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delivering a single bit streamto the decoder: 4 19 Decenber 2003 FIG 6
I's a block diagram of a decoder that is conpliant with the core plus
extensi on coder shown in figure 2; FIG 7 is a plot of the frequency
spectrum of the reconstructed audio signal for a nulti-tone test signal; 5
FIGS. 8a and 8b are. respectively, block diagrans of an encoder and a
decoder that enbody a high-resolution extension framework; FIG 9 is a plot
of the frequency spectrum of the difference signal for the high resol ution
extension framework; FIG 10 is a plot of the frequency spectrum of the
reconstructed audi o signal for a
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sanpl iTyg rat enexefdd gz cut-of f is suitable. The digital audio signal 16 is
fed to the core encoder 18 (AC3, MPEG DTS etc) and encoded at a particular
bit rate. The sanpiG-n§ ilustraten g datniéri Fom Be Ot‘ﬁ@?’é‘l’f'd‘i’%-‘@f{jﬁa[l“tr?@g"???ré%ne
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streamis also fed back to a core decoder 24. which is conpliant with those
residing in existing consuner playback equi pnent. The resulting
reconstructed core audio signals 26 are next subtracted 28 from a del ayed
version 30 of the original input signals 16. The delay 32 is nmade to match
that of 5 the core encoder/decoder |atency such that exact tinme alignnent
of the decoded core audio and the input audio signals is achieved.. This
di fference signal 34 now represents conponents in the original input
signals 16 absent fromthe-signal coded in the core bit stream 30 either

hi gher resol ution or higher frequency. The difference signals are then
encoded by an extension coder 36 suitably using standard codi ng techni ques
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t he noi se fldglr(ﬁ%}g% Lte retrlmi nder of the audio ban(gi\?m dth. As shown in
figures 5a amdcdsbd inthenifwmpesite bit stream 40 is encoded on or 20
broadcast over a {ransmi ssiqn. i irrof Al ofrhdiefdddds. dédceaiott edi sk
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cabl e == or other tel ecomrunications system To decode the core and
extension bit streans (figure 61. unpacker 66 unpacks the conposite bit
stream 40 and directs the core and extension bit streans 30 and 38 to their
respective decoders 68 and 70. Decoder 72 then suns the outputs 74 to
reconstruct the g 19 Decenber 2003 high fidelity audio signal 76. In the
case that a playback devi ce does not have the extension decoder resident
(as would be the case in old equipnent) the extension bit streamis sinply
i gnored and the core bit stream decoded to produce the core quality audio
signals. In the decoding exanple, it is assuned that the delays of the core
decoder 6 and the extension decoder are the sanme_ As will be addressed

| ater. differences in the delays can be acconmodat ed by addi ng additi onal
del ay stages either in the decoder or encoder. The advantages of the care
pl us extension coding topology are clearly shown in figure 7, which plots
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that in figure 1 | ais that the chain of core encoder and decoder is
by-passed in the process to generate the difference signal. The 'S
trade-off is that the noise floor in the frequency band covered by the core




eUdiU sigllals, lhl WG JLUCUULLLS Caddlldli, It 1o a.ssu.m:u didi ML Uhidya Ul Wi LUl WLbUGLG

The p§ir poseandfthé ketetsion redddemararthe samhd. adis nglll leveddassedf infet. adiff¢redeey in wiei ch
fillets the, signal .prior to,the core encodin I s _to repove signal,s which
cannot nor rﬁf?"‘} B bEé‘ﬁ?oé%rE?ﬂaé@ l?ﬁ/ac[dt‘fég tém.l&fj dey A% ero‘flﬁ'g? 8'\‘7&9?8'591' t he
decoder resindeqk. in the consunmer ~ equi pnent is not progranmmed to nake use
of these frequencies. To avoid aliasing effects and possi ble degradation in

sound quality, t1HeSadlhhhgk ofithd cd?@pliBlekiensioh kodihf iRldeyked Begiyt &Rwn in
transition point. However, the specification of This filter, i.e. its

