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DESCRIPTION
MATRIX IMPROVEMENTS TO LLOSSLESS ENCODING AND DECODING

Field of Invention

The invention relates to the encoding and decoding of digital signal streams, particularly

digital audio streams, with reference to matrixing multichannel signals.
Background to the Invention

Lossless comprefsion is now an established means of reducing the data rate required for
storing or transmitting a digital audio signal. One method of reducing the data rate of a
multichannel signal is to apply matrixing so that dominant information is concentrated in some of
the transmitted channels while the other channels carry relatively little information. For
example, two-channel audio may have nearly the same waveform in the left and right channels if
conveving a central sound image, in which case it is more efficient to encode the sum and
difference of the two channels. This process is described in some detail in WO-A 96/37048,
including the use of a cascade of ‘primitive matrix quantisers’ to achieve the matrxing in a
perfectly invertible or lossless manner.

The process disclosed in WO-A 96/37048 also envisages the use of matrix quantisers to
apply a matrix to a multichannel original digital signal in order to derive rﬁalrixed digital signals
representing speaker feeds more suitable for general domestic listening. These matrixed signais
may be recorded on a carrier such as a DVD, and the ordinary player will simply feed each
matrixed signal to a loudspeaker. The advanced player, however, may invert the effect of the
matrix quantisers and thus reconstruct the ori ginal digital signal exactly in c:erer to reproduce it
in an alternative manner.

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

matrixed signal and an original signal. In this application the required matrixed signal has two
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Addi tional data A |ossless encoder and decoder are provided for
transmtting a nmultichannel signal on a nmedium such as DVD Audi 0. The
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Summary of the Invention

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

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

multichannel digital signal to be reproduced losslessly.



I na commercial application of DVD-Audio there is a requirenent to conbi ne
the above two concepts so that a transm ssion system using | ossl ess
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Therefore according to a second aspect of the invention, there is provided a lossiess
compression system including a dither seed in the encoded bitstream. The dither seed is used to
synchronise a pseudo-random sequence generator in the decoder with a functionally identical
generator in an encoder.

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

Generation of Multichannel Dither Si gnals", AES 103rd Convention, New York, 1997, preprint
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mul ti channel digital signal to be reproduced | osslessly. WO 00/ 60746 3 7
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a coefficient for each dither sequence. Diamond dither is thus obtainable by specifying two
coefficients of the same sign in the case of a first primitive matrix quantiser, and two coefficients
of opposite sign in the case of a second primitive matrix quantiser.

In an elementary implementation of the third aspect, the primitive matrices are chosen so

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

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

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

to recover a downmix signal only.

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

system such as Meridian Lossless Packing® (MLP), it is guaranteed that the output will not
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Generation of Multichannel Dither Signals", AES 103rd Convention, New YorKk,
1997, preprint SUBSTI TUTE SHEET ( RULE 26) 7 OCTOBER 2003 WD 00/ 60746
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the use of primtive matrix quantisers within a |ossless conpression
system and above we have referred to a preferred inplenmentation of the

first exasqientbisWebsiRe ﬂ{escﬁmﬁ&ﬁa?ﬁlppf b ol \égce%% Bkt qH.acPt LS 17 dfgl/n‘s’gder
pl ace the information required ownm X" A RS
subst ﬁ%’&'ﬁwedﬁﬁ@for@VB@gppchmmﬂfm Relada@pB.Cstmf Piha: Aﬂ&@rﬂﬂe@mchﬁ@ﬁse P%]&d

pr OVI Wﬂgfs 21 Eecoder containing uncommtted primtive matrix
quant i sers R TdBIeTRAYSh g erdef & Ot Mare 109(98p41§[f50m &3%p8cidibked as a
mat ri agf ofGREASVShBN S tive.matri x quantisers
to furnish the domélgogﬁd tg?gp/?lflgzig g?ﬁ{)ca%tgs r&dﬁ’ﬂ%‘?’ &l‘h%’é“ﬁplf:@nﬁr ovi de
mat r i %Pwlg stale theduateix cobfficibatsaortdtahe Eﬂn@uem&@%r Sxeedd &E%%tu?at%hrtﬁx%gﬂold

cont ai nﬁ, yp cificatjons of the primtive matrix quantisers to be used,
and ofitht fb‘%&% a\(jz iy, WPk PRida Prakticetlitiresudis o finasiceptally low oatppr lefar Mateover

i mpl eqyg grat ed,as two .RPDF dit her sequences, and
t he encgggﬁdcg é%%l%]?oéghé %%ég'%? guecr’lrtd?potll"ezlﬁg'ﬂmdﬁ‘ figBrls<asdbis sawiot be daped

di t hewitheuttdffestinthei raadkteudid r&‘aDRR:hfiMiemglgh‘é‘pwhféH%Hdl@gl%Htr@t pd Io% Eas> sign
in the case qfa first g}rl mtive matrix quanti ser two coefficCieéents of

oppos?{BULF ﬂ?aﬁ cY¢rede s satpation duedhedd isrrefeinei vehereinrasovetlant' | ©éasidnal an

el emegg f rda ect the primtive matrices are
chosen ei‘%ﬁ{db ?ﬁﬂfn@i %/\gml% C‘sjpsdﬁgleg a%ﬁﬁgt eaﬁ’é‘??Pf H?ait?léé’fﬂll‘gﬁdt aligpeed | r st
subst toéamap- fdmmvafaxtx“eme@ obpettib@ible. DEheOfRink Siend Qv 8. RH AN id ﬁ&?x?&%ﬁbelow

Considering, the n channels of a nultichannel subspace as
n- di rfﬂd&?farﬂélﬂallvé’&teé@fowa@@reﬁened smpleaiestatioatofits itst aipecPoflBe ZffeatOMtPUt N

a li w Ll form a. su a | f the downm X has nchannelsthen
t he g%gé%éggwﬁ%d“sﬁé‘PF“ym”é|Sb%5‘agggso?hI&Rlﬁ%ﬁ§|38ﬂllitrnhm1m@ Eicijiigs @ftenthehe
firstcompasdtiondNush@MiE sbheR tEedRYs iﬂb‘%eh %ﬁ%@%bgr‘@nwg%bspace optimally,

I
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of the dotwmethsr Qﬂnaﬂmeﬂlc& of Theu2A4-bi ataditicnnig H‘l@lcqilzuity endiafi@ tesHaliinifasded
even a_decoder, | ned to recover a downm x signal only. Audio signals

are nornBIIys B’&ﬁ%@ﬁ iag-Bit Intgraal wardgyvidsh. Banhh primitive Gsasmieqsamm@rasductl on
disclosed in WO-A 96/37048 modifies one channel of a muitichannel signal by adding

proportions of the other channels. Such a primitive matrix quantiser has a straight-through gain
of unity. The invention in a fourth aspect provides for a primitive matrix quantiser that accepts a
gain coefficient for the modified channel, and has an additional data path known as Isb_bypass.
The.gain may be set to a value less than unity in order to avoid overload. The quantised output
of the primitive matrix quantiser will then contain less information thah its input, with the
remaining information being contained in additional least significant bits (LSBs) that are
generated by application of the gain coefficient. Some or all of these LSBs are then transmitted
separately through the Isb_bypass data path. In particular, in the case ofa gain coefficient of £,
a single LSB is generated that can be conveyed through the /sb_bypass. '

In a fifth aspect of the invention that provides a ‘lossless_check' feature, a check value is
computed on the multichannel input to the encoder and is conveyed in the encoded stream. The
decoder computes a similar check value from the decoded output and comp:res 1t with the check

value conveyed within the stream, typically to provide a visual indication such as a “Lossless’
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system such as Meridian Lossl ess Packing"” (MP), it is guaranteed that the
output will not SUBSTI TUTE SHEET (RULE 26) WO 00/60746 -S 7 OCTOBER 2003 ’
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Read-Onlly Disc, Part 4: Audio Specifications, Packed PCM MP Reference

I nformation, Version 1.0. March 1999, and from WO A 96/ 37048. In the case
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mul ti channel input to the encoder and is conveyed in the encoded stream
The altered signal. T?us is consistent with the downmix case: in both situations the Lossless light
indicates lossless reproduction of a signal that was available for audition at the encoding stage.
In a preferred implementation, the check value is a parity-check word that is computed on
all the channels. In an embodiment incorporating the first aspect of the invention, the first
substream contains a parity-check word that is computed from the simulated downmix before any
modification such as clipping is applied to avoid overload, while the second substream contains a
parity-check word computed from the complete multichannel signal. Before computing the
parity, the word representing each channel! value is rotated by a number of bits equal to the
channel number so that an error affecting two channels identically has a high p:robability ofbeing

detected.

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

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

retrieve the encoded stream from such storage media. It should be understood, however, that
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decoder conputes a simlar check value fromthe decoded output and conpares
it wwth the check value conveyed within the stream typically to provide a
visual indication such as a "Lossless' SUBSTI TUTE SHEET ( RUpEr&fk 260 CTOBER
2003 WO g KQrap PCT/ GBOO 01308 6 |ight to the |istener that the
reproduction 1s truly lossless. In the case of a stream w PRT&LBIOMING X
according to the first aspect of the invention, the dowmmnm x is not a

| ossl ess reproduction of an original7signal. Nevertheless, if a
synchroni sed dither is provided in the decoder according to the second
aspect, and if the decoder matrixing is precisely described such as, for

exanpl eicodldre impeinehuéd QHAREINE 86 tham GOl Ligeaspects of the

i nvention, then the downi ni X reproductt in(r)}ﬁa)? ge E%gr%lgggéejf@mg%&é??ﬁ"ﬁi”ﬂqgc and
can beFssinvallutaay transmissiconmedier inahdireubisebandest By dalataSiRihBticaRigiger or
pr Od“.ctﬁfo' ﬁ%‘p‘?r efore the. encoder can conpute a check val ue on the simulated

downni X & ﬁl?ess%‘f‘ﬂ“cfg’r?’ P ek Euly viokeé figaeandiss, ot imay bearsed tariengrd
| 0ss| emgodeARIrOMUG kd)s@org{gem{s(ﬂﬁuﬁﬁggs ?’ﬁglg];%%}@g‘i}t' was . audi t] Olpjﬁd or

avai l able-for audition Tn the en ding fechplggeinchiding magnetic

i ncor pod aptes! fectmiquear§imilarly, ieco RESHPMM SR accHBSE JePi aven and
J.R Stuart, "~Cascadable Lossy Data Corrpresagicon %s?%g%geﬂ%&&s@%ﬁﬂel

J. Audfgesfgcoded sreamslypined from vk oted®997, vol . 45, no. 5, p. 404,
preprint no. 4416, referred to herein as' AES 1997', and which can
therefore alter the original multichannel signal before encoding, has a
choice on the conputatio it conputes the check

val ue fromthe original rglﬁéfnfg‘?ﬁrgﬂﬁ{ﬁ#ﬁfggp?gﬁh{%s | ossl ess reproduction
such as*the 'Lossless light' on a decoder will not illumnate during
passages t%@t hl?ve been altered. An alternative is to nmake the altered
signal avairaplre ¥or*CaRiGTE JAvaLiogarill grov he dasetibechgvithr oefessge andhd o
conput&ohipan@hgakwWade fhem the altered signal. This is consistent with

t he downm x case: in both situations the Lossless |light indicates |ossless
repr oduct i B1gust! shogisgnalenvizat o frlsssiesaisixathbmnel ericoddBidmisint a HBgiaRaedi Ng
stageugeat@er&ro?g LLe .1°npl emer?t_ati on, Lhe check value is a parity-check word
that |'s conputedcSRdChipieltinig W wbsteamsawhichses thenpadkagetiptoraainighy t he
firststeampesid redordddeod DYgNtion, the first substream contains a parity-check
word that is conmputed fromthe sinulated downnm x before any nodification
such as clFigpierigstiosvsapphitebatre! deciddr deedirmatie twbishBsticams HReARed Sy bt r eam
cont 'nlagﬁa} f?la{li ty-chec V\ﬁ)rcl corTFut ed fromthe.c_orrgslljete mul t i channel

si gnal' CEACSHEVEINS TS 4 I0ss!essdreqnsirugtion oidheiorgipabgeshimglseach channel

val ue i s rgbadeg IR j he, .channel nunber so that
an error affect ?’Hg‘y? %@hanngfiecpgée%te?(gdgﬁé ?%ﬁ%{és‘ Sgbﬁfeﬁﬂl%ﬁﬁﬁ)aﬁml? AW8f bei ng
det ecthegnel ddwnmirghout this disclosure, nore particular reference is made to

encodi ng RLOcegses t hat . _
1gure 22 snows a cascade of two primitive matrix quantisers modifying two channels of

a four channel signals.

