the above

two concepts so that a transmission system using lossiess compression may also provide both a

matcixed signal and an original signal. [n this application the required matrixed signal has two



Finally the consumer, having bought equi pment designed to provide |ossless
reproduction, would |ike reassurance that the signal recovered is indeed

| ossl ess. Conventional parity and CRC checks within the encoded stream wil |
show errors due to data corruption within the stream but they will not
expose errors due to matrixing or other algorithmc m smatch between an
encoder and a decoder. Summary of the Invention According to a first
aspect of the invention, there is provided a streamdivided into two
substreams the first substream providing information relating to a

"¢l ownr ni L...2Ptal ned b trixing and containing fewer channels than
an ori gi n)ziclha%lﬁfgp ?‘cﬁ%n‘he g g%W§ s [aF- Vs hg“ ‘é‘r?d:hi“ﬁ‘élss‘&‘ﬁoﬁqg“‘§ﬂﬂ5§tf?@am"pr ovi di ng
addi t i onalmyshbopmeitédn abbl ﬁwmgudhbz&xeofih@ll tabe RtvtlegNaRREL:, QL didi@nasi gnal to
be | ossl esgf Xna;ggql\éelrded b\g/ a _decoder. In the context where both substreans
are conveyed uUsing ¥ 3 SAPRUELONY g verhead durslaeoriers Hiat wish coltestediv y t he
downm i x Swgdahnﬂ&ed&ed@rﬂ%wr ess the first substreamonly and can
t herefore use conput ati onal resources than are required to decode the
nul ti channel d| g| QY gipafiio is often wranprgiugd yith 24 bits, ohd phipwdarfhigist Sesgect , t he
first SUbgmm@W ) Bipsiiepinds Beaddvo s@clpisWe@!(dt&r)ﬂa?é@()ﬁ%%{ﬁ&%%yh dlcOWI ng a
plurality, tﬁgtd'f ent matri xed presentations to be se ectedl %\l

however, thé" &8 ﬂ‘ﬁ%"ﬁ BaRfofFsPIPe dertibddninddei 4 PEHEMS ot genemte :eambbrbat al | ows
a_conpl et 2oatihh 03 Tth o GOARACh: Sl | BRAc LR BEF SRLACHES L,
| ossl essl In a preferred I‘ement ati on of { <Y aspect an
encoder f “?H‘@E i5¢ fpyghi Hﬁmﬁxﬁe@ﬂm h&tﬁihsrélmgc@ed:ensdmdethefprmmgrm wer e

prim tivesubRidihXy Sl o nts anti by /7 matrix,
foll oned by sel ez:tl ontogtfuﬂ{lﬁgmﬁ ghg mﬁe%g‘é‘q“{ﬂo‘%‘é' for the downni x. A
nul ti channel &Bebdehe wpishmeralhevingebcsiiyn adispriano nekigidd subsdviamssiand apply a
cascade df rder to, recover the aoriginal

mul ti chan%‘gf)&\séﬁ(gﬁgm%?[m rEASSlm" éaté%enégnagrf‘éoderﬁg?&dﬁ?d lpgsiest despvanienat hannel s
that are AeRfyged @%Cpﬂmksdemodmen&demmaﬁalsmommmbecoq&ae&%lp&oé %@dm the first
substream,ane.pl aggd, at, the begi nning. However this may result in incorrect
channel order; ng at ¢ na! SpEREEE SFop e (e Rggatreor et darrithsts mrater abl y a
channel peteet @tdnonlei #d spesidi ed by t he encoder and inpl enented by the
decoder to recover the correct channel order. Preferably, any
truncation or rounding wthin the matrixi ng should be conputed using
dither. In this case, for |ossh@ssy §1QfE NQendidie di t her signal nust be nmade
avail able to the decoder in order that it may invert the conputations
performed by the encoder and thus recover the original signal |osslessly.
The dither nmaech@ingePiked y saged in WO A
96/ 37048: but in the cont e&é'téﬁgpgzémgggpgggét%@ﬁ%?@ﬁ%@%&ggﬁ%ﬁgt gv&t odi t her
can be aVBf“(fé’BsH}Ffﬁ?‘é‘%}isiﬂfiaﬁ'g’“a”@iﬁlh@rmg@ede!atmgtduédmoﬂecknsttobﬁam Hyhat al | ows
a decodefmattiGns ¥RLd: 0 used by
t he encoder . 8 ngm‘%?g&%?téﬂg%g%r |%§H%I%a ztéctg%?{ﬁp‘ig‘b%h‘@“%f W?

i nvent i o%cond [§sEeds pioriding déiitiamal iobshess aﬁmgmr@masmsmaﬁmmaiauﬂl ng a
di t her it stream The ither seed is used to
synchr oﬁ?@gl dgrbgslgude@ Q’? g%%%?ﬁgs  fLdTRET geﬂé?eaf%‘fe"f W%?rﬁé’Oﬁ‘e%‘Bﬁ@F”1Wieh a
functi orvaweyed ld@gthse!ads cgeiresiah,afdetdleadatABEREEInly the downmik Be@il ndAPGr t ant
appl i catg.Q m stthh gentl o t he downm x has two channel s, and i s nost
conveni ent éerl SRR el pdicar tere e use ferarsoppitaionilyesowaestian aguant i ser s
to the (Dfrqugd:d’talded’i?dkEﬂe%ﬂﬁﬁﬂﬁhel@i&'ﬂﬁéna& gnal . In enbodinents that inplenent
t he second pect. of the invention, dither is required by each quantiser;
nor eover di fér @RV e Rrsspest. dh%érspﬁmir@edmﬁ\obe tehipcddiy gplantiiys#r s and t he
pr ef er r eghsipdapioaliicu f n ither is
triangular. An eff |H§c@i/aeg![u§a3\ag MJ{?Q? n#%ﬁ&éﬁ%f PﬁgrisrtFééﬁ@ﬂ]I%%?‘gPﬁﬁa‘(‘TPDF)
di ther SP%ien te laghiubsicenrs erlécfoararreaﬁdttmnﬁemfemuasthaﬂhlfawsmderﬁbl&laexﬁgmatI s to add
and subtnmlgﬁa n PDF (RPDF) signals. For further
details and gngﬂgrgéﬁaﬁgggﬂgﬁg{egmgmeg &ul h’e see R Wannanaker, "Efficient
CGeneration of Multichannel Dither Si gnal s", AES 103rd Convention, New York,
1997, preprint 4



no. 4533. - Accordingly, in a preferred inplementation of the second
aspect, the encoder uses a single sequence generator to furnish two

i ndependent RPDF dither signals, and the sum and difference of these
signals is used to provide the dither required by two primtive matrix
gquantisers used to derive a two-chanpel downm x. WO A 96/ 37048
describes the use of primtive matrix quantisers within a | ossl ess
conpressi on system and above we have referred to a preferred
inplenentation of the first aspect, which also uses prinmtive matrl X
quant' sers in OIrlqsgefethd mp%%nltahcﬁx c}fﬁx QQ%&)&C@Q\ cl;ug% ! rrgghes(aledov 00 1 mé
signal into a separate substream ccor y, I'n AT G pect of
the i nvent "YAe 2 eres of pes Pimew Rzi*edﬂ*@mmdequsmawd e@é@bdmcismmmmsmn Agy
unconmi t t echaRixi m&wa&%@&&&bﬁ%ﬂ%@%hﬁﬁ&?re L8 81 %Odg)\evr haVI ng logic that
accepts a downm x specCified as a matrix 3 RSP EMBR 's, allocates a
nuber of pri mi%nykchranal ﬂ%omaﬁktalsehesxgmds framn imttssinbﬁuhﬂm{kﬂﬂ\mprm%aﬁﬁuiof

opti onal I'y;glloGaligs r.th nmber  t r|x1n to reduce the
data rate. The en(fg e[?at;'gers N g’ﬁer Ca"St ?{e[gemgn Il 5.' W%"%’ﬁ@é‘ iE3¥§6hs of the

primtive ¢pasiddrsd quantto oeies e chdeels sad areamﬁit eblcxhd: advalidrys dABMdd chsdg. t he

addition o | referred | ntatlon the dither is generated
as two RPéa‘g{ F%rm g‘%&ﬁsgﬁ@)esgemé?‘fap %t,{ RFEIILEe Foprys bis gEresttient for

each dit hetnccs@qmmel or&rallg‘mlnmedjutﬂiIEBflfﬁ dﬁelfﬁdsr Ohbal aB! ReBYLIF REGRAN¥ N t WO
coefficie th se of a first primtive matrix
quanti ser, e ﬁnugjt{m 5 ° ec |b(’§|“§ﬁ?°é’g?ffa“‘gmi’g§?et“5 QY@ﬁd?‘}?d?fﬁ‘éreé%l‘éfé‘héfzoré@c‘second
primtive qﬁamimxdequantl ser. In an el enmentary inplenentation of the
third aspect, hg g{ imtive matrices are chosen so that the downrnix
signal s are trafiSH Yt ¥Y TRt pyrosuingathi he patging shaulihe Pmpobrsiogt hi s nmay

not be optditiea! nfild cab iR lodiesk RARRNEe d:@@ﬂsﬁén@ﬁﬁdsﬂg whaBCa A BNAD RELiS o 8F in@
mul ti chan%{d‘{E l}s‘ubspace as-defining an n-di nensi onal vector space, the

signal s t VLAY VAT e aeypstionsgtipmed bnthg ecpdpe ard thioverme e tiw‘dngmﬁ orma
subspace. sigfal Wit HAGUTRA bitoc Ry I CHARAR! Siok BE Dbl P URIRACE Mibdecizual | v
u

al so be of _dinension in. The signals in the first su ream s d then
convey t h&Q-A-83esheidhe @m@wzﬁe st Farerdsgion sshénah amaytthquaeonﬁdds

transnitt Sﬂﬁ&bﬁﬂﬁ%' (ﬁthtezoséeg r?;hlﬂhéddé(?gtréaﬁpzrhﬁs ?lrr)‘&r% 'd?:cg) d2f 1! sgrgc omzaen]d ccoder

channel s. us matrixin acilities are usually nee
desi gned #iferrgrsvasss tat*db\mlnﬁl wassusgh*a’l th@mcyder Audi o SI gnals are normal |y

conveyed usin or ts o SBl0SS | ess reproductl on s stem such
as Meridian nggl%fgggg& gégl&g 'ﬁ? Spﬂ? ?g guaP[é?ﬁ‘t REE & REt 9 ‘Effhgsﬁut will

not 5 ex¢awdsadn stysttxs 1rhteﬂ:(&lg$ehthda®eedm Ot Babdddnpsitead) TheRQhereXGeade2d bits. A

descripti N obt ai ned from.DYD Specifications for Read-Only
Di sc, Parsgrné{l? L Ruél n%p‘e'aéﬁg?'f’c?%cl”f'bcﬁ&”eﬁé‘?ﬂ%% E%f‘erl\‘ﬂ_‘@ Rerdspbedsdedr mat i on,

Ver si on lgefsrathinehegt8@9, and from WO- A 96/ 37048. In the case of the

downm x, the Putput | evel is defined by the matrix in the decoder. In
principle one CHSJPH"?E‘&P@‘CFH@‘%?HFEW“%?‘F#WF@H%%&%OWW& pl ipmesput can

never exces@nkht Saled Bf RMphla8SH8} fvo primitive mairix quantisers to the original
multichannel digital signal. [n 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 ewo such triangular PDF (TPDF) dither signals, which is referred to
herein as ‘diamond dither', is to add and subtract.two independent rectangular PDF (RPDF)
signals. For further detaiis and generalisation to more channels, see R. Wa;namakcr, "Effictent