ripple, trdigre f.omhislapbas e lsoreandy adosrd alvg extensnr Fequsacy sgsH e an st ed by
t he yser t I.n, t CES Jal a : of..t he
it efBol at TEPuell: 4 FePREPY uflifht et AR uis dordolfor MpRORn O

i nt er pol at iaadicadysasi mgdies af dore belntregonatraeiuatdial sigoalthathms at toesel Baelofof t he

al i asi na does not _i,nt Wi t veral . quality..The filtef . be
sinply a ré‘BPr%ﬁméT.lyt‘ﬁééﬁg?’ﬁaé#}&%?% A vy n‘gls "%%yefle“% F’%ﬁo&v\eew\l/@ﬁcr'i i s

l'i kely thatofehsnly estpbesisiay K mbdgtatle Genartthanthticotesnlysighalb eradacegiebyi the or der
to ensure the quality of the core signal. aresult jt may be deijrable
Lo T r eduebier AR Supfo HaliBRTear s B HAL0R: A 90 i el i g otder
conput at'i Ogygtﬁlzgaﬁ’& tHeNGi o R (R atBA HIRF uSHICRNRE neNOJoaEs! YCbﬁ'l[pWa{i{!eiﬁeLhe

desirable to ep the friter characteristics of the interpolation filters

at both theudincystem (apetialsessdeimbend) praduicesthrere algupaensionaudio) agral iy

responses ar XaGt hedpy . Rk Qr t geendahe W | |
exactly re\gegrﬁg% @%erl%n@‘l&%fere?\%g&p% ces[éib’ﬁ%r%?n i g gggtg e?ﬁd On ogcaesi ons.
it may be sigsalrtmibiwidtio to é8lkéiz 4t renaisenibesdraifiapprixirowselp|-6RidBy bbtet Adughetoder

interpolation filter. Wile.this wikl c a_sli .M ch . between the
encoder antoiBRtids mom Bl e el iR Aed hOOL ISTRLALL P 108
di ff-grence can be nmade snmall with a appropriate filter desi-gn. Another
I ssue. which is inportant. is the de| f fi - If the delay is
different. it nust beHb@HH@ﬁ%@ﬁ§HP€@‘géﬂ%gﬁhgﬁfﬁgﬁh&%ﬁ&ﬂﬁKdelay in the
ext ensi on chai NER{rds 38 2@ RE i1GRBEB the\GRbANE BRI BEHORBREDrERESRs {cSiniploritaly e t hat
the extension and core signals are exactly time-aligned prior tq the -
summat i on. the cpgingorepivdorhef theoTEe CEWES- [ADTSEHENALIO8IN8 30T (héNT BERCAT
schermes de@%ﬁd Q?:gulaBQXﬁs. ésﬂ%gﬁgﬁ%é{hﬁ%ﬁai@aﬁﬁa bBhe *aglﬁ]abx higo 6ok, Sinek

It S that 1s, they can b

ext ensi on reans are arbitrary," , y e any conbi nation

of gfb- bamiie badarnf existing foding stdinagy(AE3.AMPEGeDFSnaredixed.of e hpihgs cadiitensi on
approach can be broken 5 into two djstinct |nmple tati.ons. i irst is a
bl ack- box AFPFOHLH ‘Fﬂ‘éﬂfedd‘(‘)é‘?uﬁ{)?o@é ﬂir?aemrlsnd&gvlﬂséedg}eayg m?iﬁgaa Igo&"ln{' ﬁlron§and
i nternal  sigmatibdleecter td@ic6& e eatesignanl y know edge of the coding delay is
requi red. The extension encodi ng, however, can bg,nadq,nnre eéficient in
certain cases ift HACUNATLICBEDE HaPds@ecHEr AEFIUS" RNGWHErE ATHd eHFMNE on
coder is_desi@nedbo e dperdile Bk 180K SRdonsie dokackisaax dapperoach
now edge of the

assunes no I'nternal structure of the core coder/decoder

-

(codec), except the delays of the core encoder and decoder. ' The bl ock
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encodi ng and decodi ng processes are conpletely separate. The only
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respective scal e gg% G[‘\Iﬁéb EE%PBE R FofTETame a?l EfftF‘fsffi’/i\ Gy