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

Figure 52 shows a primitive matrix quantiser incorporating dither.

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

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

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

integrates the bypassed LSB and reconstitutes the original signal. -

SUBSTITUTE SHEET (RULE 26)



record an encoded stream onto storage nedia such as DVD, and to decodi ng
processes that retrieve the encoded streamfrom such storage nedia. It
shoul d be understood, however, that STTRCTTTTTTr CTTrr-r ngTdBEszg;\ WO

00/ 60746 wo do/§e54¢OBER 2003 PCT/ GB00/ 0l 308 encoders i npl eneg,tscglz(ﬁl?q%gqq# [

Ing to
the invention may be used to send encoded streans using any
transm ssion nedi a i ncl udi ng baseband or nodul at ed conmuni cati on pat hs

t hroughout the spectrum from superso‘rﬁ Tt to ultraviolet frequencies, or may
be used to record encoded streans onto storage nedia using essentially any
recordi ng technol ogy including nmagnetic and optical techniques. Simlarly,
decoder s i Ffuesrén sizdvaz bivckidigram of bert iofived tinbBd ey BE aW SEWP todBF RRESS
encodﬁg sbt reams obtained fromsuch nmedia. Brief Description of the Draw ngs
Exanpl85 BP%Fhe present invention will now be described with reference to

the acconp i 1 I ieh: . El over,vi ew of
| ossl ess si %agéhg?}tgil"@éﬂnﬂgo ebrOHc[}%ér!rmbro ?g Fﬁgi(%lj&]n%% Jrsic>%<> H&h\i\%f‘gl?q%w t%}é‘aaen%geéﬁgode

t he nfigwiexed channels into two substreams, which are then packaged into a
single streamand recorded .on DVD. Fiqure 2 shows a mnultichannel decoder
decodi ng t @“f%@q@mﬁmﬁge PessUeantissy thahes speotléestfer ussfin phgpmtedimens of ur ni sh
a Iosaqipﬁ%({egg&)&structi on of the original six channels. Figure 3 shows a

t wo- channel decoder decoding the first substreamonly to furnish a two

channel dobiguicg shbirgwiessttes &ROUE pRectasBPEpRbEuiMR PR it i)!YtPut FJLjdﬁion,
quantisers nodi fcﬁ;&ng, two channels of a four channel signals. Figure’4b
shows™™ asiigssless Chesk avpduasommutedpfromi the prequantised ogpant i sers, configured to
invert t ing.of fiqure 4a. Eigure 5a shows a primtive matrix
quanti ser Qﬁﬁ'@’rgﬁgﬁ%ﬁ “I;S?l%n 8?"(3532?31 ?qfi e@ﬁ?‘i“&ﬁ“%ﬁ hAe SHEneharRles pt #%kH7 9ad matri x
quantdexel, ¢dig @3B sHrich@Lr prédeit By 82 usdy primtive matrix i
quanti ser no if% to provide rtpﬁe . LS%y byggsgﬂﬁe?aci lity, and the separate
transm ssi on of the bypassed in the case of any further |ossless
processing. Figure 6b i congl ementary to figure 6a,. showi ng the separate
transm ssion of the Qyﬁﬁ Deseriptiog pbthedayentiomny i nverse | ossl ess
processing, and a primtive matrix quantiser that

Downmix encoding and decoding

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

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

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

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

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

el B e L L T



integrates the bypassed LSB and reconstitutes the original signal.

SUBSTI TUTE SHEET (RULE 26) 7 OCTOBER 2003 WO 00/ 60746 PCTI GBOO' 01308 8
Figure 7a shows a bl ock diagram of part of one enbodi ment pfcppeshygencoder
with LSRNB%B%@%E Figure 7b shows one enbodi nent of a decoder that Is

conpl enentary to the encoder of figure 7a. Figure 8 showsPGI/GBtIE8/ e
matri x quantiser that is specified for use in one enbodi nrent of an MP
decoder, Figure 9 shows a | ossl ess enfoder preceded by a prequantiser with
an output for audition, and a Lossless Check' value conmputed fromthe
prequanti sed output. Figure 10 shows an apparatus for encodi ng m xed-rate
si gnal mekivhhese| slendi8KFEr cxakp e Q66 Ami 14t §ie ' e er preceded
by an upsanpler.@DetaLled Dgscrig%?gﬁeg$$%ﬁ%qgggghgﬁgﬁﬁﬁ%ﬁﬁﬁﬁggﬁ%ﬁ@% i ng
and detted five armulgcbannebsghad son@odng de fi-GronfUikite- (s Clstt, sudroudt i ght ENg.
Soc. , 996, vpl. 44 _no. .9, . 706-720 and international patent
appl i Cs?ﬁ% gﬁ%g&%5%&@?’0&@%8?&'3&??“0‘?@8&%&"tStH§h argfdeseipe LoRntthel pEiand Lp) es
used imspeatiB¢loSissigOMRMeaSk Ohlatibly | MPortant commerci al application of

| ossl ess conpression is on DVD Audi o, where there are two c] asses of

pl ayer: the multichannel player furnishing 6 outputs ugedq typically to
drive a'5. 1" speaker |ayout, and the two channel player {urnishing t wo
outputs for listeners with two |oudspeakers or for poﬁ}able use with

headphones. There%?ﬁiiwgwa-AgdiQ7ﬁg@0thg1§ bilgtyS}oLcerry a recorded
audi o signal tw cqg, 0Nt S i.Ghan i gnal afnd again as a

t wo- channel si gnal k &gr;?%agyg$%%;th@ﬁgpénargtmf eRhgs adverse
inplications for playing tinme. In many cases the origi@ﬁl recording is
presented as a nmultichannel signal only, and the twg channel listener is
given a downrni derived fromthe nultichannel naster;Qdf t he recorded

ORI iAo i T A S T A S AR Sl M L S S
coef f lozklesd ®nigradsional by, e :PiaNEds 6ﬂhﬁg{ui\lk¥%%8%}eg§%ﬂ% rﬁglnsp I?e! de%gg\gyge¥org s a

| i near conbi nation of the channels of t
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 fi gures 1,2 and 3. In figure 1, the
multichannel signal presented to the encoder is fed to ‘Matrix 17, in this case a 6x6 matrix, whose
outputs m, ... m; are partitioned into the two subsets {m,, m,} and {m,, m,, m,, m;}. These
subsets are then encoded by ‘Encoder core 0’ and ‘Encoder core 1 into two separate substreams,
designated ‘substream 0’ and ‘substream 1°. Each substream is then fed through a FIFO buffer
and the substreams are combined in the ‘packetiser’ to produce a composite output stream which
may be on a medium such as a DVD, as shown in the figure. The reason for using a FIFQ buffer
is discussed in US patent 6,023,233, and is illustrated in MLA. Gerzon, P.G. Craven, J.R. Stuart,
M.J. Law and R.J. Wilson “The MLP Lossless Compression System” presented at the AES 17th
International Conference on High Quality Audio Coding, Florence, September 1998, referred to
herein as 'AES 1998,

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

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

SUBSTITUTE SHEET (RULE 26)



7 OCTOBER 2003 PCT/ GB00101308 nul tichannel signals. For exanple a downm x
consisting of the two channels L, and R, could be conputed froma

mul ti channel signal containing left-front, right-front, |efts (%ﬁ%gﬁ&p
right- sworawoeds centre and | owfrequency-effects channeI% ﬁﬁi

denoted Lf, Rf, LS, Rs, Cand Lfc, respectively, using tR&" (wm¥m3
equati on: Lf LO :[.750.739200-.126825-.5.5pr LS [ROI L

0. 75-.126825. 739200-.5.5R S C Lfe TH@‘Conputation of the downrnix within
the player is however less attractive when |ossless conpression is used.

Al'l six channels of the multichannel signal nust be decoded before the

above mat rT%l@q:umro dranoeldoovringix apfiedoeiel suah ds tHae skt e us@él'eHQFead of
deco?l bS| X channels |s excessive in this context. An exanple

sol ut toT P AT Ae ﬁfipamt Htébn&sh@}mtrpﬁnﬂlgtﬁt@ge@,b@fem@r@ deboda‘dltgtfnrms}h, t he
mul t I naI d to th der.is fe Matrix |I', in this
casekfgﬁgiggﬁ“rmtrl X, @‘3 ﬁ'{eprﬂ?t X anx “é’F%”H'agftSilrﬁiéh%B ikt 21d Re t wo
subs essamiinghatthe exﬁﬁﬂer[ﬂﬁh pladBd t%on@a}xnfomgﬁéan inTHORANS j‘g¥ ngﬁ@?ded by

Encoder core 0' and Encoder core 1" into two skparat

desi divatesampleubsthe ¢oprt@d rawsl of Mirsikr ie anthk encEd@*beﬁl@.&Erle@JHtélﬁ dol@ihik ed
t hrou &E a FIFO buffer _and the substreans are conbined in the " packetiser'
to pf G‘Ef%“‘és‘é%@f’ﬁ%"b%&a@ RaEahowm aeventhy signalsnma and di, wrillsiecthe as a

DVD, re@firs@Winrhix & {9 The.reason sing a EIFO buffer is

di scfgsér\d in US a?ﬁrll B%g‘,’?g&tms Haci lgfﬁ?’f ﬁs’t"r e 3 I8 reduadatapd gan P, G
Cr avather be Rpia‘ﬁtdjaythe idbhtity mhamk apemitist. W1 son "The M.P Lossl ess
Corrpre53| Bwystem' presented at the AES 17th International Conference on

H gh Qual #FURERsIngsutrg of hepreasneinvaspnastiat it he9be losleas heshghout, fer ei n as,
" AE ti.channel nal ded_by .the encoder shown in
1o otnd APyt Ra bR LR Mo T A0l G R ET02 [Rbit Bt Mentehin

decdbenpuasigdd-mpavided stk en&@fé?lo\f?ﬁgu?@[ engadade ShéfRMund HQ‘{?d@r &Jr@?tm ssion
medi_ um or storaqe medi um such as DVD, as shown, parsSes the encoded stream
t

and PS&aT &1t bf dossiesy anddMatipist Iaéérﬁ§ inFereh audist reminet do ragsatkst.Tipugh a
%Fq%%‘féi&é°.°8ﬂ§“§%‘i°§ﬁfﬁ&% wSLbE it R85 = e A PE BRI 1 or der
t o flowinssddss toninpbuhtginyablerod Eﬂnﬁb@iﬂrf&ks ﬂie%ces%b@ﬁﬂrﬁ%ﬁneﬁégg&ogm% 26)
the processes that are disclosed in WO-A 96/37048. Considerations for implementing Matrix 1
are discussed below in more detail.
This distinguishing feature of lossiess coding allows a DVD or other medium to convey
an encoded stream in a form that allows lossless recovery of an original multichannel signat and
also allows simple recovery of a matrixed representation or downmix of the original signal using
essentially the same storage space or bandwidth that would otherwise be required to convey only
the original multichanne! signal. In practical embodiments, the requxred storage space or
bandwidth of a losslessly compressed signal incorporating a downmix may be very slightly
higher than that required by the compressed multichannel signal alone due to the additional

information conveyed in the encoded stream that is needed by the decoder to reverse the

downmix and due to the fact the PMQs that are used to encode the downmix are not available for

use to optimise the coding process.