Generation of Multichanne!l Dither Signals", AES 103rd Convention, New York, 1997, preprint



defined by a 24-bit word, but in practice this results in unacceptably |ow
output level. Mreover it is not acceptable for the encoder to limt or
clip the downm x signals, as this cannot be done w thout affecting the
reconstructed nul ti channel signal which would then not be | oisless. An
out put | evel that exceeds the saturation threshold is referred to herein as
‘overl| oad'. Cccasional overload of the downm x signal is considered
accept abl e. except that digital overload, if allowed to 'wap-round', is
extrenely objectionable. The consequence of wap-round is di scussed bel ow
in nmore dewa#d33. Therefore in a preferred inplenentation of the first aspect
of the inventi ecoder _t hat decodes a_downm x signal has clipping or
similar limti %%"?%%%ﬂi* it T Bigtem f?t’%“?“?%‘&“&‘b%&’ﬁé‘fﬁiﬂb%a%&fmtlﬁ%ewﬁaéwitﬁesw t hat
the ef f ectstgbfsequuesgo@ashane wagih Wi if&hiBRANIDE dither signais™) tlEgFmggnrasequence
of the 24- f1t tratﬂltlon in high quality audio is the avallability of DSP
processi ng R Ohlbgie mipnals suussd to provide e dilkist ekawiralt by Bacprimitiverntidke Mat ri x
qi i anti selquasisdt Bed 98 ety RiAnd 8w 348 nodi fies one channel of a
mul ti channel signal by adding proportions of the other channels. Such a
primtive mat riVe-48hioig deschises the ster ofi mintit tehmouig hjugaisers Gfithi b tigssiesthe
i nventiongd ; < RLovi des f a imtive matrix _quantiser that
accept s acgag‘ir%s%lgﬁsgein‘éiq‘zdﬁ%%%?’e'(ta e rﬁ%ﬁ?‘f|°eaap'(9?ﬁe§ﬁ?181’?ie‘5‘?%mﬁﬁ§f g}‘i f5ddi ti onal
dat a pat hawebwhichsisk twes primitesuadheagis inmyerbepls@ thetiffofnaidh Hquil@gs t han
unity in 9r o.avoi d overload The quantised output of the primtive
mat riyx qugra?ﬂhg%rs{%aﬂ“%ta}%%mébs HA™ ess information than its input, with
the remi ni ng Acerfrdingtatin othidb eipag o ORI KinlGtkhim® 2@ dded BRbddEagti-Siagai T i cant
bits (LSB hat are generat.ed by application of the gain coefficient. Sone
or all of('%%nﬁté“s{t uﬁ%iﬁrém'g?d;prf‘wgﬁc ?‘f“\éﬁé‘ﬁg‘t“fcéﬂ theagspder B19ng Reie diph2¢chts #sb bypass
dat a pat hMownmixzascifieda$ zaham’itc) difcb&fﬁci&ﬁﬁgll(ﬁﬁte:aa Q%L%L&gg&%ifg@mx Rhdlsgs a single
LSBis g hat .can be nyeye rough the Is ypass. In a
fifth asg‘gg{"ﬁ%‘fqg"t‘{%"“‘f‘h"v“&%?W‘Bﬂﬁg’ﬁﬁ?‘%ﬁf 6%7‘?B€§u5‘bF‘d%%‘Pé‘§%mi‘6h'@éf@TF@&% ure, a
check valtbredazgaie ofpuhedeoimishes 2Rikdoh ERGMIG] speliBblioho e BNGAIRILANd 1S
conveyedqigmtspgte coded stream The decoder conputes a sim/lar check val ue
b i

from t he decode t 28Ry dresinflpdeathe rddian of dithery dnepetmeby ed

Wi t hin t lieplshereaion, tioHrheal deferkted @&wm@pat%}%aémés%%%&ﬂeé%%iﬁeés a
t ossl ess' qgl.l‘g t to the listener that the reproduction is truly |ossless.
In the cASEBTCH ‘AL sehreaced dipmnd dibeos divigblaimabih by specifyingspect of t he

i nvent i 0BgeflidikasGOMB ink sioh i YAL cal JFQBisd: &%ﬁiti?@ﬁlQQ:QHGMiQJ? ) mﬁ‘;@o&ﬁiiﬁ-ltsnal
i t her ed I nt

si gnal . NFvert,he_I ess, if a synchronised d i's provid € decoder
accordin§ ?%Osftﬁég%é’dﬁ?f&%%fﬁé@qosld pirditive mptnies qdegiseter matri xing is precisely

descri bed sugh at?éemécngz;y i%%@h{gﬁonto?ﬁle third aspect, the primitive matrices are chosen so

that the dowamix signals are transmitted directly in the first substream. However, this may not
be optimal for several reasons. Considering the n channels of a multichannel subspace as
defining an n-dimensional vector space, the signals that result in a nonzero output in a linear
downmix will form a subspace. If the downmix has m-channels then the subspace will usually
also be of dimension . The si gnals 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 desi gned

to recover a downumnix stgnal only.

-Audio signals are narmally 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



matri x quantisers according to the third aspect of the invention, then the
downm x re-production is conpletely determnistic and can be sinulated in
t he encoder and auditioned by a nastering engi neer or producer. Therefore
t he encoder can conpute a check value on the sinulated dowm x and this
word can be checked by the decoder, 3thus confirm ng | ossl ess reproduction
of the same downm x that was auditioned or available for audition in the
encodi ng process. An encoder that incorporates for exanple, the
"prequantiser' described in P.G Craven and J.R Stuart, " Cascadable Lossy

Dat a Conpr Lass Audi 0 Bug. Soc., Abstracts,
Mar ch 1997%51%@%!’&%”9”‘%"”%“3 H@ﬁ‘iﬁe‘%‘?ﬂéﬁ’fﬁe‘?ﬁ"‘ (s A Ae6rirosPEML8ehay be her ei n

as ' AES 199Ptainchinen WNDIpedantiviaselai ©ngd bied, P @, REdi@shalncmeht ipchannel

nal bef a choi ce an 0 tati on of the check val ue.
is:‘glt corrp(SF ggm}%%keﬁgéﬁé“ta%‘fadgn FBHR EI‘?eMB“rCPé?Eﬁgp‘IE“%ﬁO@Ir%‘PA%@Wpﬁdlhtfa@| o\rll 01ch

| ossl ess 1 epr olibcdowomins the bups 18vEis déMSSbLRS nlalr@h 10 BeBadeHGGLL W L. not
illum nate (q‘ltucuuagrh assa e% that have been altered. An al ter-nathe is to
nmake the altere GR&T Cat AT s dhat Be ontagicen B caexcppd e sefiratiprethesiogtli ng

process, aﬂd'lﬂtctiay@@%lﬂfmﬁrdt m!n@l‘h@ﬁd@ t @-}e'slﬂtsinr &H&&&%l?lo&%ﬁﬂz !E oreov]a-hl S 1s
consi stent. W wnm X case: in both situations t ossl ess li | ght

i ndi cates '8 {]aéﬁegta?lé W GRteHe briter dipghadovirat sigmds, avhis kalobebefioge audi ti on
at the enooﬁliongxfﬁct:agew tructed MuldciPhed SLAEG, t at he check

val ue is a pa check word that s co gﬁ%egkcgﬁjogﬁqpt"ﬁgz li':eﬂgsﬁ{ﬁ%l & fn oan
embodi nent Bt SY%@W&E‘?BF@ ”?"rfé‘“fai‘?ls‘tmfa@fkéé tefefedtthkerdimysenteiion. Qchaichilr st

subst r eamoyeaitiaab N @BwRAlxislohal NS G e si mJI at ed
downni x before any nodi flsfzgatl on such asE%?%pelﬁ?eﬁ%Ji;@’gm OVQfE’ad% gh Wi d

over | oad, "WAT AR e‘-‘s‘-‘é%’i*f‘dbf@uﬁﬁg?qﬁé@nfmnmmca)fpmprrbwdslmeksem&tdwcorrput ed
fromthe complbei MilddGhanng | opputin arity, the
word representi ngi eac?h ch anneiafc&éﬂlgin@ﬁmscﬁgo ertgc‘g@ aépﬁﬁg?f%ger‘“gﬁl““‘f‘ﬂ fs equal
to the chAFRYES thalderedessodavivatix alamérhas)r:h;a:irfgemrtgxrﬂ@rttMnghﬁaﬂﬁésSafﬂeld&@t| cally

has a hi Thr oughout this disclosure,
nor e palr '? F%ﬁ%ﬁgfg:‘tg%aﬁ%ésﬁqgat Q%cfgfef%(’%ﬁ&%%fl A 9 %‘@é‘g‘g’g etj hat Ir ecolr d an -

encoded st r eanoticcostequances Miedidabistaitionsn RAYPquaRdadiR 1@%‘39&&@&11&9%‘?095 Ses
t hat retrbgyﬁr&g?ne&;g ed str amfrom such storage nedia. It should be
under st ood B AR08 22 BE B W H Y Fre Rtk @rimdtive muiritguemsistriae

i nvent i ondisigsebén Bakd %ﬂ?@ﬂnﬂoﬁﬂ&oﬁlﬁdct‘%ﬁc@%ﬁa Hﬁ;h@garﬁasﬁmal %%, AdidY
transm ssi on medlta}&l ncl udi n g baseband or nodul ated conmmuni cati on ‘f)at hs

t hr oughout HWEE Pt iishthe SUPFEPSHI & mayriuduentieei iob eyrdgheguencies, or may
be used tdfumccm@hneaas&dedroﬁhﬁ B® pRPIes Bl La. s essentially any
recordin tecgﬁg i ncl udi nga%maﬁetl cS an%rg%'?réc}g naf%uaﬂgﬁslegtﬂaéisam “Bidilarl Y,
decoders ”’ﬁé‘l?é‘rfﬁi’ g auh éaswnvé&hmr@mamayahtkeom&dsbt BypRfsOCESS

encoded %é@aﬁﬁaapmsaa B&Jaihd M GBS B8k oPERSL Al Ol L0, Dr aw ngs

of the primitive matrix quantiser will then contain less information than its input, with the
remaining information being contained in additional least significant bits (LSBs) that are
generated by application of the gain coefficient. Some or all of these LSBs are then transmitted
separately through the Isb_bvpass data path. In particular, in the case of a gain coefﬁc:cnt of £l
a single LSB is generated that can be conveyed through the /sb_bypass.
in a fifth aspect of the invention that provides a lossiess_check' feature, a check value is
computed on the multichannel input to the encoder and is conveyed in the encoded stream. The
decoder computes a similar check value from the decoded output and comp:res It with the check

value conveyed within the stream. typicaily to provide a visual indication such as a ‘Lossless’



Exanpl es of the present invention wll now be described with reference to

t he acconpanyi ng drawi ngs, in which: Figure | shows an overview of a
| ossl ess si x channel encoder conprising a matrix that is used to encode the
mat ri xed channels into two substreans, which are then packaged irito a
singl e stream and recorded on DVD. Figure 2 shows a mnul tichannel
decoder decoding the two substreans produced by the encoder of figure I to
furnish a | ossl ess reconstruction of the original six channels.