using eit heEu—érnGﬂ) &ﬂﬁhxgﬁa?eqqgﬁcﬁzﬁmo foorﬁ:al@@‘dﬁﬁ\‘@res(emled bedﬁescb%)}:odi@g)t

square table, endi'ng on the bit rate. They allaow for the dynamc
“trackidng of syt gn ¢~taalp|iﬂathgémaﬁlMmeetprqqsew%&—&éﬂb?cwﬁéma ithza6 on
tables is e

al | ocati on acrgss a}l"ﬁe Hﬂg%lqugm%ﬁ ?%{T%‘L?#éﬁg Fe hﬁe g%g\ﬂ%hegﬁ&ﬁ ng a

wat er tilliwghah goeget detaf or retioes signa copwnnenfis %bogg Bbm aNaﬂeyhatshmmﬁtﬁN For

. pover of 1 nESREBBLAaR SR gy n R et e iR ARHUSRL REL B 63 oOla"®

t ranspar ent cd® ghiRp Guidid éb?ibtse\&ﬁbeb&igﬁﬂrﬁlldmmﬁ&)tc I&Qﬂbﬂwsharfbwcr anatiyisd bamin al ]
- channels to obtaln signal to rra rati o g% h%subbaﬂ z’ and, t hen 1
S f eddi ng LR BERETTIRG SOREPAEL B PTY 9§ gam mergina)ly betigs than

vari abl e bl&eE&Egnggﬂéﬂagm@gﬁn Ysten@l | OCation is determned by a

guanti zation ste i ze. "which %uar ant ees the gq:ant i zation noise is bel ow
sone predeterm filtgred Isignal iSudan dscimaad bR Brtaref WuieE Peiag iplaes.
The bit all (o) ?0
After bit ael g%%t@o%ﬁygﬁgﬁéﬁ%ﬁg(}}h Eghp%ggﬁ gl?ﬁg %zlglplF gé dljtgﬂi%%omrz té%cl%glé}:?@l S
quant i zed anchetroemajufasitioratd therdsuideg b8 saeam plackiad a frame httf&r tbi t tet ddamn

Psyc acous reseaych -has shown abowv U man
audlr rs S)}E‘E gf“ﬂ“ﬁ%’% FE%“K)@P%E%T‘F'OEJH lg"beécé{%??%a%}ﬁtﬁeﬁlnp ced g "Leﬁtc@h1 or al
envel op of tiheTiRWbwn Shpalsidnapis an;ﬁ féd&thceemeﬂ&todh higt tstrtdmnnmoea 4zrmezefore
at very low bit rate node. .5 it §SIb e ngrovs ﬂ% H.a

r econst r uctsp@pled digapl %%ﬂ‘%?’%ﬂl%a(‘}ﬁ W2 SITR5 MR drFap e £ faﬁieg o Y8uency
subbands  ofor3insPYEREE In gt BRES sizhaid it Ghest 6B alpSsaripan 1desod raag:rtolﬂeaed hi gh
frequency subbands of the individual channels can be reconstructed

copyi ng t hitsengewnpessgiladredaiodemen s CRIETRAUBY 2{ipdng: AaiggBit! \?é‘“%(’)‘a%”e‘atfkéct ors.
If joint i I SeS n arried
I n ofie of ?‘ %ﬁg’%‘g u%i)ﬁ %ﬂgghﬁemggqﬂ “o‘%ncﬁa%?\mﬁ %Qggxoﬁ%ggg{ﬁiﬁﬁﬁl)%ugnd al |
ot her channetriss oml yhecardiy indormatide Relt on theesosobit siecagh annie Hoesrebt chriRin any
respective scale factors cal.e.: f ors,
transi ent [3B 8tfe‘?ﬁ‘l‘mct‘ éO’BPT“eaﬁsl%l)%@éfflbn%gr %?‘Eeregﬁas{rfﬁ as%tcggen%‘%'e?e%a
further be ;gngeded JouiRe &ndelaBY (F0T 0gsiBHICH RS mptHUi:f_zlimm"COdJEL:rehﬂa thhi s
case, the total bits actually used after entropy encoding is likely to be
significantly less than the maxinumbits allowed for a fixed bit rate
application. In order to fully utilize the allowed nmaxi mim bits, an
Iterative approach is deployed whereby unused bits are increnentally
allocated to the subbands starting fromthe | owest and ending at the