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

obtained from other channels, in a manner that is invertible. In particular, WO-A 96/37048
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WO 00/ 60746 - 10 7 OCTOBER 2003 PCT/ GBOO 01308 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 substreamO is retai ned,7gé|-f-3@he2g03and
decoded to furnlsh signals nD and m. Fromthese the matrix Matrix
derives tYRI4YIH4 ed signals L. and RO, assuming that the mc«mkmvmkms

pl aced the correct information in nD and m for this to be possible. For

exanple, if the top two rows of Matrix-.l in the encoder of figure 1 contain
downm x coefficients such as those in the 2x6 matri x shown above, the
signals nmo and m wll be the required downix signals L. and R,. In this

case yre 3 is. redundgnt a ei-t her be replaced by the
i dent fiitygi%%r%%l}o% 16oslrglf"(‘r’)ém e MENE T B sﬁ‘ﬁrﬁ’ &g’tyu‘r”ée'émgt‘hé eﬁ’p@ts@“mach

|nvent1umerSn'tch@¥ ot BYhiRgs i l.ti channel
out put si gnal obt ai ned frlomltlgiﬂtgigldfgér]frggggﬁ&greﬁ% @Efﬁ Spadgifqr use

i dent ifca epepder, ramdi ﬁwue 4 gjwad'mg)rtbevlt\dednv@set HM@mﬁod@;‘gr@f mfdblguqre silnple Thus,
oder. cores present, nust be |ossless, and Matrlx 1

t he engader an1é g?
and i 1S Vel $8c BC%HBP?%HPF@&WW%@WW%Wquﬁn@serscﬁls@utbmg@dmﬁder and

decodsy, S3ah&S+ B8 BN n er des
for |ossless coding %dlii{mhl n prﬁ%érl?g%ﬁ%%ﬂ%ﬁ%% gf’xf’{gseg 2@%8@‘?5‘#

i npl esipmiiesl ‘aarifioag bk Adentified WiRCESARR | BAL/itR" | in WO A

96/ 37048. Consi derati ons E;‘nolr i rrﬁ | enent %Ef’g I\/a%tr |S>€gfﬂlgsrg?§§£ Scussed below in

more det alT0 Vel'erbltcfP%bit FrFQnSthiatign o€ tiewr ig el mlgna;lsdﬂm&reaﬁ@htmgq@hhﬁﬁﬁ@ & DVD or

ot her v an encoded streamin.a formthat allows | ossless
recoveél‘H; P an or|qﬂ ﬁélFa%P'lgf’ﬁlh%f‘n 8|qugvtg§?5|Q :dRf1SHF 48, Eﬁl%b\h@ﬂglwf@ed

. recovgé e Ny O x_.of the .ori gnal
usi ng Igggtegtﬁlr%m;e;ﬂr?ﬁ% ggﬁ%@%@é@%‘?s&% gwgg?énﬁ%%‘t% lﬁéferﬂvaa t‘herwi se

be r elfuiyy, edilt Ggo@Mb@¥rBfhYthe réifor@fibgisnal spul,t iy Bﬂ.@g us¥ s%]%c{i au!i hisBY Ct' cal
enbodlnents the required storage space or ban t 0551 6¢'s

conprie §gwE @llgfﬁélwﬁm@m@%}m sighaigs quaisanQxinfayrdea, \aaﬁylgslb] Sk bagtordd lgfaer t han
t hat conpsessed | ti channel signal alone due to the
nﬁa%g‘glll i A 8rth%ﬂa8ﬂe csgn‘éé ‘Efm?f

addi t1on n the encoded streamthat is needed by

t he deCOd%egﬁarﬁtf&%%r@,eanH@ aréjf?é!gdbﬁrm(o:ﬁ@ptog\g% thter%?orﬁ?g thﬁpﬁ %%?gl If]at are

used to encode the down. mx are not avail use

codi nignpls &4 émsl SOnfeormekbeedirgf thpestiiae HpnosikRas B@bﬁd@z% &Qﬁtﬁéﬁﬁ’é}rﬁ/at R Dby
usin cascade of primtive matrix quantisers (PMJ¥), which are 8| scl osed

as' ngWF‘E[ Y BOLREEREEs' in V\O A 96/ 37048. These PMX are matrices that are
et L, e AR e TR TR B o PPl s
96/ 3%048tended to any number of channels and how a larger number of PMQs can be used in
cascade. Each PMQ modifies just one audio channel, and in figure 4 only the first two channeis
are modified. In practice, any or all of the channels may be modified, and there is no restriction
on order nor any prohibition that a given chaunel be modified more than once. In the case of a
two-channel downmix, it would be normai for at least the first two channels to bé modified.
It will be seen that each PMQ in figure 4 has a gain of unity to the channel it modifies. It
1s not possible to synthesise the most general matrix from a cascade of such PMQs:
WO-A 96/37048 explains that the set is restricted to matrices having a determinant equal to one.
In the general case, it is necessary to scale the downmix equations in.order to obtain a
determinant that has a unit magnitude. For example, rin the case of the downmix equations

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

x -
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7 OCTOBER 2003 WD 00/60746 - 11 PCT/ GOQO 01308 di scl oses how | ossl ess
inverse matrixing may be perforned by inverting the effect of each
quantiser in reverse order. This is illustrated in figure 4g.; Whirg two
PMXE in gasmadeisf or use in an encoder, and figure 4b shoglci}g:eé B%tpgo
inverse PMX® in reverse order. In si rrple si tuations wher X in
particular, only two primtive matrix_quantisers, then the signals Si, 82,
S3 and S4 can be identified with or'r(ﬁnal channel s such as Lf, Rf, LS, R5,
etc., and the nodified signals Si' and S2' can be identified wwth L. and
R, or wwth signals m, and m To verify bit-for-bit reconstruction of the
original signal, observe that the quantiser Q in figures4h is fed with
the same signal as the quantiser Q in figure 4a. They, |bef g assumed
identical, therefore produce the same output q,. In fi gur8f4a t he signal

S2' is for rrediaa E 1 BooP2- dg. V\:hlglggﬁfl_gt,gﬁ 4b6d%e/rf% g restoration S2
4D° | ]
u nE Gé‘fiJ

= S2' +q2. Wt us, restor ouant |ser s fed with the
sane signal as ‘% &r gl q0§ figwe 488 énd‘@qﬁdna i & rlestored in a
manner simlar to the manner-S2 is restored. The quantigers|Q and Q are
needed in order to prevent the word |l ength of the nodifijed |[signals SI 'and
S2' from exceedi ng that of the input signals Si and S2, sk}ethat t he

i nfor i s not increased. Figure 4 shows just four channels

f or s%%ﬂ’&& ‘1"? chpmnel fecodseinmementithe preme sealisgcan  be ext ended t o
any nunber of channels and how 'i LLger, ﬂigfoir of PMX® can be used in

cascade. Each PMQ nodifies jfust|g audi o channel, and in figure 4 only the
first two channels are nodi|fRed. [ 1% pragticce, any or all of the channels
may be nodified, and there is no restriction” “on order nor any prohibition

that a gi Vel ehdumpehatbdamd bigdt BOREIRR@NGS, asBad Pl?ﬁ% )
t wo- channel downm x, it would be norngl for at I(éaszt1 ﬁ{]ﬁf slg)efcau?Ee IcShanneI S

to béeWBHlﬂfaPte@Pesntot\h@w apaitsmegnitudat Thicls MRV problkingbroaudt Masia0 ganet of

unit h Lt nodi I 0ossj bl e to synthesise the
- Ye&%nﬁrg? gtf pl% s§less r%econéégtgg&e ft&p om? ﬁ%@l c}g\xt%p%—}b@gll@yﬂg l3ai ns
t hat twiehaeiel dé‘coﬁeﬁid ing 1@l e OVERES 6 GESi A é&%t%a%gs roﬂ)ﬂ&’@é foerq??s heski9. ONE-

In the general case, it is necessary to scale the dowm x“equations-in
- or dé¢c Ulg(ﬂjt%@rtthaanﬂd:aftgmadmgaait ottdsatmdragemeralmatriRagiiohaex apslicagd@npl €, in

the of t he.do atlons di spl ayed earlier, they should be scal ed
by 4%%’ b fgrre ﬁ/&t‘%sﬁnbﬁ:& 3fe encoder inpl enents: SUBSTI TUTE SHEET ( RULE
26) 7 CCTEBERcaNESthe coefficients for the PMQs forming Matrix 0, the following procedure

may be adopted. Denote by downmix the matrix of downmix coefficients, for example in the

case considered above, we have

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

0 .75 -.126825 739200 -5 .5

Then forj=1 ... 6 calculate

dc)vm.'mlxI .
coe
ﬂ'l a’owmnul |
3
then calculate
downmix, |
coeff |  =-— —
2,1 v _ -
coeff 2 downmix, | dmwzmuz. 5
k4
and then forj =3 ... 6 calculate
dowmnmix, .
coeff, . =— T — coeff coejf
J coeff | , downmix, | — downmix, 2 b

The coefficients m_coeff in figures 4a and 4b for i J are now given by the expression
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-1.00000. . 9856-. 1691-. 6667. 6667Rf LS |lilt0. 1. 0000-.1691. 9856-.6667. 6667RS

C Lfe Whl | e Matrlx O in the two-channel decoder |an enent§05ﬂ§,3ér0§
cann ot

scal i ng: wblghgReO N0 Ro -L O .75~ nit It is evident that Matri
be inplenented as a cascade of PMX because its deterni ndift/dBOLIHS: have

a unit magnitude. This is not a problem because Matrix 0O is not required
to provide | ossless reconstruction of3an original signal. An architecture
that allows a two-channel :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 qom@@[ﬁ e?f'itlons is shown in figure 8
and described later. To calculate t coe cients for the PMX form ng

Mat r i where thﬁmlmlmﬂlglmmﬂgs pecaoechfithe sutasactien fdfpireda. Denot e by downinix the
coeff|C|ents for exanple in the case considered above,

" have G ﬁ&ﬁ“ﬁ S Fulghpgnel Py 85200 e Lomss il | Gay e mlomaoTER
ﬁizﬁgure 45 en carggtrﬁ%gtaeu cffiéwﬁ?ﬁ@’ 94{ gsi‘é’ég? e’flcoiieg%%&(m]‘l %}%%RMCM@PI .Q:f t -
dOVWW\PMQsde AvitndibbrB@ibnliREadh encctling PMO FM4l 8Y 8n addition as shown. Note that
the inputs m, ... m; to the cascade of PMQS are dentved from two substreams in this case.

Although the invention as so far described is particularly relevant in the context of
compression, it is applicable generally and not restricted to compression systems. Also, the
principle described above is not restricted to two substreams. For example, using three
substreams a nine-channel signal can be conveyed losslessly, with the information required to
decode a six~-channel downmix carried in the first two substreams, and the information required
to decode a two channel c!ownmix (as a linear combination of the six channels) carried in only
the first substream.

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

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

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

unitv to mod1fv the first two channels.

