WO 00/60746 PCT/G1300/01308 DESCRIPTION MATRIX IMPROVEMENTS TO LOSSLESS
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 compression is now an established means of reducing
the data rateweqidirgd;for storing or transmitting a digital audio signal. One method of reducing the
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data rate of a multichannel signal is to apply matrixingso that dominant information s condehtrated 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
conveying 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' toDzi%h}e\}éIfﬁé(ﬁ?étrixing in a perfectly invertible or lossless
manner. The prageseidissinsrd e WO 26(5 1039:a1sa emdsagesihs wse ohmaliduantisers to
apply a matrix to a multichannel original digital signal in order to derive matrixed digital Signals
representing speaker feeds more suitable for general domestic listening. These matrixed signals may
be recorded on a carrier such as a DVD, and the ordinary player will simply feed each matrixed signal
to a loudspeaker. The advanced player, however, may invert the effect of the matrix quantisers and
thus reconstruct the original digital signal exabtly frirorelesiéem reproduce it in an alternative manrter. Ina
commercial application of DVD-Audio there is a requirement to combine the above two concepts so
that a transmission system using lossless compression may also provide both a mat xed signal and
an original signdhinithis:applidationdthe requiied matixed: signalhasdwg,2 channels whergas the
original %'g,r]a?I[ ha, imgl[eagqgaqvti%op‘hannels, thus additional information must be provided to allow the
multichanriel signal to be recovered: howeverths ddditidHanaanel signals.

Background to the Invention

Lossless compre§si0n 15 now an esiablished 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 refatively little information.  For

example, two-channel audio may have nearly the same waveform in the left and night channels if

conveving a central sound image, in which case it is more efficient 1o encode the sum and

_ difference of the two channels. This process is described in some detail in WO-A 96/37048,

including the use of a cascade of ‘primitive matrix quantisers’ (o achieve the mateixing 1o a
perfectiy invertible or lossless manner.

The process disclosed in WO-A 96737048 also envisages the use of matrix quantisers (o
apply a matrix to a multichannel original digital signal in order to derive matrixed digital sigmals
representing speaker feeds more suitable for general domestic listening. These matrixed signals
may be recorded on a carrier such as a DVD, and the ordinary playver will simply feed each
matrixed signal to a loudspeaker. The advanced player, however, may invert the effect of the
matrix quantisers and thus reconstruct the original digital stgnal exactly in order ta reproduce it
11 an aitemative manner.

inacommercial application of DVD-Audio there is a requirement to combine the above
two concepts so that a transmussion system using lossless compression mav also provide both a

matrixed signat and an onginal signal. In this application the required matrixed signal has two



information should not impose a computational overhead for decoders that wish to decode the
two-channel matrixed signal only. Currently, digital audio is often transmitted with 24 bits, and popular
Digital Signal Processing (DSP) chips designed for audio such as the Motorola 56000 series also
easily handle a 24-bit word. However the processing described in WO-A 96/37048 can generate
numbers requiring a word width greater than the original signal. Because the use of 'double-
precisioncomputation is prohibitively expensive, a method is needed to allow the processing to be
substantially carried out while not requiring an increased word width. Finally the consumer, having

bought eguipment.designad to.provide i ould like reassurance that the signal
recovered is indeed Ioss‘?ess. gonvenﬁlé%r?a %éa%}%/%;{%(}g%@ %}ﬁ%’({lés\’m uisnat%zﬁle%ngg efé)%]%raélé)rrﬁ will
show errarysdie terefdth doorrljswo theithit ithersted angpblutoteyredtiveot e Xposeveryohs ddéitiomatrixing
or other algorithmic mismatch. between an encoder, and a decoder. Summary aof the Inventign
According %qgl%&asgﬁggﬁg (r)l?{t}ll% ﬁ\s/ee%t?gﬁrf]% uea%o?salp?gﬁ 13 i%gageé:ﬁc%r ern 8‘8?\%& C{écﬁﬂﬁ'gﬁfy of
input sigriais-elmohgE mestdingl aiphatalitiy of output signals, a method of determining one or more of the

output signals that comprises; (i) choosing. a first selected i ignal; ndg‘gghﬁosin a first linear
combination of l’s%ﬁrae% a %ﬁélﬁﬂueé? & ?Hiﬁ%ﬁ%%?l%@%é%gsoﬂﬁeﬂﬂ 5 r‘%{@gﬁ&?@icludes
the first sBtecteshippi Signaliphdditghlivefar aainbinations ohsigialsbRING0DOSRALS sedueai@dn entropy
measure forg diffgp‘re_gﬁe between the first selected signal and the first linear combination of signals,
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signals datenfinesquifiist autiped signal dr-tie pharadity ofi g ul signalschiilcheosing argsannd
selected input . signal; and (iv) choosing, a second linear combination of signals that is a linear

combinafBR- 85t FORRERRNE B RFRMAPHELHARSHEE exBIGHed ih@skdria alrkids mMpeRssigaal, the

second HB%fs@@@ﬂaiﬂﬂaH?Be@fi.é&&ﬁ'%vﬁﬁ%@%iﬁﬂrﬁ% ERIMGR ABERYRPYMgasure for a difference 2a
between the second selected signal and the second linear combination of signals, wherein the

difference betwddbfthe S8coitiLEnsétedaring Jgnakargurmsatonesinedr conmbpiddenlossless

reproduction, would like reassurance that the signal recovered is indeed lossiess.
Conventional parity and CRC checks within the encoded stream will show errors due to data
corruption within the stream, but they will not expose errors due to matrixing or other

algorithmic mismatch between an encoder and a decoder.
Summary of the Invention

According to a first aspect of the invention, there is provided in an encoder receiving
a plurality of input signals and generating a plurality of output signals, a method of
determining one or more of the output signals that comprises: (i) choosing a first selected
input signal; and (ii} choosing a first lincar combination of signals that is a linear combination
of at least some of the input signals that excludes the first selected input signal, the first linear
combination of signals being chosen to reduce an entropy measure for a difference between
the first selected signal and the first linear combination of signals, wherein the difference
between the first selected input signal and the first linear combination of signals determines a
first output signal in the plurality of output signals; (iii) choosing a second selected input
signal; and (iv) choosing a second linear combination of signals that is a linear combination
of at least some of the input signals that excludes the second selected input signal, the second

linear combination of signals being chosen to reduce an entropy measure for a difference



signals determines a second output signal in the plurality of output signals. 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 substrearn contains additional
information that can allow a complete original multieghannel digital signal to be reproduced losslessly.
3 In a preferred implementation of the first aspect an encoder furnishes the downmix signal using a
cascade of one or more primitive matrix quantisers, each of which implements an n by n matrix,
followed byteskactiensefehe selahahngisiequitbd focdhé dovunimix binmislticifannel dedegeltakes the
signals fr substreams and appl ascade of inverse pyimitive matrices in qrder.to recover
the origingagﬁrﬁgu t:%: grg]ﬁ“é esl}g%rﬁgﬁ tCPnr?gph%gaec %%ﬁ%%‘érsei nr?zlaltﬁ?al & ot eofjg: 1%??§n??&%m%tfoa{’ré’§1put to
the decodersisabtate ss theicthe! otannsimbiom thepliisilsyhsteapataigrlaced at the beginning.

However this may result in incorrect channel ordering at the output of the decoder's cascade, so
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preferably a channel permu

recover thebaosmest ahanirel argenrrefemblyfcanyt tineatdnRsdauneding within dhieseatrixiag should
be computed usin%%%i er. In this case, for lossless coding, the dither signal is made available to the
t

decoder i OFdEr that i Wa%%ﬁlﬂwé%?ﬁ%t%@m%rf&fm%%%h@én%éué%l thaerelsver the

original signahlossigssharfbedditherias keteompuiaddsiBgRIsRUtodither method as envisaged in
WO-A 96/37048; but in the context of a lossless compression scheme, autodither can be avoided by

providing a dither seed in the encoded stream that allows a decoder to synchronize its dithering
process to that which was used by the encoder. Preferably, there is provided a lossless compression
system including a dither seed in the encoded bitstream. The dither seed is used to synchronise a
pseudo-random sequence generator in the decoder with a functionally identical generator in an
encoder. In an application of the invention, the downmix has two channels, and is most conveniently
derived by the application of two primitive matrix quantisers to the original multichannel digital signal.
In embodiments, dither is required by each quantiser; moreover



different dither should be provided for the two quantisers and the preferred probability distribution
function (PDF) for each dither is triangular. An efficient way to furnish two such triangular PDF (TPDF)
dither signals, which is referred to herein as 'diamond dither', is to add and subtract two independent
rectangular PDF (RPDF) signals. For further details’and generalisation to more channels, see R.
Wannamaker, "Efficient Generation of Multichannel Dither Signals", AES 103 d Convention, New
York, 1997, preprint 4 no. 4533. Accordingly, in preferred implementations, the encoder uses a single
sequence generatortsiurnisimplenrdependentRFDFE ditker sigratsidanditesbeyrtiandddifferance of

these sig Is used tg provide.the dither required by twa primitive matri tisers used to derive a
two-chan%a)?%lc?\f\ghn%&c\ﬁ& 850%™ dpégcgr{ Baty eeﬁfj\%g )gﬁbl?flrﬁlﬁﬁf% ﬁ?&@&ﬁ‘&%’ﬁﬁé@?@%ﬁﬁ%a
lossless wompyessiatisyftémaddabevetive dave reférecte rqrefdrfediimnplamertiation of the first
aspect, which algo u rimitive matrix guantisers in order to place the information required for
a'dowmmix’ sign%l%ﬁ(‘flsca}%%%%}rg%%%ﬁgﬁ%egﬁh%%@g?ﬁntréﬂﬁ,]thg %%B?Bmﬁé’ﬂdeﬁ%@éfe%cﬁ‘f&d&ecoders
containingflincamwmitted:i primitiiesnatibiuantisarsetiieencgder RauiopAegic dhahrgeapisarownmix
specified as a maérix of cr)_effici nts algf%ateﬁi%a number o%;rimitive matrix quantisers to furnish the
downmix BAS SEREkIY ahde LSRR Ut @ igbidetmiliridrip oo dacedesadbat fhfe. The
encoder fimisbRsfratreantieqnisivinguspaciigatiansofthe rimitive MAls-FuaRtisers i e ysed, and
optionally may include the addition of dither. In a preferred implementation, the dither is generated as

two RPDECHIRET SR QEISIHE thk BA BT &P it clecr daitriasindfor sabrs paly segliamss.
Diamonddifaetisdhus aptainallePynsnsribing e sosliisients QJ‘#%@%@&%&EQ dn g casg ol a first

primitive matrix qil]Jantiser, and two coefficients of opposite sign in the case of a second primitive
matrix qUETRENAPERl OiRfentary implementation, the primitive matrices are chosen so that the

downmix signalspaie itsRsmilterAlRElY NG AE SHBSH M HONRYSHAIS 1B%ARLRA (RRiimal for
several reasons. Considering the n channels of a multichannel subspace as
dither. In this case, for lossless coding, the dither signal is made available to the decoder in
order that it may invert the computations performed by the encoder and thus recover the
original signal losslessly. The dither may be computed using an 'autodither’ method as
envisaged in WO-A 96/37048; but in the context of a lossless compression scheme,
autodither can be avoided by providing a dither seed in the encoded stream that allows a
decoder to synchronize its dithering process to that which was used by the encoder.

Preferably, there is provided a lossless compression system including a dither seed in
the encoded bitstream. The dither seed is used to synchronise a pseudo-random sequence
generator in the decoder with a functionally identical generator in an encoder.

In an application of the invention, the downmix has two channels, and is most
conveniently derived by the application of two primitive matrix quantisers to the original
multichanne! digital signal. In embodiments, ditﬁer is required by cach quaniiser; moreover
different dither should be provided for the two quantisers and the preferred probability
distribution function (PDF) for each dither is triangular. An efficient way to furnish two such
triangular PDF (TPDF) dither signals, which is referred to herein as 'diamond dither’, is to
add and subtract two independent rectangular PDF (RPDF) signals. For further details and
generalisation to more channels, see R. Wannamaker, "Efficient Generation of Multichannel

Dither Signals", AES 1037 Convention, New York, 1997, preprint



defining an n-dimensional vector space, the signals that result in a nonzero output in a linear dowmnix
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 channeis 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 4yEtem such as Meridian Lossless Packing(r) (MLP), it is guaranteed that the output will

not5 exceed 24 b_iés ecause the 0{.@%‘;'% t did not exceed 24 bits. A description of MLP may be
obtained from DVD Speticationd foF Kéal: %ﬁ@&oﬁ%rt%?Aﬂﬁl SpdthicatioHE P arRERsCM,

MLP Referercadnfarmatiosh, WersiatejeddMarhriD9handibem VW AnO &34 048. etk cassrof the
defined by the matrix in the_decoder. In _principle one could scale the

dowmnix, the output level i _ {
matrix co& %?esrﬁ%:,ggs% %Eff‘taé%?ffb‘ﬁ?%&%? RESE IEHBES i WaDrARBY $HREERG R aRtistas Wy hio4-bit
word, butderpragtiee dhsmesultsiaminacceptably low output level. Moreover it is not acceptable for the
encoder to limit % lip the dowmmix signals, as this cannot be done without affecting the

u

reconstructed muitichanvet /ShAESeRiees i theh RienBEvo $aM6ds. qwarsingatiadentadoesleseds the
saturationdniprsich is kefarrestiatoreeinanavationds YesasionaleverRmhal s fomuisjonal is

considered acceptable, except that digital overload, if allowed to ‘wrap-round’, is extremely
objectiondBIECT NS AlER s TR BRINY S DRI s RiSE TR BrBeIswITendhe ddtaihaTieraforied a

preferred igpplemeniation afhefirstaspac! Qfihig ipyention, a decoder that decodes a downmix signal
has clipping or similar limiting facilities after the computation of the matrix so that the effects of

overload are not'¥SisjckipelEblEicandise PrOndedurnsedans thad dldsiodeaslivontiiningh wealityndatatio is the

availabiliyhiRIP-PiecegSa DS a0 24t IE:

Ao Il FAch AU emA
quantiser as disclosed in' WO-A 96/37048 modifies Bne“c annel of & muftic annelsglgna? ysa%ding

proportiofistthefotheffcherine ! ®atts a primitive afapicgiantisetrhaseastigightdhfotgih the
downmix and optionally allocates a further number to provide matrixing to reduce the data
rate. The encoder furnishes a siream containing specifications of the primitive matrix
quantisers to be used, and optionally may include the addition of dither. In a preferred
implementation, the dither is generated as two RPDF dither sequences, and the encoder
specifies a coefficient for each dither sequence. Diamond dither is thus obtainable by
specifying two coefficients of the same sign in the case of a first primitive matrix quantiser,
and two coefficients of opposite sign in the case of a second primitive matrix quantiser.