hi ghest until all unused bits are depleted. 10 Bl ack- Box Decoder Hardware
| mpl enentati on One inplenentation of a 5.1 channel, 96 kHz 24-bit DTS
decoder, operating on dual HSARC 21065L fl oati ng-point processors is shown
in figures 16-20. Al the processing of "core" bl ocks and handling of
serial input/output data streans are 15 performed in Processor #1 (P#lJ
180. The majority of signal processing operations required for the

ext ensi on decoding are confined to the Processor #2 (P#2) 182. This
configuration allows a sinple hardware upgrade path to be considered for
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20 195 Decentiesraafd3ioTiheir eqrbeivl desoaersl 0% kind fIRRUIE thk7casé Ithatthateﬁﬁ:nixb@
I ncom ng dat a screamflow. Six deCOdegFchj;M streans far left and ri
Rd

channel s ( LIeR§der €055 TR 5Hist & resisiuels S PRigHE dirdn frd Bt ¢&kHz
center and oW fEeUENEY uff éé@tm&hﬁﬂ@ﬂe5316§dhgc@er@§ Pestlieht beltﬁé?&gexﬂttee t hree

out put streans. Three Tx serial port DVA channels are used nsf er
out put 5 stdeecres Cbreoamdtmle ugtesaanphadf to A6skHz ( §36). doweasniitaped) (I62) SiprGumd t o
t he appr opr a4 b t rial ports can be configured to
feed any c ?‘r‘?rgr‘%%ha V/Iaoﬁ-%écoﬁg&er%ﬁﬂl C?‘?gnsmtters or DACs. The bl ock

di agream 198 in frhgubeceisteﬂthms Fragsd has diasiglinngualanafi@iréeaamaid Ov.withe

chute: nmultiprocess co uratlon ena .pr or to access_ the
S o ot ErRiPoers the oot chek R RBEOr BEe R FIRLE 16 SBOLD h 0ap SFRLS!
exchange ofhedabdeRO! WaRBuhher the0dEIKHE SRl aﬁ;m{pﬁ@&m trihe Gliadd lealyl e

buffers in shared external nmenory. In particular. six channels of "core"
audi 0 dat acom@Rs frRRICSEY PETROTEIS ouf 8 kHa. {r Aaurdbrimge M.@lmwm@le EPREMURe DT

of P#1 to a Y usi ng
t he externg#pl por?n%i\ﬁ%cﬁdegneuﬁojfé@a&&gl ‘gé?t !ﬂég‘% \E;efrc anﬁg% g&lgf ben

ext didsi on ﬁm:rcdi o8t ahonck %rﬁqﬁzesnd ﬂmrrsampirrgntatdﬁ&llfHeadremEdetoa#&(kI-hrlanﬂfef ered
frominter of , P# t thelr rres on ffers..in.the sane

] ook of C A mHBL R AS s Goder:d o Bilb onear et Bl Srdnel o b
1 is used fTaice tdbi depictaital Secrha GmﬂW’ldllfﬂérdﬁb@Gigndﬂ ag‘mn&:ﬁ&ﬁhgl ﬂlefdr@dﬁ'sfbnl9
during the curre S frane the "core" and extension data f gm revi ous

n
DTS frame 189" Qf?élfl:é.'trléablf 1 FRRCRBRFRte i) d2ia Sp3auEsss AR thege BT frtle SRECBYBek B
of shared gxt&ifdhteABYRHYcorOcddre ilenb&rivead 2 RARLYA 9 kiF#2. The schedul ing of
these transfers and toggling of menory bl ocks sglA/ B) is done by P# 1 through
con2fol of 1/0 iéguaﬁp@n@n@meﬂmtﬁaﬁ;ﬁ“@é&%w ofSherpyignsion hilsdo HlexCorTTERING| S