Figure 3 shows a two-channel decoder decoding the first substreamonly to

f urnis h a lighwoo lfhlﬂﬁslﬂemed thz_d MORIFrobuction is trulyth@idése Ifkfe SBOWS s@eaa56296.@fix t WO
primtive matrix gy%ntlsers nmodi fying two channels of a four channel
signals. 2FPHIIEC A6 et aiRect aF & fveon dhedon@e o neyadossiepyrintpdustionadia x

quant i ser srigifd ik N6k ieRsd, 1Y §frkhrbhiSedR{tRe 88 viRd Afind %&)ldgr%ccﬁ)gﬁngﬁé {ggr e oa
shows a primtive matrix quantiser incorporating élt er. I'gure 5b shows
an i nver s&°PM 3ip%h pad Hhe degodqumntrixiperis procshpdrsetbion guatliss.er cxample, the  Fi gur e

ot 1y, e R P R kB PR s o1 any
further | SRS dgrauedisipndcan e gimuda@hinits: monjet enentisivyedtie afmgiries 6a, |
| e e S s sopa Y EBRE T e 127
i nt egr at elP“RRE 35§ Pisveadican 8e ghored by the devsddrttutsesnfichinedsssigisa@todsi@aal .
the same downmix that was auditioned or available for audition in the encoding process.
An encoder that incorporates for example, the ‘prequantiser’ described in P.G. Craven
and J.R. Stuart, ‘Cascadable Lossy Data Compression Using a Lossless Kernel’, J. Audio Eng.
Soc., Abstracts, March 1997, vol, 45, no. 3, p. 404, preprint no. 4416, referred o herein as 'AES
1997, and wh?ch can therefore alter the onginal multichannel signal before encoding, has a
choice on the computation of the check value. Ifit computes the check value from the original
signal, an indication of lossless reproduction such as the ‘Lossless light' on a decoder will not
illuminate during passages that have been altered. An alternative is to make the altered signal
available for audition as part of the encoding process, and to compute 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.
Ina preferred implementation, the check value is a parity-check word that is computed on
all the channels. In an embodiment incorporating the ficst aspect of the invention, the first
substream contains a parity-check word that is computed from the simulated downmix before any
modification such as clipping is applied to avoid overload, while the second substream contains
partity-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 ﬁrobabiiity ofbeing
detected.
Thr.oughout this disclosure, more particular reference is made to encoding processes that

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

retrieve the encoded stream from such storage media. It should be understood, however, that



8 Figure 7a shows a bl ock diagramof part of one enbodi nent of an MP
encoder with LSB bypass. Figure 76 shows one enbodi nent of a decoder
that is conplenentary to the encoder of figure 7a. Figure 8 shows a
primtive matrix quantiser that is specified for use in one enbodi nent of
an M.P decoder. Figure 9 shows a | ossl ess encoder preceded by a
prequantiser with an output for audition, and a tossless Check' val ue
conputed fromthe prequantised output. Figure 10 shows an apparat us
for encoding m xed-rate signal sanples at 48kHz and 96l cHz, conprising a

| ossl ess enqades if@&REEEEMid N UPSABRIE fnay PELR L ption of the
| nvention Downnlx encodlné a#d decodlna i # eggég§£ mihiﬁggfg%s Codi ng

for Audio PSRNy 2y rmggisgoERgdia %‘éﬂdmggémbetrﬁb@rchgl%:d apoimuniddiion pachs 9, pp.
706- 720 anehgh h&mls}%@ﬁlm %%Mem@ﬁ? d 9!95‘)1 gcg ﬁ%eﬁ‘m%es/ 3004 n%ﬁ%gtéaf:e{]?ﬁd

di scussions of sonme of the principles use 0ssT 854%%
An i npor t affcodwsititane sl siagep ediatsingressofitiallomg rm&n@mmﬁie@&h@mumg&a%uc

DVD- Audi o, cl,asse t he mul tirchannel player
Furni shi ng b Bur e s bR GRS R E ot D Bhg o et fuimeary i and

the two chafmﬁéienpidaqwﬁaniswbmu@dnﬁmgsﬁcme&ut puts for listeners with two
| oudspeakers or for portable use with headphones. Therefore, D
VD- Audi o has the capability to carry a recorded audi o signal tw ce, once as

a nul tichannel signal and agabf@&iRica\WoreIRaREkLS Si gnal . However, carrying
the signal tw ce has adverse inplications for playing tine. In many cases
the original recording is presented as a nultichannel signal onIy and t he

two channel |i Ekaipek df ShdiphSdhe 3nvdQWMal WX néle e VY. fob®Milh aﬁm'illl% annel
nmast er . If the recorded audio is carried as conventiona (b se Code

Modul at i orf “{THBERY Es1es, n #iishdi sc may advant ageously carry the

nul ti channel regmédmmgsﬂhﬂ@wQQWﬂaﬂkﬁa£9§£$&ﬁﬁ&QB&nEQ&¥sﬂlh%ﬂixmu Rl ayer to
derive a two chaqp dowani x as a |linear conbi nati on o fhe C annel s of the
used to encode the matrixed channels into two substreams, which are then packaged isito a single

stream and recorded on DVD.

Figure 2 shows a multichanne! decoder decoding the two substreams produced by the
encoder of figure | to furnish a lossless reconstruction of the original six channels,

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

channel downmix,

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

a four channel signals.

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

Figure 3a 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 ‘L.SB bypass’
facility, and the separate transmission of the bypassed in the case of EH:'I}' further lossless
processing.

Figure 6b is complementary to figure 6a, showing the separate transmission of the
bypassed LSB in the case of any inverse lossless processing, and a pn'mitiv;ma'm'x quantiser that

integrates the bypassed LSB and reconstitutes the original stgnal.



9 mul tichannel signals. For exanple a downm x consisting of the two o
channels Lo and 12, could be conputed froma nultichannel signal containing
|l eft-front, right-front, left-surround, right-surround, centre and

| owfrequency-effects channels, which are denoted L1,12.1, L" R, C and
Lfr, respectively, using the matri>% equation: Lo Ro 175 0 0 75 .739200

-.126825 -.126825 . 739200

Figure 7a shows a block diagram of part of one embodiment of an MLP encoder with
LSB bypass.

Figure 7b shows one embodiment of a decoder that is compiementary to the encoder of
figure 7a.

Figure 8 shows a primitive matrix quantiser that is specified for use in one er;lbodimcnt of
an MLP decoder., _

Figure 9 shows a lossless encoder preceded by a prequantiser with an output for audition,
and a *Lossless Check’ value computed from the prequantised output,

Figure 10 shows an apparatus for encoding mixed-rate signal samples at 48kHz and

96kHz, comprising a lossless encoder preceded by an upsampler.

Detailed Description of the [avention

Downmix encoding and decoding

The article “Lossless Coding for Audio Discs”, J. Audio Eng. Soc., September 1996, vol.
44,n0. 9, pp. 706-720 and intemational patent abpiication WO-A 96/37048 contain discussions
of some of the principles used in lossless compression.

An important commercial appiication of lossless compression is on DVD-Audio, where
there are two classes of player: the multichannel player furnishing 6 outputs used typically to
drive a 5.1" speaker layout, and the fwo channel player furnishing two outputs for listeners with
two loudspeakers or for portable use with headphones.

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

[fthe recorded audio is carried as couventional Pulse Code Modulation (PCM) samples,
the disc may advantageously carry the multichannel recording plus dowmunix Eoeﬁ?c[euts that

allow the player to derive a two channel downmix as a linear combination of the channels of the



-.5-.5.51 .5j) Ls Rs ft The conputation of the downm x within the
pl ayer is however | ess attractive when | ossl ess conpression is used. Al

si x channel s of the multichannel signal nust be decoded before the above
matri x equatien could be applied, and the conputational overhead of
decodi ng six channels is excessive in this context. An exanpl e of a
solution to this problemis showndn figures 1, 2 and 3. In figure 1, the

mul ti channel signal presented to the encoder is fed to "Matrix 1', in this

case a 6x6 matrix, whose outputs nmo m are partitioned into the tmo subset s
{rno, m } ARG ! ese. subsets e then encoded Encoder

core 0' and h%od:ﬁ%%gpékfﬂmmkado?ﬂ%”§%ﬁ§?%ﬁ§ &P Fhanpals L d@§?

substreanﬂ@mpenﬂﬁomuheumdamwﬂmngaﬁhmﬁmb&ﬁﬁ&ﬁﬁhﬁﬁtH&ﬁnwhﬁﬁn£M&Qﬁ9h a FIFO
i ned t he “~packetiser' to produce a

buf fer and
conposi te oh@%ﬁ? slﬁgﬁnrﬁhﬂﬁﬁmﬁh eﬁec%ﬂnﬁsWﬁdﬁﬁﬁ¥%ﬁ@ﬂ{a§%émﬁw'fmééwshomn in
the figure.resphravelpasiagtieafariehgo FI FO buffer is discussed.in US patent
6,023,233, and is illustrated in MA Gerzon, P.G Craven, -J.R Stuart, M.
Law and R J. WIlson "The M.P Lossl ess Conpression Sy{tenf presented at the
AES 17th International Conference on ngh Quality Audup Codi ng, Fl orence,
Sept enber 1998, refer ere| AES 1998’ To play the
mul ti channel si gnal eﬁcgbﬂffgy thgngﬁdb 2E%m)vmslﬁﬂllgure |, a decoder
such as that shown in £ 273 s~ [16&¢ Pﬁ9ﬁﬁis ‘BHecqgler,| a ' de- packeti seri
recei ves an encoded streamfroma transm ssion nedluwgpr st orage nedi um
such as a DVD, as shown, parses the encoded stream a deparates it into
tmo substreans. Each substrearn is passed through a —_Eg)buffer and a
‘decoder core' Tin8 .k ﬁtlohgfthlérdglvgrpxx \bl%‘llélﬂgrb%a\%f is Hotever CSf r%cetgﬁl nals are

t hen passed through the inverse trix
ori gi nal na¥stercIRERraions§ gpad | All sixicDannels of the muitxchannei signal must be decoded before

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

channels is excessive in this context.

An example of a solution to this problem is shown in figures 1, 2 and 3. In figure 1, the
multichannel signal presented to the encoder is fed to ‘Matrix 1, in this case a 6x6 matrix, whose
oulputs m, ... m,are partitioned into the two subsets {m,, m,) and {t,, m,, m,, my}. These
subsets are then encoded by ‘Encoder core 0’ and ‘Encoder core 1 into two separate substreams,
designated ‘substream 0" and ‘substream 1°. Each substrear 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 MLA. ‘Gerzdn, P.G. Craven, J.R. Stuart,
M.J. Law and R.J. Wilson “The MLP Lossless Compression System” presented at the AES 17th
[nternational Conference on High Quality Audio Coding, Florence, September 1998, referred to

herein as "AES 1998

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

the inverse of Matrix 1 in order to furnish the original multichannel signal.



To play a two channel downm x. a decoder such as that shown in figure 3 is
used. Here the substreans are separated but only substream O is retained,
buffered and decoded to furnish signals no and nl. Fromthese the nmatrix
Matrix O derives the desired signals L" and go, assum ng that the encoder
has placed the correct information jn m and m for this to be possible.