In an elementary implementation, the primitive matrices are chosen so that the
downmix signals are transmitied directly in the first substream. However, this may not be
optimal for several reasons. Considering the » channels of a multichannel subspace as
defining an n-dimensional vector space, the signals that result in a nonzero outpu! 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



gain of unity. Embodiments provide 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 setto a
value less than unity in order to avoid overload. The quantised output of the primitive matrix quantiser
will then contain less information than its input, with” the remaining information being contained in

additionatleast SgnificartAite (LSBs)that am: dnatedbyapplicatianpiihsaain easfficigal Some
or all of these LSBs are then transmitted _separat?g through the Isb_bypass data path. In particular, in

the case OF £ GaiHCodpRidhY Bribed igannes &8 Kgdridriretistat ih 6'{3%@%%@@@%@%% Isb
bypass. IrmiogioMntathat pepdr @ iassieatnCheskifaatuse \LRRClo¥aIUS IS GomPiRSL RN the

multichannel input to the encoder and is conveyed in the encoded stream. The decoder computes a

similar ch&¥R {Aifie Rotherrasserbdat donpmrizndisonaredarolits t@@éhédw vhiuestvéyedanithin
the streann,dygigatly 1RiReguide s \isual indicationsshieh a3, &t OsHIess &a@qgjg;% Wi SIEnRLIgA the

reproduction is truly lossless. In the case of a stream with a downmix accordir the first a§pect of
the invenfidtrethdlgotwiwaies ribresholbideined phyductibhiofeerdribinarsigaatioN ahertheldss iif a

synchronised diisnisINOVARAITLIE dscader acroiding ladhrisqspagl aspeal andih e dggoder
matrixing is precisely described such as, for example, the matrix quantisers according to the ar_Iler
embodimBKtdoHERithe sH i kireprohidiodois cottipletefcdtarthinistiorandated thel sithatlatéd in the

encoder il ¥ ing engineer or.producer. Therefore the encoder can compute a
check v§ %%%%ﬂsr}?n%l %Eﬂdé?gl %?Jﬁé n%?ﬁ%glsr? h%lw&t “c?iﬁ"ﬁ?e ﬂclﬁe%ﬁ%eg %Sytt‘t]ﬁes %3@5@&%§°@nﬁrming
lossless réprdduetidn béttie sameedoadnricthabmds aerdiidneitiior dvaitakile fanauditionintae

encoding An encoder that.incarporates for example, the 'prequantiser’ described in P.G_.
Craven aagg%.%ﬁ tu%}ﬁﬁegas‘aé%ttda%%%sgy gfia’cé?rxnéﬁegs‘gfeo Ying AR 588ss Rermdemeudio

Eng. Sombjabistratis, Narchi@ienad. ofSyrp-oymd BAdigtepsiat maod4homiefetees toThereinras 'AES

1997, and Whi%hfcan therefore %Eer th?é%rig' al muIticgﬁn@el,ggnaJ before encodln% has a choice on

the compUtation SHire SR YRR teBRRE SHed VATTB S HEC oG @5%@?%\&
indicationdofimsslesgnaipiadulifphguehias tidihassiessiight and gRcafBbutation of the matrix
so that the effects of overload are not objectionable.
Another consequence of the 24-bit tradition in high quality audio is the availability of
DSP processing chips having a 24-bit internal word width. Each primitive matrix quantiser as
disclosed in WO-A 96/37048 modifies one channel of a multichannel signal by adding
proportions of the other channels. Such a primitive matrix quantiser has a straight-through
gain of unity. Embodiments provide for a primitive matrix quantiser that accepts a gain
coefficient for the modified channel, and has an additional data path known as Isb_bypass.
The gain may be set to a value less than unity in order to avoid overload. The quantised
output of the primitive matrix quantiser will then contain less information than its input, with
the remaining information being contained in additional least significant bits {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 of a gain
coefficient of +1%, a single LSB is generated that can be conveyed through the Ish_bypass.
In embodiments that provide 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 compares it with the check

value conveyed within the stream, typically to provide a visual indication such as a 'Lossless'



will not illuminate during passages that have been altered. An alternative is to make the altered signal
available for audition as part of the encoding process, and to compute the check value from the
altered signal. This is consistent with the downmix ¢ase: in both situations the Lossless light indicates
lossless reproduction of a signal that was availablegfor audition at the encoding stage. In a preferred

implemeiigiion, the hbeakrvalaetis agattrahackswar thakisscampliechon sl sharehanwals.4n an
embodiment incorporating the first ect of the _invention, the first substream contains a parity-check

word that fEBRIDASPEERS thfe LSk RIS AR D SRSRUAT: it HRRIBIS USRS &IiHESs applied
to avoid eygidaciowhifethersaaend suhsieaseaniaing 2 paiyrehesk ward compyiadifianmthe

complete multichannel signal, Before computing the parity, the word representing each channel value

is rotated!BSPARATSETBEIRTG SSFIBRERTRANG KU EPS th AR AR SRS A aREEHY e EhsRnels
identicallyasaa High-REaRAbIlibe ahbeira datasied « Iy ugh eutihiS AISCIosHAR dMRERPRRHE Ul

reference is made to encoding processes that record an encoded stream onto storage media such as

DVD, and ' Bekedrmgeirstessscommivibiedelerainitisded soedn Tomvaed Ansibeageededaadt should
be undergtpash RAVEVEmARak ¥ QMO 46 RSl BAYLEBAS 1RNGAIRES ImplenpRied, ageogdin to

the invention may be used to send encoded streams using essentially any transmission media

including Y#dieandher siveiatate dewmmtiniestidhpaths! thrsubhoitettedpactten drepdaubisonic to
ultraviolet SregHERCIRR R MAY D8 RY t&’frﬁgogﬁng%%ﬁﬂigﬁmag%‘i?dﬁi%%ﬁ%mf?a‘{fé3%1& Cders

essentially any recording technology including magnetic and optical techniques. Similar
implementehtiscoringteotiodmrestion may be used to process encoded streams obtained from such

med. 1t Des{Biel At PEIRRE SRS ALY oS il o e v

channel endddér YomprisigadanatiivthabisauSed trencod&ithe matiked Kkandels inditwiong.

SubStrea@gé.yszL%rt]r%t%,ﬂﬂ/?zgc%a%eg,e\%ﬂtgf rsul)n ,ep. 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 computation of the check value. If it computes the check value from the
original signal, an indication of lossless reproduction such as the 'Lossiess light' on a decoder
will not illuminate during passages that have been altered. An alternative is to make the
altered signal available for audition as part of the encoding process, and to compute the check
value from the altered signal. This is consistent with the downmix case: in both situations the
Lossless light indicates lossless reproduction of a signal that was available for audition at the
encoding stage.

In a preferred implementation, the check wvalue 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 probability of being detected.

Throughout this disclosure, more particular reference is made to encoding processes
that record an encoded stream onto storage media such as DVD, and to decoding processes
that retrieve the encoded stream from such storage media. It should be understood, however,

that



stream and recorded on DVD. Figure 2 shows a multichannel decoder decoding the two substreams
produced by the encoder of figure 1 to furnish a lossless reconstruction of the original six channels.
Figure 3 shows a two channel decoder decoding the first substream only to furnish a two channel
downmix. Figure 4a shows a cascade of two primitive matrix quantisers modifying two channels of a
four channehgigpals;frigure 4b shows a similar cascade of two primitive matrix&u&agggrs,% configured
to invert the processing of figure 4a. Figure Sa shows a primitive matrix quantiser |ricor86‘r%\8[ing dither.
Figure Sb shows an inverse primitive matrix quanti;gr 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 any further lossless processing. Figure 6b is complementary to figure 6a,.
showing.th te transmission. of the, bypassed LSB in the case of any inverse lossless

process%: r%%{aﬁf?g g{%r%ﬁﬁllﬁ\]}gdrﬁgﬁ&%ﬁh%é%?{ At Thedrates Ty aSditeieB! ahif fecontitites the
original sigrrii2INO100/60746PIGT/GRAA/01A0 8 Figerendacshaws ablock diagram.efpar.of one

embodi%?nt qf an MLP encoder with LSB bypass. Figure 7b shows one embodiment of a decoder

that is complementary 16 the e HEBU ST i d 7 4l gt dreniems ssprmmtive hatsisd daantiser that is
specifiedrardsssinane emhodimentcnl amMLEAeapdsry Fidkie:d SANAAoReIess egoder preceded
e

by a prequantiser with an output for audition, and a "Lossless Check' value¢ computed from {h

prequantiSe® Bt e S0 dadiis e dpp arates raveshodidg mindt: fatersignalsamplesat 48k1Jz
and 96kk%:sRMBHSING A/10SSIRsHEDRRACL AICERYed by an upsampler.

Brief Dlescription of the Drawings

Examples of the present invention will now be described with reference o ihe
accompanytng drawings, in which:

Figure | shows an overview of a lossless six channel encoder comprising a matrix thal is
used to encode the matrixed channels into two substreams, which are then packaged inito a single
stream and recarded on DVD.

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

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

Figure da shows a cascade of two primitive matrix quantisers modifying two channels of
a four channel signals.

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

Figure 3a shows a primitive matrix quantiser incorporating dither.

Figure 5b shows an inverse primitive matrix quanuser incorporating dither.

Figure 6a shows a primitive matrix quantiser modified 1o provide the ‘LSB bypass’
factlity, and the separate transmission of the bypassed 1n the case of ahy further losstess
processing.

Figure 6b is complementarv to figure 6a, showing the separate transmission of the
bypassed LSB in the case of any inverse lossless processing, and a primitive matrix quantiser that

integrates the bypassed LSB and reconstitutes the original signal.



Detailed Description of the Invention Downmix encoding and decoding The article "Lossless Coding
for Audio Discs", J. Audio Erig. 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 twWwhldg®assof player: the multichannel player furnishing 6 outputs usgeypicalhsée drive a
'5.1' speaker layout, and the two channel player furnishing two outputs for listeners with two
loudspeakers or for portable use with headphoneg; Therefore, DVD-Audio has the capability to carry a
recorded audio signal twice, once as s 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 preseRied asa: mullichannelsignal.anly, and the twe.channel istener is, given a
downntjx_derived from the multichannel master. If the recorded audio is carried as conventional Pulse

Code @ﬂ@ﬁs(PCM) samples, the disc may advantageously catty the multichannel recording plus

dowinnix coefiicignis7thato AUOWNIDE RIAYRIIR detive.alwq,cha NS /inear combination of
the channels of the WO 00/60746 PCTIGEOG/G1308 -0 multigﬁg!ﬁ’ 3‘?@@{%3%. %gFee%’r%‘%lfe‘}él downmix

consistﬁ‘@lfﬁ fide two channels L, and R could he computed from a multichannel signal containing
left-front, rightsfront, defi:ruroynd. Ffaht- sur ounc},i centre-and low-frequency-effects channels, which
are denoted Lt, %Ir} L. Rs, C and L1, respective y?eﬂéilﬁ%‘?ﬁ grcr:llgl ?f{(?%qtﬁ% for?:nﬁff"é?qlfgéﬁb .739200
-.126828 V5.5 dec®er] [ 0 .75 -.126825 .739200 -.5 .5J R C Lf
Figure 9 shows a lossless encoder preceded by a prequantiser with an ouiput for audition,
and a “Lossless Check’ value computed from the prequantised output.

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

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

Detailed Description of the Invention

Downmix encoding and decoding

The article "Losstess Coding for Audio Discs™, J. Audio Eng. Soc., September 1996, vol,
44, no. 9, pp. 706-720 and internationaf patent appiication WO-A 96/37048 contain discussions
of some of the principles used in lossless corapression.

Animportant commercial application of lossless compression is on DVD-Audio, where
there are two classes of player: the mudtichannel player fumishing 6 outputs used typically
drive a ‘5.1" speaker layout, and the nvo channel player furnishing two outputs for listencrs with
two loudspeakers or for portable use with headphones.

Therefore, DVID-Audio has the capability to carry a recorded audio signal twice, ouce as 2
muitichannel signal and again as a two-channel signai. 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 siven a downmir detived from the
multichannel master.

[ the recorded audio is carrted as conventional Pulse Code Modutation (PCM) samples,
the disc may advantageousiy carry the muitichannel recording plus dowmnix ;oeﬁfciems that

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



The computation of the downmix within the player is however less attractive when lossless

compression is used. All six channels of the multichannel signal must he

decoded before the above

matrix equation could be applied, and the computational overhead of decoding six channels is
excessive in this context. An example oa solution to this problem is shown in figures 1, 2 and 3. In
figure 1, theywulfighannel signal presented to the encoder is fed to "Matrix I', in this case a 6x6 matrix,

whose outputs mo ... m, are partitioned into the two subsets (rn, nr, ) an
subsets are then encoded by "Encoder core 0' and,, Encoder core 1' into

d {m" bt Wi Hfhese

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

ona memgmcmﬁn%%
in US patent 6,023,

output stream which may be

gan\s/DFrgsﬁg'qV\{Q in the figure. The reason for using a FIFO buffer is discussed
and is ilUStrated ity VAT GEradn BLE! Bravar iR Stuattd K.90wdkeand R.J.

Wilson "ThepvicP Liossless @ochpressiopnslysteminresaimetat the AER 47th dngmatianaly.
Conferepce on High %uall )LAUFIO Coding, Florence, September 1998, referred to herein as 'AES

1998'. To piay the muftia

hel

ESGHEN el B aRe erkBidrendmeindtlgube 1. fdécotéE.such as

that showspierfigerg 2sisipsednindRisagagder, 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 substream is passed through a FTIiQ uffer and a "decoder

core' in order to furnish the signals in,, . _ m;. These signals are then pa

play a two charnel downmi¥, a.deddef sucH 3% tHat shbii$ s figute 3‘3|5t

5sgd through the inverse of

used. Here the substreams

Matrix | in order to furnisk fh}f)ri inal multichannel signal. WO 00/60746 PCT/GBOO/01308 -10 To

are separated but only sufstream(0 is fétainedHiiffered athdecsded
From these the matrix Matrix O derives the desired signals Lr and Ro, &
placed the correct information in m0 and m, for this to be possible. For ¢

) furnjsh signals mo and in,.
ssuming that the encoder has
bxam le, if the top two rows of

Matrix | in the encoder of figure | contain downmix coefficients such as

above, the S|gnlahl§ mo %gga%nwo

hbse in the 2x6 matrix shown

ilrl QG the .
the downmix within the player is however less attractive when

tossless compression is used. All six channels of the multichannei signal must be decoded before
the above matrix equation could be applied, and the computational overhead of decoding six
channels is excessive in this context.