port D R b e TR R e Eh s Aol TR sl et H WO B80T s

this data xith estemds| tbwban'ﬂlvedthoifehlmbutpgt afdio biged andarm!i:&rmeamttetfbggm nhg of

of bot b priotbeE8redoty, TR G e sitpes thas bl d boliphd Bs G allotd B, T

| mpl enent adxkc@Biok €6 8% akze@.%edagamﬁudmes umaemeﬂ figird UG tctyud béepttnma:ocamr e
codec The encoder exanpl es_shown, in f| rﬁ}lél and 23 are fg_% core

encoters tHERLEERPIWY ©6di #Hd Fef'c“lllsrﬂ“éut'=§e CHE | PER BEANREaBEr PECA™ They

i ncl ude. Een%@r&%ns' ikdrf0arf Saproviai th 608 RGuédeT g e ORI RY 34\ RAkEEA CS.
MPEG | and MPEG I 1Y) transforn15 codi ng (Dol by AC-3 and MPEG || AAC).
Knowi ng t haéf wmrtsem@ssﬂmurclt:@rtéatoﬁ higher %ﬂéhecwwétereﬂ rereawiserflsiopns epdeé* i s

sel ected S|r such tha ofse . Qv GO ) e.g. O
Lo 24 kHe X oty tnant SRR o B ARSI e O

si gnal canrebeeﬁcprsﬁaﬂmnﬂwhheldawargsmemmserﬂc&uhbmectodmmgjion dlovet eBwtande thhe tine
domai n. This reduces the anount of delay and the nunmber of conputations. 10
In the first exanple the digital audio is represented by 24-bit PCM sanpl es
wth a 96 kHz period. The digital audio is first lowpass filtered 202 to
reduce its bandwi dth to bel ow 24 kHz, and then deci mated 204 by a factor of
two, resulting in an effective 48 kHz sanpl ed signal. The down sanpl ed
signal is then fed to the core encoder 206. The N-band fitter bank.208 in
the core encoder deconposes the down-sanpled signal into NI ~ subbands.
Each subband nay be encoded using a multitude of adaptive prediction:

scal ar and/or vector quantization, and entropy coding techniques 210. In an
opti mum confi guration, zhe subband coding techniques will math those used
In the core encoders. The resulting bit sveamis then placed in the packer.




€ncoder (& good Clougil or Ulal HLDPIUVGILGIL L Ulc Uadl LITQUELy apellddidl s vk

?0 engoder impagnAethah dowerirathd mhidefl fiscende <hegnedss nofibef 46 ddtmskmntpisege i nput
PCM signal is del ayed, 214 and then fed t.0 @ t.wo- band f||t r banw&%m to
generat e twdlosated 1B reduc thrcding STOF agrided withhe r8‘5/9éjfmff d“%F §

deconposed Qy,theeRalE '}kr&%@dcz{nl bel §nphBakio2rk8udashdt) theitthbes Scddyputdtions or €
encoder into N subband signals. Each of themis subtracted ?20 by its
respecti ve regbibmimidshedelss whicheaspdice thercodt and samplexity of Be avdip garirment
generate the. Lgu‘_gg %ﬂ% EJ:: e si_=nal. The difference subband signal is
encoded by A “and then placed in the packer ??-1. The
upperigband si gnas &Hoem Wf@ﬂrewb" brhisds ﬁddotrmtisﬂmdr’dy first foe&dpatssaﬁhezingbréndigitﬂ ter
bunk ==6 to ~_enerate M subban are_then encoded n_subband
coder =28 AMIPHUIEEL |1Wezirh5haﬁ§§u§*r%tﬁ;h gos gﬁé’ﬁdm&eg e %elﬁ% i TNery ge‘“%al

