. $%&' e3eG@ C| C(G66GIG , 4 s 24 April 2003 * m~ m* ° MILTI - PRECI SI ON
TEGHNF QUE FOR DI G TAL AUDI O ENCODER Fi el d of the Invention This invention
is applicable in the field of audio encoders, and in particular to those
audi o encoders which may be inplenmented on fixed point aritpgeApd 2003 t al
processors, such as for professional and commercial applications. —
Background of the Invention In order to nore efficiently breadcast or
record audi o signals, the anount of information 10 r red to represent
the audio signals nmay be reduced. In the case of di @@m ”Hfﬂw gnals. the
amount of digital information needed to accurat el y ori gi nal
pul se code nodul ati on (PCM sanples may be reduced by apwéysng a digital
conpr essi on al g%ti&mﬁmqbioﬂmmgmlr&@k DicepPuessedrNepmaent ati on of
the original signal. The goal of the digital conpression al gorlthm isto
produce a digital representation of an audio signal which, | when decoded
and reprodu}c_; , rghumj e sane as the original signal, V\/ni | e using a

m ni num of Mﬂati on for the conpressed or encoded

repr esent at Tios.inveenents applwable & tertiesdioli mdmaﬁhbamgrst auhincpalaugylahw/teodeeﬂdﬂoo hi gh
conpre55|on ra |os |Ie keepi udi.bl e degradation in_the conpresse

o gnal -t oS AR THOGTERTBTET B RSP O RRG REFY 3 PR B JEars o
applicati orﬁ})relsﬂ@r{au@tm@nﬁm}@mh@@n@uoﬁg | m soundtracks, HDTV, |aser discs and
mul ti medi a Description of one applicable nethod earl be found in the
Advanced TeI evision Systens Commttee (ATSC) Standard docunent entitled
"Digital Cgc,,ggﬁqggle,%qﬁ@ g@ -3) Standard") Document A/ 52, 20 Decenber,
1995, and t e disclosure at docunment is hereby expressly incorporated
herei n by rlef@deneenore3ftently mibasinamnpardcor wflicargraAC- Be amoueieat ipfprmanon
transl ati f inenents e d AC-3
St andar d onFa EhE PP E RO A PR E RS B KRR e

i nvol ves seﬁeraaiouph@tsmgwﬁlmtehh:;uontd&edee&sancturadzly cm‘rqmuefss‘:emwaiagmlset tvae bl ocks
of the AC 3 oder e to be desi since it is o t he fnctions,

ohi choars. BTTE SR S80S kTR BF PG f i DrReseacn AdoLBi et ed.
they are inkagnad edaidnhQllRBomieasd re%aré‘syr&hm ot the orgiZd sARAll | TROLA! oeh Wh ch
recei ves a PCM (pul se code nodul ate strea processes the sij gnal appl yi ng

si gnal procig Fflj“&f@élﬁﬁﬁlé%@néﬁ@wf%m% Féﬁé‘?iefﬁ@f"ﬁié%‘%f‘tciro‘ﬁ)au‘fﬂf’ Sgna feen.

transf or paty,a, derm%mgreﬁfe@hcaﬁ X&Dﬁ@f}m@@:ﬁﬁé & R8I sfonal ARG PERPUCASiAum
conpressed strewn: in the format of the AC-3 Standard. The coded AC 3

st ream shoulfdligiel sdpraistien &fr theetompresssiommnessice ceppersaipnst andard AC- 3 Decoder
and the PCM stream generated thereby should be conparable :n audio quality
to the original nmusic stream If the original stream and the deconpressed
stream are Rermdhrsudwagmssihaabﬁie doninguddﬂnbmgqlhmei tey t(( atc,hrceanacmsim eatlogweihle or
conpr essi or]% hase { the uaI ity is

oh 18 el ohaeat.] O FOVER Lo LG Lhird phase: ti, L
not transpa E%tn"( ﬁﬁéiﬁi‘%%g‘b%) TPiFr A etenA] ﬁorl %n‘]i”g Vet 6p n?r and
i Npr ovenentifesd2a ttorireriedyrot tapieichid s dinpliase st hﬁﬁegdrm tdilmﬁtr:&rcf;‘ I—H])TNJJ ateed in a
hi gh Level |. u usi n he wo specifications, of the
arger Dop-EBr 8 BUSIT et EIsPY GEPICBPUEIA POIFCT: (R &8 Abres
arithmetic fgéwni&en asyfsdefRt CHAMPRINTATHY) Beankisrd Caslinyn:l amtaea Digkal | ALAGT at ed
circuit area) Consequently, the encoder al Borlthms are translated to a

fixed point %fﬁﬁﬁwbmc'ﬂhémmﬂ Pesigrant 068 2 Peeaipsr | 9% 28 diceischyuetpe ALU
(arithmeti Ctha% SmdRiid e pe@cp}ek?oxt €8 S‘ﬂ%éig%%‘ﬂ%%l Riepdncd e target core. For
it or oF

exanpl e, encoder woul d use 24-bo precision
since it2¥s a 24-bit Core. Simlarly, for inplenentation on a Zoran

The mmplementation of an AC-3 encoder by translation of the requirements and processes
from the abovementioned AC-3 Standard onto the firmware of a Digital Signal Processor
(DSP) core involves several phases  Firstly, the essennal compression algarithm blocks ot
the AC-3 Encoder have to be designed, since 1t s only the tunctuions which are defined by the

30 standard  Ater individual blocks are completed, they are integrated into an gncoding system
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20 ZR5800 which has a 20-bit data path) 20-bit precision would be used. If,
fror “fexanpl e, 20-bit precision is discovered to provide an unacceptabl e

| evel of sound quality, the provision to use double precision always
exists. In this case each pied of data is stored and processggéﬁﬁnggg3
segnents, |ower and upper words, each ot 20-bit length. The accuracy of
i npl ementation is doubled but so is the conputational conplexity, and
doubl e precision multiplication could require 6 or nore cycles where a
single precision multiplication and aggition (~t~1AC) may use only a single
cycl e Bl ock exponent and ocher boostiny techni ques specific to the AC 3
encoder can be judiciously used to inprove the quality but these features
are not al ways rci

Single pr ecr“ghll%hnr“ &LS %éﬁ%} > CHg%H‘@?é*“S“? SR r?wsqgr %cgc[:l’elhls%% B’ e ?ﬂaj

qual ity Howev@sessildfy cbtrmx@ngce ap Eragsichit Oftectiof- ﬁecﬁa&@demsrquaimotny maSkie@nasd der ed
ve”r poor Consequently) the inplenentanon or AC-~ encoder.s on 16-bit DSP
cores has n(BtSVOS‘@éCr‘PUfJ‘c?pHPQ’F‘S @%BF@G‘&C@%@F@R&?Q&%%AH 8¢ 2t Phpketsnt ati on
of an AC-3 epngedar results tn unacceptable ~n reproduction 5 quality. such
a product would be at a distinct disadvantage tn the consuner market On the
ot her hand, double prectsio ; inplenmentation is too conmput ational I'y
expensi ve | i R t f Ul  pre

t npl enent at ?g%%&gﬁeg&rg%&% re g@%rbgﬁ%%fﬂqlbgég ?jgn%?}o?éﬁgdi Ws?ﬂrvagg%ndard k\c =
second). Thilscakraedse MhdtstrenosienerondrieebadhoDSBs ccramarrml@m ddjo @.radnrmrceeover :
extra vIIPSOare1 hm@cssqgeded for gsten1§oftmare aq% Segd ed features

10 Sunmar ~="'&f nVERT on i etV HaitEWith The 6?@3 SAYC T Vet i%6h, P
there is pr mdrsﬂﬂdrarﬁmmatthddrle@rquﬁlﬁdI(ﬁt@reﬁkb@ibtﬂaleva’ﬂlnbdlc&nﬁr&'éﬁow thd davetlcrmaﬂ‘ orm
encodi ng systenrrnplene on_a tlxed point digital signal process

havi ng muil% FMAYES 2 §‘1f8fP Split F | AL e AP S FHRPA R i S ng Heaplean Ffzn

encodi ng sy siz8MnkicddvRbMeRSn@ i iV alehistoffnu€onpur anon st ages i nvol vi ng
arithmetic operations in transformng the dtgtcal audio data into coded

audi o data, and wherein different ones of the conputation stages utilise

different p r??h%' dfricd ?%\él: el nﬁ'{m Ca???(&j%ﬁ?e%%'a h?%aer‘éve? 29, IQ? Goprc‘g%g{?l@ the

i nvention a SO prov {rafnsiorm enceder
di gi tal audM@nﬁmn@mqamhammmmmdpmeasémPanﬂtoNﬂﬂh&nmmmnmdesmgbamthemnpo|nt

digital stc rocessor tipl evel s tion precision,
and a uansr SRkt BRBCETRRE. BACR oPYik oBied eqdhindodh of SBY Qe Btp ELR
control | i ngatelap d]ogsetqaémlsl 48 ahcoperat@BigioNs, artviedseaked th Rdixed aomt @d’lﬂﬂuﬁﬂC’Dldﬂ ng
system i ncl ud | urali of co at i st ages, ~nvol vtn rith

oper ati ons Wﬁfﬂfr%‘grﬁﬁrﬁ%ﬁ/‘m@% yt% A&ﬁdr—%&@ loﬁ‘ﬁt”cf)‘”bﬁar?gl? gggseﬁ"‘d

data, and whedieionudidleer@nt RPeKadfle 0 AN c6QUPInAd MBSk 3660D BER w@@fdf or med
by the di~ttal signal processor using dtff~rent preselected | evels or

conput at i on&fe pH-EEPFBHON FIRFe rfrae%blr &Qre ' Mwady. ohémplAvERETININ EHOTHuUdi 0
transfor %eﬂ‘ﬁg%d@gﬂﬁé’t‘?ﬁ%'p?'()sb ' ﬁﬂ?@?%ﬁéﬁ%bﬁ}n]&oum be glegi tal signal (
Sl g e -bit -

processor which is capable o reeast on conput aoons anti
30 double (32-bit) conputations Accordingly, t he preferred 16-bi t

~npl ement angn e eam tleéh tbﬁrepr &l i5209£§¥e|9% gJu‘ieozGJSL[r aceeh a{gg Evé" qs r?nl“clibl €

preci sion to’ besf erence
quality, the provision to use double precision always exists. In this case each piece of data

is stored and processed as two segments, lower and upper words, each of 20-but length. The

25 accuracy of umplementaton ts doubled but so is the computational complexity, and double
precision multiplicauon could require 6 or more cycles where a single precision muluplicauon
and addinon (MAC) may use only a single cycle Block exponent and other boosting
techruiques specitic to the AC-3 encoder can be judiciously used to improve the quality, but
these teatures are not always tound on the commercial DSPs.
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Ther eby. conputational conplexity Is reduced without sacr itic~ng quality
~xces~tve!;~ The features of the preferred enbodi nent which aro di scussed
in general terns below are thus presented in the context of such an
inplenentation. 5 For transient detection, single precision 24 Aprib2003

cal cul ati ons can be used. The input strean1of PC~l audio data is assuned to
be 16 bits (else it is truncated to 16 bits for this Stage) and the high
pass filter coefficients are restricted to 16-bits as well. The filtered
16-bit data is t~,., seariented and anal.ysed to detect transients.
Sinmulation results wtli nusic streans Indicate ~ | O that the result o P
this inplenentation matches over 99 “,'o of the tine with the floating

poi nt versi OBmU@Dﬂ:@@mhhu%lt&@ﬁtié&é%'ﬂeﬁ&o@ﬂ'd phddi stiffRpar ldlignSHb kel 16er ned
as 16-16 (data:coe:ticient processi n;a The input 16-bit PCMIs transforned

to the frequelicy%oREFEIBY (f:Pr“é‘%OdébﬁF s 5°Wdﬁ636w€ﬂ— PRt h CaBsssrEn ettt h
coef fi ci ent s Ther et 0600 0.8 QMoBG;s bs Léﬁlc%%p(éé?és%@e@nfa‘ehﬁbﬁma} rsr&@easawkg | f
the input PCIvVlI Is 24-bit, then 32-16 processing for w ndow ng may be used
wher ei n the Pelsipn éi@rbelmmcmr@@rpedferskg‘zlmcgde(rm@ﬁpé:f ihineercpigA e xpestiedn and
IS nultlplle O ff r e rpation
usi ng Modi gdeé é‘épgtpgo s\?(ﬁ‘\e% rzgﬁls S@'PE‘%?S%Y%%TE I?% Qr?sg?n%glgﬁ\sp oR -blt
dat a and 16- bihtr icaef ddubicenicsionFapleganhngak cisl cﬂ)tﬂpom;xomdil.@ ekpypsit e dad ﬁslbﬁnn

32-bit and I's nulti I|e he coefficients nd cosine whi ch
Sl 6obit | BTG Rl fbelReRet AR BT e (e ed o e vBES TR he
next step of m@{r@&mswgccoﬁm S Ther Qs f a6 HeRC Yorhman sl QISmtdaﬁger/M@ %16
processi ng can be shown to give 21-25 bit accuracy with 80% 35 confi dence)
when conpar eBOWCYH- EHE Yoot Ayapigieated/ar Si6m SOERRR 0d-Biue-atdaddgierey
coet'ticiggt is assuned to be stored in tw 16-bit registers For phase and
coupling strategy cal cul ations the upper 16-bit of the data can be
utilised. On trireal ot ' or conbi ning the coupled channel to Cormthe
coupl i ng chapn i es it
data. The coir}rlp%%or?a?%é(n‘g%\ﬂ?g %}gte[ \%ﬂﬁoﬁ@eﬁg%ﬁ@éﬁe@ac&&g‘g% kpaqni E"‘150[01 Udgj
still high. &Lmaidea tririsfoera khaoding by stehreimphpsinrelitontd ﬁxe(dfnotdnew&ﬂ-dngrtal fatessdror

t he phase and cou strate cal cul ati on | eads oor result (onlr\rl1 80 0
o the t1 e PHO PP ap C RS aE o PRRSDR FORETHESRBSPFh G I e
version) . 1angicluliédS plurdindEicoRMReR Bhged 8o PLRCLRENAE dRENOE 6 anniermanphiey ed.