For exanple, if the top two rows oflfatrix | in the encoder of figure |
contai n downtnix coefficients such as those in the 2x6 matrix shown above,
the signals ma and m will be the required downm x signals La and R'. In

this case ' Matyg ol I Ji.s..redundant, and can_either be replaced by
the identity matpi‘?y)% t‘g!r) Q%aﬁr?‘lhc?? (ge%%"%h’adem%a Sﬁg'aﬁsgfait %}ﬁﬁf’érhf‘%e? BAFYr 86t t he

present i HESHISITesms ass seetedbint oiyysuberchia 9ds leaged tHrerdg Beideco®8 td Madsnt he

mul ti chan oyt put signal obtained fromthe decoder of figure 2 is

bi t-for-b?géallsd‘g‘h Moy G e {1 gRAEs MGHE! © Bt dsdietibrdt frmadooaeRnof figure
. T_hUS, tmiﬁ:@mﬂ@l&kn&aﬂ&lﬂﬁﬂ&@@ﬂhc&Qfe@ﬁﬂfohlflaiigﬁ ﬁﬁﬁ,ﬁhd mmﬂhisqgli_(lﬁ%%ﬁhee.ss’ and
Matrix 1 %Lnd |tsl l.?verse are also required to be | ossless. -The 1 ossl ess
encoder and’ GéBGet hedpPR&vamys BEMai kiretie eetoier ddigarst | edram dewnmimnner t hat
provi des doefficleRs slc8 $S tHoQin ML Ddtmarh NsiRWE 65/ iments, these processes
are inpl enented according “to themaér‘o%egrgggg{ehg]f%pgég |°saré$ f)”$("§'c‘1lp en[‘ﬁ?/\l)A

96/ 37048. CELHS AerHE Fighds Fognd Rapindie psk NgatvBO? inxfigureal @ retiuscius sdabel ow i n
mor e det alither b Ry BcddivG ok 1G4 mxa!?%(f%ati&lgde of lossless coding allows a DVD or
ot her nediumto convéy an €enco ed stréamin a formthat allows |oss |ess
recovery o f aftdistitegyishiak faateretaf g areseet insérginals teind mal bOloAidsOMBuSdIREEL T ecovery
of a mat Xed L BPLESE [ r_dowruni x of the original signal using
essential |y the same gélg‘%g {e?al{g%aa%eéiv}%’rm ’ls‘%ﬁﬁﬁiedf’ﬁﬁgt“ﬁ%’s Ybier-bit %F’H@i‘l\‘/ﬁ se be
required ‘*ted“%ﬁe@ymmidyd tohee ocodgi ofigurall t TioRaiRe @hco8drgnaliecoli®t cBfaGE i Ccal
enbodi meRtSen thE: fLGLU age space or bandw dth of a |osslessly
conpressgd S gnatl i n%%%%%?‘gt‘@%ﬁ aanéd%m[ﬁlvciscr’?é?alﬁ‘ém\%‘F"}ﬁ ‘Q1bedeiekess- Ricgher t han
that r eqifisfiesscisgder ral deoriprees's eal taiinpicalaanialessshgiaknah Qer (B Brob@et he

addi ti ongl; i ds0EQLmLLoN: conveyed in the encoded streamthat is needed by the
decoder to r everdgglitbﬁgl" gé\ﬁ%ﬁﬁxﬁm%%ibm%ﬁsemﬁf 965 SPAACT MPHERePIoERCCPHERE ar e used
to encodéiepitecssottarirx distieschintwavadd/Bioke doasiddt@nt fr ARSILALS8: KARxGOdi Ng
process. ., Ecdl‘?ehﬂ&d of Ferfo.rm’ ng the matrixing tosslessly is by using a

cascade of pri mtive nah id?fa’&uanti sers (PMX), which are disclosed as

'prinitive ndhisidsémuishng Wk AGLIL4&1ind 185 2 DV 1R Be 'id'c%ﬁf)c that are
used to nodi fdé/dthe signal in one channel, using signal values o tai ned from

ot her channel"s; S P & AarHEst ablgyslosslsssirprpsery p bireoriginal mdrittianngl signal A0 A

96/ 3704 &lsohllowh sRYIORES HANh Jnﬁl?i%d@éﬁesleﬁlt\iﬁfn%?dm{ﬁk)&tﬂgorrirgB{‘X ble apl%rnfgor med by
inverti gﬁg th? ef fect of each quantiser in reverse order- HPE L

i |1 ust r LB the sy storapg spashobimiyidtthaPMIEd btherodss badbquifediio dsgeeyiofly an

encoder Akt ! th wo.inverse P .in reverse order_In
sinple si tﬂ%ﬁ‘? é%@ft\%ﬁ%@gﬁggﬁ_yé}{a&mﬁ S TCRG B TR SIRREC SPIHOF i ve matri x
‘quant i s@paiwidtheha fodydessiygoabssset siGlal iSdrandinS4d dzaarﬁmb@mwdsmé(% kg th

origi nalhigggqgﬂﬁkﬁ Syehy Ss Lo, R-, L" R etc., and the nodified signals S/
" and 520 can be i dentd PY 88 QrPssEd Tt hangct denahwipne dyegnaicsadegiorshd m .

To ver i finforiatiorf @nvdyed i @ROMSIded Clrda@N QT ist REIQr by0ihB Hecoile SR eve QPRET VE That

t he quapg‘jmsu%g(an .din figure 46 is fed with the same signal as the quantiser
Q, in figure Faue Prdsfect fisPhPsses yruerdieeedecht downer o orevpriddioce t he sane
out put gse.to dminfideghy ®ddh@ ptdagssi gnal 52' is formed as S2' = S2-qg" while
figure 46 petgforrqs the restoration 52 = 52 cl-q, Wth S2 thus restored,
quanti ser Q“TEAgef Bcthwming thegratiifing lasHesstyamby ssigmakasasicglankiiser Q in
figure AaricamtlusisQRRIQsHhubich o 8RUOKRL b iinitd RAREL 1S W8 h ¥ shist P RNNer 52

is rest pt\r/[Sd' . .
s are matnces that are used to modify the signal in one channel, using signal values

obtained from other channels, in a manner that is invertible. In particular, WO-A 96/37048



The quantisers Q and Q are needed in order to prevent the word | ength of
the nodified signals S/ 'and S2' from exceedi ng that of the input signals
Si and 52, so that the information content is not increased. Fi gure
4 shows just four channels for sinplicity, but it will be seen how this
principle can be extended to any nunber of channels and how a | arger nunber

of PMX can be used in cascade. Eagh PMQ nodifies just one audi o channel,
and in figure 4 only the first two channels are nodified. In practice, any
or all of the channels nay be nodified, and there is no restriction on
order nor any prohibition that a given channel be nodified nore than once.
In the cas‘iéscgﬁesdwtvv(lé%@ﬁ‘ﬁanmﬁﬁ rdowringimey be pefioukd bbenwammgaﬁe §flert @dteadbeast t he

first two ghannel s, n that ach PMQ in
figure 4 hcgls a gai ‘n&%foplﬁﬁﬁtﬂg {[h&gﬁted' ffrlfﬁ:éllt:' Smfw{ gvoflﬁ\g Smlc?sc?d% Nt possi bl e
t 0 synt hesi ge epdedernmsit ﬁg}yeen@r aiowmt thé xwd irosa PEEBCadev-ak sdeh IIPMQme WO A

96/ 37048 s restrl cted to. matrices havi.ng
det er m na%?ﬂéigl}fa then{%re He. i pamtcﬂar YehreR "mété§é"wlxtq”f”§‘s‘ﬁ%8‘§’ég‘a?‘?‘ajtsc?" scal e the

downmi x eef@aﬁtj'lamh%f cawbeodadefedtwﬂzh@htganimhamdlek-ﬁhmlqafm{,Irhﬁehc Rasthémbtifidd
magni t ude. in the case of the downm x equations di spl ayed

earlier, fﬁ&@s ‘%’h& t?é" eodridehy iyl aind Koton atth gagnsls o andimy- t he encoder

i mpl ene nt S!: 1@ verify bit-forlbit reconstruction of the ori iginal signal, observe that the quantiser Q, in
tigure 4b is fed with the same signal as the quantiser Q, in figure 4a. They, being assumed
identical, therefore produce the same output g,. la figure 4a the signal $27 is formed as §27=
§2—q,, while figure 4b performs the restoration S2 = 52%+¢,. With S2 thus restored, :quamiser Q,
in figure 4b is fed with the same signal as quantiser (, in figure 4a. and signal ST is restored ina
manner similar to the manner S2 is restored.

The quantisers Q, and Q, are needed in order to prevent the word length of f:he modified
signals 51 “and §2° from exceeding that of the input signals 57 and S2, so that thé information
content is not increased.

Figure 4 shows just four channels for stmplicity, but it will be seen how this brincip!e carn
be extended to any number of channels and how a larger number of PMQs can be used in
cascade. Each PMQ modifies just one audio channel, and in figure 4 only the ﬁrsf 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 (o 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 uuplements:
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while Matrix 0 in the two-channel decoder implements the inverse scaling;

[T o]

It is évident 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 irﬂnpicmem Matrix 0 as either a strict cascade of PMQs for losslessly

decoding a two-channel original signal, or as 2 more general matrix for downmix apphications, is

shown tn 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

., 750 739200 -126825 -5 5
OWRMIESE 6 45 126825 739200 -5 S

Then forj =1 ... 6 calculate
dawmm'x[.j
Coeﬂ'J - déwmnixl"‘l
R
then calculate
dawnmixa_ .
N cmo_éff_l ) dowmru’xL - downmixl
)
and then forj =3 ... 6 calculate
dowumix:v’_ P
Ol )= oeff, T dommie, o, W a1 09,

The coetlicients m_coeff in figures 4a and 4b for i j are now given by the expression



1. 0000 -.1691 .9856 -.6667 .6667] Rs fly while Matrix O in the two-channel
decoder inplenents the inverse scaling: 0 - = 0.75 It is evident that
Matri x O cannot be inplenented as a cascade of PMX because its determ nant
does not have a unit nmagnitude. This is not a problem because Matrix 0 is
not required to provide | ossless reconstruction of an original signal. An
architecture that allows a two-chanhél decoder to inplenent Matrix O as

either a strict cascade of PMX for |osslessly decoding a two-channel
original signal, or as a nore general matrix for downm x applications, is

shown in figure 8 and described |ater.
m_coefl]t, j] = —coef, |

where the minus sign arises because of the subtraction in figure 4a.

In the multichannel decoder of figure 2. the Inverse Matrix 1 may be implemented as in
figure 4b, using the same values m_coefffi. j] as in the encoder, but with the reversed order of
PMQs and with subtraction in each encoding PMQ) replaced by an addition as shown. Note that
the inputs my, ... m, to the cascade of PMQS are denived from two substreams in this case.

Although the invention as so far described is particularly refevant 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 thiee
substreams a nine-channel signal can be conveyved 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. )

[n current commercial applications, the matrix defining the downmix signals Ly, R, in

‘terms of L, R, L, R, Cand L, will generally have the largest coefficients multiplying L,and R,
as is the case in the exarple 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
tntroduces a problem because one or more other channels should be scaled up accordingly. [f
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 chaanels in the encoder so that
for exampie a ‘fiest’ channel whose coefficient in L, is largest could be brought to the beginning
of the sequence and a ‘second’ channe!l whose coefficient in R, is largest is brought to second
place. In this example, it is assumed the first and second channels are not the same. This re-
ordering usually makes it possible for the encoder o furnish matrixed signais:mo and m, that are
proportional to L, and R, by using two PMQs whose coefficients do not substantially exceed
unity to modifv the first two channels.

With such a permutation in the encoder, the multichannel decoder o-f tigure 2 will require

an Inverse permutation in order to reproduce the signals in the correct arder. Re-mapping of the



To calculate the coefficients for the PM» formng Matrix O, the follow ng
procedure may be adopted. Denote by downnitt the matrix of dow uniXx
coefficients, for exanple in the case consi dered above, we have [75
dowitinix =0 0 .75 .739200 -.126825 -126825 .739200 -.5 -.5 .5]
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output channels is provided in an MLP decoder, as instructed by the c/t_assign information in the
encoded stream. In the case that the encoder uses a penmutation, it may instruct the decoder to
apply the inverse permutation by specifying the appropriate re-mapping.