mul titude oforadantd Xeove 24%HY Pre gnbred sigfl3s g deciinand, by&d‘ﬁd:tﬁfofdﬁd IMECt or
quanti zation, and/.or entropy coding. The del ay before the e%i rr]_é%of?dnencoder

i's gi ven byesubingip an qifschiye 38 kHz gampled signal. Hhg dgwp samgled gign t he
reconstr UCtng e 54 Sth nRkmANsie afd HeOreStlBhand stefindllacad n @eact |y
time-ali at summ ng junction Z20 (see figure 21(a)). _In the decoder _
(figuse Zl(ﬁa):ke,r 18heTlod dovn sarapled signaris thepaiprspmpiadgifd by factas of & ad #ij

t Th filt t
ot ches & haP S RIGRE TRD i e Sve P SR Sl R el o€ AR

i ntroduced 5@ flifeihg ﬁma;}ﬁawbbamdgsu igreat phdsa Fmewdpqnmgebm@d@aﬁéﬂwyemeas t he

sanme as the subband Si i n.the, | gwer ban 10T od| S is
shown in f|§‘i§’|ﬂé‘“§i" ,%ﬂ ﬁcé‘ﬁ'feé By &gtﬁuggrﬁl Wﬂ%ggg 988 gg%%ed 232
to gener at g eN;CQ4.8 rﬁﬁ'%ﬁﬁm 8hy0AAdIS - frdqueddiCcinioRiBis (H’bodaeeﬁdzei’z ibat alxkemnt on
the player, these core subband signals are fed to the band%}/ é ‘LJ
filted bankodisg aorplbeewnsEiGe gy, SRR SpEasted 7% fomep dalavs (Eb d and

the core s 8l (el thbGifedRESIAA dacader ddaRdansl7)samed
238 with tlﬁgg’gﬁf?iﬂ#gﬁce&sw ajand I S signals dec%'gled 240 fromthe extension
bit streamendties evituaiteidz sanipiing estagienl 3B wrpsoduse thegripnsipn bit BEEa-band
synthesis filte 242 ginWRR&E band
signal is for neé-hf)?r}gcé' %glbe&%ﬂﬁggﬁ‘gﬂggﬁg?}%%ﬂ %?It}gétﬂrgg?lrt]thgng Peedl ng the
decoded M spddanahds deoakis fts(hvt;h@selmlbahd peyedshe geserite |thedifoanke Sig6al. Ifl’hnal ly.

the upper and | r band s als are sent he 1 nk s es ilter

bank=348 t F2¢F gﬁ%@m§§W¢@“E o8 Ui qﬂﬂﬁf%a% tpat ¥ﬁﬁﬂ -\ ﬁ?ge%%§%{ this

open- box alapma%bed E&hugqr:é @hﬂ@%e@h&qmmwlﬂww :ﬁmo&ﬂeﬁgd li)eilﬁ)dxﬁfm@el:ay 0;
‘uo" ~rF + o~nr c~rc t:-~ooa~r

coding Delay = Delay r~ o~~, [ggggiy
=_b~, a runsiand. desouingly. dMﬂt@a@mrwcoder@E%@PWga”m% “‘R/I‘175§085r u + MPS
by rraﬁl‘ thd BRos 51 mn banglé’t the debfmdiiaR awm?@'ﬁoiﬁ’tﬁonﬁtlﬁrsf ilter taps for

thé Mband and ban anks are chosen to be sma(! enough. the MPS

necessary for the Mband and t wa- band synthesis filter banks coul d be nade
smal ler than that of a ~l-band synthesis filter bank operatin_= at 48 23
19 Decenber 2003 kHz Consequently, the total MPS to decode 96 kHz audio
could be snaller than twice of that required by the core decoder handling
48 kHz sanpl ed audi 0. Open-Box Codec Il If the Mband filter bank is

repl aced by a N-band one in Prefenzd Inpleneatation fl, the three filter
banks in the extension codec can be conbined to forma L-band filter