An exampie of a solution (o this problem is shown in figures 1, 2 and 3. In figure I, the
multichannel signal presented to the éncoder is fed to ‘Matrix L7, in this case a 6x6 matrix, whose
outputs m, ... i are partitioned into the two subsets {m,, m,} and {m,, m,, m,, my}. These
subsets are then encoded by ‘Encoder core 0 and ‘Encoder core 1 into two separate substreams,
destgnated ‘substream 0’ and ‘substream 1. Each substream is then fed through a FIFO buffer
and the substreams are combined in the ‘packetiser’ to produce a composite output stream which
may be on a medium such as a DVD, as shown in the figure. The reason for using a FIFO buffer
s 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. Wiison “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 |, 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
streamy and separates it into two substreams. Each sﬁt)stf'earrl 1s passed through a FIFO buffer and
a ‘decoder core’ in order o fumish the signals mi, ... m;. These signals are then passed through

the inverse of Matox | 1 order to furnish the ortginal multichanne! signal.



required downmix signals Lo and RO,. In this case "Matrix 0' in figure 3 is redundant and can either be
replaced by the identity matrix or omitted. A distinguishing feature of the present invention is that it
may be lossless throughout, so that the multichannel output signal obtained from the decoderof figure
2 is bit-for-bit identical to the input signal provided to the encoder of figure 1. Thus, the encoder and
decoder coves,gii;gpresent, must be lossless, and Matrix | and its inverse are algg,[[% uired to be
lossless. The lossless encoder and decoder cores may be implemented in essentia f'/ﬁa?‘ffl%anner
that provides for lossless coding but, in preferred embodiments, these processes are implemented
according to the processes that are disclosed in WO-A 96/37048. Considerations for implementing
Matrix | are discussed below in more detail. This distinguishing feature of lossless coding allows a
DVD or other-medium fo conve Pgag Lncoded stream in a form that allows lossless recovery of an
original multichannel signal and- also allows Simple FEE6UER 6rA THARME Heihres eniiafioniti downmix
of thedHgindissigral usingp essehtialyithessame AioAge SRAGE a5 andwigih dbat weyld-otharwise be
requiresg to conveay(gnly the original multichannel signal- In practical embodiments, the required
storage epace briBalbwidte B Lessdes s Eonirissel dmatinborgeratidgrdowmnindriay be very
slightiyshighiar thanithahsegeiy , i(énglnnel sighal alone due to the additional
information conveyed in tﬁg%%ggggﬁgg%ﬂ?ﬁ@%ﬁ%é y the ¢ ec%ﬁg?rtrg){}}sé{/{g?g@ A Gownmix
and dubYo kTR thePMestitaras vsdd trisntadethedawiemil @erotiavaiallaifarnHse to

optimiggctﬂ?pcigggianjﬂrgg%&eo%b method of erformin%)the matrixing losslessly is by using a cascade

of primitive matrix quaruiser-s (PMQs), W AP A QI EEaE SRty P AHHCEY T iD-Re96/37048.

Thesel*RIGE dre matrices that arediBed I migdifisthesignabiniQme channel Hsing signal.yglues
obtain&%]érr m othiergqgggaefgs,ii’n a manner that is invertible. In particular, WO-A 96/37048 WO
00/60746 PCT7680 GRS RO R iBREISSE inverse matrixing may be performed by inverting

the effect of eadistiquaintingr frurevarsmopleedihis s lbstiated infigure da.showing iwo PMQs in

2

cascaggtfa{euzggmic an e?coder_, and figure 4b showing the two inverse _F_’MQS in r_eye?se Grder. _In
simple situations WHBPE' e a8 pamieetrosm K enecpramialé awathiksduahtisersdthemthe signals
Sl, the input signal provided to the encoder of figure 1. Thus, the encoder and decoder cores, if

present, must be fossless, gnd Matrix | and its inverse are also required to be lossless. The

lossiess encoder and decoder cores may be impiemented in essentially any manner that provides

for lossless coding but, in preferred embodiments, these processes are implemented according i¢

the proces§es that are disclosed in WO-A 96/37048. Considerations for implementing Matrix |

are discussed below in more detail.

This distinguishing feature of lossless coding aliows a DVD or other medium to convey
an encoded stream in a form that allows lossiess recovery of an original muitichannel signal and
also allows simple recovery of a matrixed representation or downmix of the original signal using
essentially the same storage space or bandwidth that would otherwise be requtred to convey only
the original multichannel signal. In practical embodiments, the required storage space or
bandwidth of a lossiessly compressed signal incorporating a downmix may be very shightly
higher than that required by the compressed multichannel signal alone due to the additional
mformation 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 primuive
matrix quantisers (PMQs), which are disclosed as ‘primitive matrices' in WO-A 96/37048. These
PMQs are matrices that are used to modify the signal in one channel, ;sing signal values

obtained from other channels, in a manner that i< mnvertible. In particular, WO-A 96/37048



S2, S3 and S4 can be identified with original channels such as Lr, Rr, L,, R,, etc_, and the modified
signals Sl ' and S2' can be identified with Lo and R," or with signals mo and m,. To verify bit-for-bit
reconstruction of the original signal, observe that the quantiser Q, in figure 4b is fed with the same
signal as the quantiser Q, in figure 4a. They, being assumed identical, therefore produce the same
output q,. IR figyse Aa the signal S2'is formed as S2'= S2-q.., while figure 4b performs the restoration
S2 = S2'tq,. With S2 thus restored, quantiserQ, in figure 4b is fed with the san{é &iGH4P A5 Suantiser Q,
in figure 4a, and signal Sl is restored in a manner similar to the manner S2 is restored. The quantisers
Q, and Q, are needed in order to prevent the word 1Ie"ngth of the modified signals S1 'and S2' from
exceeding that of the input signals Sl and S2, so that the information content is not increased. Figure
4 shows just four channels for simplicity, but it will be seen how this principle can be extended to any
numbef GFERARIEY ARt IRowW & ErGerAtifber srpMOsean bediSed!in ccasgate. dach @Mk
modifiegiastigna pudia cnanmeland in liawe & ank e TEsLhvg ANl ere madifiad, n practice.

any or all of the channels may be modified, and there is no restriction on order nor any pFo Yibition that
a given'Ban At IsE i aifiéa urore thlegvongehin tthie case afd viaschannek dowmieiix, it wowle: be
normal for afJeagihthe dirst. two channels to be modified. It will be seen that each PMQ in figure 4 has a
gain of unity to the channel It mModifies. It Ts Not POSSIBIE 1o SyRthESISATHE ey Batar Hatfix from a
cascade’of $aeh P@Se WO+ K196/37D48 explaineihdt theiset is, restricted 4@ matriceslaaniag a
determ&ganat!egyalf to.qne. In the general case, it is necessary to scale the downmix equations in order
to obtain'a deterriivart HTat R unitahagiithe i ESr exarvigies nthe eagedonthe downmix equations
displayed earlies vty shauichhe sealas by #/3sadbatMaliehin e eneqdsr dmplements, Wo

00160746 pc'r/Gn00/01308 -12 L | Rf'rro 1.0000 0. .9856 -.1691 -.6667 .666/ L
figure 4b 1s fed with the same signal as the quantiser Q, in figure 4a. They, being assumed
tdentical, therefore produce the same output g, In figure 4a the signal 527 is formed as 52 =
§2~q., while figure 4b performs the restoration $2 = §7 "¢, With 52 thus restored, quanuser (J,
in figure 4b 15 fed with the same signal as quantiser (, in figure 4a, and signal S/ is restored in a
manner similar to the manner S2 is restored.

The quantisers Q, and Q, are needed in order to prevent the word length of tﬁe modified
signals 5/ “and $2 from exceeding that of the input signals §7 and S2, so that Ehf; information
content ts not increased.

Figure 4 shows just four channels for simplicity, but it will be seen how this.pfmcipiccan
be extended fo 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 channels
are moditied. In practice, any or all of the channels may be maodified, and there 1s no restriction
on order nor any prohibition that a given channel be modified more than once. [n the case of 2
two-channel downmix, it would be normal for at feast the first two chamnels 1o bé modified.

It will be seen that each PMQ in figure 4 has a gain of unity to the channel tt modifies. It
15 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 (o one.
In the general case, it is necessarv 1o scale the dewnmix equations in .order to oblain a
determinant that has a unit magnitude. For example, in the case of the downmix equaitons
disptayed earlier, they shouid be scaled by 4/3 so that Matrix 1 in the encoder implements:



nn 0. 1.0000 -.1691 .9856 -.6667 _6667] Rr c L7, while Matrix O in the two-channel decoder
implements the inverse scaling: Lii ]=[.75 0 j[ nij R 0 .75 nz It is evident that Matrix O cannot be
implemented as a cascade of PMQs because its determinant does not have a unit magnitude. This is -
not a problem because Matrix 0 is not required to provide lossless reconstruction of an original signal.
An architectugg;that allows a two-channel decoder to implement Matrix O as either a strict cascade of
PMQs for lossiessly decoding a two-channel original signal, or as a more gengtal HEtHY 8% downntix
applications, is shown in figure 8 and described later. To calculate the coefficients for the PMQs
Forming Matrix 0, the following procedure may beé“adopted. Denote by downmrr the matrix of downmix
coefficients, for example in the case considered above, we have douwmix = 75 0 .739200 -.126825

-5.5] 0.75-.126825 .739200 -.5.5 Then forj=1... 6 calculate downmix coe/) i = downnrixti then
calculate downmix, coeff coefjl 2 downmrr, -downmix, z and then forj = 3 .|, €-cdlculate downnrix
coeff, | = - - coeff colel coejf~ downmrr, downmrr, 2.1 i.J

oo L0000 -.1691 9856 6667 6667

Hil

- Rf
Mol [ L.OOOO 0. 9856 -1691 -.6667 66677 L,
o b
C

while Matrix 0 in the two-channel decoder impiements the inverse scaling:
Ll ras oqfm,
[RG }*[ 0 ‘75”)&:! }

It 1s evident that Matrix 0 cannot be implemented as a cascade of PMQs because iis
determinant does not have a unit magnitude. This is not a problem because Matrix 0 is not
required (o provide lossless reconstruction of an original signal. An architecture that allows a
rwo-channel decoder to i&zpiemenf Matrix U as either a strict cascade of PMQs for lossiessly
decoding a two-channel original signal, or as a more general matrix for downmix applications, is
shown in figure 8 and described {ater.

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

_ {75 0 39200 - 126825 -5 5
dovwnmix = J

O 75 -126825 739200 -5 5

Then forj =1 ... 6 calculate

dowmuixl .
\J

coeff, ;=

. down J'n.r')cf ,

»

then calculate

downmix, ;

Oy = coeff |, downmix, — devnmix.
I/ X, downmix,

and then forj =3 ... 6 calculate

‘ downmix, ; - .
coeff, = = v i e T oV ot
LN coeff |, downmix, | —downmuy, el y | coell L

I'he coefticients m_coeff in figures 4a and 4b for i Jare now given by the expression



The coefficients m_coeffin figures 4a and 46 for r | are now given by the expression WO 00/60746
PCT/G B00/01308 1., m_coef fli, j] _-coe f, .~ where the minus sign arises because of the subtraction
in figure 4a. in the multichannel decoder of figure 2, the Inverse Matrix | may be implemented as in
figure 4b, using the same values m coeffi, jJ as in the encoder, but with the reversed order of PMQs
and with subtragdiedyiq each encoding PMQ replaced by an addition as shown. Note that the inputs
mo ... m5 to the cascade ofPMQs are derived from two substreams in this cas‘e?Rff'ﬁ‘gﬁ/ﬁF\3ﬁ§e 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 !|dr|‘nciple 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-ERginelldowisititk (as a linear combination of the six

channels)carriechin oniye the fust,sUbsiream. 1 6UITETLERIHRLCiA| applications, the matrix defining

the downmix signals Lo, R. in terms of Lr, Rr, L,, R,, C and L;, will generally have the largest
coefficients miitipfing! i ehrenRrd casdis thidigaseintive rexarpiéaabovenHdwevelcthissituatign cannot
be guaranteesd begayse the dominant coegzzie. ts may multiply sonic oftile other signals. Ifthe
coeﬁicig%’?tls ofLrand %arceglgﬁ%geqé%?rsngﬂjc W eduirement tﬁéﬁgg%&ﬁ' KAVE BRI i o tse Thannel

that it riblifiemdnwiddedesatproblem beeausesdnd Orrepae-atherchanasls shasldbessalgd, up
accordmg If simple scaling as shown above is used to address this problem, other coefficients of

ly.
the matrlxI){]\}\%fltse%’e‘é'clnl“ﬁinﬁ)yt h5ads PO BVERGEE BrbHER Srobiehve sray Btkis.crkis problem may
be addressedAishaipgrmistationmabtheschannelsinthe encoder sadhatfor.axample a,fitsy channel

whose coefficient in. L, is largest could be brought to the beginning of the sequence and a'second’
channél Whose' e8efficiefRTH R i #5RGEEis BrotiyHIER seetria Jomeecsmcmhisyesarmplé livisiassumed
the firspandsecond channels.ares nek the.samme. dhis-texardernausyally makes itpassinle for the
encoder to furnish matrixed signals m0 and m, that are
substreams a nune-channel signal can be conveyed lossiessty, with the information required to
decode a six-channel downmix carried in the first fwo substreams, and the information required
to decode a two channel dowmnix (as a linear combination of the six channels) carried in only
the first substream. “
I current commercial applications, the matrix defining the downmix signals L,, R, in
terms of L, R, L., R, Cand L wiil generalily 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 PM(Q have unity gain to the channel that it modifies
wtroduces a problem because one or more other channels should be scaled up accordingly. If
simple scaling as shown above is used o 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, s largest could be broughs to the beginning
of the sequence and a 'second’ channe! 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 mauixed signals'm0 and m, that are
proportional to L, and R, by using two PMQs whose coefficients do not substantially exceed
unity to modify the first two channels.
With such a permutation in the encoder, the muliichannel decoder ()Eﬁgurc 2 will require

an inverse permutation in order to reproduce the signals in the correct order, Re-mapping of the



proportional to Lo and R" by using two PMQs whose coefficients do not substantially exceed unity to
modi fv the first two channels. With such a permutation in the encoder, the multichannel decoder of
figure 2 will require an inverse permutation in order to reproduce the signals in the correct order.
Re-mapping of the WO 00/60746 PCT/GB00/01308 -14 output channels is provided in an MLP

decoder, aginsiMeieg by the chassign information in the encoded stream. In!;peT £358 /I;Qj the
encoder uses a permutation, it may instruct the decoder to apply the inverse permutation by
specifying the appropriate re-mapping. The invekrﬁ permutation is applied after the decoder's
matrixing if the encoder applies a permutation before matrixing. Another possibility would be to apply
the permutation in the decoder before the matrixing if permutation is applied in the encoder after
matrixir)‘g,.,Y)ﬁpdri'giona}lalyﬁ, itrYV,OgL bﬂeﬂpg siple for a decoder of an MLP stream to apply the permutation
before the'matrixing i ta CoaFhciAts ‘bf tHe A S/ 846! permiitetl Treve ald CertdiftuRtikely but
possiblendodmininc:spedifications hatthe:stategigssoutined ahave wilk pathandie. Qne pessibility is
that L, and R" may have coefficients that are the same or nearly the same or, in other words the

downmik T mih BT R HIBHET Y tHRE SRR IH AR, PO\ foBEdmE s unsatisfactory because the

denominator ofthei@xpressionutali SR e RRACMESERI0-QH AL 26! BUIIRG Iy arge coefficients
and a high probability of overload. This problem can be solved by choosSing in, and m, differently.