— bt

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

an Inverse permutation in order to reproduce the signals in the correct order. Re-mapping of the
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dolvflndx, j ti coeff' j = - coeff t. , clo>vnlllix2 t - clowslnli-r, z -
coeff2. | coeff t J The coefficients nt_coeff in figures 4a and 4b for i |
are now given by the expression t'Trn rTTTr)'T? C'Trr-r m OB

00/ 60746wpkdsiag0ef f[i, j] = -coeff. ij 7 OCTOBER 2003 chié%oﬂﬁﬁgégﬁs wher e
the m nus sign arises because of the subtraction in figur BOp e

mul ti channel decoder of figure 2, the Inverse Matrix 1 may be inpl enented
as in figure 4b, using the sane vatdes mcoeff(i, j] as in the encoder,
but with the reversed order of PMX» and with subtraction in each encodi ng
PMQ repl aced by an addition as shown. Note that the inputs no ... nb to
the caspaichhanfelAMTaded i ef MISRldédoann, hymssudasd 1yaRes), idsikRintom@den ifitht hough
the invention as so far described is particularly réelevant in the context
of cHpAEkYcem. Inthg easa st theaticedeyares apdrpugaidnni mayesstrict thetdacoder to

conpr i : S0, the. prinpciple described.above is not restricted
to tv@&@gt@%ﬁ?ﬁ@rﬁ%rﬁ lgg}gp{.ﬁpggif}ﬁggﬁlgﬂgﬂl‘roggafqésrgggqprp% a ni ne- channel
signal canTRsngasyguausss esalatanet 4B dbbsic SLARPALL 9n EALdELLholies » decode
a si x-channel downm x carri inthe first two substreans, and the

i nf orRAENIgHON bgidre putrixing.ddowdieer possibilichaonkd baavappilx teapermuttivean the
conbi(ﬂa&io%f t&e si x.channels) carried in only the first substream In
cur r eRCPLBNEPE B1° BRPITRALH RfEmuiatien nig; snpkied iy Hiengnqader adigh imatizingnal s
Lo, RQddifiondl©! [18» , : [ i | 1.y _have the

| ar gest coef ? i Ci eﬂ{lg B%ﬁ)lotggilgﬂe;fioﬁg%f?&aeﬁgg%%@nstréa'ﬁﬁggégige%? & e'tTWétatég(narrpl e
abov defte Wereatrixingiif thei doaffidians cfuheotattie aguasapireRtedecause the domi nant

coeffi ci egs e nul.tilﬁlé}%/ sone of the other signals. If the coefficients of
Lfand Rf aris™e3TheRIER untifiely butpossibls dpvamenpesifigations thatshestrategios oytlingd n t o N

h . S | ;
o her ohariLitRindit, GRERbITc UL ELGEPR Bl BB RRERS ralR% R 52 s hown
abov er nearlysthelsanee adihr @her wdrids therdobtremi i0hbes oot lingd N8 1ak st o Bl | X

w |l exceed unity and, as a result, overload or other problens nay occur.
Thi s aE?Yﬂﬂ‘@?ﬁdHﬁys Besaggaress berapse the genominaier efithodxprésesion fiemmefs, tiecomdse

for. 6 | 'fikst' ch |, whase.coeffici bp L,
o o8 B0 b A P WSS oo

chanpedbissh esebesdBellibgicBBbsihMmRand f, HFBR%. ReRURLARL sibISRM enPlgce. In
this exanple, it is assuned the first and second channels are not the sane.

Thi s VPEor gragethhgzuaadh byd Raked ingepuskipshe thorditfresionaiouibepdce of trert-sh
mat r Hﬁﬁ&lsfﬂngpﬂcsﬁdg% Qe%gor%aéet] %% inagte%eral an n-dimensional Euclidean vector space, of

which the channels of the multichannel signal form an orthonormal basis. The si gnalsm,and m,

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

determine the actual scaling of m, and m,.
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proportional to L, and Rt, by using two PMXx whose coefficients do not
substantially exceed wunity to nodify the first two channels. Wth such a
permutation in the encoder, the nultichannel decoder of figEEfopErWhid
require an inverse pernmutation in order to reproduce the signals in the
correct of P67 mappi ng of the SUBSTI TUTE SHEET (RULE 26PCT/GBGNGBER 2003
WO 00/ 60746 PCT/ GBOO/ 01308 - 14 output channels is provided in an M.P
decoder, as instructed by the ch_assign information in the encoded stream
In the case that the encoder uses a pernutation, it may instruct the
decoder to apply the inverse permutation by specifying the appropriate

r e- mappi ng. iaverse permutation is apptied after the decoder's.
mat ri xi ng ilfmt;l‘ﬁdeécglﬁ%%t efCappi'f Sm}ﬁh‘paé? ffE"B%l?*ﬁéWHB@P@SPEe sealed versiogs of&zadt her

possi bither yhenbbshcbepdrdedPp! 1y, AfIER PRAMBE Ak WBmbRsibig. afRISL. hefor e, the
matrixing if pernmutation is applied in the encoder after matri Xi°ng.

Addi t | BRaM dbitiarilyisithia the sgspateinel hpmay beehostertodfe @thddoRalsb heamk kBmapp! v
the pey yhas Qp bef(}\réle th(g. mat ri XH}%‘?H the coefficients of the matrix are
al so pariut od UaRare MAwxEin g He-g ef§roger WHbthen seeongBimmi-xand R, as a

speci fscgled versdnlofal, ahB i igReq es outlined above will not handle. One
possibility is that L,, and RO ray have coefficients that are the sane or

nearly the Is&eeMaP lodstesptirapressionl systéir, 1o wosliisicnss VLA 0 ReRhINedTPRR. | N
this 'tuaf)i on tge ..above procedure is unsatisfactory because the

denoni FEBPS EA™, AEbsueam ds apd thercgptficimnts of Matiuc barssartiest entively e thelsycandr o,
resul tsih@rehm et i i babi | it f overload. This
pr obl em can bgag%l%%rgg,ggérgﬁ%ggg ﬁ%%%ioqéaﬁg%ogfgﬁf?gsr %rﬁt'%lsﬁg tﬁ@ﬁﬁﬁ‘ﬂ?ﬁ@"ﬂ%e

si gnaldscaslsd dloemba tfisstahibsirearect or space, the signals L,, and RO will in
general span a two-di nensional subspace of the 6- dinensional Euclidean
vector space, or in general an n-dinmensional Euclidean vector 'space, of
whi ch the channels of the nultichannel signal forman orthonormal basis.

The signals no angomlmilpyﬁéocﬁiﬁg%{J%nrbié'%%%gzz&p ceif L",and R, are to be

reconstructed. It s reasona 14§ gre rpauchoge or thogonal or
approxi mately orthogorfal to each other in the subspace spanned by Lo and
R Having determined m, in terns of the input channels, these channels may

be per nut etlogtdsoencotiers ibiag fRiufiking S diftaksal PaRvely WRRBL AR fohgi il i N ND
is largest, or_substantially largest conmes first.” A PMQi's then conputed

as abBUEUGHSE AGMEMRRRENg 43 (0 edvrsrihe odcletiom hehvers (s saahetcd dshenandf t he
desir i ssary.to, conmput e PMQ to furnish a scal ed
v_er_sig‘gro *ﬁ*ﬂ%ﬁ%&”ﬁﬁa@ﬁﬁﬁaﬁ%h B‘e‘%ﬁﬁ?%et‘f@??e HETHeSit? apFReadad 8t der to
m ni deseriiddeabingitha. deatidfing OB hirGhm!specinlhi sy RES WA A" Alirl Mgy Shgnal s to
be matrixed is akin to the process of “partial pivoting Kown 1o ose
ski | | Ssidprabledregdeman theespecificatéomuetminisons, and wi || not be descri bed

~further h%i?stiy,l iﬂich&%lixllél tny and m,, the condition that they be approximately orthogonal still

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

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

MLP compression system, six PMQs are available in total, allowing four to be allocated to this
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mo and m may be given arbitrary scaling. Then the above procedure for
coefficient determ nation may then be used by replacing the matrix doti
nmx with the matrix giving m, and m in terns of the original-gchgannels.

The coef W@ ogsiyss det erm ned by this procedure will then ne_t he
actual scaling ofrno and in, 7 OCTOBER 2003 WD 00/ 60746 SL??Lfaﬁ‘.‘Lﬂg‘lf’/"é%@o/01308

In the degenerate case where L" and R, are identical signals or are scaled
versions of each other, the subspacébspanned by L. and R, will be
one-dinensional. In this case nD may be chosen arbitrarily within the
subspace and m may be chosen to be orthogonal to no but from outside the
subspasle: Matrix 0 in a two-channel decoder will then reconstitute LO and
R' as a scaled version of no and will ignore m. In the MP | ossless
conpression system the coefficients of Matrix O are carried in the first.
substream Substream O, and the coefficients of Matrix | are carried
entirely in the second substream Substream 1, even though sone of these
coefficients are used to nultiply Liffiedl s decoded fromthe first
substream Downi ni x encodi ng- conbined with data rate reduction Lossl ess
encoders using matrixing are discussed extensively in WO A 96137048, where

t he purposg; | b S.-to reduce,the. carrel ati on between the

t r ansni tt:@”g{?%%g?@@%%%%ﬁﬁ%w i @&ﬂé‘@?gﬂ‘éw‘%iﬁﬁi@?ﬁ%aaaw@aom ek, In
t he cdifetsuirereproauc@nnanitde iflid SoRA bE RSB IS ' _
matrixipg i s parti al I%/ specilfi gd bth he doﬁ'&%&%%ﬁ??@%&ﬁ?jﬁ%ﬁ%&%@
consia¥oabfidhgrvabigdsnaddeditn thespmmil befat it snpaseataionke qinrisérl Bee ifdt xB@PR NG ND

an ok (ERIETRA W Enr e poefc SubEbRte SpamEoRA e TrooreTegls
f r eedameyay). DaididERE gda_mzqy MBEvol. WS, 43t x7sat e required to encode the - ’
first substream Subst réam’0,” for exa’f%)l e using the nethods discussed in

WO A 96/ 32de@rinttve matinguwetisdre irdateatly pedotrakemibytianyinShanab o pfosiivg Or

nor e . n assum for exampl e 6- channel rmul ti channel

o gnsl e qcBERT b oo EREE fler Bnghn Il Fh BecoH R G WU G 0

f ur nitetdet bderdowaniexadtsy Bt kﬂaltriﬁﬁgﬂlzr%ﬁﬁéﬂ iHR&d oﬁkr‘?%eh&}?éanftﬂﬁhgs ole
4 I mse-the da

met ho&s described in WO A 96/ 37048 may be used to mn arate
requfiieds: Hewsweniefurtishing e slownsnily st deseribeBubsve, ddanik. 0 igesthe igasemef a PMQ

: gpn'la?fﬁég X rlr;%l’/nmdbtg%gannﬁg m?lﬁpé%g%@%agﬁeayox%f}eptg fr%?nV\Q(;Tt]h)iflatgggs. any
In order to render the downmix quantisation benign, dither must be added by both
matrices. However, adding dither in the encoder’s Matrix 1 will affect the transmitted signal, and
the decoding of the multichannei signal will be affected thereby. Therefore for lossless decoding,
the Inverse Matrix 1 in the multichannel decoder must compensate for the effect of the dither in
the encode matrixing.

Figures 5a and 5b show a complementary pair of primitive matrix quantisers including
dither, in this case for a three channel signal. The two matrix quantisers differ only in that the
signal q, is subtracted in the quantiser shown in figure 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 1 can be constructed in which ‘Matrix 1’ is a
cascade of PMQs as shown in figure 5a, and the multichannel decoder of figure 2 can be
constructed in which ‘I.nverse Matrix 1° is a reversed-ordered cascade of PMQs as shown in

figure 5b. This will ensure that the multichannel signal is reconstructed k;ésiessly.

For the best quality downmix reproduction, the conventional requirements for dither
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rate of the remaining four channels in the sane way as for any other four
channel signal. In the M.P conpression system six PMX»s are available in
total, allowing four to be allocated to this SUBSTI TUTE SHEEJJdgRRLE:;26) WO
00/ 60746wo.disot&sk. Dither 7 OCTOBER 2003 PCT/ GBOQO 01308 Ug#B% E]g’ﬁ,
regarded. as extrenely inportant in audiophile circles t hat y 2{ tisation
that affects the reproduction of the audio signal be perfornmed using
dither. Typically, a small pseudo- r&Adom dither value is added to the
signal before it is passed to the quantiser. See for exanple S.P.