The inverse permutation is applied after the decoder’s matrixing if the encoder applies a
permutation before matrixing. Another possibility would be to apply the perm;tation n the
decoder before the matrixing if perxhutation is applied in the encoder afier matrixing.
Additionally, it would be possible for a decoder of an MLP stream to apply the permutation
before the matrixing if the coefficients of the matrix are also permuted.

There are certain unlikely but possible downmix specifications that the strategies outlined
above will not handle. One possibility is that L, and R, may have coefficients that are the same
or nearly the same or, in other words the downmix is mono or nearly mono. In this situation the
above procedure is unsatisfactory because the denominator ol the expression for coeff, ; becomes
zero or nearly zero, resu;ting in large coefficients and a high probability of overload. This
problem can be solved by choosing m, and m, differently. Regarding the signals as elements of a
vector space, the signals L, and R, will in general span a two-dimensional subspace of the 6-
dimeunsional 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. [t is reasonable to choose m, and
m, to be orthogonal or approximately orthogonal to each other in the subspace spanned by L, and
Ro. 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 my 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,. It is then necessary to compute a PMQ to furnish a scaled version of m,. Once
again a prior permutation may be desirable in order to minimise the magnitude of coefficients.
This permutation of the signals to be matrixed is akin to the process of ‘partial pivoting” known
to those skilled in the art of matrix computations, and will not be described further here. {nitially,
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 Lnalrizt giving m, and

m, in ferms of the original channels. The coefficients determined by this procedure will then

determine the actual scaling of m, and m,.



' ' ' hen cal cul ate
.5 Then for] =1 ... 6 calculate coeff downm x1,j downm x t ul
doOw M1 X | Loeffz. | = coeffl,2 dowm x2.1 - downnux2,2 and then forj= 36

cal cul ate downwi r coeff, -
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In the degenerate case where [, and R, are identical signals or are scaled versions of each
other, the subspace spanned by L, and R, will be one-dimensional. In this case my, may be
chosen arbitrarily within the subspace and m; may be chosen to be orthogonal to m, but from
outside the subspace. Matrix 0 in a two-channel decoder will then reconstitute Lyand R,asa
scaled version of m, and will ignore m,.

In the MLP lossless compressién system, the coefficients of Matrix 0 are carried in the
first-substream, Substream 0, and the coefficients of Matrix 1 are carried entirely in the second
substream, Substream: !, even though some of these coefficients are used to multiply signals

decoded from the first substream,

Dowmmix encoding combined 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 transmitted channels and
thereby to reduce the transmitted data rate. [n the case where a downmix is to be encoded as
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 stil]
allows an arbitrary rotation within the subspace spanned by L, and R,. This freedom may be
used to minimise the data rate required to encode the first substream, Substream 0, for example
using the methods discussed in WO-A 96/37048 that minimise the data rate taken by any signal
of two or more channels.

Secondly, assuming for example a 6-channel multichannel signal, the matrixing of the
four channels that are not modified to furnish the downmix is still completely unspecified. Once
again, the methods described in WO-A 96/ 37048 may be used to minimise the data rate required
to encode the second substream, Substream 1. In the case of a 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 iﬁ the same way as for any other four ;Ijxannei signal. In the

MLP compression system, six PMQs are available in total, allowing four to be allocated to this



j coeff downinix2, - dOWItni X - coeff2, oeff2. 21 ./ The coefficients

nt _coeff in figures 4a and 4b for i | are now given by the expression 13
in_coej] = -co eft where the mnus sign arises because of the subtraction
in figure 4a. In the nmultichannel decoder of figure 2. the Inverse
Matrix | may be inplenented as in figure 4b, using the sane val ues
in_coefffi, jj as in the encoder, but wth the reversed order of PMX and
with subtraction in each encoding PMQ repl aced by an addition as shown.
Note that the inputs nb nis to the cascade of PMXs are derived fromtwo
substreangl%n this case. Al t hough the invention as so far described
is particutarly relevant in the context of conpression, it is applicable
general ly and not restricted to conpression systens. Also, the principle
descri bed above is not restricted to two substreans. For exanple, using

t hree substreans a ni ne-channel signal can be conveyed | osslessly, with the
information required to decode a siX?é¢ttannel dowim x carried in the first
two substreans, and the information required to decode a two channel
downm x (as a |linear conbination of the six channels) carried in only the
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require &mEliwamel\/&&ixﬂeihmétnﬂﬂtii&&nieme%déﬁﬁlu&@mﬁ;?d%z@glﬁp@c {he Fudndhs il n the

correct grder. Re-mapping of the
the encode matrixing.

Figures 5a and 5b show a complementary pair of primitive matrix quantisers including
dither, in this case for a three channel signal. The two matrix quantisers differ only in that the
signal q, is subtracted in the quantiser shown in fi gﬁrc Sa, whereas the same signal is added in the
quantiser shown in figure 5b. It is easily seen that, provided the signal furnished by the box
marked ‘dither’ is the same in both cases, the PMQ in figure 5b will undo the action of the PMQ
in figure 5a. Thus, an encoder as shown in figure | can be constructed in which ‘Matrix 1" is a
cascade of PMQs as shown in figure 5a, and the multichannel decoder of figure 2 can be

constructed in which ‘Inverse Matrix 1" is a reversed-ordered cascade of PMQs as shown in

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

For the best quality downmix reproduction. the conventional requirements for dither



out put channels is provided in an MEP decoder, as instructed by the ¢ h
_assign information in the encoded stream In the case that the encoder
uses a permutation, it may instruct the decoder to apply the inverse
pernutati on by specifying the appropriate re-mpping. The inverse
pernmutation is applied after the decoder's matrixing if the encoder applies
a pernmutation before matrixing. Another possibility would be to apply the
pernmutation in the decoder before the matrixing if pernutation is applied
in the encoder after matrixing. Additionally, it would be possible for a
decoder of a@ F/LP,stream_to apply the permutation before the matrixing if
the coef fiCPEhPS 2ttt heth e picods s ‘Mpgp | pad iy the decotthrisr Mamind)”. B &irn

unl i kel 'y bitimfomShcingoddo WM lof L} L | f8iRut i ned
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di nensi ong.rjchg&%[i;aggnan vect or space, or in general an n-dinensional

Eucl i dean vector space, of which the channels o f the nultichannel signal
form an ort horidt tenaitenizashbadentitee diftiegin #leSnddtina el defbdid§hansRARS fidiics ssubspace
if Lo and Re,are to he éecon tructed. It is reasonable to choose rn, and m
‘to be orthogonal ‘or apptoXrifat BFYeDs ¢ HeHoRdIveyBe B5 skt paruinrapdos subspace
spanned bseqiedcegrdekton widdy i Gralt RiniRe t e, kit he BB iR featii@mt MM LnLhannel s,

t hese chatplnebls be pernuted prior to the matrix so that a channel whose
coef fi ci ent - rn iy TEMBAF GRB feaugice BHESIAnt i al |y | argest cones first. A PMQ
i's then conpulieKLAshaaRRgMAcSRnéhBE is b8-bld frdliad haNS P! S cdigNNRlughs @ scal ed
version of the.desired np. 1t is then necessary to conpute a PMQ to furnish
a scal ed"ﬁ‘@r"g‘l%b‘ﬁryosf’q‘fﬁ“?e(&gé) Yipgith expstsiast  permut ati on may be desirable in
order to mnimse jhg,nggni tude of coefficients. This pernutation of the
signals to be mat rked I's akin to the process of 'partial pivoting known

t o those vgiiel baehrésontt biex afthe Siift ABLEL, Xaconput ations, and will not be

descri bed furEBher here. Initially, no and m nay be given arbitrary

scal i ng. Thent FeresBie esrlsdeddR ererdioncoef fi ci ent det ermination may then be
used by repl agiRgethqa; i I i . - I i Vi nd m in
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generated for cach 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 two 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 fumish the downmix
signal. |

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

with the dither applied in Matrix 1. in MLP the downmix decoder generates a dither signal using



In the degenerate case where Lo and R' are identical signals or are scaled
versions o | each other, the subspace spanned by Le and R'" wll be
one-dinmensional. In this case ne may be chosen arbitrarily within the
subspace and m nmay be chosen to be orthogonal to nmi' but from outside the
subspace. Matrix O in a two-channel decoder will then reconstitute Le and
R, as a scaled version of me and wi LB ignore m. In the MLP

| ossl ess conpression system the coefficients of Matrix O are carried in
the first substream Substream O, and the coefficients of Matrix | are

carried entjrely.in the secand supstrea uhstre |, even though sone of
t hese coef HecS i?ﬂé ATS IR af"g‘a?ﬂf’)?ﬁc‘ﬁ){ﬁ& rg]éii “S‘h@ﬁ‘s‘" G| g%’éf&ﬂb??‘ifﬁlﬂ’(eﬁ?%&%t

subst r eam dPommnthxseahoode Mytoa Onthhd 8danikd B SAatreant @tudile @G i the Matrix '

Lossl ess e\?\,ﬁ ders us'.n? matri xi ng are di scussed extensively in WO- A

96/ 37048, WAt eé‘sfﬁ‘éeddﬁ SS8™f the matrixing is to reduce the correl ation

bet ween t he trmﬁm,tth&ﬁaﬂﬁ&wﬁahéarﬁ%ﬂﬁktf&Bﬂ%ﬁﬁyoBx@(sjﬁe%ﬂ?d@ﬁxs@ﬂ%récfsﬁ??srﬂntted dat a
rate. I n the case where be encoded as descri bed above, the

a dowmmx is to
mat ri xi ng M8TEArRe Kt (e dithiee plpq coralpd bibe ensRthitie cpesai hae mepise kngwtedge
consi gjer abdfehd‘u,,eﬁdq,mgnﬁls Peh@vc&ﬁ%?kﬁe'd@@dkr?&bﬂnqmcﬁ‘ét bit. We sha!lFrlzth&ttJJ Yhis | N
choosing ne_and m, the condition that they be approxi mately orthogonal
still all dWé"‘éi’ﬁ’“arbitrary rotation within the subspace spanned by Le and
Ro. This freedom nmay be used to minimse the data rate required to encode
the first substream Substream O, for exanple using the nmethods discussed
in WO- A 96/ 37048 that mnimse the data rate taken by any signal of two or

nmore channel s. Second| y&HEEART #4787 exanpl e a 6- channel
mul ti channel signal, the matrixing of the four channels that are not
nodified to furnish the downm x is still conpletely unspecified. Once

agai n, the netlhidéendesiiciddestningrciil; ifp9BinBit @4 demyaubie sigaad: homBtiRixAl Se t he
data raterequir egl ttag heﬁnc?(xge th econdi_ substream Substream]. |n the case
0 a PMQ i ifpherrent SErDREp a‘ﬁ@ﬁﬁe‘ B TSRl Dy EneRE itttz and any
r emai ni ngargs lavelyniRebdieptwbl Bdlet SRidiREpEdt @ no peakldb9ivekighllgs Lhea®Eni ng four
channel s in Lt he ?{ame way as for any ot her four channel signal. In the MP
coni pr essPUHOY stawsvesithe profsssional rasging aapiae s w4t aauipasd Bk rep!s Bar to be
al | ocat edwh®fdrinfdifitRioh88Kn as clippers and limiters, that allow him to produce a ‘controlied’
signal that modulates a channel very fully while ensuring that no peak will overload.
It will be understood that digital overload can result in extremely unpleasant artifacts
caused by ‘wrap-round” effects. For example, in conventional twos-complement 24-bit audio,
the maximum positive value is represented by 7££££ £ hexadecimal. A naive attempt to increase
this value by one quantisation level will result in 8000006 hexadecimal, which is interpreted as
the maximum negative excursion. Thus small overloads can generate [ull-scale transitions
having a large high-frequency energy content, which sounds cxtremely unpleasant and frequently
causes bum-out of tweeters.
Inthe context of DVD mastering, it is assumed that a ‘controlled’ multichanne! master is
produced and presented for lossless encoding. In other words, it is assumed that any overload
problems in producing the multichannel signal have already been dealt with. The task remains to
praduce an acceptable [L,R, downmix.
Overload at the output of the two-channel decoder of figure 3 can bz avolded by scaling