If the bl ock exponent net hod ;s used the coupling strategy is 9~'a of the ~
ttm exactly §‘éﬁ%éu%%d%é‘°t98‘éeﬁlaﬁ*@°% ARd ﬂh‘?re‘ﬁﬁlffmf?r}ﬁ'onﬁé&'%‘i ORI ER £iFREs

whet her to C@cﬂ%e@ﬁ%fré‘n'rE%e%“éc%d%eis%%orﬁﬂa@ﬂg gisdidioghannel ((R) , o r the
sum (L + R) and difference ( t he channel s, and can be nmade using

the upper 16-bit of the 32- b|t data The actual rematnx coding of
coef ficient ST}EU&IS%[ 1@)@!1[}%%8%0@1'3& a@alwédd%oﬁtging\%@d%o%eﬁ%rk Lﬁchglvﬁg%mong

cal cul anons. The remaining pfocessing o “encoding) ihcfuding
exponent ¢E6ding mtquarnmanrbnucandlamblcpmhmogadh@m paine dgehl ngd! poctssarehvpgi nt
arithnenc in_the dandtherefore wor d choi ces .are not

encount er ed mHmPlﬁéevelS(Q,acfoE@fl% B PLeCIsipR, Eiia élt—anﬁ%%??cﬁggﬁg%sfeq P %\RﬁTﬁaéI“The
i nvention isodesevardent dofr@ligatherdigial aighal heo@kal tvagreinbye Waystodm exarmge
only, with reference to the Sccorrpan i ng drawi ngs, wherejn:
system includes a plurality of comg utation stages mvolvmc arithmenc operations 1n
transforming the digital audio data into compressed audio data, and wherein ditferent ones
25 ot the computatuon stages are performed by the digital signal processor using difterent

preselected levels of computational precision.

In a preterred form ot the invenuon, the audto transtorm encoding sysem 1s implemented on
a 16-bit digital signal processor which s capable of singie (16-bit) precision computations and

30 double (32-bit) computations  Accordingly, the preterred 16-buit implementation uses



Figure 1 is a system bl ock diagram of an AC-3 conpliant audi o encoder , 20
Figure 2 is a conparison of 24-24 (data: coefficient) bit and 16-16 (data:
coefficient) bit wordlengths wah floating point calculations for transient
detection; Figure 3 is a t7ow diagramof a transient detecti2fApfiPEess.
wherein 16-32 (datacoefticient) bit precision is used for w ndowing _.
operations while 3?-16 (data-coefncient) is used for frequency
transformation; 25 Figure 4 shows conparative chaps of error probability of
fixed point (32-16 & 24-2~), with the fioaang-point calculation as
reference) for the frequency transfornation stage; Figure ~ is a block
diagramillustrating coupling ~oefticient generation and phase estination,

Figure 6 is a dla i|lus n ock, ex proces 30 Figyres 7,
8 and’ o ar coTrEHgeY se et Rena R PSRE M BEPERR Db Eie ro rsfene
terns 24 7ikliil:frd:dy M@tanﬁmd@ﬂr@ﬂc&ﬂﬂhsﬁe@ud&@hﬁtﬂodt&b&'Qu.ﬁr(gl’qufah@a:t(&d@gv@@l The
16-32 bit and 24 bic cal cul anons, respecuvely. De taiicd Descrlptlon ~t the

Preferred EffBOHSPEARSPIERTERETREIMGEN H Ctélé"'c“aﬂ@“é?f‘:ﬁé%e?“ieﬁ’f SRS BFloY e thus
preferred ephodi-aBAtie Qhwekf Lty 8Nl Mnenfdibgt |y 5 a system | evel descnpuon
of an AC-3 encoder is provided This serves to explain the overall p
rocesses and describe the significance of each processing block in the
overal | audj €. e . e
word1 engt ht PSR B8% A, SXE BB AL Tl e bR RURRER it ol P B Bkl
arithmetic ofSPAMeuio dsa di sgwsdedbe Thbss (else huidesndared t nanss enthidsiges aah.

dat & cat her A NABIGH E5coBHERTE f TUFAEr on RRyAStel S1F BRI oLl Ronce, o

appropri at esceRbed £0gGhkyfe€ Qy HE@TBARSers. OSimR&EHn BdsEekwal ewtibeneestiid@ted. 1n -
parti cul ar this description deals with the issue of the inplenentation of

the dual -|@h&EANES SA of BRTTRMMESHIIAN TEIaHeES OYSF 3R &< ghe HRe ¥1i8neBaiHBS PYIDCh
that the procgssidig.'Gd4%kys RUBRM; dhf R BEANBILE iéﬁmﬁlinﬂ 16he (@uakddvedo®)
conparable to |nplenentat|on on single precision 24-bit processor System
Overvi ew Likecassiee.AC-' ' single channel coding technology t'romwhich it is
derived, an AC-3 audio 20 coder is fi.indanentally an adapnve

i ranstanrt-based coder using a frequency-linear, cruically t sanpled filter
bank based ©m irhet Fé’r blm(P@M Br ek toymeéd mh@nmency,édiqmm hg neaamylhaa mqmio@TDAC)
techni qu ver sten1b ck di agr m(ﬁ

Figure I. it ﬂhgi/blb nﬁ‘Btc e&m‘tlem% at orgPe ‘%8 bT'Be f?s #o 4] “ﬁergflﬁ?f Broiem% oc ks
such as t hexfEm@ﬂm@ﬂwmsamn FahbEss P2acessagtioBvindddvingaadyi &msaﬂ.wﬂd?dn gpectral
Reshapi ng 1§ re not directly @art 25 of the AC-3 Stzrt ard g

desirabl e t dﬁ‘i"gﬁ“ﬁ%ﬁ%‘i Bty % PRFT (PUH FERGEEIGH Hid® rnuéﬂp FeBULTRG g
conput at i ongetiRuwngen. Ludic I nput Format AC-3 is a block structured coder,
so one or nore bl ocks of tinme donmain signal, typically Sl 2 30 sanpl es per
bl ock and channel, are collected in an input but'l'er bet~ore proceeding

wth qxﬁﬁﬁﬁm-' L [H%¥ ients
are det ect gﬁ%@n ('t%hé ul'l- d&ﬁ%&%gﬁ?ﬂ&ﬁﬁﬁﬁg C?%H%?cfg%%t 0 ggfrg%%vxggm
switch to ~ussigoi2tbil engtdd &ubi oodfficeks ForrealcESalctilMangleqummdz:amﬁ -moarsie
associ at ed V\Dh l 1;“16& & Z{Plalc(%é}rnments Rcme 4o 051 terrn wfhlclhtarree% 8l(t i:g?c%gtén;%hen

transient. ThHe i s are er ed
exar r uned br}tafhnrfgrélanﬁtl 1entn-dte<u ecildyit fodthp nfe:arste@mr |pnmes3age This fere o ftedueson one
subbl ock time segnent tﬁé next. Sub- bIﬁst are gﬁ ned at dlffgé%nt

time scabs. THEOIRALOLHY ROGEYRECEBPS FOVRLO SHE e AFUIgEY Wih

bl ock tnaa Ghannet, whdabonphaanalh ENbkGBesn fek@na short biock (' 2-6
sanples). Ir: presence or a transient the bit 'bl~sw for the channel in

the encoded bit streamin the particular audio block is set.
Each 32-but frequency coetticient 1s assumed to be stored in two 16-bit registers  For phase

and coupling strategy calcufanons the upper 16-bic ot the data can be utlised. Ornce the
strategy for combintng the coupled channel to torm the coupling channel 1s known, the

30 combining process uses the full 32-bit data. The computanion is reduced while the accuracy



The transient detector operates on 512 sanples for every audi o block. This
i's dorfe ~n two passes, with each pass processing 2~o0 sanpl es. Transient
detection is broken down into tour |15 steps: , 1. high pass filtering; 2
segnentation of the block into sub-multiples: 3. peak anplitgdeagigoegaon

Wi thin each sub-bl ock segnent; and 4 threshold conparison. 20 The transient
detector outputs the rZag bGEsw for each full-bandw dth channel, which when
set to 'one' indicates the presence of a transient mthe second halt of the
S 12 length input block for the corre;ggnding charnel The Four stages of
the transient detection are described in further detail below 25 1 ) High
pass filtering: The high-pass filter can be inplenented as a cascade bi quad
direct Corm, fikter wth -off.Of ) { on
The bl ock gk:%%{bgﬁig%kgggﬁh%?P?bggéeggﬁ%]gééégg%gé%ﬁﬁﬁgggkrﬁﬁgggﬂégﬁd

hi er ar c: h~ceduptingeerateiy clleNeilos [dads whgvol exsel: (dnly &% es eértignd the s:2EGy Inemndikedh

bl ock, | evel is.twu 24 April 2Q0 .segments of length 128. and | ove!
3 15 our SEREHE SoBY LETRDEET By PN BL BELT SROPE PO GELTE t ne
| ar gest maggtintd@erployed. demnhé bio@dedpafer akhogegtiNe ite ROplRWBE et el %0ft the

hi erarchical tree. The peaks for a single |level are found as follows: 5

P~i J~J = AaUmE EXqCHY jsaDpas He Hopmepoar(k-1)12 "j) ;-1. ..... (512 x kl2 "j)
-land k =1, ..... , 2"U-1); where .r(n) =the nth sanple tn the 2S6 | ength
block 10 ~ =1, 2, 3 cs the hierarchical |evel necnoer k = the segnent

nunt i er wuhriehagsing dedgoipeagings o hebeaparesdoncocTiiveerts asdeit €9 age nelfit chivael
threshold c or. _che 0 i.f.there. | Lani fi t.signal. level in
the ourrent (OF Sbp T P g B e o] Sighe B e P e B
P~1J~1J of tdper thsbir efhe Bl-dickard. 0T dtabl rememxtchbdins brododfticiehis pR{fa-d€ il Lisds shdbel ow
this thr gholdqthegja qug blogk i &grced. The silence threshold value is
| 00/ 32768° THE 7e¥t 131 4@ ©% R n%ﬁﬁ%‘ '8P%r checks the relative peak |evels
of adjacent segnents on each level of the hierarchical tree. If the peak
rati o of an¥ two adj acent seSnents on a particular |evel exceeds a

pr e- def i ned FEBIRBEPrIEFINS RATE Ay PrcodiRe ngudnea P e ns@ing o4apeaaEeR @ he
presence of yigfob A8 R gl dsMixk oxﬁ%{ﬁaéu@é%é £0gt o RhRCkd (HrdTBre U n
Al'iasing Cancellation (TDAC) Filter Bank The time donain 1 nput signal for
each channeksgth sheipgsiap¢ duantqunirasdowesde exeliations.ered with a TDAC- based

analysis tilter bank ( 1 1) to generate frequency domain coefficients. If
the 25 blksw bit is set) neaning tt~,at a transient was detected for the
bl ock) t henBtistdDeshmptontatasPomimgsof | ength 2~6 each are taken, which

i ncreases t e, tnevn&oorna!s egsrool tli gpeaof C1tebe[ lii gngj{e It bl ks v, S notllxset a
singl e | ong trahstorm of™ength 4D et JeR  ndr &5y %ré@?@fﬁ’& Ya "MiF'gh
spectral re@rerdck anthe-aBeompAy itheraouigouihére@guenc: y sequence ~k~ i s defined
as 24 April _2003 . : .
Figure 1 1s a system block diagram of an AC-3 compliant audto encoder,
20 Figure 2 1s a comparison of 24-24 (data:coetficient) bit and 16-16 (data:coefficient) bit
wordlengths with tloating point calculations for transient detection;
Figure 3 is a flow diagram of a transient detection process, wherein 16-32 (data-
coetficient) bit precision 1s used for windowing operauons while 32-16 (data-coefTicient) 1s

used for frequency transformation;

1~
wn

Figure 4 shows comparauve charts of error probability of tixed point (32-16 & 24-24),
witth the floating-point calculauon as reterence, tor the trequency transtormauon stage:;

Figure 5 is a block diagram tliustrating coupling coefficient generation and phase
estimacnon,

Figure 6 1s a diagram 1llustratung block exponent processing,

30 Figures 7, 8 and 9 are frequency response charts of AC-3 encoder implementation i werms



-9 n =) " x[nJ =cos(2:t * (2n+ | ) * (2k+ 1 )/-1V ~rt x (?k+! )i=l) k=0 .
(~yi? -1 ) n-.v-1 where .r[n] is the windowed i nput sequence for a channel
arid N!s the transtormlength Instead of evaluating ~ik in the formgiven
above It can be conputed tn a conputationally efficient nanngap¢§“Qg§gr|bed
in the speciticaaon or Internatlonal Patent Application ; fo.