Li pshitz, R A VWannanaker, and J. Vanderkooy, "Quantization and Dither: A

Theor sitoutibbe saiafive Yoth id thobiftoRertN a0 antf 1HARR0dst Y Ml 0PPrRdTE; 375
The primtive matrix quantisers inherently perform quantisation. Tn t he

case ®fame ) g gncasiyedkr ditheasanatetoni fgyres heambstecmad advadiabbeisly fariigt  a

pr obl use the | ossless trixing in the decoder inverts exactly the
mat ri @FTRE %Etﬁ R BeaknoRca é’ﬁ‘gﬁH‘QF Pq‘i“ﬂ &9 DR g paFoy sighs 9fdha quantiseaf) &Gt s .
Howewge first tfareNieRii; %0 i . Matrix 0 does n

over f L N QB i her oM i 01 SR AL Ve MRS FeRe B0 L ot on
ef f ecdithef roothe buehPMflsr i ces. I n order to render the downm x quantisation

beni gn, dié;tﬂﬂerx'\gust be %dded by both matrices. However, adding dither in
t he encodeaLx\pmay pe p diffqrent dygeafimatris, hut drvsiki neverdhelésy fruiudeanuiputatien,
decodimieh ffcrdabe fy ok ek 18l L1l be affected thereby, Therefore for
| ossl ess dé:(r:ogi@sng, t‘ﬁE@!ﬁ&&}@ﬁﬁﬁ)&ﬂ%m%aﬁgntﬂg Hane é%?‘@d‘@é@lﬁf%‘ie nust
conpenstageartiostidarne effect of the dither in the encode matrixing. Figures

5a and 5b _show a conpl emant_ary_ﬁai r of primtive matrix quantisers

i ncl udi ng LireHBremeng for flegtisigithergn the enspding eirbderetiing quandibers dfazurasGanat 1 i x
quant;h88ESafibkf bg,nt&] j U, si_anal is subtracted ip the

quant i ser saﬁg\%mn?(l&n fi éﬁir]%dég?ec\ﬁ@r?%gsé%ﬁem q"ﬁﬁmgit halpe A 2 psee-12Rdeme

quantegerncs pawratonwithguhestodam Foml 8meas ik, 88€ theldbbder PLAMd8d A8 LgT 9nal
furnish@% b f:the, box, marked “dither' is the sane in both gases, tﬁe PMQ in

fi gufier frogisifg KsRvmeqquepceienet®otPM) in figure 5a. Thus, an encoder
as shown i i ' he constructed in . which Matrix 1' is a cascade
of PMX aéﬁs%féwﬁe%éq#?%grggngggréﬁﬁlﬁ?hbégﬁ‘ﬂ?"'tl?r Red st HaRHIB R PFFYlore 2 can

be ook biniigeheneh (PRBS) @AY 6 Micklisn] | s a reversed-or dered cascade
of PMX» as shown in igure 5b. This will ensure that the multichannel

signal is reconsi®ucted | ossl essly. For the best quality downm x

reproduction, the conventional requirenments for dither
where &, represents bit x of the shift register, and

@ represents the exclusive-OR operation.

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

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

with the dither applied in Matrix 1. In MLP the downmix decoder generates a dither signal using
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7 OCTOBER 2003 WO- 00/ 60746 PCT/ GBOO/ 01308 - 17 should be satisfied both in |
the encoder's "Matrix 1' and in the decoder's "Matrix 0'. Thus for exanple
in the encoder, the dither generator in figures 5a and 5b £Qulfher 2003
advant agewmyad/so7gir ni sh TPDF dither with a peak-to-peak a .ﬁéﬁ@ﬁngﬂual to
two quantisation steps of the quantiser Q If the first two In the
encoder furnish the downm x signal, then it is not necessary to add dither
to the later PMXs. Matrix O may be al8ifferent type of matrix, but it wll
nevert hel ess include conputation, which increases the word |ength,

foll owed by quantisation, and it is normal to add dither before each
quantthg 8am®Bigoritten bE el hERBMnnEPledod&ENbLCAE diihdNS Hiffdledt R ANEQAL %}Qd?ﬁ"d
decodi ng quantisers of figures 5a and 5b can be net %y t he encoder

r ec ordiffargnt theseedi for tlonViatri n@yditiee isstaarie io S ubstramul) ovhilatigtoseed $@qheneeaix
gener%ﬁgg within the streamfromtine to tine, and the decoder reading the
seed afher itearded InsphsGahisi ng its own sequence generator. In MP the
seqguence t j bt Clrcl i f i r. generat i seudo-
*andom bi rareLEABE okl fdarhinblt i ot BRI AEI BB TR er e .

r epr e@detnixsl, bhd with dfie difter 8Rb Ebnif S BBy RKe erkBder, e kBEIRS B @e&i@@k@(ﬂ%&’g’% ve- OR
operation, Thus the seed in the streamis 23 bits long. The shift register

i s sKiffieh. 3y Resignalsrespvesed hy theadpspéerpdawintd, thifdss bial Womshedl natwm testhisi t
pseudgsrandom 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 sanples. These 8-bit sanples each have a
rectangul ar PDF, but the encoder has the option to add and subtract these
two sanples to furnish two further uncorrelated dither sanples having a ,
triangul ar PDF. This processS¢u g é@vimixanond Dither' and is expl ai ned
in the above cited Wannamaker reference, AES preprint no. 4533. The encoder
can use these two triangular PDF sanples to add dither to two PMX that

R A A QA s
synckavehihaetle tigifal dROAETRARMAIE PERS BFISvd rudid CarfiCREE 'uncbRYSIES’ hhd ins
undesirable that the sanme dither be applied, or that” Matrix 0 apply any
di t haveragmicvelsmugrbediept sl bwitavh digital diipping ifapppéaidofi mlikasighal it .to kausML P t he
doung) &1 A8C O HRL 98 T peSreichal Hefording ipineer M wellPequippad with tovls kor - 28)

waveform modification, such as clippers and limiters, that allow him to produce 2 ‘controlied’

signal that modulates a channel very fully while ensuring that no peak will overload.

It will be understood that digital overload can result in extremely unpleasant artifacts

caused by ‘wrap-round’ effects. For example, in conventional twos-complement 24-bit audio,

the maximum positive value is represented by 7£ £ ££ £ hexadecimal. A naive attempt to increase

this value by one quantisation level will result in 800000 hexadecimal, which is interpreted as

the maximum negative excursion. Thus small overloads can generate full-scale transitions

having a large high-frequency energy content, which sounds extremely unpleasant and frequently

causes burn-out of tweeters.

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

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

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



7 OCTOBER 2003 WO 00/60746 PCT/ GB00/ 01308 -18 the sane al gorithmas the
muld i channel decoder, but the dither is different because the seed is

different: the seed for the Matrix O dither is carried in Syhstys gg@l)so,
whi | e t hewgamgofs@r the Matrix 1 dither is carried in SUbSF‘E,@?WgE@O n MP,
t he quantisation and arithnetic of Matrix O are specified lﬂpséci sely
as for Mtrix. 1, and with the dither also controlled by the encoder, the
encoder has precise know edge of t he!to and RQ signal s recovered by the
decoder, down to the last bit. W shall return to this point l|ater.
Saturation of downm x It is often considered commercially inportant to
encodeligtlydbelimowit gfisdaliag ragheddioniaraviravell thdwatird e gflingthé AlaresinAABkEecAN
handl e, Peaks in lLive nusjic can be very ‘uncontrolleg' and the average

| evel ?ﬁﬁgltmaéiwb@ﬁtls IREPTVERERGR th HrttemngytagspSaepndly, aechpealingds likely toresidt gnal
is toj (g rof essional recardi.ng engi neer is well
caui prd oy VK aa QR Prac BN quid S B EER SAR0ariEn ThE S reh Snapeer
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19 7 belsBBMQ@o08e decoder, a shifter is provided that shifts left or right by a variable number of
bits specified by “outpur_shif” information carried from time to time in the encoded stream. If
the encoder is given an input and a downmix specification that result in a downmix requiring
more than 24 bits, the encoder scales down the downmix specification to avoid overload within
the matrixing. This scaling down is by a power-of-two, so that the correct amplitude can be
restored in the decoder by specifying a positive left shift in the “outpur_shif” information. The
shifter in the decoder thus generates a downmix signal of the correct amplitude, which may be
too large for the 24-bit output. Therefore a clipper is placed between the shifter and the output,
in order to avoid the undesirable ‘wrap-round’ effect discussed earlier. The clipper may
conveniently be implemented using the facility provided in many DSP chips whereby a value in
an accumulator may be stored to memory using ‘saturation aritfimetic’.

Anadditional synergy arises in this case if the memory location to which the accumulator

is stored can be calculated in dependence on the “ch_assign’ information. in the stream. This
accomplishes the inverse permutation of channels required in a decoder without having to

Implement it as a separate operation.
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PCT/ GBOO' 01308 Firstly the amount of scaling required is not known until
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25-bit signal to which the quantised signal ¢ is added. The result of this addition is only 24 bits
wide by virtue of lossless reconstruction of the signal S/ fed as input to the PMQ shown in figure
6a, provided that 5/ is a 24 bit signal.

As shown on the right of figure 6a and on the left of figure 6b, it is possible to insert
further lossless processing and inverse lossless processing of the 24-bit wide path between the
two complementary PMQs, provided there is a bypass path so that the LSB is conveyed
separately. For example, a partial block diagram of an MLP encoder is shown in figure 7a and
the corresponding decoder is shown in figure 7b. A decorrelator and an entropy coder comes
after the matrix shown in figure 7a; thus, in this example, the ‘Lossless processing’ shown in
figure 6a would include these items. Similarly, referring to figure 7b, the ‘Inverse Lossless
Processing’ shown in figure 6b could include an entropy decoder and a recorrelator. As shown in
figures 7a and 7b, care is taken to preserve the bypassed LSB across this processing, to store it to

and recover it from the encoded stream or substream.

Sometimes the matrixing in MLP does not cause overload, but the decorrelator, while
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I f an input signal exercises the full 24-bit range, then an attenpt to
nodi fy a channel using a PMQ according to figure 4 or 5is likely to | ead
to a signal that exceeds the-24-bit range. This increase%éﬁf&%RQMi ch is
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accommodat ed econonical |y even on a processor using 24-bit "&r¢H@13%8 by
using the architecture of figure 6. Figure 6a shows, on the left, a PMQ
that incorporates a shifter. The signal-paths are assunmed to be 24 bits

wi de generally, but after the subtraction of the quantised signal g fromSi
a 25-bit data path is provided to allow headroomfor the addition. The
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requirement that they come from different channels, and the encoder may occastonally choose to
allocate two or more such PMQs to one channel and thus obtain an additional 12dB or more of
headroom for that channel.

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

separately transmitted LSB. In this case the addition of the separately transmitted LSB may be
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to reduce the anplitude of the signal and thus provide approxi mately 6dB of
headroom for further processing. The coefficients shown in figure 6 nmay be’

set to zero when a PMQ is used for this purpose only. It wkl.he-chgar that
t he schergo edsihigQure 6a coul d be generalised to all ow nor AR 508 bit to

be shifted out froma PMQ and transnmtted as a bypass signal. I'STTs not
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correspondi ng i nverse | ossl ess procegdirng shown in figure 6b is al so
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addi tion sipubghdri9dikeehd dthellidenREERES -dither in figure 6b. [If m_coeff]2, 4jand
m_coeff{2, 5] have the same magnitude, dither will have the desired triangular PDF. Thus, if two
PMQs are used to furnish a downmix, the encoder will specify m_coefff2, 4] and m_coefff2, 5 7
with the same sign in one PMQ and opposite signs in the other PMQ, thus furnishing
uncorrelated TPDF dither signals by the ‘Diamond Dither’ method discussed above.