RegardiitHE SRInki65s BRifERE ohacliseiopsiibe; tewihalwLtratd Roviltimgehenanspan a
two-dingepsienal suhsnace f e & dimensional Lugl ctor space, or in general an .
n-dimensional Euclidean \E/}g?:tioﬁr]}%rp%cqe, of W%%?ioﬁegc%gﬁﬁgg ciﬁj tlglﬁe mul féﬁ[l%_n%gngé%%ﬁ%?ﬁi an
orthondtHal bRty Theaighbisimesdid fer, anduse dpar thisidlibspaceif o, andyRhargetebetion

reconsipueied il R38N R 1.6hR0S6 10 ARG, M o,be grhodanal or approximately orthogonal to
y L, an . Ha

each other in the subspace spanne ving detBrmined mo in tetras of the input
channels, theddolramnetsanaybielperimutecsphibrdto the makbifeadbat enehheeehwhiesecpefficient in

ranrd A LC A VAP Ond Byt o e RS BB RE oM to

transmitted c annei IS a Scale
furnishar sealdivessionoof Mo BIGLo rds the downmix is mono ot nearly mono. In this situation the

above procedure is unsatisfactory because the denominator of the expression for coeff, , becomies
zero or nearly zero, resulting in large coefficients and a high probability of overioad. This
problem can be solved by choosing m, and m, differently. Regarding the signals as elements of 2
vector space, the signals L, and R, will in general span a two-dimensional subspace of the 6-
dimensional Euclidean vector space, or in general an n-dimensional Euclidean vector space, of
whitch the channels of the multichannel signal form an orthonormal basis. The signals m, and m,
must span this subspace if L, and R, are to be reconstructed. [ is reasonable to choose m, and
i, to be orthogonal or approximately orthogonal to each other in the subspace spanned by L, and
R,. Having determined rm, in terms of the input channels, these channels may be permuted prior
to the matrix so that a channel whose coefficient in m, is largest, or substantially largest comes
first. A PMQ is then computed as above so that the first transmitted channel is a scaled version
of the desired my,. It is then necessary to compute a PMQ to fumish a scaled version ofm,. Once
again a prior permutation may be desirable in order (o minimise the magnitude of coefficients.
This permutation of the signals to be matrixed is akin to the process of ‘partial pivoting’ known
{o those skilled in the art of matrix computations, and will not be descnibed fufther here. Initially,
m, and m, may be given arbitrary scaling. Then the above procedure for coecfficient
determination may then be used by reptacing the matrix downmix with the matrix giving m, and
m, 1o {erms O.f[ilc onginal channels. The coefficients determmed by this procedure will then

determine the actual scaling of m, and m,.



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, min and m,
may be given arbitrary scaling. Then the above procedure for coefficient determination may then be
used by replacing/theygnatrix downrnix with the matrix giving m, and in, in terns of the original
channels- The coefficients determined by this procedure will then determine thécéié&f%ﬂﬂg%é‘ffhg of in,
and m,. WO 00/60746 PCT/GBOO/01308 - Is in the degenerate case where L" and R,, are identical
signals or are scaled versions of each other, the subspace spanned by L., and R, will be
one-dimensional. In this case mo may be chosen arbitrarily within the subspace and in, may be
chosen to be or{gpgg%@glqto__frlpp but from outside the subspace. Matrix 0 in a two-channel decoder will
then reconstitute Lo and R as a° staled verSlon ot /o shechin iiote h el thedMirPdossless:
compressitr.systemshe: coefficients of Matrix O.areweasieddmihe; disst syhsiigam, Sybstream 0, and
the coeff(; ligs%s of Matrix li%eg carried entirely in the second substream, Substream 1, even though

some of those Coatitionts W SHATHAN Syt Heebew fiohrths!firsesubstream: Bewmnix

encodingwembifedubifdataain redustion Lassigss fRSALElS WSiNg ralrixing are discussed
extensively in WO-A 96/37048, where" the purpose of the rnatrixing%% [tggr(gerl ulé%t?h% %8%’%?&%(%
betweert TRE trEHSHRIdbIRAANSN wi@reHareby to reduce the transmitted data rate. In the case where

a downmix is thb@@qu%st?c%sQ%ﬁ%@@ﬂ(ﬂp%y&eﬁbeﬂ{g@g%@géﬁ [E%E:@%/ gf’%;f)n%cified by the downmix

requirement, but considerable freedom in the specification remains. HOESHGHHY RN in, the
conditiof tHa &y e AppiexImAtetyoHivogoRirstils aldwsdn hrbitrany kfatiar-withimthe sxbspace

spannedyskoand RO Jhis freedo be used.to minimise the data rate required to encode the
first substream, Substream 0, for ex@ri%% “Using t & Er:rsweetct'nc'or(;(?g? FREELE WO BB 7098 hat

minimis8 ¥l eateratdadkersdysamnsignal of two or more channels.

Downmix encoding combined with data rate reduction

Lossiess encoders using matrixing are discussed extensively in WO-A 96/37048, where
the purpose of the matrixing is to reduce the correlation between the transmitted channels and
thereby to reduce the transmitted data rate. In the case where a downmix is to be encoded as
described above, the matrixing is partially specified by the downmix requirement, but
considerable freedom in the specification remains.

Firstly, in choosing m,, and m,, the condition that they be approximately osthogonal stilf
allows an arbitrary rotation within the subspace spauned by L, and R,. This freedom may be
used (o 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 exampie a 6-channel multichanne! stgnal, 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
fo encode the second substream, Substream 1. In the case of'a PMQ) implementation, two PMOs
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 chann;l signal. Inthe

MLP compression system, six PMQs are available in total, aliowing four to be aliocated to this



Secondly, assuming for example a 6-channel multichannel signal, the rnatrixing ofthe fourchamtets
that are not modified to furnish the dowmnix is still completely unspecified. Once again, the methods
described in WO-A 96/3 7048 may be used to minimise the data rate required to encode the second
substrearn, Substream I. In the case of a PMQ implementation, two PMQs may be used to derive the
downmix, amenhanyssespaining PMQs may be used minimise the data rate of the remaining four
channels in the same way as for any other four channel signal. In the MLP corfn(ﬁ?é(ég%w tem, six
PMQs are available in total, allowing four to be allocated to this WO 00/60746 PCTIGBOO/01308 -16-
task. Dither It is now regarded as extremely imp"omiht in audiophile circles that any quantisation that
affects the reproduction of the audio signal be performed using dither- Typically, a small pseudo-
random dither value is added to the signal before it is passed to the quantiser. See for example S.P.
Lipshitz,aﬁ{.A. Warmamaker, and J. Vanderkooy, "Quantization and Dither: A Theoretical Survey," J.
Audio Eng. Soc., May 1992, vol. 40, pp. 355-375. The primitive matrix quantisers inherently perform
guantisation. In the case of lossless encoding and decoding, the absence of dither is not a problem
because the lossless matrixing in the decoder inverts exactly the niatrixing performed in the encoder,
including any quantisation effects. However in fdfifishing a downmix as described above, Matrix 0
does not invert the effect ofMatrix 1, and the downmix will contain quantisation effects from both
matrices. In order to render the downmix quantisation benign, dither must be added by both matrices.

However, adding difherinthe gneeders Matox hwill affect the transmitted signal, and_the decoding of
the multichannel signal will be affected thI%regy. 'flhelrefore %ﬁ%?glle@sessﬁeaég 'n(clf,}"afﬁlesZ’[H\"?grt &' Matrix |
in the MRIALHEPHEESGOR MLSE cofipsrmattbfopatierafidotsoidiialdithaincdhe, essade matexing.

Figuresa@0diah-show 2 ntar [ rimitive matrix quantisers including dither, in this
case for a three char}lfneleiiig%g%g #"etgmz;]e(ﬁt\il\eloS | rgai?ig’(%f%%rftlésé?g Sdﬁ?fe%ootﬁﬁ/qHafﬁfﬁftﬂ{he%eﬁéﬁ%\?’éﬁ‘@%btracted

in the quéntisessroRuinfiguresi cwherbasthelsame)signahisiagdednitbeher: A Theoretical
Survey,” §. Audio Eng. Soc., May 1992, vol. 40, pp. 355-375.

The primitive matrix quantisers inherently performn quantisation. In the case of lossless
encoding and decoding, the absence of dither is not a problem because the lossless matrxing in
the decoder inverts cxactiif the matrixing performed in the encoder, including any quantisation
effects. However in furnishing a downmix as described above, Matrix 0 does not invert the
effect of Matrix |, and the downmix will contain quantisation effects from both matrices.

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

Figures 5a and 5b show a complementary pair of primilive matrix quantisers including
dither, in this case for a three channet 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
quantser shown in figure b, It is easily scen that, provided the signal fumished by the box
rmarked ‘dither’ is the same in both cases, the PMQ 1n figure 5b witl undo the action of the PMQ
in figure 5a. Thus, an encoder as shown in figure | can be constructed in which “Matrix 17 is a
cascade of PMQs as shown in figure Sa, and the multichannel decoder of figure 2 can be
constructed in which ‘Inverse Matrix 1° is a reversed-ordered cascade of PMQs as shown in
figure 56, This will ensure that the multichannel signal 1s reconstructed lc:;siesri;riy.

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



guantiser 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 51) will undo the action of the PMQ in figure 5a.
Thus, an encoder as shown in figure | can he constructed in which "Matrix I' is a cascade of PMQs as
shown in figure 5a, and the multichannel decoder of figure 2 can be constructed in which “Inverse
Matrix |." is &¢ete¢sed ordered cascade of PMQs as shown in figure 5b. This wilkensure that the
multichannel signal is reconstructed losslessly. For the best quality dowrunix reproduction, the
conventional requirements for dither WO 00/607”4P7I?CT/GI300/01308 17 should be satisfied both in
the encoder's 'Matrix I' and in the decoder's "Matrix 0'. Thus for example in the encoder, the dither
generator in figures 5a and 5b could advantageously furnish TPDF dither with a peak-to-peak

el S 1 MR ERNSRIET B of i quelse0, e o DUOS e ecoder

furnish the dowmmix signal, then it IS not necessary to ad
a differertuype iof iratrizpbet itwill hevertheless: indlude computation which insseases g word
Iength,{(yp%z\/ﬁghby“ql?ntis_ag)n, and it is normal to add dither before each quantisation. The
requirement for identical Bithie it tAe BRRBHAG A de Codinyaquanterrens fiiresBxisent 5B can be

olr |
met by iefencodePiecar dingaeread: canvaying thasiais of %Q@‘?HQP[’{ @Qﬁme%%@”?eagﬁ nerator

within th.(? stream from time to time, and the decoder reading the seed and thereby s c%ronlsing its
own se%’Jéeﬁég BJ@H&PQESMQN LP the sequence generator is a 23-bit circular shift register generating a

pseudo- randam@inankseguensadBRER)YSING NS SPIeSHON. b @05 (1 fhere b represents bit

of the shift register, and (D represents the exclusive-OR operation. ThusS the see SRRNEEIam is 23
bits lonYMFRSHHEiterFsidkitest Byl 08 bty onveackasamplelpeiiotThiselows Baesrde-bit
pseudesangdemumper with a rectangular PDF to be generated for each signal sample. However,

because TPDEF dither is preferred, the 16 bits are
: The requirement for identical dither in the encoding and decoding quantisers of figures 5a

and 5b can be met by th‘e encoder recording a ‘seed’ conveying the state of a pseudo-random
sequence generator within the stream from time to time, and the decoder reading the seed and
thereby synchronising its own sequence generator.

In MLP the sequéﬁce generator is a 23-bit circular shift register generating a pseudo-
random binary sequence (PRBS) using the expression:

b, @b, ®1
where b, represents bit x of the shift register, and

© represents the exclusive-OR operation.

‘Thus the seed in the stream is 23 bits fong. The shift register 15 shifted by 16 bits an each
sampie period. This allows a new 16-bit pseudo-random number with a rectangular PDF to be
generated for cach signal sample. However, because TPDF dither is preferred, the 16 bits are
divided imto two 8-bit dither sarmples. These 8-bit samples each have a rectanguiar PDF, but the
encoder has the option to add and subtract these two samples to furnish two further uncorrelated
dither samples having a tiangular PDF. This process is known as ‘Dimmond Dither” and is
explained in the above cited Wannamaker reference, AES preprint no. 4533, The encoder can
use these two triangolar PDF samples to add dither 1o two PMOs that furmish the downmix
signal. |

Audiophile considerations do not require that the dither applied in Matrix 0 to recover the
downmix signal be synchronised 1o a corresponding process in the encoder, Indeed 1t is
undesirable that the same dither be applied. or that Matrix 0 apply any dither that is corretated

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



divided into two 8-bit dither samples. These S-bit samples each have a rectangular PDF, but the
encoder has the option to add and subtract these two samples to furnish two further uncorrelated
dither samples having a triangular PDF. This process is known as "Diamond Dither' and is explained
in the above-cited Wannamaker reference, AES preprint no. 4533. The encoder can use these two
triangular PRFssmplgs to add dither to two PMQs that furnish the downmix si%%lf(ﬁgglg%yle
considerations do not require that the dither applied in Matrix O to recover the downmix signal be
synchronised to a corresponding process in the encoder, indeed it is undesirable that the same dither
be applied, or that Matrix O apply any dither that'id orrelated with the dither applied in Matrix I. In
MLP the downmix decoder generates a dither signal using WO 00/60746 PCT/GBOO/01308 - 1$ the
same algorithm as the multichannel decoder, but the dither is different because the seed is different:
the sectf GV TR WFAIFNT ditihler 18 HEfiead Serssireabyi0hwHiliahe sédd for the Matrik: bdither is
carried &y yBsraatebd HMEP MQ@:QWI@@Q&?H&QH@&%@H&%} Malns JAre shegified ustas
precisely as for Matrix 1, and with the dither also controlled by the ‘encoder, the encoder fRas precise
knowle@jg’éﬂ@f théaro eshig Ribsigerals lrecovered by the decoder, down to the last bit. We shall return to
this point late ' f ? nmix It is.often considered commercially. important to encode an
audio signal atf‘}r?gﬁrl#;}ﬂ%%‘%“ i(eg\z}elPtrh?é{la‘tFléllg %f&ﬁgféh@r?%%f%gﬁ rﬁéﬁﬁ?éga HREANNRGE TR ©an be very
“unconirbiled’ arddheitaverdgbdeviebmustdie-kegtivelieelow, digitakclipping if:oe paals efadive signal
is to cag%\eo[verlytl)éag\- QO}I&\Q iy?créghe gg%fessiongl r§cor_ding engineer is well equjp ed with tools for
waveform modification. Stch As Slippars and iR dar AR hirT B brolit o seHtfolfedrssignal
that madutatksca 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 f f f f f hexadecimal- A naive attempt to increase

Saturation of downmix

Itisoften considered commercially important to encode an audio signal at the maximum
level that the digital channel can handle. Peaks in live music can be very ‘uncontrolled’ and the
average level must be kept well below digital clipping if no peak of a live signal 1s to cause
overload. However, the professional recording engineer is well equipped with tools for
waveform modification, such as clippers and limiters, that aillow him to produée a ‘conirolled’
signal that modulates a channel very fully while ensuring that no peal wiit overload.

[t will be understood that digitai overload can resuit in extremely unpleasant artifacts
caused by ‘wrap-round” effects. For example, in conventionat twos-complement 24-it audio,
the maximum positive value is represented by 7¢ £ £ £ £ hexadecimal. A naive attempt {0 increase
this vaiue by one quantisation level will result in 800000 hexadecimal, which is interpreted as
the maximum negative excursion. Thes small overloads can gencrate full-scale transitions
having a large high-frequency energy content, which sounds exlremely unpleasant and frequently
causes bum-out of tweeters.

In the context of DVD mastering, it is assumed that a ‘controlied’ multichanne! master is
produced and presented for lossless encoding. [n other words, it is assumed that any overload
problems tn producing the multichannei signal have aiready been dealt with. The task remains o
produce an acceptable L R, downmix.