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



Dt her It is nowregarded as extrenely inportant in audiophile
circles that any quantisation that affects the reproduction of the audio
signal be perfornmed using dither. Typically, a small pseudorandom dit her
value is added to the signal before it is passed to the quantiser. See for
exanple S.P. Lipshitz, R A Wnnameker, and J. Vanderkooy, "Quantization
and Dither: A Theoretical Survey," 59 Audio Eng. Soc., May 1992, vol. 40,
pp. 355-375. The primtive matri x quantisers inherently perform
quantisation. In the case of |ossless encoding and decoding, the absence of
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expression: b,,
is stored can be calculatcd in dependence on the “c/i_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.



where b represents bit s of the shift register, and (D represents the

excl usi ve- OR operati on. Thus the seed in the streamis 23 bits |ong.
The shift register is shifted by 16 bits on each sanple period. This allows
a new 16-bit pseudo-random nunber with a rectangular PDF to be generated
for each signal sanple. However, because TPDF dither is preferred, the 16
bits are divided into two 8-bit dither sanpl es. 'These 8-bit sanpl es each
have a rectangul ar PDF, but the encoder has the option to add and subtract
these two sanples to fum sh two further uncorrel ated dither sanples having
a triangular PDF. This process is Iﬁ@g\wpfg@ "Dianond Dither' and is

expl ained in the above-cited Wannaneketr® ref erence, AES preprint no. 4533.
The encoder can use these two triangular PDF sanples to add dither to two
PMXx that furnish.the dowm x signal. Audi ophi | e consi derations do
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a large Ri.gh-{ ncy.- ener content, whi.ch unds. extrenel y unpl easant
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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



- Overload at the output of the two-channel decoder of figure 3 can be

avoi ded by scaling 19 Firstly the amount of scaling required is not known
until the entire programre naterial has been exam ned, which is

i nconveni ent at the nmastering stage. Secondly, such scaling is likely to
result in a dowm x that is unacceptably quiet by commercial standards.

This i s because any prior clipping limting of the multichannel signal
is not necessarily effective in constraining the peak-to-nmean ratio of a
downmi x- derived fromthe nultichannel signal. It is not possible to
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in order gsiraple “wap-round effect discussed earlier.
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nodi fy a ch nne% 359%2 a, PMQ according to figure 4 or 5is likely to | ead
to a S|gnaf’ TPHALOT EREEEHS t he 24-bit range. This increased range, which is

internal to tHRed nsShess o@ﬂﬁ%ow%y@ﬂﬂwﬂﬁ%d}eﬁlga RIQEERR haGlh eﬁﬁwﬂ&ﬁ;ommdat ed
econom cal I% even on _a processor using 24-bit arithnetic by dsing the

archit ecte{fff e Sfiii?tglﬁl‘,{(gl ofthe signai g in figure 62 and the addition of the signal ¢ in 6b could be

_interchanged. Subtraction can be avoided by inverting the sign of the coefficients, by inverting

adj ust t headoukatl g, LIE. RSO0 09, RLA0S: Decause Ll voul d aLter the

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 showr; 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 shilting of the S/” signa! and the LSB together may instead be
implemented as a left shift of the §7*signal, thereby producing a zero LSE, and then adding the

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



Figure 6a shows, on the left, a PMQ that incorporates a shifter. The signal
paths are assuned to be 24 bits wi de generally, but after the subtraction
of the quantised signal g from$S/ a 25-bit data path is provided to allow
headroom for the addition. The signal is then shifted right arithnetically
by one bit and the LSB shifted fromthe bottom of the word is out put
separately fromthe main output SPoglz ch contains the remaining 24

hi gh-order bits. The LSB thus shifted out must of course be carried
with the signal. To decode the signals SI, S2 and 53, the LSB together with
signals Si', 52 and S3 shoul d be presented to the inverse PM) shown on the

right of f{ogtiEd §H auasdrmerbatiesphq addigppaiibrpantisedSTemhy e habedgenitfof s
shifted | efdphi QRRREluRGIdAL S8 Separately carried LSB is the LSB of
the shifted word, thereby giving a 25-bit signal to which the quantised
signal q is addiedre STews dsecodof PYVRI weatidifoi MhP] & comigareddo bedogerwhree by
virtue of 5l struction, of t signal. Si fed as input to the PMQ
shown in f‘{hg‘gl?'é%g';‘? a%’?%i”&% CPHgHd ‘%lam}eg‘%ab e?gnﬁ’fi'tﬁe%ié ‘P‘.’Orpofatgs somR&f shown on
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after the af®ié into®ePParifibs12fiksGHl eTni@inedifdSing PRGNS BXADR & ks RR. LQSS! ess
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processing shown in figure 6a would include these itens. Simlarly,
r ef er ri ng PG FAFURE! P9 InYeHhe yigRpbiesampesyt-ess Processi ng' shown in figure

f_tb coul d i ncl A&iﬁsc@dﬂc«ﬁiﬁﬁ&ﬁ& 8 GRG0 Ravk BRURLRIAA kP AR QWIS N )
figures 7a and 7b, care is taken to preserve the bypassed LSB across this

processi n§! 1 s tyq TRRY dither siesals b pdditionprdyybirassor e e S Bmpasns. or
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decorrelator, while 21 designed generally to reduce the signal anplitude,
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probl em bk hicki®ASRe AV Bhed RfiehtRS; Ay, (n figure 6a my be used to
reduce the anplitude of the signal "and thus provi de approxinmately 6dB of
headr oom f or furt hercosfideéddihag. + Theoed@f S Diheeht s shown in figure 6 may be
set to zero i sed f thi.s ase only. i Il be
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This is done | P . The processing.sho in figure s
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exanpl e, the Lossl| ess Processi nqﬁ‘s_hown on the right of figure Ga could
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effect of thi s meslisaewOMAEaY} LINVAbEED 20Yi RGN AR OGR Slybfd Gaiues NVET SE
Lossl ess Pr ocesﬁshﬁn ' shitlﬁy‘\% on l?ﬁg%nef_t gf fi gu}tﬁe‘{ﬂ%bg’gh% %l#tlgthaeucsort shown
on the riftpft themultiplers eilbip gederpl fibyes! 4dts efia tisppaggeiht bSBussithd cefficganer at ed
attach stageg. 750 4 . . capried r d any furt her

pr ocessi ng. ?ﬁ 2 %agﬁ%ﬁyglﬁ%@g@l g?‘?ﬁ‘%?’ g%tr' 3’5%“65 'S fgﬁﬂgcﬁ ntitﬁm {g%scade,
and any @rantisdr GpfquirbiesnioadA-heincenfvalger e thitasepif deindes-bit Rgpadaed vdusB. Thus

t he substream na arr to sjx. assed LSBs, one from each PMQ
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requi r ementodifiay/ iddey cegife 5§ a@midi f f erent channels, and the encoder may
occasional ly chopse || ocate t or re such PMX» to one channel and
thus obtain an® dg‘a‘iﬂf‘\t Ohi0s 358 tgrredist thed e AR SHREROY e B

Ther e ar eowatik aighafs, Divill fnokBNM QGYcENRWER 1d B HiGHhaR: R ~ARskAB0 that have an
equi val ent effect. The subtraction of the signal g in figure 6a and the
addi t i on"F (@ RRltRly dheduher chapngls i g PHIGrevifl §¢ aveh BiigREscsSUB PR ESTORY can be
avoi ded by inverting the sign of the coefficients, by inverting the sign of
the dither if used, and if necessary by nmaking an adjustnment to the
quantiser 0, for exanple by replacing a quantiser that rounds down by a
guanti ser that rounds up. Another variation is to place the quantiser Qin
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 inplenented as a left shift of the Si 'signal, thereby
producing a zero LSB, and then adding the separately transmtted LSB. In
this case the addition of the separately transmtted LSB may be 22



conmbined with, or perfornmed after. the addition of the quantised signal q.
I n enbodi nents for M.P, the addition should produce a 24-bit nunber.
Figure 8 shows the decoder PMQ specified for M.P, as configured to recover
three channels SI, 82 and 83, with the second channel 82 being nodified.
This incorporates sone of the variafions discussed above and in addition
uses a general multiplication to inplenment the left shift. The encoder
specifies the coefficient values and includes themin the stream Thus, to
shift the signal ST left by one bit the encoder could set the coefficient

I n_coeff][ 2, Zé equal to +2. M.P uses 16-bit coefficients in the range [-2,
+2) ;. t her ef ®#k b mededwaetinghalingghetthersagabiiitseiv all Ptk eTiand okdigy i€ AQAEAE in
specifies -prbE Thus the decoding PMD inverts the signal in this case
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to a 24-bit t%_ntent- value. In this case, if the I'ther
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addi tional . PM» are used to ré uce t(_:ﬁe g‘litV rat EEJO lg?nﬁ%méeto?{egrﬁ%vﬁrfhﬁbut
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used t t he dither

g ﬁgnﬁlef 2 ei%% a? ﬁg&%%&vﬁ%g tezfﬁ%!éljr“lglftg Lsﬁgﬁ‘sfﬁgétgg‘ttge ‘{Lﬁl&%dllg"lﬁ}{econony 23 coul d
be made by notlniMidlwidi degntuiteit dinbherma apaby the bypaisad BSBs ilPMRErst skhiugagconony is
not nade Slbstream 0, since the downmix decoder does not attempt lossless reproduction. The second

substream, Substream 1 carries all the i_nformation. required for the multichannel decoder’s

matixing, including the coefficients, the dither seed, and the bypassed LSBs including those

LSBs that were dropped from channels that are carried in substrearm 0.

One feature of figure 8 that does not affect the above discussion is that the quantiser Q,, is

able to quantise to a step-size that is a power of 2, thus putting the truncation point one or more

bits above the LSB. This facility is included in order to optimise the treatnrient of input signals

that do not exercise the [east significant bit{s) of the 24-bit word. In MLP, the LSB bypass

feature 1s used only when the quantisation step size is set to unity.