PCT/ S8/ 00014 entitled "A Fast Frequenc~~ Transfornmation Techncque for
Transform Audi o Coders " The disclosure or that docunent is hereby
expressly Incorporated herein by retergence, and an explaraton~ extract Is
pr esent ed beIOM/Instead of eval uating in the forn1given above it could
be conputed as X = cos *(g~ ~cos(n(k+1/2)/1-g~.; sin(z(kr 1/2)/M -sinY

*

nfj%e: gl) n(nn&&( g’éad-ﬁg <N sc (o} tgroﬁo(atn(lé(pojrx‘lltsllé ’;'o)tmq‘(”-t algqlz!r:lo{\\iqés&%mf ﬁral

The synbol i represents the =a n=N- f | magi nary nunber ~ . The e:cpresston
~ (r[nJe~"""! ) egdfron1the n=0 well known FFT net hod.
by first usi * e'r ~N and then conputing n

=~V-1 the FiHsAofowing' d[;ﬂaﬁed*deécrmﬂﬁh bt e ﬁrei-'en)ed Coupdiinggs bt ihe hﬂl\@iﬂu@@nﬁlﬁtﬁﬁﬁ on
can be achieved in AC 3 by use of a te;;hntque known as couplin I|ng

t akes advénﬂé@@“&)fcv%{ﬁ’é%\%@/mt%é“ ArietRcaslgy s H@Y@F% has SW‘FSéEGEWéllnl Lg‘i/o‘feé%l hi gh
frequency s EHEa%sés Ahd mea*am@qﬁe 9 mpngy%mch( @B@rsgm mfcehx B0 Bra i) - the
ear ;s physically unable to deté ndi vi d cycles of an audi o wave~orm
and Insteadcwewpﬁnmsﬂ$®H1 24 Aprll 2003 - 10 t he envel ope of the waveform
Consequently, the encoder 10 may include a ;:oup(ing processor (I=i) which
conbi nes the high ~requercy ~oet~ticients oC the ~ndiwdua! ;:hannels to ™
t'orma conpmer mesmlzcinmgveimunehon ﬁhencnnitgﬂcmabcmﬁamamebSe:fchnprbjcaedwt odxer m t he
coupling ?hannel are call ﬁﬁpthe COFDI%@;Ch%Pnﬁb he nost bag Cc _encoder
can tonz ‘Ph& ESUBTER My EHEAREC b, '€ ‘tEf SR “dﬁfxéf}ea‘é‘é’sﬁf“‘ F'F“Phe

i ndi vi dual elgauney uefgbinBbeteSariAniane &P BbiieatBdaRneRAFTdatOkttral t er
the signs of the i ndividual channels before adding themlInto the sumto

avoi d phase'EapieCrERF YN SiMPatipRe 200 FEFEHCS qlEBEDIREE- c FEPERRTEIE orddeitoned

I nto a nunbgl, ehandsor &85 hisache &H&E&ul?ﬁ{ég fwgarﬁaﬁﬂ EHAUREd: ﬁbﬂoﬁ'&@é]é‘%'xm%e
coupl i ng co- ordlnate iIs transmtted to ~' ~e decoder. To obtain the high
frequency coeuet dicthe mptcmentnmmnq; thadd)-ciRorela\ Gdrepiasial of 236t pdcehamngl
fromthe,co n L Les th Shan
coeffici e%t }Sil‘B?nﬁ:r cgta%?gl B°é3n5g‘§g geqﬁggﬁ T gumE r(%lﬁ ?%émgtgggg&%é cﬁamt%ﬁat
channel foruiMamxmﬂunknuhamakm&muemdytﬁandmeor a dual 15 channel encoder a
phase correction information is also sent for each frequency band of the
coupling channel . Superior methods of coupling channel formation are

di scussed isyih@(Bﬁeﬁbﬁication ot~ International Patent Applications

PCT/ S&@7/ 00076, entitled ";Yl ethod and Apparatus for 20 Estinmatiqn of

Coupl i ng PakHitete A stnsl *P&‘ﬁ%‘f%f’%‘@ﬁﬁ‘é?"ﬁ B MR TFeRYSH: AR o dieng

PCT; S%h0QQkérs %ﬂﬁhﬁxbrﬂﬂy m'ﬁﬂp@@é’@ﬁst&%@baﬁ@%‘éﬁﬁ% Jﬂéquemslﬁleﬁﬁtdrﬂ@illvon in {
a Transform Coder for h Quality Aiutco" The disclosures of those

speci ti cauosrsnred fibier @w éasetbroesféq yrinase dhrpdeatl e Eerremn‘\bgsxrr:efi'aewéﬁw. . 4n
expl anat ory @yt ERGLnhigh@M A Sel it /8Em RREI fdeF A1 bR hE-PEERLNBEY koW t' OF

reterence.

Figure 1. It may be noted that, of the blocks shown in Figure 1, blocks such as the Frame
Opumisanon Tables 22, Fast Bit Allocation 21 and Spectral Reshaping 18 are not directly part
25 of the AC-3 Standard but are destrable tor high quality audio reproduction and tor reducing

the computational burden.

Audio Input Format
AC-3 1s a block structured coder, so one or more blocks of ume domain signal, typically 572

30 samples per block and channel, are collected in an input butfer before proceeding with



25 ".Assune that the,irequency domain coefficients are identified as: a, ,
for the first coupled citannel , b, , for the second coupled channel , c, ,
for the coicplin,; channel , 30 For each sub-band, the valeee ! ;a,*b, is
conputed, irid~~r i e.rtertding over the fregiecncy 24 Apbylaf9gpsange
of the sub-band. If ~a; *b, > D, coupltn,~ for teas sub-baled cs per'orned
as c¢,=(a,+b~i3. Simlarl,r, ~f ~;a,*b, < 0, then coupling strateg>> for
tire sub-band cs perforned as c¢,=(a,- b,)l2. ~ ~3d~acera sub-bands usi ng
tdenncal coupling strategy yes may be 7~ rouged together to formone or nore
coupling hands. Ho:vever) sub-bands Wl h different coccphng strare~ | eS
must not be banded together. Ir overall coupling strate,~ j"or a band rs

C, =(a, +b; )/ ddifien®prde@%ingl | sub-bands conp nsrng the hand the phase flag
for the hand is set to + 1 , else ~t is set to -1. " 10 Rematrixing ,fin
addi uonal process. remanxing (l~), is rnvoked mthe specral case that the
encoder cs I 3 channels only. The sum and difference of the two
synal s fron?&%%%ﬁgﬁgﬁﬁ%woare cal cul ated on a band by band basis. and tf, in
a gi ven bandyarsizets laevadecatd s die ifitlisbidmeé tvwigtechafinets nhedader dewede ¢hat wxed}ih &1 gnal
pair is greater than t orrespondi ng Level of the ariginal signal,. the
ac i part T etell R Heef Ot AR P i & bt e™ AR R i cam
t o indi cat eatshnd ieapstal de@oy afol: theSpmse The wbichdibhezndBcwe aichpass Mirsie a
conpl ementary, urimtrixtng operation to restore the original signals, The
emat nx bi t 1% B4 g RS Y RAMEUIO e R R ST &t ECTERAn ERERY (B! PG e
benefit of bRycR rRCHRBINEMEL TR feRAL Shf-biBMQI AS e fbrf REUNQANBYe MRS KIshsl f1rthe
decoded srgnal s are subsequently processed by a manx surro~:nd processor,
such a Dol byrames) s griectednpitie geanddalt of amaud@ Fockriapehpnnghghitshpmet puivbes
~ndependeat u ; e Leur. 2~ 1.t h
poundary Tochhane: oL ol TR RE MR PuB R, HAMD T aRERe

| ocat i ons athe dpgoded ditisirexeimtthdpaniculaniyetiq blacidistsere cor r espond~np r enat nxr ng
band frequency boundaries change with sanpling t'requency. Conversion to

Fl oating Paint 30 The transformed val ues) which nmay have undergone rematrix
and coupl i nFhprracEss detedt@ operdds AP5id sar2PRS for eb@rvandivedidokd Tios & ddpeai fuoC

tl oanng point represeptation at the e::pgnent extractiqn block (. 16).

esul ting | ASSEpRHAFEN BT BGESHIE 35P HERF oAt SIGHOR FeipASLyn i gir

tl oanng pai gkparrangenent is maintained through out the remainder of the
codi ng process, until dust poor to the decoder's inverse transform and
provi des 1=~aldB d{gartse &g, as well as allows ~ AC-3 co be inpl enent ed
on ether fixed or tiRauiehReARarndYaLe ugﬁggd audi o information consists
essentially of separate representation o? t he 'exponent and nanussa arrays.
The remai ni ng3codi Prgk pmobrdsdeteoverseshin pathwsitbtbiab jegonnr @ddici ng t he exponent
and manussa data r xponents are coded using one of the exponent
codi ng strategies @%%ﬁﬂégﬁﬁggg%is truncated to a tired nunber of binary

pl aces. The nunber of bits to be used for coding each mantissa is to be

obtai ned fr a bit allocatio i thm whi, i s _based on the masking
property of?H%%mﬁﬁWﬁ%mﬁﬂHWFﬁF@ma%g?éﬁﬁmig$E?gEH§ﬁW“@%@FWQQS?W§Qé' TEponent
val ues in AG 3naliical:l OWeEsdnte saN@RsEAQAR stédnd Ralf otEH@%']@X&%ﬂﬂﬂ%thﬂﬁc& as a
scale factor for each mannssa, equal to 2x'~ Exponents for coefficients

whi ch have M5r'8¢ EHEPYINecatittly Tisrigyr 3ess pi e draapent getecugqprg gescribed in
correspondi pGgeRNdSsasy are allowed to have | eading 20 zeros. AC-3 bit
stream cont ai ns exponents for independent, coupled and the coupling
channel s 23Exponent information may be shared across blocks within. a franme)
so bl ocks | : T : e )i r i . AC- 3
xponent 1 Sneet ot on G ooE e FRRPIERTE LR B A TR Ve
exponent s f mrmdl Ramrelvidrneudett b8 eHnal | y coded across frequency. The first
exponent is always sent as an absol ute val ue The val ue indicates the nunber
of leading zeros of the first transformc:oefticient. Successive exponents
are sent as2dBtduerSegréraduoval hiesodd redys musitpabetiiacddedniot:stlie sepbhepiell Ofo a

exponent,vaLue to ?Drn1the next actual exponent val ue.
30 hrerarchrcal tree of levels in which level | represents the 256 length block. level 215 two



24 April 2003 -13 The differential encoded Cxponents tie next conbined Into
groups Tf~e grouping a done by one or the three nechods~ DI~, D .: and D-~
These together with 'reuse' are rof~rred to as exponent sir ategies. The
nunber of exponents in each group depends only on the exponegaﬁgﬁﬂgbggy. In
the DI ~ node, each group is fornmed fromthr~ exponents In D4~ Tour 5_
Cxponents are represented by one differential value Next, three consecunve
such representative dirferenual values are grouped together to corm one
group. Each group al ways conpnses or 7ghits In case the strategy is 'reuse
for a channel in a block, then no erpone,”,ts are sent for that channel and
t he decoder reuses the exponents Last sent for this channel. 10