Overload at the output of the two-channel decoder of {tgure 3 can ba avc:éded by scaling

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



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 ofDVD mastering, it is assumed thata “controlled’ multichanmel master is
produced angpirarmnied for lossiess encoding. In other words, it is assumed th!a[tﬂg)&@éfgﬂggd
problems in producing the multichannel signal have already been dealt with. The task remains to
produce an acceptable Lola, downmix. Overload atfhe output of the two-channel decoder of figure 3
can be avoided by scaling down the coefficients of "Matrix 0' sufficiently. However such scaling down
has two problems. WO 00/60746 PCT/GB00/01308 -19 Firstly the amount ofscaling required is not
known u e material has been exam ned which is inconvenient at the
masterln%qégggé@g%i% ysgt%j{:h “scaling is likely t‘ouf’eéhhl’rt |n‘ ' HOWHRRETRRITS ORECEEbEdIsFuiet by
commerelahstantlarish Thisdsrivecause: any:paiosriakpping. ot dimiting afdhecamatichannelsigaal is not
necess.anlx(li %ffectlve [ constramln a%ieak -to-mean ratig of a downmix derived from the

multichanniel SIgRAT it 18 NSt POS&S é‘%’ (TSR EWORAHA attR ERcodiHg Sthgeuse catigeithis would

alter thecligrismission of met andrimulaRghresayany of the multichanpetsignal wouldthennekke
lossless. AlH ordingly, the invention provides for a downmix decoder to have the ability to generate

internally R T&VRIFY SRS Raling At rpieddeony it i angithb swut can handle, and to
incorporate a limiteloPpGHRBEY PHANQ thedinal AUtRHESIhakS, es@d%% PJctheg W“m't na

handled without unpleasant effects. In MLP, the output word width 1§ specifie Its, an&most of
the intef&ISTYRAPHLAS, 4ﬁélumr$g(ih@pa@hs Qfdtween!mmggaeé alsdspetifiediasi@4bits wide.

However, after A%J&?W,@"&e'wéﬁu Qﬁcoder A ghifter Is pro ?d %1%}3 %\ﬁtﬁs ﬁﬁlgﬁt‘ﬁ){ﬁnqht by a variable

number of bits specmed y "output s information carried BIFEBHEY stream.
If the eﬁé@d@ﬁlw@dﬁe'manmpgxtzahdvm@cmmmp&sﬂp&niﬂf@mnaﬁlﬂaﬁrthdn@gﬂ@wnmﬁ@r@%wlag more

than 24. Rl:té tQ% g er scal es down the ix specification to avoid overload within
IMCSporat a fEosoT 1pprer prior to € 16 mal output so that overload of the downmix signal is

handied without unpleasant effects.

In MLP, the output word width is specified as 24 bits, and most of the internal signal
paths, tncluding the pathé between the PMQs, are also specified as 24 bits wide. However, after
the tast PMQ in the decoder, a shifter is provided that shifis left or right by a vanable number of
bits specified by “owtput_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 requinag
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 shift" information. The
shifter in the decoder thus generates 2 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,
i order to avoid the undesirable ‘wrap-round’ effect discussed eariier. The clipper may
convemniently be implemented using the facility provided in many DSP chips whereby a value in
an accumuiator may be stored to memory using ‘saturation arthmetic'.

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

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

implement it as a separate operation.



the matrixing. This scaling down is by a power-of-two, so that the correct amplitude can be restored in
the decoder by specifying a positive left shift in the "output shift-information. The shifter in the decoder
thus generates a downmix signal of the correct amplitude, which may be too large for the 24-bit '
output. Therefore a clipper is placed between the shifter and the output, in order to avoid the
undesirablevaeaperasind' 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 arithmetic'. An additional synergy, arises in this case if the memory location to which
the accumulator is stored can be calculated in dependence on the "ch _assign" information in the
stream. This accomplishes the inverse permutation of channels required in a decoder without having
to implement it as a separate operation WO,Q0/{60746 PCT/G B0O!0 t 308 2Q_1,SB bypass If an
input signal exercises the full 24-bit range, tiién’an attémpt to modify a channel using a PMQ
according to figure 4 or 5 is likely to lead to a signal that exceeds the 24-bit range. This increased
range, which is internal to the lossless encoding and decoding process, can be accommodated
economically Evni Bt PEseE ss6raisinghe £ubit Hrithimetie by using titecrapchitectuiiéyof figuresp. Figure

6a sho e : incerperat shifter., The signal paths are gssumed to be 24 bits
wide ggﬁg%ﬁ%t%ﬁgﬁér@%%%ﬂgﬁggf ‘%%ES Uahisad ];(fgan%ft’c}z?r%r%t %’ic%\eﬁfé-kﬁ#éatié{ ¥ is
providediie aliewshéaatreomviorkhe additidno The Isignaddsthedishifted dightiatithreticaliy by.one bit
and the‘,;LCIES[I§>1 Fgggg%%frgcm the.bolt]tom of the word is output separately from the main output SI', which
contains the remaining 24 higrcordst Bt rite PEEHUS SRH8I-CPnastignesiardy beserrrida with the
signal.afchdecodedhgsignals Sl, S2 and S3, the LSB together with signals SP, S2 and S3 should be

presented to the invxi-";‘rseB PMQ shown on the gght of figure fib. Here the LSB is appended to SP and
the result is shifted 8B 6he BittsoltllatthYEL Hiatefp B e LsBifame s Bishthe shifted word,

therebysgiving & RE2hibRignaldebich, thecuantisedsignaliois pided-dhe fesulle] his addition is
only Z%Sb-litnslt data path is provided to aliow headroom for the addition. The signal is then shifted right
arithmetically by one bit and the LSB shifted from the bottom of the word is oulput separately
from the main output §7', which contains the rematning 24 high-order bits.

The .SB thus shified out must of course be carried with the signal. To decode the si gnals
S1, 52 and §3, the LSB together with signals S7°, 52 and S3 should be presented to the inverse
PMQ shown on the right of figure 6b. Here the LSB is appended to S/" and the result is shifted
ieft by one bit 50 that the separately carried LSB is the LSB of the shified word, thereby giving a
25-bit signal to which the quantised signal ¢ is added. The result of this addition is only 24 bits
wide by virtue of lossless reconstruction of the signal 57 fed as input to the PMQ shown in figure
6a, provided that S/ is a 24 bit signal.

As shown on the right of figure 6a and on the left of figure 6b, it is possibie to inser:
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 eniropy coder comes
after the matrix shown in figure 7a; thus, in this example, the ‘Lossless processing’ shown in
frgure 6a woulid inciude these items. Similarly. referring to figure 7b, [hé ‘Inverse Lossless
Processing’ shown in figure 6b could include an entropy decoder and a recorrelator. As shown
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



wide by virtue of lossless reconstruction of the signal Sl fed as input to the PMQ shown in figure 6a,
provided that Sl is a 24 bit signal. As shown on the right of figure 6a and on the left of figure fib, 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. Renexampie, a partial block diagram of an MLP encoder is shown irll élg}ﬂrgﬂg&%?d the
corresponding decoder is shown in figure 7b. A decorrelator and an entropy coder comes Bfter 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 71r, 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 preserye theaggf[assgpl LSB acrozs thjiﬁproce33|ng, to store it to and recover it from the

encoded stream of SUDStEArH  SorHetiFEs e MtfixIAG ML P Yo it CatiserSieredartbu the

decorreletoswhitea\\ODRG0T46 PG TIGRR /0 1308 o Urdesigpedigeneraliy.fe.reduge the signal
amplitude, indcrea es it on par ticularsamples and thereby encounters an overload problem. In this

case a PMGSF thd SyHBRKBInh figuve A trdy e ged 46 reatme tecrmpitudé lnfahesigial and
thus proiideappioximately R ofeadionm o IR Pragessio- The sacfliciemigshonn,in figure 6

may be set to zero when a PMQ is used for this purpose only. It will be clear that-the Reme of figure
6a coulcﬁﬁé'ﬁéﬁmﬁ’e@lﬂ&allow more than one bit to be shifted out from a PMQ and transmitted as a

bypass signal. ;Thigig Nqtdone,in, . 1Ne sin wn in figure 6a is lossless, and the
corresponding inverse Iossless{prt%%lggg?ﬁ%m:fh%%%ﬁgiﬁdfi%%@egg 188 srot%l%%dsfgsazi.ofhwg it E486%%ble to
nest thidprocestiriéc ot Eranmpld/theniossiess Rrdcessing sheiwnan thesright of figurergacould

e 2 PMQSLR s TN IS o o b an . oo sft o e ppasd PO

could be inverted by including in the “Inverse
PMQ offtffesisitestiown on figerrigivt iofdigures@bsdn THiscase pdyipasseadsSRiwjlkhe ganeraied at
each St%%m%‘i’eﬁ‘ﬁg ‘lﬂ%ggl%gse ngSCSeBSSSHrng},ug (?Wencgrrlrli;gg rri(.)glijlrt]gfat? gufxlé%gecroggg(iggist:gg a PMQ) of the
sort shown on the feft of figure 6a, and the coding effect of this nested PMO could be inverted by
including in the ‘Inverse Lossless Processing’ shown on the left of figure 6b a PM() of the sort
shown on the right of figure 6b. [n this case a bypassed LSB will be generated at each stage, so
two bypassed LSBs must be carried round any further processing.

Inan MLP encoder there are up to six PMQs in cascade, and any or all of them may be
configured to provide a bypassed LSB. Thus the substream may carry up to six bypassed LSRBs,
one from each PMQ. Although each bypassed L.SB comes from a different PMQ, there 1s no
requirement that they come from different channels. and the encoder may occasionally choose to
allocate two or more such PMQs to one channel and thus obtain an additional 12dB or more of
headroom for that channel.

There are variants of the topology shown in figures 6a and 6b that have an equivaient
effect. The subtraction of the signal ¢ in figure 6a and the addition of the signal g tn 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 G, for
example by replacing a quantiser that rounds down by a quantiser that rounds up. Another
variation is to place the guantiser Q in the forward path, as shown in figure 23z 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 shifiing of the S/” signal and the LSB together may tnstead be
inplemented as a lefi shift of the S/ signa, therebyv producing a zero LS;B‘ and then adding the

separately transmitted LSB. [n this case the addition of the separalely transmitted LSB may be



In an MLP encoder there are up to six PMQs in cascade, and any or all of them may be configured to
provide a bypassed LSB. Thus the substream may carry up to six bypassed LSBs, one from each
PMQ. Although each bypassed LSB comes from a different P-MQ, there is no requirement that they
come from different channels, and the encoder mayoccasionally choose to allocate two or more such
PMQs to onevchamel@nd thus obtain an additional i 2dB or more of headroom far 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 additjon of the signal g in 61) 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 0, for example by replacing a
quantiscr that rounds down by a guantiser that rounds. up. Another variation is to place the quantiser
Qin the%?é?v%grc path; 85§ r%v”ﬁ??ﬁ‘“%ﬁ?‘el Bﬁ%é’f“W@%‘%Yé“?@ﬁ%?‘iﬁ&t’ééﬂ‘foﬁheiﬁé%mé?éh%iﬁ’f; again
taking dafefintbhaasitgrotrantisersdbat oung; upuardewn. In figure 6b. the shifting of the Si' signal and
the LSB together may instead be implemented as a left shift of the S| “signal, thereby producing a
zero LSB, and fHeRaddifythessepadeaIy Mansnneiéed &3 W fhigcasaltheradiditiorof theiseparately
ansmitiesh hSBNAY:bRANO ONIBITAGETIGEONIOL308 combied with, or performed after the

addition of the quantised signal g. In embodiments for MLP, the addition shou(iﬂjprogucerﬁcfﬂ-bit
numberEiguret®ehows thed dbcuden® v @idpecifiedferMich;| astisifigurad taretoventiirerachannels

Sl, S2 %ijrs with the secand channel S2 being modified Tt}iﬁs)incorporates some of the variations
g R IR paoe e 5 Aot Tt QHHLOFR encoder

discussed above and In addition Uses a genereﬁ mutiplt 3’[%'}’1
specifiebthégotiiiziéen valves andlinaydescheriinstheistreamsicThus, o shifto the §J%B@k§2'z!9ft by

one bitéz? E@ncod%é@ou%}? t.the coefficient in coeff[2, 2] equal to +2. MLP uses 16-hit coefficients in
the range 1-:24559)! YHEF SRSTE TSR ANGARISS D s 1t AVairBTe thmerase whiesderispetiiadablinstead.

Thus thendekeding RMR:invertsathe signatinithis-crss aRd pilie epeadenmyshalsy inverhe signal to |

compensate. As discussed previously, it is advantageous to have two uncorrelated RPDFdither signals
in ordef 16 HIRTSH tHS TRBEERCPSigaR! Y St 4nd subtraction. In the MLP matrixing,

As discussed previously, itis advantageous to have two uncorrelated RPDF dither signals
in order to furnish two TPJDF dither signals by addition and subtraction. In the MLP matrixing,
the two 8-bit RPDF dither signals obtained from the sequence generatar are sign-extended to 24
bits and treated as if they were two extra channels. These dither channels are never modified by
PMQs. 1t will be seen that the dither in figure 8§ is given by:

m_coeff]2, 4] Dither0 + m_coeff]2, 5] Dithert

This dither is like the dither identified as dither in figure 6b. [f m_coeffi 2, 4jand
m_coeff{.2. 5] have the same magnitude, dither will lave the desired triangular PDF. Thus, if two
PMUQs are used to fumish a downmix, the encoder will specify m_ceeff{2, 4] and m_coefff2, 5]
with the same sign in one PMQ and opposite signs in the other PMQ, thus furnishing
uncorrelated TPDF dither signals by the ‘Diamond Dither’ method discussed above.

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

[f additional PMQs are used o 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_coeff{i, j] values

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



the two 8-bit RPDF dither signals obtained from the sequence generator are sign-extended to 24 bits
and treated as if they were two extra channels. These dither channels are never modified by PMQs. It
will be seen that the dither in figure 8 is given by: m_coefl[2, 4] DitherO + m _coeff]2, 5] Ditherl This
dither is like the dither identified as dither in figure 66. If rn coeff[2, 4Jand m_cogff[2, 5] have the same
magnitude, dithesmilshave the desired triangular PDF. Thus, if two PMQs are Hé-?ﬂ«k%&é@'}}?h a
downmix, the encoder will specify in coeff[2, 4 and necoefj[2, 5] with the same Sign In one %’MQ and
opposite signs in the other PMQ, thus furnishing _Uﬂ.:grrelated TPDF dither signals by the "Diamond
Dither' method discussed above. In figure 8 if we régard the input signal samples as 24-bit integers,
then the output values from the multipliers will in general have 14 bits after the binary point because
the coeff&@gﬁtget[% (:Efa%f['[z, lJ m t%/iha\(e u ifﬁi? 14 bits_after the binary point. We assume for the moment

B may have 14 DI ne oin o’ . €
that the quantisero™ quantisss to 4 24 b S GaP VAR ihathis\iEse, T thecwio B bit RPDEdither

values vt iightijlistitied:iprihiendd-bitwords RENREQ and Ritherd, then tecarrestmagpitydgs.for in
coeff[2. 41]f§nd mcoeff[2. 5] arc 2. If additional PMQs are used to reduce thebit rate of the stream

without atfEEtHG ThETHEGH AROS RS SEvmBE Hishaiikirctie Enostiéiemat torusd withedjdenoe the
m_coeff[i, jJ valugsysed:tq mukipty;the.dither ¢ in,the P ll ero. Thjs suggests that
an economy WO 00/607456 PCT/CS%WO%%}&B%? %aﬂgo%% t?éer%&éeyeb%?}yr\% %?gl%&ir?gaﬂ%@gz}fﬁgﬁCapability
in all PMOShRiseebNsHiyis. ibviealdebin niizRlifopldmentaticns; howeversbetausethe @dvantages

realized fromthe [ecgj%frl? ity,0f the_ structure in practical embodiments far outweighs the cost ofan
additional pair of multt I{F:'aft o[ﬁgﬁencﬁfbﬁ?%%%aéa(gaela Wag]ca}:QBFdT Hgf’t[beﬂéﬁ?é“é %Fé” RASE P16 for
Matrix O%dc-Matrin Dr th tHecesel SiMatpbsdisitwaildibe meemalfor thecosffisient-gfithe,ghannel
being moglifid.. which is 'iéé:?ne 12, 2J in the cas%gl%strated, to have the value -2 when the LSB

bypass is Used. and erthert! or when The' L &5 BYphs 366t used This choice is made by the

encoderand the coefficient is included in the stream for use by the decoder. When using the
2-channel decoti8ftot¥epgddiace e dowhmxpitattix @provides thewnmix, Matrix 0 provides the

matrixing and/or scaling of the m, and m, signals to provide L, and R, General coefficients. not
restiicted to powers of two, are then required in the PMQs. Again reguiarity in the decoder and
flexibitity for the encodér are reasons for adopting the architecture of figure 8 uniformly.