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

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

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



Figure 8 shows the decoder PMQ specified for MP, as configured to recover
three channels Si, 92 and S3, wth the second channel S2 being nodified.
This i ncorporates sonme of the variations discussed above ?‘B%&B@R%Q&j tion
uses a g r@}m Itiplication to inplenment the left shift. e encoder
speci fies the coefficient values and includes themin the B¢VeBMCITus, to
shift the signal S2' left by one bit the encoder could set the coefficient
mcoeff[2, 2] equal to +2. MP uses-1B-bit coefficients in the range [-2,
+2); therefore the exact value +2 is not available and the encoder
specifies -2 instead. Thus the decoding PMQ inverts the signal in this case
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In MLP with downmix, it is not normal to carry the bypassed LSBs in the first substream,
Substream 0, since the downmix decoder does not attempt lossless reproduction. The second
substream, Substream ! carries all the information required for the multichannel decoder’s
matrixing, including the coefficients, the dither seed, and the bypassed LSBs including those
LSBs that were dropped from channels that are carried in substream 0.
One feature of figure 8 that does not affect the above discussion is that the quantiser Q,, is
able to quantise to a step-size that is a power of 2, thus putiing the truncation point one or more
bits above the LSB. This facility is included in order to optimise the treatrient of input signals

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

{eature is used only when the quantisation step size is set to unity.
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In MLP, cascaded PMX» according to figure 8 are used both for Matrix 4 and
Matrix 1. In the case of Matrix I, it would be normal for the coefficient
of the channel being nodified, which is n2-coeff[2, 2] in;gtbRoeEASE03

i |1 ustrawgslpo/dogyghave the value -2 when the LSB bypass is L%erglq &%23 i ther+l
or-t when the LSB bypass is not used. This choice is nmade by B %oder
and the coefficient is included in the streamfor use by the decoder. Wen
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matri xi ng and/ or scaling of the m, and m signals to provide L, and Ra
General coefficients, not restricted to powers of two, are then required
in the PMXs. Again reguKgehinintdgri@ndegodeesalthecfi exibility for the
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should be restricted to a check of the encoded stream so 'that transm ssion
errof8%ay be flagged. The relationship between the input signal and its
final recqnstructi on i?s sonmewhat . unknown, being affect'ed both by inherent

| osses i n ¥ RETELSMefiBaihd Piver ifediionpioprdhe dser obgigh errors: for example

a “Lossless™ light could be illuminated when the two check words agree and be extinguished
otherwise. Since failure could be momentary, a pulse-stretching circuit may be used so that the
user has time to recognize the failure, for example the light could be extinguished for two
seconds on receipt of a single failure.

In MLP the Lossless Check value is an 8-bit parity word that is computed for all channels
and all samples within a segment of, typically, 1280 words. In terms of the MLP specification,
this segment includes all samples between two consecutive ‘Restart points’. As MLP assumes
24-bit words, the parity would naturally be computed as a 24-bit word, but this parity word is
divided into three octets or bytes and these are exclusively-ORed together in (lerer to furnish the
Lossless Check value. Before computing the parity, each 24-bit signal word is rotated by a
number of bits equal to its channel number. This rotation avoids a problem where an error that
affects tWIO channels identically would otherwise not be detected.

An altemnative implementation is to take the parity of all the octets within each segment of
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by platformrelated errors caused by the arithmetic behavi our of the

decodi ng processor possibly being different fromthat ofthe encoding
processor. In MP, a parity word known as a " Lossless Checky-¥adeteol S
conput ed W@ oor@efs segnent of the input signal, and includ } b e _encoded
stream It is expected that a decoder will conpute a sim ch}g P{:qumord
and indicate an error has occurred if_this conputed word does not match
the word included in the stream Unli%e the checks that are possible in a

| ossy coding system the checks nade in a | ossless coding systemare able
to show failures due to overload or other algorithmc failures within the

al gor i takhrehasinalt tb proviuce him B ikt faROOQES heNRIRS caINhatFRAE S b3 Sitha el ggﬁbeﬂ n
preferred enpo.di nents, a player is able to informthe user of such errors:
for exIilyeExingively dRingdhem fqggier. Bk maydeimara ptonatiachl whproctdserstachaviec k
wor ds 28168 watd1hgmeXt | ngui shed ot herwi se. Since failure could be
nonentary, a pulsé-'stretchi ng circuit may be used so that the user has

time to redoadMLP evithhesif@l bubistrearhOthe ©6385B4ECH AR vkiugr?élafég?(% ﬁlg%ﬁlg@fé{l %iggelﬂi shed

for two " seconds on recei(gitg of a single failure. In M s Check

val ue that inpeing sslesshy rapyodused Wien MEP dooputiega ownalik, thé ssvoad subsaasmal |
sanpl it e t of ical]y, 1280 words. In terns of the MP
speci % ?g};% ?@n?og{eﬁsf gg‘g‘g‘g@% fﬁﬁ%&gdaéégaﬂsméhﬁﬁn%sarsb%‘eﬂl boweheskedbyrat i ve
" Rest amiltiglRhnéiSlecodds, MLP assunes 24-bit words, the parity would naturally

be conmput'ed as a 24-bit word, but this parity word is divided into three
octets or Bbythisdememixhese ther firsesubstrsing alsy-caRed 4 Dgelebe Chidk UG budt @i Ur ni sh

t he eck value, Before conmputing the parity, each 24-bit signal
wor d Il—ééﬁ;%@?? é"?hﬁg“"é’“"%n%ﬁﬁtﬁ% the lawpgizPUIpY 15 et xleadiessirepradinsion o hi s

r ot at bginavads, idisHahBmudes ¢ t cts channel s .

i dent | cgllfll Y %voulldlsot her w sb\(ra\@g)(’)'?lrg{é% cgg%ge)@{etgg.gs %ﬁé%a?gpnoﬁtﬁgg“ﬁ FUSREM ati on

i s t oMaiel end thsapredise giecidichtidrhef the déther. Vi lidné ree @aere86mdah deferm W@ (00! 60746

-25 7 20 PCT/ GBQQ/ 01308 each channel to produce an 8-bit parity
oct et % angmrI§ ch? té%’g%géi%c’%ggij agegager.ppd pacampiin e ‘Elﬁﬁﬁ%ﬁrcheﬁéfvekue from
ex| usthaliyin RIS whhe R 1 Y . .e econon cal, op processors
not havi ngtx a 24-Dbit V\%?g@%ée?ﬁ%xt[ﬁ?ﬂl\ﬁ) %IC\E\A&? %ngn%iltnla}"geréc%g&af @'ﬁﬁ{wqdﬁre
Loss| Swyldomek« theafimelatee ddvasmixoavaiiablerfog hiditiosingNfleretbi2athe 1881 O be

Iossléasggrl% ﬂaﬁﬁiﬁOduc d. Wien M.P is carrying a downm x, the second substream
carri e thE 1l reeaueird imbhis @laver i bikéoretdt eaticenl iaythesigral berad by sied t hi s

Wil dagsteriifecd@theBYodhe recording producer.

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

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

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

prequantised signal so that the listener can be assured that the signal recovered in his player is
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mul ti channel decoder. In this downm x case the first substream al so carries
a Lossl ess Check value , but this relates only to the downm x_ Al t hough )
the downm x output is not a |ossless reproduction of an o;?@-}cﬂ;%hzgéggnal,
it is detgspdf@ld € by virtue of the precise specification of the
quantisations in Mitrix 0 and the precise specification JtHHRGI#Mer .
Therefore, the encoder can determ ne the downm x that will be reproduced
by a decoder, and can conpute the "I-@%sl ess check' value from this

si mul ated downmi x. In the context of DVD-Audio nmastering, it is intended

t hat the encoder should make the sinul ated downm x avail able for

audi t barforyit iddAEEATONR sidRl IHa8hBOSLAIGSRLIRR ai RS WaB Sy diNBle &Pﬁucﬁii 13| the
| to the signal heard by the

recovered in his player is bit-for-bit identica
mast eFiail§riEagiadeer or the recording producer. An exception arises in the
case of overload, which as described above is normally handl ed by clipping
or limting in the player. Because the behaviour of the clipping or
limting is not precisely defined, the Lossless Check value is conputed
fromthe signal inmred ate . ion or limting. In MP,
where as expl ai ned above %}%%ﬂ égﬁ?fe’?f ?i%%%%ggf%%%é a shifter after the
final PMQ and may inplenment clipping by storing an accunul ator to nenory
using saturation arithmetic, the Lossless Check may be conputed directly
from the vdibwecide 4 heo-chameindbamnarix, istdhaissm] Bed elymiat befnf @etabsgaye t he
saturation B S rreéi mes, as shown in figure 9, a | ossless encoder may be
pr eceﬁfé’ﬂn%bﬁ%ﬁ Qnms skannels LopntbRot J heesgigeonsiderableafieribilitye avidhint this at e.
Addi tg [ [ rtakL N p t.isatian be obtai ped from
he AREAn b RTERbaRs BEb e A Ao TR B A o eSS Bafi s, the -
r epr ddust dearly dinchdhe dopdndemator stanal renetel Fadupyht ReuRk 8EHARN @8&1@%&.{ not
e

be | oss %SS but the reproduction of the prequantised signal wl
| oss|REgRabinpayedaree geelfpisgisanditraigcavagn af the Howhwibbeouldddaoty atatkiy, fror

di td.eni he, L I I h d. df h
R i SRR R

I ecovnertd dbelficiertd BYSH thah (BVRFh]sEHIG a2bEEThif Ing f%'s‘i%ﬁﬂ WO
00/ 60746 PCTI GBOOY 013%% -26 bi t-fsolr-biaﬁggdeﬁt@égﬁdtt%ghf’hoe Sl gnha %’ﬁ%’% was

audi tthedea rase fasdosstess comprsssivmiand i ie irfefficientdo trammit sdpately sigasiseliatag st age.

Encoqg _-SiHRfaHXea%HO- ce strat egi es To encode a two-channel downm x, the
signals no and m { be in the subspace spanned by the downm x channel s

L0 and RO AsTiuédpresioapdridsiahib vbidand fbist st bhlblertdicto cifobbd il i, Dut

sone choices are better than others. The encoder should avoid choosi ng no

and #¢ be orthogonal to each other. That is, m, and m, are defined in terms of the input signals by a
matrix whose rows are orthogonal to each other. This criterion still leaves some flexibility,

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

downmix specification:

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

L)

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

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

= i
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to be nearly linearly dependent for several reasons. Firstly, the matrix
Matrix O would then probably have | arge coefficients and the recovery of
t he downm x woul d be noisy. Secondly, in solving the equaj EE%OB

det er m newiohmebMes conprised in Matrix | the encoder would abl

generate coefficients larger than the adnissible range. Threég'%,“mﬂ’é%i Xi ng
of the signals affects the data rate for |ossless conpression, and it is
_inefficient to transmt separately sidghals that are very sinilar to each
~other. As noted previously,- one way to avoid the worst of these problens is
to choose nbo and m to be orthogonal to each other. That is, m, and m
are defined in terns of the input signals by a matrfix ose rows are
orthogonal to each other. This criterion still |eavds Some flexibili ty,

whi ch coul d be resolved for exanple by taking no prcp@; ional to Lo.

Consi der for exanple the downm x specification: Lf
Lo_. 750. 75-. 126825-15= BRO0QE ORok-0GM, 756911 2688%...866 5. 5%!3 CLfer Here the

| argest coefficient contributing to L4 is that of Lni,Rwhich has a val ue
equal to 0.75. Therefore, if we generate no equal to,.Lp scaled by 1/0.75 =
1.333, we have: WD 00/60746 -27 MO = [ 1.0000, O.. 1.60 0, -.1691,
-.6667..6667 ] Lf Rf L s Ra C Lfe 7 OCTOBER 2003 L PLCT/ GB0O/ 01308 ,

whi ch can be inplenmented by a PMQ that | eaves the first 'channel unnodified.
Si gnahigh cambpstimplenzentddrizea PiQritian sdai enthe firdtahand] Rnodifciinear conbi nati on
that is

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

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

m(unscaled) = R, — AL,

where A = RyeL, and

L,eL,

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

A= downmix, e downmix,

downmix, e downmix,

where downmix, denotes the first row vector of the matrix;
downmix, denotes the second row vector of the matrix; and

Using the downmix matrix from the example shown above, . = 0.1849. Thus:

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

Lf”.