represernted by the core algarithm. In other words, the decoder resident in the consumer
bank where L=MtN (f.igures Z2(a) and. 22(b)). The conbi ned chg%nd.fil er bank
may off er Iég‘gpﬁmg‘ﬁtﬂr?ﬁﬁw&%%“\#e E%s%fﬁféesﬁ%&ﬂ?%F&nnleq Sk faéﬁléﬁﬁ%ﬂs usi ng
fast al gori pfiBossibiedis m?c(rﬁhisamhﬁcﬁiaﬁ' 8/, s filke veamRmasll Ratofl welDpefordia
| mpl enent ationll_slSI eex_cg%td 10 that the three analysjs filter barks in.the
ext ensi on eHewiEn gPiarr EpVareEd Uy Seeciicien af Wi, dltEhat s it TPPiS: dFanBiEfk 250
and that th t@hS 2 bhg 1ONA4yS bE M Qifadde GO @&RF A Edbrdh &h
subt ract ed ?ﬁﬁ%’e%@%@d@guaﬁg%ﬁﬁgna)lss of "the L-band filter banketo
produce t henelethaprniis sandirdnd si gnal s.. This is possi bl e because each of

the | gwer N subbands of t L-band, f.i | ter nk t he.ext ens] ' er

vvorki‘ﬁg at 96 kk@‘cs%%?ﬁen%e%% ipieipgiags afltsl'aﬁ & %glkeer lguscﬁ‘ﬁ Bﬂs%eéggﬁﬁ%gagggﬁ hat

of the N bapgkrhélhdddralRank iOdffitiar e anenuatae oo thanthkilene! af théAlildiize dasbi ng

rate. In order for_ this scheme o sucgeed- it is irrpera]ti of, course.
inp Tt i |

ve
that the filPtefercith b eyeralf aud r.may, be fimpihg PR’ Be ARSTRIG: h
each other gyg ia&iﬂgtfﬁéar.tmﬁvev\emkis%ew HhAh@BomBRRRY b the (deicbeibg ifier wilhe -
decodi ng procedure shown in figure 22(b) is alnobst” the same as that in:
figure ZO 2ue lojgedx owsigt tor dnawre thequalifyerf the earpsignal. Af presult pamps badesimlisioaced
wi th ,one L-band nthesjs . {1l . :
subbifds of e Y’ SES dubirbRioR it mBRE O UmbAEdCRATE b chifle
subbands cosHdng dectidenf the L-band filter bank. Wile several illustrative

enbodi nents of the inventjon have been s and descri.bed: , nu

vari ati ons and Q{P‘E’E&ﬂét‘tewﬁ%ﬁs Iﬁlfgo &ﬁpng%@gﬁrrgla@c?ﬁ%%% %ktflf fnggad{’ @%&55 t he

art. For exgmat e bdih €heSendbddr 2gd rdatsizr eSsanes This kaseenthe delags prh cbspansesur r ent

standards. .4s tinme passes these sanplin ra;tﬁs ng%i chayrfr%e. uch var.i ations
B deciieh e et

and al t er nadre Ry IMAERTS sunethel RiceTipiaiieg . i e e
depargin__ §; Lihk tin QR e SERRE O obdaSiohdIME al QR @Sirslk ith esHucd tehe
appeﬁ%ed clélﬁgngbéehﬁ%&%gé[%cenger 2003 g_,‘L, ~I°I\/IS 1. A mul t.li -channel audio
encoder f orcoramiiatignal oimpilaxaty efutieodespdgiantemetsioadiiter ¥hilsos YHhFIWHEG rate
and havi ng udi ndwi dt b LS BSndd i : Vi B &sipRNMP! i ng
rate and af&ggta‘%}gﬁ“ \t/ﬁli)1 eﬁw?eg'stge tcﬁgdr?g{ h@é E%P d%a’?%ﬁ“"g?’? |§‘2"'ﬁ ?"olltéi ngl ;- an
ext ensi on efsofediffaeicegan eampdé small atith arpprapudito fhendwight. Amgres|issue t hat
of said digital audio signal; deci mat i |. ass, filt PF) , 202)
that fil ter‘gh'taﬂhés amrtaaf-qaam g¢ }“g"ﬁa‘ggfteoﬁ?e -%Cvef*?%.%a‘ﬁavs gﬁ%ﬁéﬁeﬁt?gﬁb@ve t he
audi o5 bandvwiggdidenffedifbeb ¢ efiieer aagiad elelaydn decdm@kion chdid2r RHJre chah. dgaim
sanples the filtered signal to extract a co&pﬁ si gnal whose arrgl i pg rate
mat ches t hehe suossrhestisro grereihal §is) SYISaEPR 23 EE S1EnRl8 dBsS RALY HBFE! TG nal
into core bjts: oder (24) that decodes the core bits to forma
reconstructd§§’§é°o@eeg§f‘§ra\§<ﬁ§ an interpolator ( 116) that upsanples the