Pre- processisagnls #1GRANER! tndPREL 39 :sdbdtknGat d8adst 0 better audio
qual y. ~ One such proc€ssing technique is described in the specification of

I nternational Patent Applicatten 1 CT/SG8i 0002 entitled "rLl ethod and
Appar at : cs for,.Speg. IR ke .a . Trar., - m,.Cad for Iligh
Qi ;- pudr oG TR v P PRER R e B0 B R o
reference. Z2verChotlog drathealisieit bk @esisriat egysld Brelexptmedhs codivag f orns an
inportant:@spect of r~C-3, and in the encoder 10 shown tn Figure 1 is
performed by tl:e process blocks 17, 18 D ~ provides the highest accurae:y
but is |ow inpgp&essdgm) On the other hand transmtting only one exponent
sec for a channel in the frame (in the first audio block oC the frane) and
20 attenpting/¥d =r@ls&*-Pfe/) safre - expbnetes) for the next five audio bl ock
can | ead to hi;ghyexponent;-goipr ession but al so sonetines very audible

di stortion Several nethods exist for determ nation of exponent strategy, e
and one such mé¢ldod i s desenbeet/isamplien gisedardngdtblon of | nternati onal e
Pat ent lication no. PCT/ S 7 i) "A Neural ,Vervor-~:
Based r?ﬁ?%thod for ,EHpBgéfﬁ?%é%%?gggﬁﬁgbfégﬁggég?n1deer for Hgh Quality
Audi o " Bct fll 1l ocutconk &ahe sdghamsgdsr Whign lave! jal | ocanon al gorit hm (bl ock
21) anal yses the spectral envel ope of the audio signal 30 being coded, with
respect to masking effects. to determ nC the nunber or bits to assibn to

24 April 2008 Thibsteactonipaassl araYieRefabd 61 @O thrdkBSIH icSParaton chdRs @NeOTeFere t he
bit allocation is reconmmended to be pcrtorned globally on the ensenbl e of
channel s as 'Sa¥8NEHERLTEN3} {epen 1B tREHTSAT BIPES: pbidF is ¢PRR DhFemearIngdhat P ErlRsat i ne

contains 3 PAANEL NGRSk d BRYE RO AERMIUEEsHBRA! YB PF AT Ak InOhrendide
human hearing for estimting a noise Level threshold) expressed as a

tuncnon of feegleandlpck istivresd. SBjsasilence iresholdiyrlae iy HifY 13768 diThe sexs sast olahe
compenent s. . all-Qus ct&%k{"EFFet %Ea%w@fpeEJF?eJéEa f~M‘ace£EDQ§{;_1e8§%nb&cﬁdﬂeM§ ted,py the
encoder dependi ng upon the signal” cltaracterrsncs. “For exanple. a prototype
masl : . i ng chesaghics tkonhiebe park rawo s amyr twovedjagene gwiess 00 arfarttuEn $evkl axeeeds

segnents, e Lth it | ape., and yintercept. 10 ' Word-Len~h

Requi renent & gt et p R R AR h s B P e et SLA Ry b es

t he procedurese seteno0$6 ngdrlblock. 5~ (i. e. 32 bit representation, with ¢
24-bit mantissa. 7-bit exponent & t sign bit) which is adequate for high "
quality ~C 3 encodi ng Wrk-stations |ike Sun SP~RCstatton ?0 (TiVt) can
provi de nuchrige SohhiaNQlasif ¥ensdiRRok @TDACHPIB} Baf €CiSiON is 8 bytes).
However floating point units require greater integrated circuit area and
consequent | Y8t dpBEnpRRyE Si§8H T ¢ash chtngeld ipadiMiduaiit ningawed Fielilgmd3vith
encoder, in N : I e : roduct e.qg.
VDR | -bi (Biigy Al eraat ) e e Raapre ey Bpra e ot chi o
area) ~s Zanbiswpir s st meanmgtion a v EBe vaTdeag BT gfe tdrk. dustwy ehsusanglahs t y
issue in th e} qap%n el > rd. : tone !

ensur ed tha?r% glﬁﬁgbrl h%%JEgﬁmﬁghﬁﬁ%$§@gﬁ?§ﬁ”%ﬁgp¥Qé38€§%%Fg%riégggérs,
however an tsmposet.angingls sang trasstotratot Wop d-/éngtaked. shareguiroedingfa Highespeceral
fixed-pointégnocessor for processing high quality audio signals. 25 The

, ~C- 3 encodETHE¥" been i npl emented on 24-bo processors such as the
ivtotorola Q000 and has net with nuch commorc~al success However, althoueh
the perfornmance of ar, AGC 3 encoder ~np;enented o a | 6-bit processor vs
uni ver sal’Py Thsuirte dregeensle sesiencgwk g sk 8%ed 380 adequat e study has been
conducted to benchmar!: the qualoy or conpare it with the floating 30 point
ver si on. 24 April 2003




-15 As di scussed above, using double precision (3~'-bit) to inplenent tl;e
Cncodér on a | 6-bit processor can lead to high quality (even nore than. a
24-bit processor inplenentation) However, double precision anthnetic is
very conput anonal |y expensive (e.~ on D90 single precision nyhy%ﬁﬁggggion
takes 1 cycle whereas double precision requires 6 cycles). 5 Accordingly,
rat her than perform ng single or double precision throughout t~ie whole
encodi ng process, an analysis can be perforned to determ ne adequate
precision requirenments t'or each stage of conputation. In the description
that follows, for sinplicity of expression (ar:d to avoid repetition), the
|0 follow ing convention has been adopted. i totation .>. -y (set ~l:set B)
t nplies thac for tﬂe process, data elenments wirhin Ser A are |imted or
truncated to ..r_bigks | ile the Set B elenents arg, y,hits long. Far exanple,
16- 32 (data: vi}*naq;@'t‘_, ipli e¥'Chat™” @r M g@g\‘/\\ln ﬁtg,&ég‘t)é#)was t"r%né‘g’t‘e&) to 16
bits and the wi ndow coeftictent to 32 bits. Wen appeari ng w thout any

par ent hesi sed expl anation, e.g. :~-y explanation of the inplied neaning is
generally | & Vi A nat. | | $adieP¥ . TalQly) i1l be
cl ear fron1?ﬁ%pggxkgggr”gﬁgggﬁgﬁg%ggﬁ%iggﬁ Z%gfgﬁgﬁgﬂ;ﬁggmgggg%'%¥%gedence
over repetition of the sane idea. Based on extensive simulations and study
of the stat sti ' «£ he [ e m. hed th

di fferent éb%%%§§%gﬁ?ﬁéﬁ§ﬁé@hég%gghb%%’?ﬁ??gﬁﬁgb?%%ﬁ@ﬂ%ﬁﬁb%EQﬁ@ﬁ“ﬁﬁberent
20 conbi natdfficisniahammenmputietiionlah gy getisicanmh gUefrratonal Paed32Ap@R2addn, Nd.6- 16
and 32-32 I le trade-of f. L.n ternms of i~tIPS a ual ity are therefore
e aub) st N L e B bR ety e QB e Al St VB0 o
whi ch may be,Reopt 8 fdkiovat | FURaPdREASS | D heSbRAURSreddy dnchBBkdd Br8n by

di scussed bel ow. ?S Transient Detection (n a sinulation. the high-pass
tiltenng arf@ef3es Sif 3B GURIARAIYHE §IHEHE ISPRREYEE 8810%r transi ent detwti on was
performed with 16 and 24-bit word-1|engths (both single precision) The input
PCM st r eam [ngess ehBdaitrg en kfe-tbint gandadote ifdoliiese copplicli 6t ents are
t:uncated to 16 bits also The output of the filter is a 16-bit nunber which
is analysed for transi emts ddsyug, cbithe-pryopss salcicsi/emyrely 16-16

(data. coetticient) 24 Apng%Yag Sincrn(k B/ Pe St @Li/omvyesul ts are
conpared with the tloanng pohpt€V“ nsinn [ggg%;5ng fromproces5ng with a
Sun SparcStatcon '0 (Ti V() Sctor St Y i ati 8% >t i ve nusic sanples were
used. n~nelv~ a) Drans, bi Harp, c) Piano, d) Saxophone and e) 4~'ocal.

Al t hough not e:chaustive. it is believed that these are sufficient to
provi de a good exanpl e of conpk audioNstrgﬁﬂs. ~ Fyure ? of the
acconpany? ighed? awiags Si.s *aggraph dlieEnsieént det eCRoBYMER!threaressndson of
16-16 (data:coetticient) and ?4°%4 (data:coefticient) wordlen~t~is with the
tl oaun~ point results. As is evident fromthe chart, the 16-16 result

mat ches over 99F0 of the time with the fleating point. 10 Fr omFigure ? it
i s evident intginay nfroternof-d t hdhe 89reas@ases, (t{he/ 1B+’ T"Hut ghitinddtframhe
Transient Detection 13 (in terns of the btksw ~nfornmat-~on) ~s sane as ~n~
floating point version This inplies that for this stage of processing
deubi e precision conputation adds little benefit. and 16-bit single

preci si on i%llageyuire nsitiedl bit fisrusing sianstermign vkl 24n] Haf'a: we denicempyitng) ar e
al so shown int the Figwwg 15 Forward Transform > |, |~rtdowi ng The audio
bloc!; is mu FFpliedbyya miadowdunction to reduce transform boundary
effects and to inprove 4#requency selecnvity in the filter bank 11. The

val ues of the w ndow function are ?0 included in ATSC specification
Docunment referred to above. I|f the input audio is considered to be 16-bit
then for the ow ng operation the data wordlength of nore than 16 is
unnecessar Wigkanmpngkenent aki ahieort @ AG6-Dby upr ocessbnigudr&novwindoveupling.
coefficienQ; can Qﬁ 16 or BZ_Eiﬁf | n Eegeral, 16-bit coet'ticjiencs are

i nadequat e aMd' & FE AOCSHEBRISY FRArTSIUBM X e IBRES SFUTARY PhABRi ng
ceefti ci enttgsquMiyeay@ns tAi sight@piof Qéﬁlﬁn@yhﬁapbﬂﬁﬁﬂ'ﬂﬁy f@bvd URHREIhSEar s
processing and limting accuracy at this stage ~s not reasonabl e However,
it the | npvEYlganpals W@dsteysjipd ifieh coes1g 30 data VYR @neHEF biervedsiong can
be performed Tcrne to r=requencv Trarisformatton Based on the bl ock switch
flags. each audio block ~s transtorrned into the frequency domain 30 by per
formng one long ~ I Z-point transform or two short ?~6-point transforns
Each 24 April 2003



-17 wi ndowed data is 3''-bit long. For the frequency transfornation stay,
coeticient (cosine and sine terns) length is restncted to 16-bit. Thus
using previous termnology this is ~?-16 (data: cot~cient) comnputation.
The advantage of 32-16 precision is that the conputation burggyrﬁ Bes as
much as the 32-32 (pure doubl e-prectsioN version. On the D95 g

mul npl i canon takes 3 cycles while 3?-3'? requires 6 cycles. ZO Figure 3
illustrates a transient detection procedure which is ennrely 16-bit. 16-3""'
(datalO coefficient) bit precision is &@ed for the wi ndowi ng operation
while 3~-16 (data-coeriicient) is used'Por the frequency transformation.
From Figure 3, note that the w ndow ng coet|-|C| ents are 32- b|t whil e the
i nput data (CD Iltgé is 16-bit. The ~2- b| [\(%}JWH%S mul t i |edb the
16-bit data '8 VBTt SO e Rt gk soushin
convened to pfrb@e@sof (1&9%&%0&@%& me WhTeqhidiey bodiRGddd &dhﬂn@ﬁxﬁcﬁhﬁa@ﬁﬁél?%
Transt~orm |, NIDCT) 1 S The 32-16 precision is conpared with the floating
poi nt ver si dﬁrrarvdcorneorzna@hngmarvér sihgrerigmamdisneelsiconpeled g AU heHOupZn of

the error a stapdagd. \{Jdacth sl S tabul ated. Drums ~Harp |Piano

| Saxophone In:%oca Zét(iacaa or I'a -'.i 20.1499 10. 03 112?0. 04' | 1060.

02 1104 ~02 03 ° 9=1. 324-340. 11270 | 31280.12 ~ 1290 1 1 1?70. 1.0 11?4 * all
data has beep pre-scaled (miltipl by 10-", Fre

Tr ansf or mat ?If)hr? Ehge LE Cn‘l\?fgér Cafltmn% e lﬁ%d%‘f V m"m% kge ﬂ?%’%ér & M5y

bet vveert t Ixnaltvtdumgcmﬂmmtoeﬁﬁdemhef\fmmed;e;pm):imirec( cnchelE&o&dZHer @d)igns ot the

t rnpl enent at eens. It can be obs rved that t error, i.s about

D, 0600005, - HGY B PR S b s TFS (SR A0 RSSOV sy place
f-towever, since the standard deviat!on (a) !s nmuch (artier than the; mean *.°
(~~. it reflects nore truly the behaviour of the different inplenentations.