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

channgl of which is m, rather than L. Therefore m, must be re-expressed in terms of my, R, etc.:
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orthogonal to Lo and hence al so orthogonal to np is given by in, (unscal ed)
= Ry - )~ LO, where X=RLo and L. L. the synbol denotes the scalar or dot °
product of two vectors. The resulting value is equival ent }g-tekngyst he dot
products WP 0ersasow vectors in the dowmmmx matrix. If we yéﬁg%%ﬁ?g to
denote the downm x matrix, then the scalar 2. may be expressed a _
downm x, . doivnmyv, downm rl downnix, where downm x, denotes the first
row vector of the matrix; downm x, d&notes the second row vector of the
matri x; and Using the downm x matrix fromthe exanpl e showmn above, r = 0.
1849. Thus: nmil(unscaled) _ [ -.1387,.7500, -.2655,.8234. -.4076,.4076 ] L
Rf L SRS-CL:Lfe The second PMQ that wll generate mroécei ves the
signals furnished by the first PMY the first channel of which ism,
rather than L;. Therefore m nust be re-expressed in ter Rpf ma, R-etc.:
SUBSTI TUTE SHEET (RULE 26) WO 00/ 60746 -28 |11, (unscal ed)y 3 -. 1387,
1387, . 7500., -mizesalaic - 138500600.50008, BOGLTORER 3008} PCT/ G 300/ 01308
Here the largest coefficient, 0.8000, nultiplies R, the |f8urnth input
channel . Therefore we apply @a pernutation, as discussed E?Syi ously, to
'swap the second and fourth input channels and thus bring to the second
position so that nE will appear in the second position inng_; e matrix
output: 171, (unscaled) _ [-.1387, .8000, -.1268, .7500, -.5000-5000]

Fi nal Hgrewle steghiccosfidi¢t0.8000, mokiplies Rg e fofinfinpui chabiilt YherMoreiwk Eippjt; 33,

1. 0000, - 1,585 .3.375, -. 6250, .6250]
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:

For ]
0

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

0 H\:u S

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

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

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

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

sparsity of the original downmix specification results in this condition being satisfied with A = 0:
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fIORS LR C Lfe 1710 RL SR C LfCThis is nowin the correct
formfor inplenentation by a second PMQ_ The above exanpl e shows one of
several strategies that can be adopted by an encoder. A s} apt&iErShéat egy
IS to compuim/sopicas above, then to define m apart from scg#'#}a%o @{30
subtracting a proportion k of Lo from Ra such that the coeffi YRR Lt
Is zero. In this particular exanple, the sparsity of the original downm x
specification results in this condi t1dh bei ng satisfied with X = 0:
CTTT7cTTLr TTTT r' Trr.r'r nmyrt r -..t WO 00/60746 -29 7 OCTOBER 2003
PCT/ GB0O/ 01308 Lf; i Rf j inl(turscaled) _ [0., .7500, -.1268, .8000.
-.5000,.50001 L RS C"' Lte The zero value of the firstygoefficient avoids
the need, when calculating the second PMQ to consider| the effect of the
first PMQ That is, nQ can be-substituted for L1 in the ngVe equati on
wi t hout, making any other change. Applying scaling and [pgerriutation as
di scussed previ gugkyscalad) =[0., .7500. -.1268. .8000, -.5000, .5000]| *
R

B C

-Lfe_l,

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

r -
Hlo

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

Lf”

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

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

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

their low. bandwidth. Hence it is better to apply a spectral weighting, which will typically
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obtain: 'no RS [0., 1.0000, -.1585, .9375, -.6250,.6250] L5 Rf C Lfe
which is of the correct formfor inplementation by the second PMQ Al though '
the above sinplified procedure does not achieve orthogonal t¥rodek J6R€S
avoid gewenasi?g nD and in, that are nearly linearly depepdgikeos 19?13
exanple i.f L,, and Rn thenselves were nearly linearly dependent. The
possibility that L,, and RO are actually linearly dependent (i.e. are
scal ed versions of each other) nmust b 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 cross-correlation of
the sicgrrilasisahigh fimduertiessthdotedalvalatinprRra comélalivn. 288ty Bk secaoNGibi R can
be sati.ﬁfigg bg an appropriate choice of ?,. The condition of zero ~

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

f requUeNG¥he . 1 hi yuld.be effective in mnimsing the transmtted
dat a rat%ﬁlr%éeglgpe@%ﬁ%%h% nx%e%hgggf? Afg?ﬁccﬁ’at#é”reéﬁ@p epna dpgitah fillewheseof
spect eatangforindt i on i s nore dependent on information content than on

energy. Wth typical audio signals, the energy and cross-correlation wll
be doninated by |arge | owfrequenéy—si'ffnals, which have little information

t eqy: . their. ! ow bandw dth. He it is better t |
cpect raf B AELRHRe Bline o Fod8 oS iAYE AV Py NS SO STy PRUGE R BYD
{ 1015035 aild (BENBERN20F bBCTfRAN P3P s %@%E@é@%@ b '} eﬁJu?.gr% Llﬁ‘ér%ﬁs L

before cal culating cross correlation. Ideally t ral” wei
be adé‘ﬁf‘%‘ﬂ- to the signal itself, but it is conplicated to determ ne an

OPt1 Ml O 1008100l L SILLDG, SN0 L0 prECLL e o Lied vel gt ing w1
Part o The atdro band: makbabah RFpREec el QP Fot § R o v
unduePartheeariedaiiopynatex géthesigrfitse Guelne yhoice would lead to zero correlation between

the transmitted signals. However computation of eigenvectors is time consuming, and the

procedure outlined above“wherein the zero correlation is achieved simply by subtraction leads to

a data rate that theoretically differs little from that resulting from an eigenvector computation.

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

We now describe a procedure in which the vector directions of the transmitted channels
are chosen one by one. A first input channel is chosen, and other channels are subtracted from it
with coefficients chosen to minimise the energy in the signal remaining after the subtraction. A
primitive matrix quantiser implements the subtraction and furnishes an output signal. Then
another input channel is chosen, and again the other channels are subtracted by a PMQ. The
PMQ furnishes the next output signal and has coefficients chosen to minimise the energy therein.

The process is repeated until all input channels have been processed, or until all available PMQs
have been used, or until it is considered not worth applying further matrix transformations. Any
further input channels that have not been modified by PMQs are passed to the output without

modification.

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

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

energy. In WO-A 96/37048, the entropy was estimated by taking the integral over frequency of
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signals. In WO- A 96/ 37048, the preferred directions for the transmtted
signals was disclosed as being the eigenvectors of a matrix that, in the
absence of frequency-dependence, would have been the correhatde2R B@tri x of

t he signal®eoBgedly a choice would |l ead to zero correlation E‘f‘%ﬁ@& t he
transmtted signal s- However conputation of eigenvectors i I U5t umi ng,
and the procedure outlined above wherein the zero correlation is achieved
sinply by subtraction leads to a dat@!rate that theoreti cally differs
little fromthat resulting froman eigenvector conputation. The procedures
above for choosing the directions of the transmtted signals can al so be

appl i ediedegreitlaniof the $yetirius. iral ienoattebseithaly pdesibietio EIRME 8ach HOMRANENon OF O
t he prq& ssing of the. remaining channels once a downm x has been
ext r act Bl TPRECh Wi SEieriBe. dMpiwisadian fi spesiril vhveibhted eotrgy whuld deinhss of

t he tr@ﬁm' I . chos one by.one. A first input channel is
chosen, anéitg?%lelg hgﬁgﬁkg lééé:?té‘%.s ﬁ[bqeﬁlgﬁ 48 .Vg?%lfﬁ W3Y's QfCORPRLRE 3 PPErPiE hosen
to mi repettsal wdightbreingdepkfidnbe of e @bn&ie bR enfiicsr stﬂm%ay% rtﬁé;héeo&'a A
prim téve patri x quantiser il enents the subtraction an ur ni shes ‘an

out putix&dghiegquengy areighiing fer example ashpromised ity & hisieh filendaGgai-ridegt her

chann S A subtracted by a PMQ. The PMQ furnishes the next output signal
and has coefficients chosen to mnimse the energy therein. The process is

repeated urtwkli B¢ fechbgmsdd ARGk ﬁe%%?nﬂﬁl%ﬁgﬁ%agr‘éxr %lrge%giﬁa%\gx?%hove

avai |l able PMX» have been’used, or until it I's consi
appl yPrpesuisspraewhat akitotthewsfof Grami SubmidiAMyho gobalishesn th RRtHish &RGMRRbAaI hat

have not n ified by P are, passed to the output wthout
modi f ?%acifit% SaOrsA B, %Pﬁf"&éf éﬁ@ﬁ#ﬂ%if@%’r%@%@/w&wn gonsislering tesustemctitm
Subt I aSincRille $6ctafs the HEVOAIRLE bS ; [ hst et R e
content, of the signal rat he? t%Og&%#§ﬁcgfhﬁ$%%erﬁyg%h?tﬁgmgﬂgﬁwnaﬂﬂ VO A
96/ 37thweyectdie thanhrvpyotges best proatsed bfickakembistwigl ot leBmraly BYEhe WhegYeNcy
of ~'C§ YTl nT7Tg'.T;I’r +r4r. .-, -.- , WD 00/60746 -31 7 OBER 2003
pcT/ cEBGME13080%RE Snefed: peintvalt it bre tryp b theuminimisation ismfidntropy rathei thehy
possi bhe@g{. O ERIERY En&AC PRSI LEh. re to.this criterion.
M ni mi sa.t%,on of s%ect raﬁ y- Wedi%‘ﬂt tég&gancé%@%%’afsgﬁagbmg Jligady been processed
conputng inprtttannels teat deveyalis be paicessed. and there are various ways of
conputing an.appropriate  spectral weighting in dependence on the signal.
More econo éaéﬁg%? idef ‘”\MHFf_dCfE@“?lﬁéfeLst@S@T fogmotlification hasieemenpsideieghio bag, f or
exanpirBiteity PIAhAGH s Indbflict May hideSinfdedP of thd NS eirarl | v k2
substantially affect the size of the coefficients in the subtraction. As MLP restricts coefficients to
a maximum value of 2, this consideration is important. If the minimisation is of energy, or of
energy with a fixed spectral weighting, this is extremely fast computationally and it is entirely
possible to make an arbitrary selection on a trial basis and to reject that and try another if the
coefficients are too big. Another heuristic is to choose for modification the channel whose
encrgy, or spectrally weighted energy, is the smallest. |
If the PMQ is implemented as in figure 8, it would be normal to choose a coefficient of
+1 or—1 for the channel being modified. If the subtraction generates signals that overload, the
coefficient may be reduced. It would be normal in MLP to reduce it to —0.5, using the [.SB
bypass method described above. This will provide an additional 6dB of heéldroom, which will
usually be sufficient. Ifit is not, there are several possibilities. The currently considered matrix
transformation may be modified or abandoned; that is, the input channel may be transmitted

without modification. Or, if another PMQ is available, it too may be configured for LSB bypass

operation and allocated to the channel under consideration allowing a further 6dB increase in
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It will be recognised by those skilled in the art ofnunerical matrix
al gebra that the above process is sonewhat akin to the use of G am Schm dt -
Orthogonalisation to furnish an orthogonal set of vectors7o(g%5%ﬂ%d%gy it
m ght be womweksaies ed unnecessary, when considering the subh; é#‘g"nﬂd 03

i ncl ude vectors that have al ready been pr ocessed since t (5[9 3/
construction orthogonal to the vectqrs that have not yet been processed-
However this will not generally be tPde when a downnmi X is bei ng encoded,
nor will it be true if the mnimsation is of entropy rather than energy.
Hence in general, each PMQ will subtract both signals that have already
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coefficients in the subtraction- restricts

maxi negaflielenis otfer®iset hi s consideration is i nportant. If the minimsation is
of energy, ,or of energy with a fixed spectral weighting, this is extrenely
f ast conpufqé{%%rlcﬁs%wgeffﬁ fwe ar aign |ﬂﬂf§W’ @@)Q@Wlbleeletdtdrtalpeoc&ss actanhélds y '
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32 7figomsbesrm,2003  PCT/ GBOO! 01308 headroom The additional PI\/Q will be

applied prior, t. e PMQ that inplenments the subtraction. The additional
PMQ, bei né' °F‘éldﬂﬁ’r§$if thp‘ieﬁcffﬁilqné’mswnﬁ Relydhe R Qsimpiémended bywhk encoder.mal | y
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PMQs tonkesyussd im i 1 by tior lossass dacoﬁlhﬂlaﬂ& lthdt $he decoder’s PMQs must be applied in

reverse order. In the case of LSB bypass, an encoder PMQ applying a coefficient of —0.5 to the

channel being modified implies a decoder PMQ applying a coefficient of -2.0 to that channel. In

the downmix case, the encoder must specify the coefficients for Matrix 0 in dependernce on the

choices made for m, and m,. Further, if a channel has been scaled, the scaling factor must be