M.P i npl enent ati ons, however, because the advantages realized fromthe
regularity of the structure in practical enbodinents far outwei ghs the cost

of an additional pair o f multiplications. In MLP, cascaded PMX
according to figure 8 are used both for Matrix 0 and Matrix I. In the case
of Matrix 1, it would be normal for_the coefficient of the channel being
nodi fi ed, Wmch is mcoeffl2, 2] i n*the case illustrated, to have the val ue

2 when the LSB bypass is used and either +l or when the LSB bypass i s not
used. This choice is made by the encoder and the coefficient is included in
the stream for use by the decoder. VWhen usi ng the 2-channel decoder
to reproduce a downrniXx, ﬁﬁ?ﬁ@%ﬂﬂﬂﬂréwféﬁﬁﬁﬁﬂﬁﬁﬁﬁr|X|ng and/ or scaling of
the no and m signals to provide Li, and 120 General coefficients, not
restricted to powers of two, are then required in the PMX . Again
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rocessor po I ei.n ent f m t hat of the encodin rocessor.
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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 alternative implementation is to take the parity of all the octets within each segment of



In preferred enbodi nents, a player is able to informthe user of such
errors: for exanple a "Lossless" light could be illum nated when the two
check words agree and be extingui shed otherwi se. Since failure could be
nonentary, a pulse-stretching circuit my be used so that the user has tine
to recognize the failure, for exanplzg the |light could be extinguished for
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bit-for-bit identical to the signal that was auditioned or at |east was
available for audition, at the nmastering stage. Encoder matri x choice
strategies To encode a two-channel downm x, the signals nme and m

must be in the subspace spanned by the downm x channels L, and Re. There is
considerable flexibility within thisggcriterion, but sonme choices are better
than others. The encoder should avoid choosing ne and m to be nearly

| i nearly dependent for several reasons. Firstly, the matrix Matrix O woul d
then probably have large coefficients and the recovery of the downm x woul d

be nOI Sy @@%@gtdgﬂ[[ChiQ%ﬁlgg[}é}la{ 13&\&‘; agﬁdgpl(f 9? a% %s?wgseat\at al -ﬂr}erdugf?l Cl ent S

conprised in Matrix e encoder wou robably "generate coe

| ar ger thawaﬁﬁﬁaéaﬁ135|ble range. Thirdly, matrixing of the signals affects
the data rate for |ossless conpression, and it is inefficient to transnit
separately signals that are very simlar to each other. As not ed
previously, one way to avoid the worst of these problens is to choose ne
and m to be orthogonal to éacieotheix cibhatsiuggiesre and m are defined in
terms of the input signals by a matrix whose rows are orthogonal to each
other. This criterion still |eaves sone flexibility, which could be

| ved f |
resol ved for exqeRb& pm&&%m?dwmi?&o&@r%hﬁ ﬂhﬁi%@g%ﬂ%&%&% exanpl e

t he downi ni x (Pe0|f|cat|on 75" -
spanned by the downmix channels L, and R,. There is considerable flexibility within this

criterion, but some choices are better than others. The encoder should avoid choosing my and m,
to be nearly linearly dependent for several reasons. Firstly, the matrix Matrix 0 would then
probably have large coefficients and the recovery of the downmix would be noisy. Secondly, in
solving the equations to determine the PMQs comprised in Matrix| the encoder would probably
generate coefficients Eargér than the admissible range. Thirdly, matrixing of the signals affects
the data rate for lossiess compression, and it is inefficient to transmit separately signals that are
very similar to each other.

As noted previously, one way to avoid the worst of these problems is to choose m, and m,
to be orthogonal to each other. That is, m, and m, are defined in terms of the input signals by a
matrix whose rows are orthogonal to each other. This criterion still leaves some flexibility,
which could be resolved for example by taking m, proportional to L,. Consider for example the

downrnix specification:
L

Ll s o 15 126825 .5 5y L
Ry L0 75 -126825 & -5 .5] R

WLfeJ_

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:



-.5 .51 .5 R Lie Here the | argest coefficient contributing to Le is
that of L1, which has a value equal to 035. Therefore, if we generate ne

equal to L, scaled by 1/0.75 = 1.333, we have: 27
27

ar, = [1.0000, 0., 1.0000. -.1691, -.6667. .6667]

U ISR I

| |

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

1

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(\' LD
LO. LO

and

where A =

the symbol dendtes the scalar or dot product of two vectors.
The resulting value is equivalent to taking the dot products of the row vectors in the downmix

matrix. If we use downmix to denote the downmix matrix, then the scalar A may be expressed as

- downmix, « downmix,

downmix, s 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, 1 = 0.1849. Thus:
_—
Lf

m (unscaled ) ={-.1387, 7500, -.2655, .8234. -.4076, 4074 ]

LfeJ.

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

charmg! of which is m, rather than L. Therefore m, must be re-expressed in terms of n,, Ryete.:

. -



whi ch can be inplenented by a PMQ that | eaves the first channel unnodifi ed.
Signal m nust be a linear conbination of Lo and Ito. A linear conbination
that is orthogonal to Lo and hence al so orthogonal to no is given by
in,(unscaled)=1t0 - where X =R' Land L L .. the synmbol deluges the
scal ar or dot product of two vectorss The resulting value is equivalent to
taking the dot products of the row vectors in the downm x matrix. |If we use
dowm uni x to denote the downm. x matri x, then the scalar X may be expressed
as = downnztr, downm x, X downtnix, downnilx, where downm x, denotes the
first row vector of the matrix; downm x, denotes the s gng row vect or of
the matrix; and Using the downm x matrix fromthe exanpr fhomn above, X =
0. 1849. Thus:

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

t“‘qh‘A‘:Hh

[
|
!
|

Jl

Here the largest coefficient, 0.8000, muitiplies R_, the fourth input channel. Therefore we apply a

permutation, as discussed previously, to swap the second and fourth input channels and thus

bring R, to the second position so that m, will appear in the second position in the matrix output;

- -
" A

m(unscaled ) = [-.1387, 8000, -.1268, .7500, -.5000, 500071 F

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

m, =[-1733, 1.0000, -.1585, .9375, -.6250, 625001 ¢

This is now in the comrect form for implementation by a second PMQ.
The above example shows one of several strategies that can be adopted by an encoder. A
: snmpIer strategy is to compute m, as abave, then to define m,, apart from scaling, by subtracting a
proportion X of L, from R, such that the coefficient of Ly s zero. In this particular example, the

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



Ls ft _ The second PMQ that will generate m, receives the signals
furnished by the first PMY the first channel of which is nm' rather than
L,. Therefore m mnust be re-expressed in terns of no, Rfetc.: 28 Her e
the |l argest coefficient, 0.8000, nmultiplies R' the fourth input channel.
Therefore we apply a pernutation, & discussed previously, to swap the
second and fourth input channels and thus bring R, to the second position
so that m wll appear in the second position in the matrix output: 1? Ilt
i (unscalecl) =1 -.1387, .8000, -.1268, .7500, -.5000, .5000J Finally we

scale so that the coefficient of R is unity: {L ,
7
R
. L
m (unscaled } = { 0., . 7500. -.1268. .8000, -.5000, .5000}] * |
R, |
ci-
_Lf"_l_

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

obtain;

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

L E

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

Although the above simplified procedure does not achieve orthogonality, it does avoid
generating m, and m, that are nearly finearly dependent, for example if L, and R, themselves
were nearly linearly 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.

Altemnatively, 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 my, and in the absence of frequency
dependence this would be effective in minimising the transmitted data rate. As explained in
WQO-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 signals, which have littie information Eontent on account of

their low. bandwidth. Hence it is better to apply a spectral weighting, which will typically



= [ -1733, 1.0000,

formfor

I npl enmentati on by a second PMQ

o f several strategies that can be adopted by an encoder _ A sinpler

strategy is to conpute no as above,

then to define ni' apart from scaling,

-. 1585, .9375, -.6250, .6250] This is nowin the correct
The above exanpl e shows one

by subtracting a proportion A of L30rom Ro such that the coefficient of Lr

IS zero.

In this particular exanple, the sparsity of the original downm x

specification results in this condition being satisfied with k = 0:
m (utzscg/ed )= 0., .7500. -.1268..8000, -.5000, .5000] The zero
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will have a response rising at 12dB 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 aboveiwherein 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 dowmmnix, ot fo 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 cnergy in the signal remaining afier the subtraction. A
primitive matrix quantiser implernents 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 signat and has coefficients chosen to miniraise the energy therein.
The process is repeated until all input channels have been processed, oc 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 PMQ)s are passed to the output withoult
modification.

An improvement on this procedure would be to choose the subtraction so as to minimise
some measure of entropy, or information content, of the signal rather than si;mply to minimise the

energy. [n WO-A 96/37048, the entropy was estimated by taking the integral over frequency of

29
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which is of the correct formfor inplenentation by the second PMQ

Al t hough the above sinplified procedure does not achieve orthogonality, it
does avoid generating no and ni, that are nearly linearly dependent, for
exanple if Lo and R' thensel ves vverg nearly linearly dependent. The
possibility that 1." and Ro are act al | y linearly dependent (i.e. are

scal ed versions of each other) nust be tested for and treated as a speci al
case. Alternatively, in a nore advanced encoder, the above
orthogonality condition can be replaced by the condition that the
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31 the logarithmof the spectrum and it would be entirely possible to
conpute each minimsation with respect to this criterion. Mnimsation of
spectral |l y-wei ghted energy would be a | ess conputationally-intensive
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spectral weighting in dependence on“the signal. Mre economcal still would
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wei ght i ng!MCHERY &t Fighabnagniiyfisioy a fastor | bhplhineandwaiichyl, emalgiven famplmeiiod| y

possi bl e &lﬁm’f%‘?ﬁ_ﬁ@rﬁlp@{ thEJe%?Lymﬁ&l[zﬁﬁSL s @ito l# £ddae| RS lng s?n?edsic;n% rel ect t hat
and try another if the coefficients are too big. Another eurtstic is to
choose f ofocHisht indlst BNQ, arhibeach hasrtad opvasesi@nar igycoeffiviestp edMeriadd| on wei ght ed

energy, iRolbe by g@c&tﬁgta additional Pi\b@#%ﬂ??ﬁm@nl gloz?n liégj %)?pqa.gslng;[r*%g th%%’ﬁ\lé& ét{?l gure 8,

it would be normal to’choose a co cl €en or -t Anne
bei ng nodifiskes md f t he subtraction generates signals that overload, the
coefficient mpy he ce [t woul d. be no jn P to reduce it to -0.5,
cotng the Lsp brspmioh B s o R iR OR T Plad oo o BienESa

addi t i ondl wibldB undersvod thatiompachiMQlr usds| the ergoddrimustpediyfacodspatingPMQG t i s not,

t here ar al..possj bilities, The currentl onsidered matrj x.
transforS%??%ﬁﬁH%ﬁg%%ﬁﬁﬁh?#Fkﬁs%?mgbéﬁﬁgﬁég?m%ﬁ SiggkﬁﬂﬁﬂrﬁﬁﬂFdéhannel may
be transnevetsedrded. tih@eéasedTUSBibgadst, @RencGliar PMQ &p0tifed coPiRehSrayaidmbl e, it
too may bﬁ cq%fjgurﬁg for LSB bypass_operation' and allocated to the
channel GHYEF PEBREPYEFLTPER 2 dP0BUE NY2 2PPIiRgAferlsier of et w4 ekehpngel. &p

headr oomihe i @natkdindel @O &HcoRMRuWhdci PBe2PRTiLEMs RE Mt Bn hBR.ENR dhad

inpl ements .the subtraction. The additional PMQ being required sinply to
reduce t RRPISEF grdt foafptridiny d Burthgrif 2 fepphhrspermsapiem thpshinsdaguetist g ent of
-0.5 to tden irRanek i8I MGidpRME] Lo 805:NBYRZ Gl ALkl NEr Wi se.