G ven t hel&éihe geprmpouphnggbmne! 13 geenedBOeyWaPFGHPNdst Fog exhrsepn By ent
to condense .apd . SimpRIC 'h§rﬁ'1 DIt Ao Pl ld Plholrbuck Qo RoMRetRler ! o SRl flgpends
on adj ust able par anefers |n thi s cse e er ror depends on the a justable
wor d- | engt h)mohﬂhmn@tcm cogdtigignty ann@mrdumrta\wntcolaacmﬂo&tsehme proob@abcbupling

dlstrlbutlon of ne ts. of, error

probabi | t ry { ?ﬂcf)ge(funeugé ' récr%g?or ﬁaﬁl 0%11 St g\é\%m or méngf%qugch bzmdfyo 1
fixed point cmmmpmaglconﬂdmmmtnm chimeit ﬁongmppmtulwreﬂramernya&ndeﬂérrendml The

robabilit istribution is based aon. 5|rrulat|on results with s ace
P 20, 00b Rt tater X path Ao or A BB A L Bt B Ak YT S BT e

21 to 26 bitcogmerricasineeXi sts for the 32-16 10 inpl enentanon. For the 24-7?4,
the same is true for the range 18 to ~ | bits. Assum ng Gaussi an

distribution t'or the error-tiinction (which is reasonably, |ooking at the
probability ﬂbér'iﬂ?%@ﬂo&snoli k&, dihY WhEnrRD ey hoor EreC&E!m?ﬁd Sk attx@qs)éc}}?ctau&?rof

3Z-16, 99 7,0 of the tine thHe error is |less than. | ow

value is hi ghuegpammﬂl (Rarroe dobljcatipres E@Hﬁ@t/ﬂ@&'/’éf ﬁ@me@héledwdmszds*wpr@wfw t he
audio in r 24- 0 t :
0.003 i mbt o E%I rﬁzéb%j)u ng}’a?a?ne?q[rpgg}r?"?fé ngog(tﬂ\)@oﬁ%{}ga%r% ? *[@e/{g&?ea of the* -
error-t unc nWT’SGSWé@@H exutiPd-2¥eridad @i @pmhue@r Bhawiwmgtath e Ybemsfmmﬁm as

conpared to 32 6. This figure.of on tho not accurate at
(onot servedoet el Gl Snedlin: TBot oHies i SheRest oS HaverPLadaiisnry

hi gh accur acycorgdtacd tipteingy Ritoeers AMexsanput atttonabm g 4t efeatisakia ist he
coupling process uite appreciable, which rnakes sel ection or

appropri atepfﬁse‘t"?ds?%?\ VIO ETE i cul t. The input to the coupling process ~s
the channgl coePticients each of 32-bit lengrh. The coupling progresses in
several stages. For each such stage appropriate word | ength nust be
det er m ned. 25”‘(’16u’?ﬂ’|f¢1ﬁg”(§f“€f&ﬁr¢€{na@eioﬂﬁﬂaftfi o1¢ | SyFAtdetfy As di scussed

her emabovu, tbe y,pgﬁ,qgmq‘ggg@ﬁgmglener ation strategy ~s linked to the
product a, *b~ ere a, an are the two coupl ed channel coettic~ents
~.vohir, the tbarﬂbrffn: guaestdogwedchantbiough 32-32 (doubl e precision)

corrput ation for }r:hadOt roﬂuctlwoul d lead to nore 30 accurate results, is
i s al so conput‘ati’oR4l WP BEHEH ve ;fin i nportant issue, however, is that

30 For each sub-band, the value §,a,*b, 1s computed, index ¢ extending over the frequency



24 April 2003 - 19_ the output of this stage only intluene;es how the
coupli'ng channel is eonerated, not the accuracy o; the coefficients

t hensel ves. (t the error from 16-bit conputation is not appreciably |arge,
conput ati onal burden can he de;:reased. ~ Figure ~ is a bl ock4@}Nprppeos or
tile coupling process ~0. In the process shown in this Figure. 16-bit__
(upper halt) single precision only is utised for the coupling coefficient
generation strategy and phase estinmation. The actual coupling is then
performed on the ;till 3" '-bit data. q%ﬁpling co-ordi nates nmay be generated
al so using single precision. 10 ~s shown in ..he Figure. for phase
estimation and coupling coefficient generation strategy (31), the upper

16-bits of the full 32-bit, data, the frequency transformption stage nmay
bo used The Z6LA1e Sttty Tooer Prdt EpTabhEPUTE el BOPARIR ) 51 15) e
perforned uskag 3832 Gaulamy, )i Db ek Men cdupliny Biafde) fur teppipaaeh 0of 16-16
(a,:b;) is used for the coupling co-ordinate generation (34, 3~). However,
the final diM?%T@ﬁiFH%ﬁWVeﬂB?n the co-ordi nate generation nust preferably
be done with highest prcision possible. For this it is recommended that the
floating point operation be enulated, that is the exponents (equivalent to
nunber of § eddleqey HErbgrdauiehadired goypliag Fraaeasgnay @e Srawp e sseteeivoveat  of
| eadi ng zero0s),. i VSl an; t 3 f i - .
possi Do motREd" A2 s EAblaL B Reb bR P Bet Lol TR P LB ED e SOOI acy
Si nce coupl ingbe dbardledicngrties Hwysal) cauplnk tovdge fooarbved tsed={o+b)Gat. enfgr poi nt
f or mat (equant and mantissa) for finalf&ranspigsion thi§ quroach has

g Jorine , el

dual benefi t° %gr?&n omprisEe L b'gzgd gzgﬁéase and s ser to + s ser o
~?516-1 63=t --2,~16- 162=I - 3. ~I b-162~-?. ~16- 16" : ~-?~| Drunms8=~.1 199. 77599. 8
190100 19 ~ 100 Harp 7S.2 99.? 72.7 1 99.4 78.1 | 99.ii 7~.11

99.i Pi ano88. 299. 98=-99. ~8699.276 198. 7Sa.roplionc73.6 ~99.9.So f99. 8l
7b.299. 78! . =k frifing 24 April 2003 Band OBand | Band ?Band 3yocal 98.6 197.8
~97 3100 198.6 | 99. a96.> > 100 Table ?. Couphn~ Strategy ~ coupling
stratey for aetdipagad precgss: ramranong (10% tis wieked e the spycial gagppaidhe neadas is
convared (I 10) W iyl : I i il 2Y- 7=l
gi ves ~ sup f@%%ﬁgggggg?mﬁ?gﬂ%%?@%% g?g§9%%§P§@H$a@%E¥§?§Q@§E§¥ﬂ#{ ugyrates
conpar at i ve aresaituimgeddn ¢ derpl hyngpng basat el :siniagvsahast, figrlevdhdisBarty Semgkmt | on
audi o data, wusing the floating po=~r.t calculations as.a refer.ence. . The r
eoal s rof 7% et Prbp R G bsil B Ry PR PRe R PLERo PG the | ow
per tor manceigntl, ¢amautepsiovhpschOnstedit Masuilslaye frbedabiphd hig seaaChiiadient S ar e
| ow val ue Thﬁs, even though the cqﬁgli g ﬁoefticient nﬁg be represented by
32-bits the ‘RISREFIH- i £FBFE HBH EP‘Fg QFFOSTIOEN 2 SUFOSTeH A E48% npl e
truncati on Qfpefahiéh dpR&Sre 46 oBbhE sRHYEUTR: REAMIXIHES dleldrind Makd @ldbOBhhelf he

bl ock exponent strategy, discussed bel ow, can be used to i nprove the
results. 15 &% BAreh®R i%-a diagramillustrating bl ock exponent processing,
show ng ay@r e-processi ng stage

The benefit of this techmque s that it avoids directional unmasking if the decoded signals are

subsequendy processed by a matmx surround processer. such a Doiby Prologic (TM) decoder.

In AC-3, rematruxung is pertormed independently 1n separate frequency bands There are tour
25 bands with boundary locanons dependent on the coupling informatuen  The boundary
locations are by coefficient bin number, and the corresponding remamxing band frequency

boundanes change with sampling frequency.

Conversion to Floating Point

30 The transtormed values, whiech may have undergone rematnix and coupling process, are



whi ch can be inplenented before tncncauon of the 32-bit to 16-bit for the
phase ‘estt manon) coupling coefficient generation strategy and cal cul ation
of the coupling co-ordinates. In this procedure, the coeriicients within
the band (or sub-band depending on the level of processing) angI2bgged to
rind the m ni mum nunber of |eading zeros (tn actual tnplenmentauon the_' 'D
maxi mum absol ute rather than | eading zeros are used for scaling) The entire
uoetfic~ent set within the band ~s then shifted (equivalent to

mul upl i canon) to the lent and then thq,renaining upper 16 bits are utilised
for the processing. Note chat for the ‘fhase estimation and coupling
strategy the nmultip(icauon factor has no at'tect as long as both the left
arid rt~ht chqﬁ%§h§ %ﬁtQin,rthe band have been gpipte% qu%%“e quq?qr of
bits. For ti8 COUPIS AGPEd oI RPN GRS BIRT fhES & PESI R ¥R L2051 118y and
t he coupl ed redpanigelrs sphaw drriaver biverys aggneith tthpl handikiaon Tact Nsasg dduat
they cancel out Alternately, it tloaung point epulatjon is used as

r ecomrended HBRATEETY i U A LG U S B U BMEHNdE h A FA MR OBES g MG A45¢ PéTent
scal e The dif {RrREER s v ol @ndiSmT QAR SRS d 4B REnSxBRRRAL avakiues Afowishe
final 24 April 2003 - z1 coupling co-ordinate Consider, for exanple, a

t hat band ha<¥--8f He unplgspageed og@itherdged g Jeaung(OVHAPEEE- 0000 0000 1100 CO00
CCO00 1001) b[96] =(0000 0000 0000 0000 00 0000 DOUG 0Ol 00) c[96] =(0000
0000 0000 COO0 O 10 0000 0000 0110) a[97] =(0000 OCOO 0000 000G I 100 0000
0Q00 0000) Hjoget] aud{c0OOEMABE:00HN e BOCALIYO00%rBACPeR01al000) the [c8Fdn=(:0AO0

0000 0000 000Q 0110 1000 0000 0l 0P) | G af 98] =(.0000, 0000, 0000, OCO0 0000

0000 0000 1000 BFER (060 6860" BB Bout Tua0" G008 DOU- TR00) - P ToE]
(G000 0000 QADRMNRENIAHAE:. 0GD0 0000 1 O 10) a[ 99] =(0000 0000 0000 0000 1100 -
0000 0000 1C00) i 5 b[99J =(0000 0000 0000 0001 0000 0000 0000 | 100)

c[ 99] =(00¢0 0000 0000 0000 1110 0000 0000 |010) *Note: for this exanple c;
=(a, +b, ) 1 2 3. Copslederddtha@hying B8 BPPRMexpBaddt Efidd sttt oBesC a8 nWhidus&l 8271y

|l ead to a poor result. For exanple coupling co-or&inate ~, =(Sail~b=) wll

be zero, th&redsipdid pitxee numesr ohbinany' plaseu e ey nuroliep ohliert tg bajusdd fer eeendoeasl f or

channel a V"%Hu&sﬂgs Ot'rép%;'tﬂr%dcrpﬂ fal ) n)tcazju?( b ARl iach R¥batddeo AURLIRY

co-ordinate at t ecoder to reproduce tl:e°coe;ficients t'or channef a.
However, by progemy ehtie hhmal addomygysemos, the new coefficients for channel a
will be. a[ 96] =(00 1130 0000 0000 10) a[9 7 ] =(00 1 I 00 0000 000Q 00)
a(98 J =(00 0000 0000 00Q0 10) a[99] =(00 ! 100 00CO 0000 10) ~O on which
nor e meani ngxpeasuCediefSsaepn be perfornmed The scaling factor will have to
be 24 April 2003 -22 c ensated ~n the expqgnent value t'or the coupling
co- or di nat eth”FW Hugs 'gg%o‘”éﬁ Atlqwed fﬁéi“’tgﬁtf"ﬂ‘??ﬁé‘é'zéf RESROTER RIS HE t h

16-16 bit prReesweid fAREOWS & 29t | £ddn¥n@Sor dobiislen@tAfbnave hrd @snbys

shown cn Table ~, as conpared to the tigures tn Table ?. Band O Band | Band
3 Band 3 leading zeros are fixed at -24 and the corresponding manussas are allowed to have leading
20 zeros. {

AC-3 bit stream contawns exponents for independent, coupled and the coupling channels.
Exponent informaton may be shared across blocks within a frame, so blocks I through 5 may

reuse exponents from previous blocks.