In Matrix 0, scaling of the modified channe! can be accomplished by scaling all the
coefficients, except the dither coefficients, that contribute 1o it. [fscaling up is required, there is
a possibility that the required scaling will exceed the available coefficient range of {-2, 2), or that
signal overload will occur within the matrixing. This can be deait with by reducing the scaling
by a power of 2, then using the final “output_shift” to restore the desired level.

In MLP with downmix, it is not normat to carry the bypassed LSBs in the first substream,
Substream 0, since the downmix decoder does not attemnpt 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 iciuding those
L5Bs that were dropped from channels that are carried in substrearn 0.

One feature of figure 8 that does not affect the above discussion is that the quantiser Q,, is
able to quantise to a step-size that is a power of 2, thus putting the truncation point one or more
bits above the LSB. This facility is included in order (o optimise the treatiient of input signals
that do not exercise the least significant bit(s) of the 24-bit word, In MLP, the LSB bypass

feature 1s used only when the quantisation step size is sct (o unity.



matrixing and/or scaling of the mo and in, signals to provide L,, and R. General coefficients, not
restricted to powers of two, are then required in the PMQs. Again regularity in the decoder and
flexibility for the encoder are reasons for adopting the architecture of figure 8 uniformly. In Matrix O,
scaling of the modified channel can be accomplished by scaling all the coefficients, except the dither
coefficientsythed;:qontribute to it. If scaling up is required, there is a possibility fpat thereguired scaling
will exceed the available coefficient range of [-2, 2), or that signal overload will occur within the
matrixing. This can be dealt with by reducing the scaling by a power of 2, then using the final
"output_shift" to restore the desired level. In MLP with downmix, it is not normal to carry the bypassed
LSBs in the first substream, 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 matrixin “fHEIHIFY tHe Lie s ES e tither seed, and the bypassed LSBs
including those LSBs that were dropped from channels that are carried in substream 0. One feature of
figure 8 [hat does not affect the above discussion is that the quantiser Q,, is able to quantise to a
step-size that{slaspowsiind 2;sthuszputtisity thertisheationppintiones oo merex hits-abova:8ielS$B. This

facility js included inorder ta optimise the treatment of input signals that do not exercise the least
cionifc Ly o the DS GI H S, BIE TS DyHALS TN dReao nah e
quantisétioh, stepisize issattaiun iy QAUE0F40 R CA7ERB00/0L3A8HAhSteam iBtealibeand
Zossless ,ChSCk'Ff‘ lOS}S coding s%/stem ﬁenerally furnishes an output that is not an exact

reconsﬁra o of 'thé” ﬁéﬁ? ThAF WRELHES EHEBIGH ForeddM P84 EFans vaGliABAR S E8ER CRC) or

a parityneheck;, sknigd fae-restiaied tarrcheck aktherencaded straam 5 thab apsmission, grors may

be fla e%ééThe relationship between the input signal and its final reconstruction is somewhat

unknowh PBSIRE AR RtEY Bt B A SreiheBRlRasHHhshaxiy e nédifg ad i dacosigrpesdss, and by

platforgriglatEepirorfoaaused tndhe dinmsticbehaviour of the decoding processor possibly being
different from that of the encoding processor. In MLP, a parity word known as a ‘Lossless Check'’ '

value, is comButddFor BaLH seyflgtvn as a ‘Lossless Check” value, is computed for each segment

of the input signal, and included in the encoded stream. It is expected that a decoder will
compute a similar parity word and indicate an error has occurred if this computed word does not
match the word included in the stream. Unlike the checks that are possible in a lossy coding
system, the checks made in a lossless coding system are able to show failures due to overload or
other algorithmic failures within the algorithm, platform-related inconsistencies and transmission
errors.

In preferred embodiments, a player is able to inform the user of such errors: for example
a “Lossless™ light could be illuminated when the two check words agree and be extinguished
otherwise. Since failure could be momentary, a pulse-stretching circuit may be used so that the
user has time fo 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 ali channefs
and all samples within a segment of] typically, 1280 words. In lerms of the MLP specification,
this segment inciudes all samples between two consecutive ‘Restart potnts’. As MLP assumes
24-bit words, the parity would naturally be computed as a 24-bit word, but this parity word is
divided into three octets or bytes and these are exclusively-ORed together in érder to furnish the
Lossless Check value. Before computing the parity, each 24-bit signal word 1s rotated by a
number of bits equali to its channel number. This rotation avoids a problem where an error that
affects two channels identically would otherwise not be detected,

An alternative implementation is to take the panity of all the octets within cach segment of



of the input signal, and included in the encoded stream. It is expected that a decoder will compute a
similar parity word and indicate an error has occurred if this computed word does not match the word
included in the stream. Unlike the checks that are possible in a lossy coding system, the checks made
in a lossless coding system are able to show failures due to overload or other algorithmic failures

within the alyarithiraglatform-related inconsistencies and transmission errors. y‘}@[g@%ﬂ

: ) ) e 11308
embodiments, a player is able to inform the user of such errors: for example a "Lossless" light could
be illuminated when the two check words agree and be extinguished otherwise. Since failure could be
momentary, a pulse-stretching circuit may be used so that the user has time to recognize the failure,
for example the light could be extinguished for two seconds on receipt of a single failure. In MLP the

Loss lessi&ahegkyvaliesis an.8-hitparity, word that is.computed for all channels and all samples within
a segment of, ty ica!ﬁ)?,j 1280 words. In tefms of the. MLP specificafivfc this dEghstisHuSs all

sampledHetfeel e eondacutiven Restant pdints/1:As MhBrasseibescd4biiwerds:sthe: Ranky, would
naturally @gﬁggn&@p&qgr;%ﬁ}a 24-bit word, but this parity word is divided into three octets or bytes and
these are exclusively-ORed together in order to furnish the Lossless Check value. Before computing

the panty, each24L-Bitsignalingiecis setatad: by Bo suwabern et bitsigamakioits Mﬁgﬁh%%%&r . This
error that affects two channels identically would otherwise not be

rotation,ayoids & problem where a _
detected. An altérnative w%ﬁlé‘?%ré’r#éﬁ?gn & T5 -t sareyes aiene itetdwithinndach gsegment of
WO 00IAGIIE TIGIRI0I0ANS. 183 paskchane! ip produse,an Bibilparily PRIt and fplate each
party octet1 bg/ its channel number before exiusively-OP ing them together. This may b& moré
econonibAl S BPSLEESHE not having a 24-bit word length In MLP with a single substream, the

Lossiess Chedk valugJelales (40 orginalsigaal halis eng lpsslsssly reprodyced, When MLP is

carryin%ﬁ? dowmnix, the second substream carries the Lossless value rkef fheg’ t%”fﬁai%riginal
signal, %‘?ﬁfg‘\‘mﬂ%@%ﬁ%ﬁéﬁ%yﬁdthﬂmha@nermbodemut 15 not a lossless reproduction of an

oniginal signal, it is determinable by virtue of the precise specification of the quantisations in
Matrix 0 and the precise specification of the dither. Therefore, the encoder can determine the
downmix that will be reproduced by a decoder, and can compute the “lossiess check’ value from
this simulated downmix. In the context of DVD-Audio mastering, it is intended that the encoder
shouid make the simmulated downmix available for auditioning, thercfore the listener can be
assured that the signal recovered in his player is bit-for-bit identical to the signa! heard by the
mastering engineer or the reéording producer.

An exception arises in the case of overioad, which as described above is normally handled
by clipping or fimiting in the player. Because the behaviour of the clipping or limiting is not
precisely defined, the Lossless Check value is computed from the signal immediatelv prior (o any
saturation or hmiting. In MLP, where as explained above the decoder incorporates a shifter after
the final PMQ, and may tmpicment clipping by storing an accumulator to Memory using
saturation aritiumelic, 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 ALES 1998 references cited above. in these situations,
the reproduction of the original signal received by the prequantiser will not be lossiess buf the
reproduction of the prequantised stgnal will be lossless. Again. the preguantised signal should be
made avatlable for auditioning and the Lossiess Check value should be&;:om“;rh}utcd from the

prequantised signal so that the listener can be assured that the stgnal recovered 1n his player is



In this dowtunix case the first substream also carries a Lossless Check value , but this relates only to
the downmix. Although the downmix output is not a lossless reproduction of an original signal, it is
determinable by virtue of the precise specification of the quantisations in Matrix 0 and the precise
specification of the dither. Therefore, the encoder can determine the downmix that will be reproduced
by a decodgf,apdcah compute the “lossless check' value from this simulated downmix. In the context
ofDVD-Audio mastering, it is intended that the encoder should make the simuiatEG Sk available
for auditioning, therefore the listener can be assured that the signal recovered in his player is
bit-for-bit identical to the signal heard by the ma“s%érl"ng engineer or the recording producer. An
exception arises in the case of overload, which as described above is normally handled by clipping or
Iimitingti,ntéhe é)ldaye)r. Because the behaviour of the clipping or limiting is not precisely defined, the
LosslesE CRaek ULITLH Eotip o ida te siytErmmtheadiateny prisris dnyedatuvatisnonlititing. In
MLP, wheseas explained above the decoderincorporat.esashifterafler 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 tr}giggggmj;lggggag@(;pctgsﬁggégp&al 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 reproductjon ofthe prequantised si%nal will be lossless_ Again. the prequantised signal should be

made available¥SPEUHitdATY HRITRE 1BLRIBEs EletittEE shbtIabassmputedirormbtmace

prequaspised signahsaihalifie lstenercan heiassured.hajthe, sianalyiecaveisd i @igﬂ%?r s WO
00/60746 PCF!CB00/01308 _26_ bhit-for-bit identical to the signal that v, as auditioned or at ieast was
availadit {Ir Ao s the cRastdinig ke Basodacsrarisce hbiedstraid glew To emg oura,

tWO'Ch@eﬂﬂglrQ@WWiTﬂﬂ.?éamﬁ&ig%érmf@n&@n{pyéﬂeﬁgn F!?sﬁkipﬁl%a;%%mx Matrix 0 would then

probably have large coefficients and the recovery of the downmix would be notsy. Secondly, in
solving the equations to determine the PMQs comprised in Matrix1 the encoder would probably
generate coefficients largér than the admissible range. Thirdly, matrixing of the signals affects

the data rate for lossless compression, and it is inefficient fo transmit separately stgnals that are

very similar to each other.

| As noted previously, one way to avoid the worst o f these problems is to choose my, and m,
to be orthogonal to each other. That is, m, and m, are defined in terms of the input signals by a
matnx 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:

L
Rf
"%}{.75 0 7S 126825 -5 .5} L
R, I L0 75 -126825 8 5 sl R
C
Lo

Here the larpest coeffictent contributing to Ly is that of L, which has a value equal to (.75,

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



spanned by the downmix channels I., and R. There is considerable flexibility within this criterion, but
some choices are better than others- The encoder should avoid choosing m, and in, to be nearly
linearly dependent for several reasons. Firstly, the matrix Matrix O would then probably have large
coefficients and the recovery of the downmix would be noisy. Secondly, in solving the equations to
determine the®PM@scomprised in Matrix 1 the encoder would probably genergje cogfficients larger
than the admissible range. Thirdly, matrixing of the signals affects the data rate for lossless
compression, and it is inefficient to transmit. separately signals that.are very similar to each other. As
noted previously, one way to avoid the worst of these problems is to choose m, and in, to be
orthogonal to each other. That is, m, and m, are defined in terms of the input signals by a matrix
whose rows are orthogonal to each other. This criterion still leaves some, flexibility, which could be
resolved for example by taking m, proportional to Lo. Consider for exampleithe downmix specification:
Lf Rf rLe.750.75-.126825.55L, ROL0.75-.126825 .8 -.5.51 R Gt La Here the largest
coefficient contributing to L, is that of Lr, which has a value equal to 0. 7§,.) Therefore, if ae generate m,
equal to L, scaled by 1/0.74 = 11333)Gvé have WO 1606076 PCIHG{Npo/01308 7717 1l RI in
1.0000, 0., L0000, -.1691, -.6667..6667 ]LR S R

C

L, |

El

which can be implemented by a PMQ that leaves the first channel unmodified.
Signal m; must be a lincar combination of L, and R, A linear combination that is
orthogonal to [, and hence also orthogonal to m, is given by

m{unscaledy = R, — XL,

where = Eiim‘ L°~- and

L,e

the symbol  denctes the scalar or dot product of two vectors.
The resulting value is equivaleat to taking the dot products of the row vectors in the dowmmnix
matrix. [f we use downmix to denote the downmix matrix, then the scalar L may be expressed as

) downmix, e a’()uuﬁziﬁz):i
(U - -

do wantix, « downmix,

where downmix, denotes the first row vector of the matrix;
downniix, denotes the second row vector of the matnx; and
Using the downmix matrix from the example shown above, ) = 0.1849. Thus:
r L
o
R
7

m(unscaled y = [ - 1387, 7500, -.2655. §234. -4076, 4076 1 °

~ h] . 1 . . 1 : ;
The second PMQ that will generale m,, recetves the signals furnished by the first PMQ, the first

channet of which is m, rather than L. Therefore m, must be re-expressed in terms of my, R, ete.:



C L7. which can be implemented by a PMQ that leaves the first channel unmodified. Signal in, must be
a linear combination of LO and RO. A linear combination that is orthogonal to Lo and hence also
orthogonal to mo is given by m,(wrscaled} = R" - XLg, R L where X and La. Lo the symbol denotes
the scalar or dot product of two vectors. The resulting value is equivalent to taking the dot products of
the row vectBfsdoiésdownmix matrix. If we use downmix to denote the downpabx/maitix, then the
scalar ~, may be expressed as downmix, downmix, downmix, " downmix, where downrnix, denotes
the first row vector of the matrix; downinix, denotes.the second row vector of the matrix; and Using the
downrnix matrix from the example shown above, 2. = 0.1849. Thus: Lf Rfrrrnscaled L ,(u) _[-.1387,
J500, -.2655, _8234, -.4076,4076]"' R C LL The second PMQ that will generate m" receives the
signals furnished by the first PMQ, the first channel of which is m,, rather than |, Therefore rn, must
be re-expressed in terms ofmg, R, etc.: WO 00/60746 PCT/(;BO0O/01308 28 ‘nht~