A particul ar case wﬁerg t&ggoft£venothrée 5ﬁﬁgﬁﬁgvgﬁgkkgé%§%6%€R%Tocess a
channel is where a downni x specification has several coefficients of
substantially the same nagnitude. For exanple, although the PMQ t hat
furnishes nmo in the exanpl ve has al |l coefficients |ess than unity, the
sum of absol ute nagnitudesg%%gf éygﬁéﬁ ?%f%ﬁ?%”is 2.627. Thus, even if the
PMQ furni shing no uses LSB bypass and scal es the channel by 0.5, there is
still a possibility of an increase in signal magnitude of a factor 1.313.
This can hapg&aDPVP-Awtip megfiopsen adlap fae apepidot; (o bheaira o tiefditheng mput  achi eve
full nmodylakiORn, g&%&?n as the, sang siqn. as

coeffici en?i‘ligﬁ %(ﬁe PVQ, Og&%%’e%ﬁmﬁg‘gQP{:né{aéé‘ﬁgRsfiTambsj %‘%Odécg 4 P%&{z

coef f i cienplingdyierthdathe ot chanaly oizp bderoydedlat 4Rk imngddan redlidé thé dinahe PMQ

i mpl ementy ass _pri t.he PMO that .furnishes. no .. For
ety e e o o e e b 7 PR G BFHERE by ¢ he
encoder. It will be understood that for each PMQ it uses, the encoder nust
specify a corresponding PMQ to be used in Matrix | by the | ossl ess decoder,
and that the decoder's PMX»s nust be applied in reverse order. In the case
of LSB bypass, an encoder PMQ applying a coefficient of-0.5 to the channel
being nodified inplies a decoder PMQ applying a coefficient of-2.0 to that
channel. In the downrni x case, the encoder nust specify the coefficients
for Matrix O in dependence on the choices made for no and mL. Further, if a
channel has been scal ed, the scaling factor nust be taken into account in
cal cul ati ng subsequent do wnrni x coefficients that will nultiply the
channel . Encodi ng of m xed-rate content The D VD- Audi o specification
allows for a recording to be carried on the disc using two sanpling



33 a first substream assunes that the channels are all sanpled

simul taneously and, in particular, at the sane sanpling rate. The
article P.C. Craven, MJ. Law J.R and Stuart, tossless Conpression using
LIR Prediction Filters', Audio Eng. Soc., Abstracts, March 1997, vol. 45,
no. 5, p. 404 preprint no. 4415 expkains that, when using |ossless
conpression, it is not necessary to reduce the sanpling rate in order to
save data. It is sufficient to restrict the bandwi dth of the signal because
the | ossl ess encoder will automatically respond to the reduction in

i nformation i.gnal and encode jt to a |ower bit. rate.

An upsanpl eﬁﬁg{%ﬁ%}m?%ﬁ%%g[ﬁ% [ll {ge_ lggnegs arreeaslts‘"r”?lg?desc‘f“ ‘H?ﬁ%ﬂk’f%f’ﬂ& " ERaipl e, a
96kHz sanpl @dsagiegmmplinhete. t he ability to reproduce frequencies up to nearly
481 cHz, but suc i will have very little energy above 24lcHz if it
is derived by uﬁ‘é}%ﬁ%ﬁ?ﬁ? e Mg Isaé"ngﬁ!‘-ea&déi“@ﬁaf—.%ss&esc PRRRTIOP, usiRmER

| ossl ess cohpli@ss Fimrsi £ Audie 0 Uod MR dadisab@rich 9B 8Kl ab nol 3, pi H4PRSSHR.E,

wi t hout si g@i1 icgnt adVﬁrse. eIfect on the data-rate, to upsanplei any
channel s t hat AP Fas BRIEE{osHes GRRTeiQR-dl is Bt gecessam i paducetizss saplingnc odi ng
so that al lrate vamnielissaa¢ @are NG @O Adnt tdRsSaMR BaAdWLiNG thediral BecQuse 2 6kHz.
This unified IsarrRI & rg}e_ makes possible the matrix operations required in
order to iﬁ‘f)sfgﬁﬁ 4% el Jurpmaeally respond to the redygemumi fprmgtion epregnsdf tienigwm as

" i nt er pol abhdicodent th ARwWRE gi @l Si gnal Processing literature, and the

t echni ques for ggrform’ ng it _are well known. Fi gu_re 10 shows an encoder
adapt ed to i nclUY8PsERpled fignat fherentishasiq ervqesigbaphidihy eordahmple, 4 $éHehannel s
L, and R Edledinals deafislyf6 RaE1L MRS e\c'lﬁ;‘zzﬁg%%@&%ﬁpg“%iﬁ’e' ay.
Interpolatjon filtering is’in general not |ossless, but 1na preferred
enbodi ment MR UsenpEeabor P4kdlzgl it is derigeirte ubGnmtieg ofi8 kHe staypel knmown as
"hal f bandafdokdi€is w - ation al f-band.filters furnish
an output with fgvf cgen\e{%%wsasE@Iﬁgrggsn%hlgn%g%%}nﬁbgé ffge Pﬁgmlalh'ﬁﬁ;tp CEIHBIMAY poi nt s.
The even- ntigiEsaatRdgetepiiect poitint ditacmter @S posadplt o kiganhelpttiat poipRkatdnds cont ai n
sanpl e val L i t i.hput values, while the odd-nunber.ed out put
points |i eﬂdﬁgrl r?g\%% 4%%?\7\/%%?1'%? i B?thagzg Cﬁzédgeléﬁ‘g eﬁ%’ﬂ'f‘g?trﬁhq ATEFPRI ed

val ues.  rate, c.g.\§kile. This uniGehsainpleene odied possiblt e i YperkthBs RN RS t WO
options. I‘%’%E%EQ"‘@% the. streamas if all the channels were originally

sanpl ed at us i E(f:]”ﬁ'ori ng the differing provenance of even and odd

sanpl es. Al t er Hagshnginy’ it di@ kpbay &y int@yol 8ehEE the DRliKI i@t BMBR iRAMRLES, i N the
case of cgﬁﬁﬂl%ltschﬁih&t .were original I%{ presented to the encoder at 48kHz. In
this case the pI BYAs fof gerfogging diasg well fnopy FisureoWsshpws shatcpdiepfaisd 8F t he _
m Xed- r at enchelattiginfeafuat AMRISHRE Qﬁ/@%?dclﬁ)@ HeRBarBRG Qd_grl:d- R,I RaCdodRN re_tqglrermke this
possi bl e, ul he encoded stream nust contain a speci fication of which channels
were ori gifiEMPYHFeEEtrEamatstne dFGier sanpling rate, and an indication of
whi ch sanpl es RtepotBod Bt RGAY HLERS) n6VERIes2Re: W ;%J@feﬁrez? eh8 4?&;&%%“ ded as
‘odd'. The latter_ may be m’gl icrt if the stfeam contalns a bl ock Structure
in which t'WEMRGHIRES o figuppb es qfhatybf ek as “wdlileapd Gdtesh. When DsedDerAudi 0,
the use OfutcrAHBEHaidiF ite@BnisES | QLS R v des syuch a
structure. qﬁﬁ “The [r)lvdt,%\ug?%mgﬁgﬁﬁ?i} gggtl %ﬁg%rn%“ isgggﬁ’}ﬁpﬁﬂtsa”fﬁlf o
m xed- r at BMPHAE Bhets. akhe 8@en2lugizred natpdidolitdiogespdiftigo egg paihe acdehag f eat ure
fﬁ; O | DeChafRAGIBHerdkA & RE1BRRaIES Wifie Wl 3a ARG L buhuPpolhs B nllRRGS"

between the input values and contain interpolated values.

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



The functions required to practice various aspects of the invention can be
performed by conponents that are inplenmented in a wide variety of ways

i ncl udi ng discrete |ogic conponents, one or nore ASICs ancUor
programcontrol |l ed processors. The manner in which these conponents are
inpl emented is not critical. For exanple, operations required to practice
t hese aspects of the invention can"be inplenented by in an apparatus that
conprises one or nore termnals for receiving and sendi ng signals
representing digital information, random access nmenory for storing the
digital i 1,00, medi um far recordi ng one or nore prograns of
instructi g{ﬁggsggor?c} Sgtsps)?e(g%“esguscd?“ %fﬂﬁt’“’ '@[‘ftcg'g‘e‘i‘ﬁét“ﬁﬁé'i’ﬁcﬂfﬁé thg encoflst dauct i ons.
The progr amdered nibkestis protiblans: ei@yedierehR GRECSRARY spcMREGEIN WIRGRLIAE. S eadabl e
medi a or o‘;,er}eer .@aﬁduct S&ﬂ‘,‘%f manuf acture including various types of read-only
menory, nmagnet ey ApESerThY HEtquet gmekng Bist 4nd a ndigasien ofovhidoavplyetk bye baseband
or modul atreghrbaumunCaliain RabE duoNaRoM. HREGRESHEULIL M SHper soni ¢ to
ultraviolet frequencies. _VArious features of “the BHES I'ng-"dhd

decodi ng (PYEEssRlecksHuctypisahich ths thabe df sempidésdnédiédaiabpiecn. [dn DBDL 0 be

under st 00Ghlihathe WWREF £.cLD , res. _can be inplenented separately, it is
envi saged t hat t hese féast g?%sgﬁngg%ﬁeﬁ%?%gjaﬁi PE"%‘&W& AFRICHRY conbi nati on,
in order to behefl¥D-Audinsnehibeativd froviatsimiltiviasragas e ovielr o By tihase

f eat ures. JMWide &6k alns define various features independently, the
features of all ¢ afx'rgri?aéeacﬁdlﬁ%&%%‘ﬁﬁjie?fgae%ﬁ’?ﬁe BacHsodter@plistd tingase in35

di scl osur &miigr iampended to i nclude all such conbinations. 36 CLAIM

1. A two-channel | ossless decoder receiving as input an encoded stream the
decoder conprising: a decoder core to which the streamis supplied to

generate a two-channel decoded signal;
Implementation

The functions required to practice various aspects of the invention can be performed by
components that are implemen_ted in a wide variety of ways including discrete logic compoanents,
one ormore ASICs and/or program-controlied processors. The manner in which these components
are implemeqtcd is not critical. For example, operations required to practice these aspects of the
nvention 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 ofinstructions 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 bascband or
modulated communication paths throughout the spectrum from supersonic to uliraviolet
frequencies.

Various features of the encoding and decoding processes and apparatus have been
described above. [t is to be understood that, where these features can be implemented separately,
itis 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



a shifter at the output of the decoder core for applying an arithnetic
shift in response to information in the encoded stream and a signal
limting device at the output of the shifter, the shifter and the limting
device providing limtation of the wordwi dth at the output of the decoder.
2. The decoder as clained in claim3, wherein the encoded input stream
conprises at |east two substreans, which together define a nulti-channe
encoded audi o signal having nore than two channels, and wherein one of the
substreans is supplied to generate the two-channel decoded signal. 3.
The decoderdisagsued BidW@eed B ifchal M doPlondifiggei N the liniting device
conprises a clipper which stores the output of the arithnetic shift using
saturation arithnetic.
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CLAIMS

1. 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;
a shifter at the output of the decoder core for applying an arithmetic shift in
response to information in the encoded stream; and
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.

2. The decoder as claimed in claim 1, wherein the encoded input stream comprises at
least two substreams, which together define a multi-channel encoded audio signal having more
than two channels, and wherein one of the substreams is supplied to generate the two-channel

decoded signal.

3. The decoder as claimed in claim 1 or 2 wherein the limiting device comprises a

clipper which stores the output of the arithmetic shift using saturation arithmetic.