AC-3 exponent transmission employs differential coding technique. in which the exponents
tor a channel are differenually coded across trequency. The first exponent (s always sent as
an absolute value The value indicates the number ot leading zeros of the first transtorm
coefticient. Successive exponents are sent as ditterental values which must be added o the

30 prior exponent value to torm the next actual exponent value.



10 1 6-16 |34-341 16-161 2=l-7?.~16-161 ?4-7?~116-16~

?=| - 2~| Dranms10099. 799. 899. 8 110010099l O0Har p99. 799."'99. 499. 4 i99.599.5
~99.5 7 199.5Ptanol DC¥9. 999. 999. 499. 9 199. 210098.

75" axophone10099, 910099. 876. 2 ! 9981. 41 0O0Vocal 100 198.897.8 ~$HA8R FHB 899. 6
| 100 ?able ?. C~trplino strateg,,~for the nvo tnpienentauan (16-16) _and
(?=I-24) as conpared (in 15 percentage %9 to the floating point version. By
use of bl ock exponent nmethod the accuracy of the |6-16 version is much

i nproved conpared to the fig ores en Taple ?. i_ Accordingly, as shown m
Figure ~, the coupling co-ordinates may be cal cul ated usi ng 16-bit val ues
only. The pre-processing stage ot~ the 32-bit numbers bet'ore truncation
again serves 0. & QAR QY] @%antn% APRECHAAN 0TI TalkE sfhupbiel OWbndy 1 S
endent that both the 24-24 an , u' ~e 16-32 versions havé sim | ar
performance. Oruarshe-<hiay mﬂh@noﬂ&@e@pﬁbﬁéﬁ | Versalogeaa ItaaguieQpreae Brd (0.
230. U80. 310.1 ? E 0..~3
To0 1 501 b sy Tt dheriigres gt Hbgn Ry MR g dcfg‘l‘dsa"r?g’ag? 43 Sxpefent
devi ati on (a)stediedyhelrerie@/shabieenct freud homtmsyirmai thte -cxanxdmﬂsG (6 DS thidr

bl ock exponent) and 24-2-1 version. Tite figures ar st tlra samet r
boor 4 Apr PPOBIIES A3 TP TR AY ad1t afidrer ﬂaﬁﬁrrrg PP IE BT SUG

the 32. blt dabashes difeuhiramd be shiRauereyr b r@ns&rerﬁ&mnmmagg&prmwa\& be
uul csed to deternmine rematnx.ng for each band, in a manner sinilar to ct;e
coupl i ng phas@“@ﬁﬁﬁﬁ&@ﬁ‘“ VIR FICSHAREYY B ITEHSR i BAHEL | DroResk  HReASr SRRMES ar e
made for the Ent@é}aﬂﬂ%l“mxé'xg)aﬂd EHc%Eod%P@QE!:@'nhe(e%ane%cﬂasE bey, erapRehadnesul ting
fromthe sum (L+R) and difference (L- I'f the maxi mum power 1s found in
the L+R or L-R S|gnal t hen the rerratr x tla~ is set and 10 for that band,
and L+R an are._enc d e im0 of... g BLOGERS
full 3Z-bi qodfée TocE ssﬁr{sl'e% :ﬁgonen rgsg |In§m§1a'§%:du!g Ge: [tep%?&?hcbgdtg -ﬁrumgm%
istn L or R pﬁohasm@tmhmmcng dfekca@ed ® rmetsp&eﬁnan‘xm oft hﬁetmil&lﬁﬁll Bz[ldlttfh‘@llBﬂrobl t

data noves dcre t he encadi ng ocess. Table ~ oW CO res ute

| 6-bit (as dugF 5 986’39%&"‘858) Megrod r%dffl‘.”é’&f‘i’ﬁdo poRss mggr‘%‘f”éﬁ H%?%”Fﬁ jfhe
figures indi calyshatodkohr H?H@d&lztﬂgu&’zbe thEHBL MWD WfHh@lis lﬁdaq;oama/ecram by
descrlbed bl ock exponent method i's not necessary. Band 0 Band | Band ? Band

3'0 ~5 16- 162458 16-1b 124-2:1 116-162=1-?Y ~ 1b-16

~Z4-?4Dr ung30010099. 61009999. 6 99. 61 O0OKar p95. 397. 6 19~ .399.49798. 8 ~
94. 797. 6P| an099.3 Il DO ~I 00 ~100100100 ~ | 0Ol 008ax0ph0ne96 3198. 9
~9799. 2 I99 Ciroiqegy the sQIgubleG1r@@ Y0 tndlcgnent|cediog £arme ko o gnBaspt et LU-Howd| 00

Table . ft?&r h§%ﬂ d;ia%g 1§§EWLaE@ux‘8)1 qf eh'%ﬁnerdegﬁ&r ??Bu-@% {ocgsg_ll_'f Ofg thes

f ?o0aterg pocn Ut bl ock ezponent ‘'ver stvn.
T ite high fl;guvxes ﬁ(&;ghestwuad &ﬂ%lo@mcdrrfpt@smrﬁ @mmmamm trivstnidohg okdy

cevoonen, PO 9 0 ASERSTERRYe e 7 AP hoB08P il

si gnal -t 0- noi gempahi @ t'reffe’ tHacsamb eRSONES CiisEe dext NPt QIBBLHEGIKODS lea@IE high
tl oanng point. ?4-24 bit and 16-32 bit cal cul ali ns. respectively. This
result is obt&PAEE HRMBHESHPHFE BeCBEVRE o0 ER'STHILENds at discrete

Several methods exist for determinanon of exponent strategy, and one such method is
described 1n the speciricaton of Intemanonal Patent Applicatuon no. PCT/SGS8/CCC09  entitled

25 "A Neural Nerwork Based Method for Exponent Coding in a Transform Coder for High
Qualirv Audio”

But Allocarron for Mantissas
The bic allocaton aigorithm (block 21) analyses the spectral enveiope of the audio sigral

30 being coded, with respect to masking etfeces. to determine the number ot bits to assign to



~ frequency points, for the encoder version in question. The ouro, tit from
the decoder is conpared with the original sinusoid to esttnmate the SNR Note
tromthe graph that the tloatin~-point version gives average SNR of 85 dB
(16-bit PCyi has SNR of 96 dB). The SNR nmeasurenent does not JsaketdtRa
mashi ng and psychoacoustic effects in consideration, but neverthel ess _gives
a nunmber with which to conpare different inplenentations The ("~ 10
frequency response shown in Figure 8 is of the 2~=-24 AC ~ encoder, which
:npiies that for all processing single precision arithmetic with register

| ength of 2=1-bic was assuned. On the‘dgﬁer hand, the Frequency response
shown in Figure 9 is of the 16-32 AC-3 encoder, which in this context
inplies: 16-16 for transj.ent detection. 16-32 for w ndow n 3?-16 for

Fr bquency Tr SREFGIAITT GR o8 THeLpor (LRHETTHG (HarbHRNG® FiASEeERg © be
coupl i ng co- g&gtirmat 8)oball:borBRe 3MsefBle (QRURN:RGs Ghamng] frgenebakioamn: pher. 16 f or
cal culation of rematrixing tlag and 3''-32 for the rematri xing process. The
foregoing detail ed description ot: features of the invention and its

i npl enent ati @R, HagPSRR HRESEREEE ArMRYNOho & AIWEIR-RBhYie 280¢kd §08010) of
intended to be considered i mune to the 30 presént Invention as defined in
t he cl ai ns Sagpehdeth herrmgotor estidatigr & Ino@e0dve! 2bregholds axpregsed As neetingtior of
coding digital audio data with a transforme i n t [ ted on a
Frxed pai nt rofth “rB et Seu BARREO R RER SatPhiE] LB RER R o
~ preci si on, oheneahng traex! tancdeti@EBA BNMe dhoader Siy@ineéing tipdnntd ugtascrargptansadsi ty
or conputatig@n stages involvtng anti-tnettc operations tn transtormr t he
di gi tal audi 6°dEEEP Fnt FOLBERY 1SYTG 4T FIEhiE GRS iR AICF R TRl BRas
conputati on sdoa@es. shch liiders divhiseipenhd pr@sebgrct ed | evel s of conputati onal
precision. I 0 2. ,~ nethod as clainmed tn claiml| ) wherein the dtgttai
signal prodfessor conprises a 16-bit digital Signal processor which is
capabl e of stgh8 bbfr RiduireRle8&I 3 F QAN BYRE t ons and doubl e (32-bit)
conputations. 3. ~ methcd as claimed in ¢laim1 or 2, wherein the pluraltty
of conput at i Gvagagageist 2Ethmatd welsdly tusan diceprocedates el owt, InwWEREoWNQ.e. FReljuency
transfot mdo%gre(s:%%gcl)rll.nvgmsﬁrbﬂt 5 iss%?%-et)ﬁtnc}xng‘nqu%alnsqenc&pR{fﬂx&xgxs %&&Rﬁglr?r hi%’x
conputation) and rendtrixXi ng detéerim natioh and cofrputati on. met hod as
claimed in chalig ACe} eftodwheneirk-stanend lilenShdAMREnzooh &G (B staampraddd metiudes

a transi ent. detection process, for detectj ransients in the audi o data,
oot ahor e PERSam ot ll GoRak HroSt e Bed « MRt MotiPe o fn S8 Sog®
preci si on copRufatmeNged.circdt RRLhad asms€dudhiie ehobN DSPaPrBtdssods uze rvlEpeinn.
t he transform encodi ng;ﬁyﬁst em | ncl udes a w ndow ng function which is

carried out WHPREET ngitet (e EBIOSF AN Hifdi DO TERALRERAGE (D L° §BYBPE? PIEHTE Ripfuct
coef ficients, ¢BphpRRNM DR Vel KbaBAtd MdlWakeaBle) WAGE 8dsH (dhlpearbdangf orm
encodi ng systemincludes a w ndowi ng tuncucn which is carried opt with
doubl e preci StROFHUBIS- dat a and single precision coett7ctents. 30 24
April 2003,-26 7 A nmethod as claimed in claim1l or ~, w.erein the cr

anst orm Cncodi ng systemincludes a frequency transformati on process which

i s pert' or neBewg tiurdotihd eosprests giadiry idak an the development of the AC-3 standard. Dolby

Laboratories has ensured that the algorithms can be implemented on fixed-point processors,
however an 1mportant issue 1s what word-length 1s required of the fixed-point processor tor

processing high quality audio signals.

The AC-3 encoder has been implemented on 24-btt processors such as the Motorola 56000
and has met with much commercial success However, although the pertormance of an AC-3
encoder implemented on a 16-bit processor 15 universally assumed to be of tow quality, no
adequate study has been conducted to benchmark the quality or compare 1t with the floating

30 point version.