R
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I
mfunscaled ) ={-.1387, 7500, - 1268, .8000. -.5000. 5000 ] R |
R
cr
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Here the largest coeflicient, 0.8000, multiplies R_, the fourth tiput channel. Therefore we apply a

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

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

nt (unscaled ) = [-.1387, 8000, - 1268, 7500, -.5000. 50001 7

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

= [ 1733010000, - 1585, 9375, -.6250, 6250 °

This ts 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 st;‘&t@gy s Lo compute my, as above, then to define m,, apart from scaling, by subtracting a
proportion ) of L; from R, such that the coefficient of Lsis zero. Inthis particufar example, the

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



Rf 1~ nrl(unsarled) _[-.1387, .7500. -.1268, .8000, --5000, .5000 ] R I ~I Here the largest
coefficient, 0.8000, multiplies Rs, the fourth input channel- Therefore we apply a permutation, as
discussed previously, to swap the second and fourth input channels and thus bring R, to the second
position so that m, will appear in the second position in the matrix output: R Ls mi(unscaled) _

[-.1387, .80000-1d:268¢ . 7500, -.5000, .5000 ] Rf C L f. Finally we scale so thﬁ]gl}g(g%%fggle tof R, is
unity: nna li. L MI =[-.1733, 1.0000, -.1585, .9375, -.6250, .6250] RI C LP Thisis now in e correct
form for implementation by a second PMQ. The abgve example shows one ofsevera[ strategies that
can be adopted by an encoder. A simpler strategy is to compute to, as above, then to define m" apart
from scaling, by subtracting a proportion ), of L. from Ro such that the coefficient of L, is zero. In this
particular example, the sparsity of the original downmix specification results in thls condition being
satisfied with i~ = 0: WO (10/60746 PCT/GBOo/o 1308 29 fy

n (unscaled ) = 0., 7500, -.1268. .8000, -.5000. 50001

The zero value of the first coefficient avoids the need, when calculating the second PMQ, to
consider the effect of the first PMQ. That 1s, m, can be substituted for L¢in the above equation
without making any other change, Applying scaling and permutation as discussed previously, we

obtain:

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

which is of the correct form for implementation by the second PM(Q.

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

Alternatively, in a more advanced encoder, the above orthogonality condition can be
replaced by the condition that the cross-correlation of the signals m, and m, should be
approxumately zero. This condition can be satisfied by an appropriate choice of . The
condition of zero cross-correfation minimises the energy i m,, and in the absence of frequency
dependence this would be effective in minimising the transmitted data rate. As explained in
WO-A 96/37048, data rate in the presence of spectral vaniation is more dependent on information
content than on erergy. With typical audio signals, the energy and cross-corretation will be
dominated by large low-frequency signals, which have tittle mformation Content on account of

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



R ri unsealed) =[ 0., .7500. -.1268..8000, -.5000, -5000 L R C Lt 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, mo can be substituted for Lt in the above equation without making any other change. Applying
scaling and permutation as discussed previously, we obtain: mo R L [0., 1-0000, -.1585, .9375,

- 6250, .628%°1%/&j4€C 1-f which is of the correct Conn for implementation by tig sgsond:PMQ.
Although the above simplified procedure does not achieve orthogonality, it does avoid generating in,
and m, that are nearly linearly dependent, for example if LO and R9 themselves were nearly linearly
dependent. The possibility that L" and R. are actually linearly dependent (i.e. are scaled versions of
each other) must be tested for and treated as a special case. Alternatively, in a more advanced

encodetrieraleve arihodonality soaritioncane crenlaced Ry dhe gendiian (atne, closg;correlation
of the signals tnp and m, should be approximatel”y zero. This condition can be satisfied by an
appropiate Remsteeist @, irha ceehidinbn bitdetocompabiaserdador minimises theabmeregy iopmtiand in the
absence olfiegrency;dsnRendence this would be effective in minimising the transmitted data rate. As
explained |f§1 WO-A 96/37048, data rate“i%l%lillgi rbgré\ﬁe?ﬁ?:%%f-%pegfrgr%rgﬁé%ioanégﬁ?miﬁéB’é‘ﬁ&%nt on
informatidingbritent than on energy. With typical audio signals, the energy and cross-correlation will

he ) (1 — =z
will have a response rising at 12dB per octave over the low and mud-frequency part of the audio
band, and this will generally be sufficient to suppress undue domination by large low-frequency
signals.

In WO-A 96/37048, the preferred directions for the transmitted signals was disclosed as
being the eigenvectors of a mauix that, in the absence of frequency-dependence, would have
been the correlation matrix of the signals. Such a choice would lead to zero correlation between
the transmitted signals. However computation of eigenvectors is time consuming, and the
procedure outlined aboveuwherein the zero correlation 1s achieved simply by subtraction leads to
a data rate that theoretically differs little from that resulting from an elgenvector computation.

The procedures above for choosing the directions of the transmitted si gnals can also be
apphied generally, that s to encoders that do not compute a downmix, or to the processing of the
remaiming channels once 2 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
pritmitive matrix quantiser implements the subtraction and furnishes an output signal. Then
another mput 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 Lie 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 wransformations. Any
further input channels that have not been modified by PM(Js are passed to the output without
modification.

Animprovement on this procedure would be to choose the subtraction so as (o minimise
some measure of entropy, or information content, of the signal rather than s;nply_lo mintmise the

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



dominated by large low-frequency signals, which have little H711501-ilration content on accountof
their low bandwidth. Hence it is better to apply a spectral weighting, which will typically WO 00/60746
PCT/GB0OO/01308 _30 emphasise high frequencies, before calculating cross correlation. Ideally the
spectral weighting will be adapted to the signal itself, but it is complicated to determine an optimal or
near-optimakwyaightiag, and in practice a fixed weighting will suffice. For examp{er y }g)igiiitzaj!!fglter whose
-transform is (I _")" will have a response rising at 12dB per octave over the low and mi -%‘ré"quency
part of the audio band, and this will generally be sufficient to suppress undue domination by large
low-frequency signals. In WO-A 96/37048, the preferfed directions for the transmitted signals was
disclosed as being the eigenvectors of a matrix that, in the absence of frequency-dependence, would

have begn [he correlation matrix of the,signals. Such a choice would lead to zero correlation between

ikl

the transmitted signals. However computation’ of BigehVestars idtnie CyHBUR I amd e Brocedure
outlined aibveryphereinithe zeracarrelation is.achievesh sivgly, y-subtiaction: leads 19 12 data sate that
theoretically differs Iiile from that resulting from an eigenvector computation. The procedures above

for chooSMgHE HFELHGHY GFtHeAtaHE itfearSIghaTS 8% areyp e b ifsagenerally thatdgtatencoders

that do npkeampuse R HEWAN:QILRNENIRCeSSING Aithe Lemaining Shannels 9nse. 2 dowamix has
been extracted. We now describe a procedure in which the vector directions of the transmit ed

channeld™5fe ERBLEIT HIEBYERS. Rfistimmie chapmelils¢Hosendigiidl offier chamets aressubiracted
from it with goefficients 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 idichibeq candragsdihtiievotiseri thibinnbls:aref subtratted: by RMQ:lhe (RMQ furnishes
ﬂiﬁte the energy therein- The process is

e ey sl and e R hosen G I e e et Treprocessis
until it issebnsigered. oy workhe s pytyisi furtoesmattixiiasformatans. BRYdering the subtraction,
to inctude vectors that have already been processed, since they are by construction orthogonal to
the vectors that have not yet been nrocessed. However this will not generally be true when a
downmix is being encoded, nor will it be true if the minimisation is of entropy rather than
energy. flence in gcncrahi, each PMQ will subtract both signals that have already been processed
and imput channels that have vet to be processed.

So far the order in which channels are chosen for modification has been considered i be
arbitrary. In many cases the order may have little effect on the final data rate, but it can
substantially affect the size of the coefficients in the subtraction. As MLP restricts coefficients (o -
a maximum value of 2, this consideration is tmportant. If the minimisation is of energy, or of
energy with a fixed spectral weighting, this is extremely fast computationally and it 1s 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
energy, or spectrally weighled energy, is the smallest,

Ifthe PMQ is impiemented as in figure &, it would be normal to choose a coefficient of
+1Lor -1 for the channel being modified. If the subtraction generates signals that overload, the
coefficient may be reduced. It would be normal in MLP 1o reduce it (o —0.5, using the LSB
byvpass method described above. This will provide ar additional 6dB of hcédroom, which wiil

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 mav be transmitted

without modification. Or, if another PMQ 1s avatlable, it too may be confieured for LSRB bypass

aperation : . > ¢ : ideration : ‘ ' '
r n and allocated 1o the channel under consideration allowing a further 6dB increase in



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 ofentropy, 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 WO

compute each minimisation with respect to this criterion. Minimisation of spectrally-weighted energy
would be a less computationally-intensive alternative, and there are various ways of computing an
appropriate spectral weighting in dependence on the signal. More economical still would be the use of
a (fixed frequency weighting, for example as provided by a digital filter having z-transfom2 1-z 1)2 It

will be recogpisgd bythose skilled jnthe art of. numerigal matrix algeby. { the above progess is
somewhat akin to the use of Gram-Schmidt d?thgé)olr?éligéit%ngéoa%uernis%}gr? 6‘th6‘g%%ﬁ]m£ét of vectors.
By analBgyyaight beccasitbidardd ifdetesganyuaioers copbiderirg:the subitctian;ptainelude vectors

that hayg alraady beansprgcessed, since they ar onstructign orthogonal to the vectors that have
not yet been p%rgc%ssed. I—P(?V\;zvecro ﬁ?l%é%\ﬁ fr?ecr)t ge%ggaﬁg/ebce P hE s TESWHiT-ETS Bisity “icoded,

nor will §pbEimgstif thiezmiisimisation is of entropy rather than energy. Hence in general, each PMQ will

subtract both s;lfgnals that ha%\ée ‘Ojllready been processed and input channels that have yet to be

processed. So aDraﬁ%ieC%zr?‘éer IR WHIEH YR FETE SrEeEradees B BaIfRastigiha® besers ebirsidred to be
arbitraryermanycasissheiardesmay havelite effest0n toe-inal dataaanutisansupstantially

affect the siz oft e coefficients in the subtraction. As MLP restricts coefficients to”a maximum value

of 2, thiS BBt idimplttatbet s hsin isetisi e e omdnabgyc beofliavsf§y with lasixeehspectral
weightiagihigis exiremelssast caranuiationglivanddtis entirsly ;nossible to make S‘Qh%rg%?{
notner

selection on a trial basis and to reject that and try another if the coefficients are too big.
heuristit BB ES0Esdtter hvkifireaisimHsestiemivel viosel brdtdy tonspestitilly peighitag enengy, is the,

smalleshcrease in signal magnitude of a factor 1.313. This can happen if, on a given sample pericd,
channels of the input achieve full modulation simultaneously and each has the same sign as its
coefficient in the PMQ, or if each has the opposite sign as ils coefficient. Overload can be
avoided by allocating an addittonal PMQ impiementing an LSB bypass prior the PMQ that
furnishes m,.
‘ For clarity, the above description mentions onty the PMQs implemented by the encoder.
It will be understood that for each PMQ it uses, the encoder must specify a corresponding PMG
to be used in Matrix | by the lossless decoder, and that the decoder’s PMQs must be applied in
reverse order. In the case of LSB bypass, an encoder PMQ applying a coeffictent of 0.5 to the
channel being modified implies 2 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 dependence on the
choices made for m, and m,. Further, if 2 channel has been scaled, the scaling factor must be

taken into account in calculating subsequent downmix coefficients that will multiply the channet,

Encoding of mixed-rate content

The DVD-Audic specification allows for a recording to be carried on the disc USLHE Lo
sampling frequencies. For example, the frontal channels L, R, may be encoded at 9Gkiliz
sampling rate, while the other channets may be encoded at 48kHz in order (o reduce the data rate,

However, the preceding description of the simuttanecus transmission of downmix information in



If the PMQ is implemented as in figure 8, it would be normal to choose a coefficient of +1 or-1 for the
channel being modified. If the subtraction generates signals that overload, the coefficient may be
reduced. It would be normal in MLP to reduce it to -0.5, using the LSB bypass method described
above. This will provide an additional 6dB of headroom, which will usually be sufficient, If it is not,
there are seygrpbpgssibilities. The currently considered matrix transformation rpa¥/9%0rgodified or
abandoned:: that is, the input channel may be transmitted without modification. br, iTané?ﬁ’?aﬁ?%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 W&’ 00/60746 11CT/GB00/0130hl >2 headroom. The
additional PMQ will be applied prior to the PMQ that implements the subtraction. The additional PMQ,

being reqL#rgg s'nr;ﬁgljy to reduce the signal amplitude, will normally in MLP apply a coefficient of --0.5
to the chaRREFBEMG HLUHHERCSHA RS ERS | st enta dtHenmise neparticand: easervigre swo or
even threge: BMQsmayipe meeded to process a channel is where a downrnix specification has several

coefficients ofsubstantially)the same magnitude. For example, although the PMQ that furnishes ml) in
the example abble Has!aIl doefficierits Mds tian J dhitydnetsumn dlabisstiute mpgnitedessofithie

coefficiepfs s ), ifh 10, furnishi ( LS pass and scales the channel
by 0.5, theurggf'sg g?ﬁ;é%%s’s{b%\i{tgggf’g%?i‘%éﬁs%ﬁ%s%ﬁ%ﬁ%&éﬁ%ﬁd‘éogf‘%%{fg‘été’r R%f FRIEERY happen
if, on a giféh samiple peiodicohanmelssofthe mppitcasihieve fulbmegdulation simdltanae ushang each
has the Si its. coefficient.in the PMQ, or if each has the opposite sign as jts coefficient.
Overloag%gﬁn b(%g@g%g?dcgg flkay;']gl 'oc%tﬁ%éugﬁcé%néitﬁ%rﬁflﬁﬁ 1Frr?’pﬁ%$r‘i”é Bh§iand 8BM8YBasasFibthe
PMQ thaestirsisiesdnoy Fonslamityic this abpwediestiiptionmentions.eniithe BMKs inplemsated by
the encader- It Wiyﬁl lﬁ(}ung%st%od that for each PMQ it uses, the encoder must specify a

Cb { er bhit

andg. .
correspor? |ﬁac 0'be Uged in*Matrix t by the losstess decoder, and that the decoder's PMQs must

be applied in revergeongei It dhel iaserafSRbypassrian epaader MMQ-3pRIying.acaefficignt of-0.5
R i R e e i et e A
p to nearly 45kI4z, but such a signal wiil
have very little energy above 24kiHz (f it is derived by upsampling 2 48 kiz sampled signal.
Accordingly, when Iossl?ss compression is used on ‘mixed-rate’ material, it is possible, without
significant adverse effect on the data-rate, to ‘upsample’ any channels that are presented at a
lower rate, e.g., 48kHz, before encoding so that all channels are encoded at the same sampling
rate, ¢.g., 96kHz. This unified sample rate makes possible the matrix operations required in order
to implement the invention.