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

Encoding of mixed-rate content

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

However, the preceding description of the simultaneous transmission of downmix information in
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where a downm x specification has several coefficients of substantially the
sane magni tude. For exanple, although the PMQ that furnishes nD in the
exanpl e above has all coefficients less than wunity, the sugefizcabss ute
magni t udegy®bo coefficients is 2.627. Thus, even if the_PM) furnishing
no uses LSB b{/égzgs and scal es the channel by 0.5, there ispgi\/’%q“/ﬁ””s
possibility of an increase in signal magnitude of a factor 1.313. This can
happen if, on a given sanple period, -38hannels of the input achieve full
nodul ati on sinul taneously and each has the sane sign as its coefficient in
the PMQ or if each has the opposite sign as its coefficient. Overload can

be  avoiicedutiyreahlae6adsABarake afdhtls arall sEMﬂéd@Hhﬁ%@Bdéégg afid i Eﬁiﬂggﬁ%a%

prior the PMQ that furnishes rno. For clarity, the above déscr ion
ment i of§ sapieyampéng s i npl enented by the encoder. It will be understood
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downr ni x .casg t he encoder .nust specify the coefficients for Matrix (% in
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subsequent downm x coeffticie
m xed-andteecaxierit @nd loWee bldv¥ideAudi 0 specification allows for a recording to be
carried ona%ﬁ]hhe disc using two sanpling frequencies. For exanple, the

frontal chahhaPampled genphiphsrentydigs adresiriced idrdwisltnp Fongxample, aWokHe t he

ot her e 1ef d at 48kHz in order to e the data rate.
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first substrearn assunes that the channels are taneously
and, AFCprainglrovhen lossiess egrapssasion sasgl omignixet-mie’ Fiveeriulfit 3lpesdble, wiianen,
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not necessary to reduce the sanpling rate In or 0 save data.

suf f | EAt@6t8-+¥kHas Thisemifidvsabmiatedhikes podstvie the giaglx dpeptivaerelieed ihOffek €SS
encod%rin;/vilél e}%gomati cally respond to the reduction in information content
of thé SHgHAF™ "BnifVEMYYe it to a lower bit rate. An upsanpl ed "signal

I nher ent |y ‘BgsnibiingSik'alse 1R8wR2S deflidtatidi®n i BIRlaPSigRatS Hsing literature,

and the techniques for performing it are well known. Figure 10 shows an encoder adapted to

include this feature. As filtering involves delay, the channeis L; and R, that do not require
upsampling are given a compensating delay.

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

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

channels that were originally presented to the encoder at 48kHz. In this case the playcf has

SUBSTITUTE SHEET (RULE 26)



sanpl ed signal has the ability to reproduce frequencies up to nearly 48kHz,

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

significant adverse effect on the data-rate, to “upsanple' any channels
that are presented at a |ower rate-34-g., 48kHz, before encoding so that
all channel s are encoded at the sane sanpling rate, e.g., 96kHz. This
uni fi ed sanple rate nakes possible the matrix operations required in order
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receiving and sending signals representing digital information, random access memofy- for storing
the digital information, a medium for recording one orr more programs of instructions, and a
processor that executes the programs of instructions. The programs of instructions may be recorded
by a variety machine readable media or other products of manufacture including various types of
read-only memory, magnetic tape, magnetic disk, optical disc, or conveyed by baseband or
modulated communication paths throughout the spectrum from supersonic to ultraviolet
frequencies.
Various features of the encoding and decoding processes and apparatus have been
described above. It is to be understood that, where these features can be implemented
separately, it is envisaged that these features may be combined to benefit from the

different advantages provided by those features.
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The functions required to practice various aspects of the invention can be
performed by conponents that are inplenented in a wde variety of ways

i ncludi ng discrete |ogic conponents, one or nore ASICs anflbfoBer 2003
programcontrol |l ed processors. The manner in which these conponents are

i npl emented is not critical. For exanple, gperations 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 sending signals
representing digital information, random access nenory for storing the
di.gital information, a nediumfor recording one or nore prograns of
instructions, and a processor that executes the prograns of instructions.
The prograns of instructions may b&idd® ded by a variety nachine readabl e
medi a or other products of manufacture including various types of
read-only nenqty\mﬁagggﬁaﬁmQ@ggmnﬂggyetic di sk, optical disc, or conveyed
by baseband or nodul ated conmunication paths throughout the spectrumfrom
supersoni ¢ to ul t reRAIYPEE nunpheplj vémeitebanngisidaalss f eat ures of the encodi ng

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

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

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

© obtaining a number® {88 2 PHPUT Nk derrding ety shannel sieapls Mbichpasgespensive nput
channel si gnaksthbsateix m@putickanhdl@igail§ in PRI LIRRASHinGAoGRAG Of prinitive
mat ri x quantiﬁgﬁéd 8“9r%¥iQ% a Qunb r N of matrix output channel signals;
and ordering a nunber NG GEYSEHTHY “out put channel signal's, Wwhich are
responsive to the matrix output channel signals, in response to channel

ordering info i i romthe i nput channel signals. 2. A nethod
according to %Fg%#&%?m%ﬁéﬁ‘?ﬁd% 3'8%“é?f%ﬁ”ﬁg“%gﬁff?ﬁ%%ggTP@r t he

t r ansf or fapgormdg. A et hod according to claim 1, wherein the ordering is
perfornmed before the transformng 4. A nmethod according to any one of
clainms E through 3, wherein the input channel signals represent
left-front, ri-ghtethpdpreordingfacamrly wheren thejoglstiasiaperbumeli bebenther and | ow

transforming.

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

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

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

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

significant bits obtained from the input channel sigaals.

6. Anencoding method that comprises:

obtaining a number N of input channel signals;

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

chaaae! signals;



frequency-effects channel signals of a six-channel audio system 5. A

nmet hod according to any one of clains f through 4, wherein one of the
primtive matrix quantizers in the cascade of primtive mabtioseguadti zers
is afirst primtive matrix quantizer processing a first channel signal
that is responsive to one of the input channel signals, and wherein the
nmet hod conprises: multiplying the first éRannel signal within the first
primtive matrix quantizer by a gain coefficient obtained fromthe input
channel signals; and conmbining the multiplied first channel signal wth one
or nore |least significant bits obtained fromthe input channel signals 6.
An encodi ng net hod driiaing @ ouplier Sias encollib@butpud Ghadndd IFREY wilcRre kd3patkive hannel
signals; transfofm e .i pput, channel signals b matrix that is

i mpl enent ed astoatw}c"g(géglgkgmgpaonﬁ?[is'ﬁlm??'\'}‘em??ﬁ?_ f‘%(Cha‘H‘éK‘f‘ gag nfemafipngidie a
number N of matrix ssewpee a phidinndlsutsirgma kaiveyind baRtEn 2903entfe Meder i ng a
nunber N of en it el .signals, which are regponsive to the
matri x out put g%ﬁﬁ%&%{{t gﬁa eggg%ﬂs i %%ﬁgﬁasméa? et nREratg adiereig 5 or mat i on:
and gener at i ngSYestFamreresenfs pftid sitbset obhpBawia nvtpytichantinfgasimmid oraihepr esent i ng
the encoding Qmm;xg&aﬁ&%n_sfgnal s and the channel ordering information,
wherein a first substreamrepresents a strict subset of the matrix output
channel signals and contains a downrnix specification_ 7. A nethod

according 1o cf.ahefhod hsbaMghd 458 diPChBELAASELAY o AROLIREL QN from

t he downrni x, specification. 8 A nethod according to cl ali m 72t hat derives

the chann&!®GFABRSRE AW nati on such that a channel signal having a
| argest coefficient in the downm x specification is ordered to be a first
channel signal_that i%‘?represent_ed in the first substream 9. A nethod

according to any* Bf@obtecuig feclagm ¢ ihabiggesgha hannckgsdiiring informptidorsiueti ve  natri x

quant i zer thati ¢hagneCASRBGRInGh 1pFebiToéttiviene MRLE dovnBiBddpbdiG&lich & 8-aRdid Y a channel

signal r sented, i.n second supstreamin the plurality ofsubstreans
such that E?D%éms%%‘b“ﬁldﬂg"gﬂgzgfsrr%?ﬁe'i‘tg‘hf‘(')@sﬁl”éé@ﬂ?ea@orrpr essed 10. A net hod

according to any one of clains 6 through 9, wherein one of the primtive
mat ri x quanti zers, i, 40e gaseade of orimtive trix, quantizers is a first
primtive matrix quantizer: pro coengéjlf%a""ééfqr?‘@f‘gglﬁéﬂ’ﬁg‘% AGHAYC that i s
responsi vty qumazefn thheasdadgfiprimitive matrix quantizers to modify a channel signal

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

substream is losslessly compressed.

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

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

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

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

that result from the multiplication of the first channel signal.

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

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

of clairas 1 through 10.



channel signals, and wherein the nmethod conprises: nmultiplying the first
channel signal within the first primtive matrix quantizer by a gain
coefficient; and generating the plurality of substreans to;psfddefteoishe gain
coefficient and one or nore |least significant bits exceeding a nunber of
bits allocated to the first channel that result fromthe nultiplication of
the first channel signal. | | _ A nediugpreadabl e by a machi ne conveying
the program of instructions for execution by the nachine to performa

met hod according to anyone of clains t through 10 12- An appar at us
conprising nmeans for performng the nethod according to any one of clains
| through 10. -7 OCTOBER 2003 37 13 -An apparatus according to claim 12
conprising a nediumthat stores a program of instructions and a processor
coupled to the i X i t rogramqgf i-nstructions to perform
the method 14. lfArxeﬁrérlll\e | u{%&égcr%?@ﬁ%téé ?%?101?%% ‘Bh gfacﬂe??‘é*ﬂt YSWESAPHEA™ I ity of
subst r eam®! insteystierseand p prycesqoicenpleditd the nbdioh fmeedcutbiggltapregraneooded. by a
mat ri X tranetQloiRbi 2R laNs Adngy Plurality of matrix output channel signals,
wherein a first substreamin the plurality of substreans represents a
strict subset of the matrix output channel signals and contains a downm X
spec fi cati on. 1 ANdmblieh bt Riomhih BRhARE CAIERY o PRplfAE,Ted! um fur ther
conprises information that conveys an order of 1he cﬁanne signal s

r epr esent EFFHIPAR Plraliyafichapng signaly gegaded bng mattik tragsfommeticarhadicg r di ng t o

clai m 14 phedigidf nta duffubtiaRiel fghal ekt A% LG AR H HRGRGRET Ses a gain
coefficient, information in a first channel signal nultiplired by the gain
coef fi ci eMfPSIrBAY FRRECTHT 2 15t evbet a6the epigh prtpw shanng)siegalpndiaentains p st channel

si gnal r eduibdoiin gpdeiiaation ¥ witbtih it ikfBehalibd &itri@ A MRS edth O Aher LA scx Ceed a
nunber of . |ts.aILocated to the first channel . . )
information that conveys an order of the channel signals represented in the plurality of

substreams.

15. A medium according to claim 14 wherein the information carried on the medium
comprises a gain coefficient, information in a first channel signal multiplied by the gain
coefficient, and one or more least significant bits of the first channel signal resulting from the

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