{
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and single precision coe~ticients. 5 8 A nethod as clainmed in claim1 or

~', wherein the transform encodi ng systemincludes determination oP a
coupling strategy and/or a phase strategy, and wherein the determnation is
performed with single precision data. 9 A nethod as clai med b AdiRb0ODS.
wherein the determ nation of coupling and/or 10 phase strategy I ncludes
pre-processing by use of a block e:cponent nethod, wherein double precision
frequency coefficients are shitted to elimnate | eading zeros and truncated
to single precision. 10. A nmethod as _gkainmed in claim8 or 9, wherein the
transform encodi ng system!| 5 includes the tarmanon of a coupling charnel
which is perforned with double precision data. | |I. A nCthod as clained in

claim1l or 2) (gL rabcwa.euglﬁgjﬂaoﬁjb@cr&&ﬂspgjmosfy%amngmhm@maoﬁgngstwi ng

determ nation which is periorrned with single precision data, an

remat ri x copliongsproeess! whiigh duelipdrfeormer Wt A 2ddubprecysiecingiconndaara. 20

2. ~ metho | af, 14 Iisgg . %Qﬁ[ L0yt rarisfaor encedi ng
systemis i%oggggf%%ﬁg “%??ﬁ - &fgg?gg? Auéﬁgﬂ%ﬁﬁgﬁéggf%ﬁ égégh%ﬁhff 13 A
di gital audpectowansuliphimiencakker 1f orcle odicregs dioghlt apreasion cegdata d nydes).

conpressed 7S aydio data. .conposing a ti:ced paint digital signal processor
havi ng nult ﬁﬁ?oéél‘ﬁ%]\)'elr t%‘()rf ‘@B%UPQ’P‘%BW‘W%& éllogﬁ,e pé?'rds‘%‘ tbtr%%g‘?"grtﬁ? e”ﬁ'@gcdi ng
syst em st or @dodifie priotdIWVah QnOysiseah bR mhedad deerfh®hdeqitge blesioh ggtiadmaignal
processor, wherein the transtorm encodi ng systemincludes a plurality of

conput at i onfo§ ¥ FeSEE N SPUPHE %8nt hmeuc: operations in transtormng the
digital audio data into conpressed audi o data, and wherein difterent ones
of the computation stages 30 are per torned by the digital signal processor
usi ng di f f elreit dpicaipape diaedbliosyClos sufiplicirp £t AgITRYSIORIAB! ©oIYPUL rARYIGAR. the
precisio udi r L er Gl al | Lm: rein the
G gi t ol - snifioRrEiRbldthle, S SRERLET ARG BTRE Al TRl R D )

i s capabl e gbcessrrahelefred within)Sept ereiligiivhocomeuatatd obss @mék (ko |Be:ldri3Dsbi t )
conputations. 1~ ran audio tran encore: as clainmed in.claimi13 or 14,
Wherei n he B AR oFStSABHET T on rhgaeehirnite Bl kel Sk fon

W ndowi ng, {iRELENEYstnitansd efenMpint®n cogatphd BPH2SHisat Whsh gptemalwialouothyand
coupl i ng channel conputation, and rematnring | O determ nation and

conput at i onParamlesispd FERIRRAIOR-a At oin eEGERIOTAR! HEATRHES iMFIRPHI SR 1~ |
wher ei N tigepthided: | 1FhOELBILRAGHHs BP0 3N BMEDEALUHESvek Idak 1RRSthEEniede 88 kleON
process for detecting transients tn the audio data, and wherein the

transi ent dePBEEhOTE preteshasiaken FrasedEnatieVoRireIsUEqRytee Feddedi on 1 ~
conputations. 17. An audio transform encoder as clained in claim13 or 14,
wherein the transform encodi ng systemincludes a w ndow ng i uncuon which is
carried outBaskd knstgbee pradiuginorandsdidy afatia sanshicdolgbbe pemei.si @as been
coefficients, 30 . An dio transfor ncoder as. clainmed in claim13 or
T wher o rssr e s PSR R o R PR B R B Ty B R

whi ch i s 20atomiteduaistor wbrhpucdont becpoecish an. 16-32, 32-16, 16-16 and 32-32  Suitable

trade-off 1n terms of MIPS and quality are therefore made subject to the staustics obtained.
and the computational strategies which may be adopted for various processing stages as a

result are discussed below.

25 Transient Detection
[n a simulauon. the high-pass filtering and the subsequent segment analysis for transient
detection was pertormed with 16 and 24-bit word-tengths (both single precision)  The input
PCM stream is assumed to be 16-bit and the filter coetficients are truncated o 16 bits also
The output ot the filter 1s a 16-bit number which (s analysed tor transients  Thus, this process

30 s enurely 16-16 (data.coetficient)



audi o data and single precision coefficients. 19 an audi o transform encoder
as clainmed in claim13 or |~ wherein the transform encodi ng system
i ncl udes a frequency transi ormanon process which is perforned with doubl e
preci sion data and single precision coefficients. 20 An audi24 6ﬁm2093n1
encoder as clained in claiml3 or 14, wherein tile transi'orm 30 encedi ng
systemincludes determ nation of a coupling strategy and/or a phase
strategy, and 24 April 2003 wherein the deterninauon is perforned wth
S|ngle precision data. 21 :Waudio trggsformencoder as clainmed in claim
_'0. wherein the deternlnatlon or coupling and/ or phase strategy includes
pre-processing by use of a block erponent nethod) 5 wherein double
preci sion t rﬁc‘éﬁrﬁ@a‘ﬁoﬁ?&tl&' £ &mp%c@(vﬁh SPIbLEE doth §hkiBh RAL RNk @AM RYc&8HES and
truncated to single precision. . An audi o transform encoder as clalfed in
claim20 or Wi avﬁwer%qam&dwntwa(ﬁéff)or herethe saiuigiosy Svemusichudies wese usrdaat i on
of a coupllng cha h i erfo i I cl Si ata. 23.
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)- 10 10 t1s used for the trequency transtormation. From Figure 3, note that the windowing
coefficients are 32-bit while the mnpurt data (CD Quality) is 76-bit.  The 32-bit window 1s
multiplied by the 16-buit data to generate 32-bit data. This 32-bit windowed signal is
converted to the frequency domain using the Moditied Discrete Cosine Transtorm (MDCT)

15 The 32-16 precision 1s compared with the floating point version and the 24-24 bit version n

Table 1, below, and the mean of the error and the standard deviation is tabulated.

Drums ‘ Harp Puano Saxophone Vocal

€ g I3 g € log é o e g

16-32 0.1 499 | 0.03 | 122 | 0.04 | 106 | 0.02 | 104 | 0.02 | 94.3

20 24-241 0.1 127 | 0.13 128 0.12 129 0.1 127 0.15 124
* all data has been pre-scaled (multiplied) by 107’

Table 1. Frequency Transformanon Stage : Mean (&) and Standard Dewviation (o) of the error

berween floating-pownt and the fixed-pownt (32-16 & 24-24) implementations.

[t can be observed that the mean error is about 0.0000005, wherein the discrepancy is usually
at the 20 binary place However, since the standard deviauion (o) s much larger than the

mean (). 1t retlects more truly the behaviour of the ditferent implementations. Given the set
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Figure 4 shows two charts ot error probability tor the rrequency transtformation stage for 32-
16 and 24-24 fixed point computatuons with the tloaung-point version as reference. The
probability distribution 1s based on simulauon results with sample space ot 40,000. From the
Figure it can be observed that 80% of the ume 21 to 25 bit accuracy exists for the 32-16
10 implementation. For the 24-24. the same 1s true for the range 18 to 21 bus. Assuming
Gaussian distribution for the error-funcdon (which is reasonable. looking at the probability
distribunon n the figure above), it can be stated that for 32-16, 99 7% ot the time the error
1s less than 0.005 (30). The low value 1s highly influenced by the staustics from the drums
section of the audio input. For 24-24, with 99.7% contidence, the error is less than 0.003
15 (30). From Figure 4, it can also be noted that the spread of the error-funcuon is less for 24-
24 which implies a more stable performance as compared to 32-16. This figure of merit
tuncuon, though not accurate at least serves to highlight that both the implementauons have

reasonably high accuracy.

20 Coupling Process
The computanonal requirements tor the coupling process is quite appreciable, which makes
selection or appropriate precision more ditficult. The nput to the coupling process is the
channe! coefticients each of 32-bit length. The coupling progresses in several stages. For

each such stage appropriate word length must be determined.

Coupling Channel Generation Strategy

As discussed heremnabove, the coupling channel generation strategy is linked to the product
¥ a*b. where g and b, are the two coupled channel coefticients within the band in question
Although 32-32 (double precision) computation for the dot product would lead to more

30 accurate results, s also computationally prohibitive  An important 1ssue, however, 1s that
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104| 4!l @ ":xjt@%j,qmp&ct(c) cocw@eqts themselves. [t the error trom 16-bit computaton 15 not

appreciably farge, computational burden can be decreased.

5 Figure 5 1s a block diagram of the coupling process 30. In the process shown in this Figure.
16-bit (upper halt) single precision only s unliised for the coupling coetficient generation
strategy and phase esumauon. The actual coupling 1s then pertormed on the fuil 32-bit dara.

Coupling co-ordinates may be generated also using single precision.

10 As shown n the Figure. tor phase estimaton and coupling coetficient generaton strategy
(31), the upper 16-bus of the tull 32-but data trom the frequency transtormacion stage may
be used The actual coupling coetficient generauon of ¢, = (a,+6,)/2 (33) 1s performed using

32-32 (a.’b)) precision.

15 A similar approach of 16-16 (a,-6;) 1s used for the coupling co-ordinate generation (34, 35).
However, the final division involved in the co-ordinate generation must preferably be done
with highest precision possible. For this it 1s recommended that the floating potnt operation
be emulated, that 1s the exponents (equivalent to number of leading zero) and manrssa
(remainung 16 bits aster removal of leading zeros). The division can then be pertormed using

20 the best posstble method as provided by the processor to provide maximum accuracy Since
coupling co-ordinates anyway need to be converted to tloating paint formart (exponent and

mantissa) tor final transmission. this approach has dual benefit.

Band 0 Band ] Band 2 Band 3
25 16-16 | 24-24 | 16-16 | 24-24 16-16 24-24 16-16 24-24
Drums 84.1 99.7 75 99.8 90 100 9] 100

Harp 75.2 99.2 72.7 99.4 78.1 99.5 75.1 99.5

Piano 88.2 99.9 84 | 99.4 86 99.2 70 98.7

Saxophone | 73.6 09.9 36 99.8 76.2 99.7 81.4 9.8
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10 that usually the coupling coetficients are low value  Thus, even though the coupling

coefficient may be represented by 32-bus the higher 16-bits are normally almost alf zeros.
Therefore simple truncation of the upper 16 bits produce poor resuits. A variauon of the

block exponent strategy, discussed below, can be used to improve the resuits.

1S Figure 6 15 a diagram illustrating block exponent processing, showing a pre-processing stage
which can be implemented betore truncation ot the 32-bit to 16-bit for the phase esumaton,
coupling coetficient generation strategy and calculation of the coupling co-ordinates. In this

procedure. the coefTicients within the band (or sub-band depending on the level of processing)

./‘.\

are analysed to tind the munimum number of leading zeros (in acrual implementaton the
20 maximum absolute rather than leading zeros are used for scaling) The enure coetficient set
within the band is then shifted (equivalent to muluplicaton) to the left and then the remaining
upper 16 buts are utilised for the processing. Note that for the phase estimation and coupling
strategy the multiplicanon factor has no affect as long as both the left and right channels

within the band have been shitted by same number of bits.

For the coupling co-ordinate generation phase. both the coupling and the coupled channels
should have the same muluplication tactor so that they cancel out  Alternately, it floating
point emulation is used as recommended above, the coupling and coupled channels may be

on different scale  The ditterence in scale 1s compensated (n the exponent value ot the final
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c¢[96] =(0000 0000 0000 6000 0110 0000 0000 0110)

wn

a(97]=(0000 0CO0 0000 0000 1100 0000 0000 00O0)
6{97] =(0000 0000 0000 0000 0001 0000 0000 1000)
¢[97]=(0000 0000 0000 0000 0110 1000 0000 0100)

10 a[98]=(0000 0000 0000 0C00 0000 000G 0000 1000)
b[98]=(0000 0000 00G0 0000 0000 0000 0000 1100)
c{98] =(0000 0000 0000 0000 00CO 0000 0000 1010)

a[99]=(0000 0000 0000 0000 1100 0000 0000 1000)
15 b[99]= (0000 0000 0000 0001 0000 GO0 0000 1100)
¢[99]=(00CO 0000 0000 0000 1110 00CO 0000 1010)

*Note: ror this example ¢,=(a,+5)/2

20 Considering only the upper 16-bits in thus case will clearly lead to a poor result. For example
coupling co-ordinate ‘PJ=(Za2/ZbZ) will be zero, thereby wiping away all frequency
components within the band for channel a when the coupling coetticient 1s multiplied by the
coupling co-ardinate at the decoder to reproduce the coefficients for channel a. However,
by removing the leading zeros, the new coetficients for channel a will be.

a[96]=(00 1100 0000 0000 10)

a(97]=(00 1100 0000 0000 00)

a[98]=(00 0000 0000 0000 10)

a[99]=(00 1100 00C0 0000 10)

12
w

30 on which more meaning measurements can be pertormed  The scaling tactor will have o be
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compensated n the exponent value tor the coupling co-ordinate. With this approach the

perforrnance ot phase 2sumation with 16-16 bit processing improves drastcally as illustrated

by the results shown i Table 3. as compared to the figures in Table 2.

5
Band 0 Band ! Band 2 Band ;3
16-16 | 24-24 | 16-16 | 24-24 16-16 | 24-24 | 16-16 | 24-24
Drums 100 99.7 99.8 99.8 100 100 99 100
| Harp 99.7 | 99.2 99.4 99.4 f 99.3 99.5 99.57 | 99.5

10 Pano 100 99.9 99.9 99.4 99.9 99.2 100 98.7
Saxophone | 100 99.9 100 99.8 76.2 99 81.4 100
Vocal 100 98.8 97.8 100 99.4 99.8 99.6 100

Table 3. Coupling sirategy for the nwo unplemenrarion (16-16) and (24-24) as compared (in
15 percentage %) to the floating point version. By use of block exponent method the accuracy

of the 16-16 version 1s much improved compared to the figures in Table 2.