“Upsampling’ is also known as “interpolation’ in the Digital Signal Processing literature,
and the techniques for performing it are well known. Figure 10 shows an encoder adapted to
include this feature. As f{iliering involves delay, the channels L; and K, that do not require
upsampling are given a compensating deiay.

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 filters’. When used for
interpolation, half-band filters fumish an output with twice as many sampiing points as the mput
sampling powts. The even-numbered output points correspond (o the input points and contain
sample values identical to the input values, while the odd-numbered output points lre hall way
between the input values and contain interpolated vaives. |

When a stream is encoded in this way, the player has two Opﬁons. HWmay play the strcam
as if all the channels were originally sampled at 96kiz. thus ignoring the diffening provenance of
even and odd samples. Alternatively the player may select only the even ;ampies w the case of

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



the downmix case, the encoder must specify the coefficients for Matrix O in dependence on the,
choices made for mO and in,, Further, if a channel has been scaled, the scaling factor must be taken

into account in calculating subsequentdownmix 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 samplingdr@guencies. For example, the frontal channels Ln R, may be en%%&%%%@'z
sampling rate, while the otherchannels may be encoded at 48k-Hz in order to reduce the data rate.
However, the preceding description ofthesimultangpus transmission ofdownmix information in WO
00/60746 PCT/G[300/01308 -33 a first substrearn assumes that the channels are all sampled
simultaneously and, in particular, at the same sampling rate. The article P.G. Craven, M..l. Law J.K.

and Stuyade:LQssless.Comprassion using llk Prediction Filters;, J. Audio Egg. Soc., Abstracts, March
1997, vol. 45, no. 5, S 404 preprint no. glfl‘g‘é)“(blfi{%”sct?%t{?'b‘\/héhvtfsﬁHécﬁf?é‘é?éis‘é? doiriRdiol, it is not
necess#fjotpatitioet tepsaniplingcrateddedrder:io save dataaill isssuliiciantdo sestrict the.hagdwidth of
the sig% %%aqgﬁithe Iosslgszglgffgder will automatically respond to the reduction in information

content of the signal ‘and en MEISHBP B ks AR ipdameEansigndlinhemntly trasebrestricted

bandwickrHer exampleaa 96kHZ sapRled.sional has dhe 3{@4@%&8%{&1%? Lce ,‘:jﬁeﬁlf‘ﬁﬂ‘éis S.ub to nearly

48Kkl-Iz, but such a signal will have very little energy above 24kHz if it is deriv %y upsampling a 48
kiz sanfSiRd ERhalockeeyrisgly, Wiehtlsselestasorhpresdioniis béedk dnamixadsrate’ Matevipl, it is

possiblg.withest signifigant. adverse Sifest on the data:rate, to upsample’ any channels that are
presented at a lower rate, e.g., 48kHz,Iﬁeff)@rgéegnactzlé)(ﬁllrii‘gjyné{()g tRat At Enaiiidls Yre Bicoded at the same

sampling ratel e YobKKIZi THiscimifis dreprplécratermakeTnossibledhe spate gperationsfeguired in
order tg;implemgnt the invention,."Upsampling' is also known as “interpolation’ in the Digital Signal
Processing literature, %endrﬁ?%gt%%lﬁﬁig%aet% ?0‘151%5}71‘8?7 Y ¥arevairrdserpEgUie o shews an
encodétadapteahtsr.include this feature. As filtering involves delay, the channels Lr and R, that do not
require

Implementation

The functions required to practice various aspects of the invention can be performed by
components that are impiemeuﬁed in a wide variety of ways inciudin ¢ discrete logic components,
one or more ASICs and/or program-controlied processors. The manner in which these components
are implemented is not critical. For example, operations required to practice these aspects of the
invention can be implemented by in an apparatus that comprises one or more lerminals for
receiving and sending signals representing digital information, random access memory for storing
the digital information, a medium for recording one or more programs of instructions, and a
processor that executes the programs of instructions. The programs of structions may be recorded
Dy a variety machine readable media or other products of manufacture mcluding various types of
read-only memory, magnetic tape, magnetic disk, optical disc, or conveyed by baseband or
moduiated communication paths throughout the spectrum from supersonic to ultraviolet
frequencies.

Various features of the encoding and decoding processes and apparafus have been
described above. It is to be understood that, where these features can be tmplemented separately,
ttis envisaged that these features may be brought together 1n any combination. in order to benefit
from the different advantages provided by those features. While the claims define varous

features independently, the features of all clauns can be combined with each other and this



upsampling are given a compensating delay. Interpolation filtering is in general not lossless, but in a
preferred embodiment [he upsample'’ filters in figure 10 are of the type known as "half band filters'-
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 sanmpletvalues identical to the input values, while the odd-numbered oygpyb%m%lﬂg halfway
between the input values and contain interpolated values. When a stream is encoded in this way, the
player has two options. It may plan the stream as {kall the channels were originally sampled at 96kHz.
thus ignoring the di ffering provenance o f even and odd samples- Alternatively the player may select
only the even samples in the case of channels that were originally presented to the encoder at 48kHz.
In this case the Rlayeihrs WO QU746 LG T/GRAON1308 -34 access to a lossless reconstruction of
the mixed-rate content that was presented to the encoder. In order to make this possible, the encoded
stream must contain a specification of which channels were originally presented at the lower sampling
rate, and an indication of which samples are to be regarded as "even' and which are to be regarded
as ‘odd'. The latter may be implicit if the stream contains a block structure in which the number of
samples in a block is always even. On DVD- Audio, the use of "Access Units' and "Presentation Units'
provides such a structure. The DVD-Audio specification provides similarly for mixed-rate content at
88.2k_Flz arid 44.1kHz. The mixed-rate coding feature described above may also be applied to this
case in a similar manner. Implementation The functions required to practice various aspects of the
invention can be performed by components that are implemented in a wide variety of ways including
discrete logic components, ‘one or more ASICs and/or program -contro lied processors. The manner in
which these components are implemented is not critical, For example, operations required to practice
these aspects of the invention can be implemented by in an apparatus that comprises one or more
terminals for receiving and sending signals representing digital information, random access memory
for storing



the digital information, a medium for recording one or more programs of instructions, and a processor
- that executes the programs o f 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_apd apparatus have been described above. It is to
be understood that, where these features can be implemented separately, it is envisaged that these
features may be brought together in any combirgatiamns order to benefit from the different advantages
provided by those features. While the claims define various features independently, the features of all
claims can be combined with each other and this WO_ 00/60746 PC /cn00/01308 -3) disclosure is
intended to inclucrig NELEH COPhBTTEHONS 2 BRT CRANME P HER St ReRa g R BIiRaRY of input

signals andgemesiating, a pleradityodtd auipiihisig dalseBomaethadief deiiiniag ane Ainmereof the output
signals that comprises: ég choqgsing a fir seleftedé'n_put signal; and (ii) choosing a first linear
t

combination of signals that is ?Tl?] AP HBTRARSIE O AP A5PEHNR8 b the input signals that excludes
the first selected input siginal, thediislinéar ¢combibationmatisignals hengichesemigdeduce an'

entropy measure fg]rn ’ dgtLteren{:e etv%/gen th {'rst selected si a_I and the firs _I[near combinat_ion _of
signals, wherein the (%Iﬁerlé)ﬁic% félf\e/\?esenofﬁg (f(%rgfes’éﬁ%%}é%ﬁ% %ﬁﬁﬁﬁ?“g%ﬁitﬁ‘?e%ﬁ?g?ﬁﬁgﬂicomblnatlon
of signals determingst aifirsi oihitpfitssigrak icthbiphtiatityfel outtisignalss diilchapsingna second
o S0 R SR E e e gl e
linear combination of signals, wherein the difference between the first selected
input signal and the first linear combination of signals determines a first output
signal in the plurality of output signals;
(1ii)  choosing a second selected input signal; and
(iv)  choosing a second linear combination of signals that is a linear
combination of at feast some of the input signals that excludes the second selected
input signal, the second linear combination of signals being chosen to reduce an
entropy measure for a difference between the second selected signal and the
second linear combination of signals, wherein the difference between the second
selected input signal and the second linear combination of signals determines a

second output signal in the plurality of output signals.

2. The method as claimed in claim 1, wherein step (ii) comprises generating a first
output signal that represents the difference between the first selected signal and the first
linear combination of signals, and step (iv) comprises generating a second output signal
that represents the difference between the second selected signal and the second linear

combination of signals.

3. The method as claimed in claim 2, wherein the first output signal and the

second output signal are generated by primitive matrix quantisers.

4. The method as claimed in claim 1, wherein the second linear combination is a

linear combination of signals that excludes the first selected input signal.

~



input signal, the second linear combination of signals being chosen to reduce an entropy measure for
- a difference between the second selected signal and the second linear combination of signals,
wherein the difference between the second selected input signal and the second linear combination of
signals determines a second output signal in the plurality of output signals. 2. The method as claimed
in claim 1, wherein step (ii) comprises generating a first output signal that represents the difference
between the first selected signal and the first linear,combination of signals, and step (iv) comprises
generating a second output signal that represents tHe difference between the second selected signal

and thesecnd neat, comiopon afighals, 3 The method s demed n i 2 wherein the it

output signal and the Sécond ou?pu% S|gnall1 are genera ed%)t/ Srsl Iti

method asloleimeshihickeiom b wigeréiriithie sdodedtlindasicomhbingipalis a linear combination of

signals that excludes the first selected input signal. -37- 5. The method as claimed in claim 1, wherein

the second linear combination is a linear combination of signals that includes the first output signal. 6.

The method as cléirige inattaidnd clrheedim stepi(ii), ganeeates a first output signal definition

representing the difference hetween the first sele teg input signal.and the first linear combination of
it PR ARG g

signals; step (iv) generates a Seond Sutput SigHa B BPAHRE SRR  BiRdfence between the

second selected idpikrsigpedicinddhérséusinekoear igomt pati en Ofigiginsl Snandoshsigitidhe method
comprises: (V) gela?rs?éi%g the first output signal from the first output signal definition, and generating
the second output sigfia from the second output signal definition. 7. The method as claimed in claim
6, wherein the first outpmtgpgma] eqndtites a second output signal definition representing the

difference between the second selected input signal and the second linear
combination of signals;
and wherein the method comprises:
(v)  generating the first output signal from the first output signal

defimtion, and generating the second output signal from the second output signal

definition.

7. The method as claimed in claim 6, wherein the first output signal and the

second output signal are generated by primitive matrix quantisers.

8. The method as claimed in claim 1 that further comprises determining a set of
output signals from which a downmix of the input signals can be recovered, wherein at
least one of the first combination and the second combination is a linear combination of

signals that includes at least one signal in the set of output signals.

9. The method as claimed in claim 1, wherein steps (1) and (i) select an input
signal for which the absolute magnitudes of the coefficients in the linear combination do

not exceed a predetermined limit,

10. The method as claimed in claim 1, wherein step (i) chooses for the first
selected input signal that input signal having a smallest measure of energy, and step (iii)
chooses for the second selected input signal that input signal other than the first selected

input signal having a smallest measure of energy.



second output signal are generated by primitive matrix quantisers. 8. The method as claimed in claim
1 that further comprises determining a set of output signals from which a downmix of the input signals
can be recovered, wherein at least one of the first combination and the second combination is a linear
combination of signals that includes at least one sig?ﬁﬂ in the set of output signals. 9. The method as
claimed in claim 1, wherein steps (i) and (iigd%eleqt an input signal for which the abSCfJute magnitudes
of the coefficients in Hhe ISdBFBEAHI EIBE LG AL kcBBE S HPERHLHARNLE RS f6248% method as
claimed in clajmdr, (whergirstepd Deheosasfardhelbictld seiReteshikl prtsignatdhatdnput signal having
a smallest measure of engég , and step %% ch(%oses for t?r%second seLecEed i(?g)tut iggal that input
signal other tHSH ARG Lt SR P A AR TR A AT S R PR oty 3? 238- 11. The
method as claippidsia alesmi beauhgrainstepiiaiptss:adisstacaling daniorlectibidifie sameé between

the first selected, input signal and the first.linear combination fotqer input signals te determine the
first output sigaﬁ%nf?éen%f%qg%?gﬂf)ﬁé’ﬁﬁihé%‘%%8oﬁ %rc%lﬁﬁésfgg?osr %% ﬁtemgﬁpeerglngcsg OélthOe%Rut e second

selected inputsgiggial and the second linear combination of other input signals to determine the second
output signal. 12. The method as claimed in claim 11 _ wherein the first scaling factor is equal to +1,
-1, +1/2 or 1/2 and the second scaling factor is equal to +1, -1, +1/2 or -1/2. 13. The method as
claimed in claim 11, wWhéfeinstbpd(ii} gehesd tesbadifibnahfseistthsi v ceml ingi toByr appikation of the

frt scaling fagior paving, e AgRIIS ek AU AYI0r,S16p (). penprates gditional east

significant bits by application of the second scaling factor having a magnitude less than unity, and at
least some of the additional least significant bits are provided in an output signal.. 14. The method as

claimed in claim 1, whereip theiRiatiaRY.MRASH @S Are1c0akdYin ¥op [Hipgeetand aritlaimaehin claim 1,
wherein the entropy measures are derlve? from tesr(]:gff% %:alculﬁéggl gv;t?ngggﬁgggﬁelsgv&%h&gg'

emphasizing tHEWEHIERES oARpd ¢Aden of the firs actor

and/or step (iv) generates additional least significant bits by application of the second
scaling factor having a magnitude less than unity, and at least some of the additional least

significant bits are provided in an output signal.
14. The method as claimed in claim 1, wherein the entropy measures are energy.

15. The method as claimed in claim 1, wherein the entropy measures are derived
from energy calculated with a spectral weighting emphasizing the frequency bands that

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

16. The method as claimed in claim 1, wherein the entropy measures are derived
from energy calculated with a spectral weighting substantially as defined by a digital

filter (1 -z)*, where n =1, 2 or 3.



contribute more substantially to a data rate of a compressed output stream of the encoder. 16. The
method as claimed in claim 1, wherein the entropy measures are derived from energy calculated with
a spectral weighting substantially as defined by a digital filter (1 -z 1)n, where n=1, 2 or 3. -39- 17. An
apparatus that comprises means for performing the method according to any one of claims 1 through
16. 18. A medium that conveys a program of instructions that is executable by a device to perform the
method according to any one of claims 1 through 16. 40 ABSTRACT MATRIX IMPROVEMENTS TO
LOSSLESS ENCO.DW.%\'%%B%&%U%%Jg%'&fﬁ%&%@g@%@ﬂgﬁggﬁ{eaﬁ%ﬂeya%qg% y
transmitting a multichannel signal on a medium such as DVD-Audio. The encoder accepts additionally
a downmix speejfieationchisshiiisoehdifeoded stream into two substreams, such that a two-channel
decoder of meagre computational power can implement the downmix specification by decoding one
substream, while a multichannel decoder can decode the griginal multichannel signal losslessly using

both substreams. Fulthe fRSEHESBREGRINFS? BRQEHITRH IR Bh1 83645l ors, for
confirmation of lassless Rpregh eliomiahe 4serdrpadonbanignbelariouniodse rase of downmix

specifications that result in overload. The principle is also extended to mixed-rate signals, where for
example some imput channels are sampled at 48kHz and some are sampled at 96kHz. Fig 1