Accordmgly, as shown n Figure 3, the coupling co-ordinates may be calculated using 16-bit
values only. The pre-processing stage of the 32-bit numbers before truncation again serves
20 to mmprove results appreciably. From Table 4, below, 1t 15 evident that both the 24-24 and

the 16-32 versions have similar performance.

Drums Harp Piano Saxophone Vocal

€ g € o4 e o € o e g
23 16-321 0.04 | 0.23 } 0.08 | 0.31 | 0.12 | 0.36 | 0.23 | 0.44 | 0.05 | 027
?4-24 0.04 { 022 | 0.09 | 033 | 0.12 | 0.37 | 0.04 { 0.23 | 0.04 | 0.28

Table 4. Mean (¢) and standard deviation (o) of the error between the floatng pownt - and

16-16 (with block exponent) and 24-24 verston. The figures are almost the same for both

-
S



"10%¢" Y& ()- ."10%C Y& ()- PQRSTUcd|[?."10%kD 10% ! & ()-o0 #l 10%!

& ()-J10Y Y10Y' Y10Y' Y. " 10% Y& ()- Aoi Q' dkl st{gG?. " 10%/kDkD 10% ! & () - okD
10% ! & ()-okD 10%! & ()-okD 10%! & ()-okD 10%! & ()-okD 10% !

& ()-onN ?2kD 10% ! & ()-okD 10%! & ()-okD 10%! & ()- okD 1o§/ 8l $00kD
10%! & ()-oD5WBz xnM ? f 109%E&& ()-0 fY 109%E&& ()-KD 10%! )DOSV\B; | KD
10% ! & ()-okD 10%

-23.
implementations.

Rematrixing

The upper 16-bits of the 32-bit dara resulting from the frequency transformarion stage may
S be unlised to determune rematntxing for each band, in a manner similar to the coupling phase

esumauon. Within each remamxing band. power measurements are made for the left channel

(L), nght channel (R), and the channel resultung from the sum (L+R) and difference (L-R).

If the maximum power 1s found in the L+R or L-R signal, then the rematnx tlag 1s set and
10 for that band. and L+R and L-R are encoded instead of L and R. For the encoding process

tull 32-bur dara is used to provide maximum accuracy.

[t the maxumum power 1s 1n L or R, the remawmxing tlag is not set for that band and the 32-bu

data moves directly to the encoding process. Table 5 below compares the 16-bit (as just

—
W

described) to the floatng point version. The high figures indicate that for computing the

rematrixing tlag, the above described biock exponent method is not necessary.

Band 0 Band | Band 2 Band 3
16-16 | 24-24 | 16-16 | 24-24 | 16-16 | 24-24 | 16-16 | 24-24
20 Drums 100 100 99.6 100 99 99.6 99.6 100

Harp 95.3 97.6 95.3 99.4 97 98.8 94.7 97.6
Piano 99.3 100 100 100 100 100 100 100
Saxophone | 96.3 98.9 97 99.2 99.2 99 99.6 100
Vocal 99 6 100 100 100 ‘ 99.3 100 100 100

2
Ln

Table 5. Comparison (in percentage %) of the rematrixing flag for the floanng pownt - and
16-16 (without block exponent) and 24-24 version. The high figures (94% - 100%) for the

16-16 wndicate that block exponent procedure s not very necessary.



| & ().-oxbg|[:? f SL 10%E&& ()- S 10%E&& ()- 9 "10%E&& ()- y 109&&& ()-

VA0%E&E ()-f | 109E&& ()-y3|[:? f S($10%"& ()- S 10%E&& ()- S&

109E&& () - S$ 109E&& ()- # "109E&& ()- fI10%E&& ()-1f|[:? f f3 10%E&& ()-

S0109%&&&' ()- St/ 10%E&& ()- S- 10%E&& ()- S@ 109&E&& ()- *3" HAYE&H20h3W

#vU4d | y1098K&&& ()- #Y10%8k&&& ()- 10E&LOE&IOE& S8 10%E&& ()- S 7 10%E&& () -

S5 109&&&' ()-#v 8| [:vU4 1094k&1& ()- 109RK&&& ()- Y10% k& & () -

1098K&&&' ()- 10%BK&&&' ()- @BLOYEK&&E () - a+| [ NA4108k&&10&k&&108k&EE @B

"1098K&&&' ()- 010% k& & ()-z ,.- 109RK&SEK. () - W "109%K&& ()- @

1098k &&& () - | [ ?PNA410&k&& 109VEBME' ()-3 S109VBME ()- /  1098&' ()-Z

@vod0oMm M8 ()-  109VBME' ()- #| 1090VBME' () - ?NAA108k&& 10%VEME () -3

10%VEME () - 3ReslBYVBMNE () -3  10%VEBME ()-3 10%VEBME ()-3 10%VEME ()-3

} 2aA?NA4108K &S 10%VENE! (3333 109%BME ()-3 Aol; 109VBME ()-3 10%VEBME ()-3
_ ?NA4108&k&& Tigumeive f T ERYRIENZE P18 NATH PRIV Of 5187~ (Or DO/4MRINEP (0)&‘35 three

Tonene () 3t el ) sl L NGOk, SRt afap (7 YR Rcbhe

10%VBMVE, () - 3resp0oAdRMVET Iy r&ult 19 v (by- Sicodigogieemting )0® dB smuso ds at discrete

5 frequency points, for the encoder version in questuon. The ourput from the decoder 1s
compared with the original simusoid to esumate the SNR  Note from the graph that the
floaung-point version gives average SNR of 85 dB (16-bit PCM has SNR ot 96 dB). The
SNR measuremen: does not take the masking and psychoacoustic effects in consideration, but
nevertheless gives a number with which to compare different implementaunons  The {:'"\

10 frequency response shown in Figure 8 1s of the 24-24 AC-3 encoder, which :mples that tor
all processing single precision anthmetic with register length of 24-bit was assumed. On the
other hand, the frequency response shown in Figure 9 1s of the 16-32 AC-3 encoder. which
in this context implies: 16-16 tfor transient detection. 16-32 for windowing, 32-16 for
Frequency Transformation, 16-16 for coupling (determuning phase and coupling co-ordinate),

15 32-32 for coupling channel generauon, 16-16 for calculation of remartrixing tlag and 32-32

for the remarrixing process.

The toregoing detailed description of teawres of the invenuon and its implementation has
been presented by way ot examnple only, and 1s not intended to be considered limuting to the

20 present inventon as defined n the claims appended hereto.



1090BME: () -3 \]chnt bB?NA4108&k&& 109EBME ()-3 109EME ()-3 109EME ()-3
1090VRNVE ()-3 3A0l; tz_ ?NA410&K&& 109AVEME () 109VEME ()-3 109%VEME () -
1090RME ()-3 109%VEME ()-3 109%VEME ()-3 bB?NA410&K&& 109VEME () - 3
1090VEME ()-3 109%VEME ()-3 109%VEME ()-3 3A0l; _?NA410&K&& 1@3@@ @503

1090VEME ()-3 109%VEME ()-3 109%VEME ()-3 109%VENE ()-3 10%VEME
bB?NA4108k&& 1098EME ()-3 109EME ()-3 109VEME ()-3 109%VENE! () 3A01;
2NA4108k&8 109EME' () 109BME ()-3 109EME ()-3  10%EME () -3

TO9/BME ()-3 109%/BMS ()-3 a@NA4108k&§s0@ 109%&& ()-F y "10% ~& ()- hy
"1098& ()- 10%VEME () -3 3A01;

FGOPUVF F*8. 3" 1094 &{ & ()-8.3"10% & & ()-8.3"10% & & ()-8.3"10% & & ()-8.3"10
H&{ & ()-3 We{ & ()-

&810% " {& () rsgk+8.3"10%4 &{ & ()-8.3"10% &{ & ()-8.3"10% & & ()- 8. 3"10%
{&{& ()-8.3"10% &{ & ()-8.3"10% &{ & ()-8. 3" 10% &{ & () - st uwy{vV6K*8. 3"108. 3" 1

110 () 2o 3 on SMBRELE ErSdon 9 e P AR atEniER s ()

- 8. 3" 10% &{ &infplerBendd 14 o8’ p@)m dIgE R Boral BrOs Dt LOMeSH@NG 1 18301 O8BE&I(T) - 8. 3
"10% & & ().- MFY<

11" o(i 8{ 3" %W&%‘&O‘( ywhegag the rEHorm 4eg1Rg B SIL BClydef GRiuERY ) COFPIHA{IgRSRERS ( ) 8
003/({ é?"g{i{ <(94§ & ()nv&w% 10 &oforafnd lPUE Sting hn-tB 2T 80’ d0Bind" bW &dfo (22 8. 3

and wherein different ones of the computation stages utilise different preselected levels of

computatxonal precision.

10 2. A method as claimed 1n claim 1, wherein the digital signal processor comprises a
16-bit digital signal processor which 1s capable ot single (16-bit) precision computations and

double (32-bit) compurations.

3. A methed as claimed in claim 1 or 2, wherein the plurality of computarion stages
15 includes transient detection, windowing, frequency transformartion, coupling strategy
determinanon and coupling channel computanon, and rematrixing determination and

computation.

4 A method as claimed in ciaim | or 2, wheren the transtorm encoding system
20 ncludes a transient detection process for detecting transients in the audio data. and wherein

the transient detection process 1s carned out with single precision computations

5. A method as claimed in claim 1 or 2, wherein the transform encoding system
includes a windowing tunction which is carried out with single precision audio data and

25 double precision coefficients.

6 A method as claimed in claim 1 or 2. wheremn the transtorm encoding system
includes a windawing tunction which is carried out with double preciston audio data and

single precision coefficients.
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and single precision coefficients.

5 8 A method as clamed in claim 1 or 2. wherewn the transtorm encoding system
tncludes determinanion ot a coupling strategy and/or a phase strategy, and wheremn the

determinanion 1s performed with single precision data.

9 A method as claimed in claim 8, wherein the determinazion of coupling and/or -
10 phase strategy includes pre-processing by use of a block exponent method, wherein double
precision frequency coetticients are shifted to eliminate leading zeros and truncated to single

precision.

10. A method as claumed in claim 8 or 9, wherein the transform encoding system

15 includes the tormanon of a coupling charnel which 1s performed with double precision data.
11. A method as claimed 1 claam [ or 2, wherein the transtorm encoding system
includes a rematrixing determination which is pertormed with single precision data, and a

rematrix coding process which is pertormed with double precision data.

12. A method as claimed in claim [ or 2, wherein the transform encoding system is in

accordance with AC-3 Digital Audio Compression Standard.

13 A digutal audio transtorm encoder for coding digital audio data into compressed

19
wn

audio data. comprising a fixed point digital signal processor having multiple levels of
computation prectsion. and a transform encoding system stored in firmware or sottware tor
controlling the digital signal processor. wherein the ranstorm encoding system includes a
piurality ot computanon stages tnvolving anthmetue operations (m transtormung the digital
audro data into compressed audio data, and wherein ditterent ones ot the computation stages

30 are pertormed by the digial signal processor using ditferent preselected levels of
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N
BCG Po”] k\ nggxné %srem includes a transient detection process for detecting transients 1n the audio
data, and wheremn the transient detection process ts carried out with single precision

15 compurtatons.

17. An audio transtorm encoder as claimed in claim 13 or 14, wherein the transform
encoding system includes a windowing function which 1s carried out with single precision

audio data and double precision coefficients.
18. An audio transform encoder as claimed n claim 13 or 14, wherein the transtorm
encoding system includes a windowing function which ts carried out with double precision

audio data and single precision coefficients.

19 An audio transtorm encoder as claimed 1n claim 13 or 14, wherein the transtorm

2
N

encoding system includes a trequency transtormarion process which (s performed with double

precision data and single precision coetficients.

20 An audio transtorm encoder as clatmed 1a ¢laum 13 or 14, wherein the transtorm

30 encoding system includes determination ot a coupling strategy and/or a phase strategy, and
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wherein the determination 1s performed with single precision data.

21 An audio transtorm encoder as claimed in claim 20. wherein the determinauon of
coupling and/or phase strategy includes pre-processing by use ot a block exponent method,
wheretn double precision frequency coetficients are shitted o eliminate leading zeros and

truncated to single precision.

22. An audo transtorm encoder as claimed n claim 20 or 21, wherein the transtorm
encoding system includes the tormation ot a coupiing channel which s performed with double

precision data.

23. An audio ransform encoder as claimed i ciaim 13 or 14, wherein the transtorm
encoding system includes a rematrixing determinaton which is performed with single

precision data, and a remarmix coding process which is performed with double precision data.

24 An audio transform encoder as claimed 1n claim 13 or 14, wherein the transform

encoding system s in accordance with AC-3 Digital Audio Compression Standard.