reconstructed core signal to the




coding. wansform coding. etc. The general core pius €XI€nsion approach can be broxen

ext ensizon e“gfbd:%f aﬁ&{iﬁ@!' d’ﬁéxttzﬁien?%b K IPPHRLE-86k hpproddnlBar dobddot iddulrer s

t he upsanple reconstruct'ed core signal to renove interpolation aliasing;
and a summ nigiomdatige bfidte Bgirittmend interoak youckrecef B gae cordserﬁnbhlémd’flgqqeavrf

ancodes {he BF RPEREMERSIGRAR e el Refife "Ayfe g SR P aRie]

audi 0 encodesfi@niGh aértiin cWBEITehemasiat df care endaidirg; id &hows aad e sxenfionoedef or

t he reconstructed core signal across its audi o bandw dth, said extension
bits furt herisgesgnsed ngmti‘ﬁB“nm se floor across the core encoder’s audio
bandwj gt h and defining a noise floor for the remai nder of the extension |
encoder's audi o bandw dt h. 25 19 Decenber 2003 3. The nulti-channel audio
encoder of claim 1, wherein said cdleclsBex C@de¢ ne a noise floor for the
reconstructed cor | hdsSm [ its
bei ng al |l ocat ed ;ﬂ?‘ ?Dr[ae%gﬂ)e’ﬁcﬁglgﬁﬁlear ag%ﬁgﬁg??{gg%“ ggﬂ’cfvm&?{%lgﬁgg? !

deci mati on |cBfe edidr/advoder (tcodadefaan:tahﬂdﬂlgﬁ of dwrcorpenedder aedrdpgnder dhe t he
ext ensi on- encoder s audi o 4-. A mul ti cha for
coding a di Fl9%diagRms “§‘?dg e é%%ﬁf"é‘aeé?e SERE TS npl lxﬁe%gggt Bs%%gpﬁgc\'n ng .
an augi o bangnelethe GREIbSX BisbroazhCORE shBWRARE chﬁa\llaﬂ@ eatesanplann@;im@lasd and
audi o bandwi dth | ess than that of said di audi o sign e;.xt ensi on
encoder havidaepdingsBrAFASFIIGT SUBPIERY KOYRE: gfé‘lﬁ(ﬂm}aﬂﬁe“@ﬁ[%“ﬁ t‘ﬂﬁf‘ FE&i d

di gi tal audig §Iﬁ?&?!;e SIgngle&l Y heWuBRS Sighdil Wafch(ddis dntifly iR thé)tdidat
Ita

filters the di audi o signal to renove signal conponents above the
audi o bandvmddmlamoﬂ'lmh eo kopwledgreafdbe intesasl gruariemittho fore prdasdsy reqyired nor is

transition ndWI dt hf %%Oléﬂgnél&e i chpgﬁzﬁqwfoﬂt& Odn 3Ergﬁe§q{\emgmg%5deca

deci mator ( hoéfﬁf own sanpl e |tered signal to extract a
core = gnal Hehese. saraalavagursabaemwdrsesh thie(ag dreereernstueed whre sinpl it cor e
encoder codes that core signal i.nto r. 0, hat
upsanpl es t HPUE&eRal saf"'gFr‘é{'ﬂ‘:I ?8"&%@8?& éﬁ Eel%%e’(? g? 5@5{8 F%éﬂer at gei%%)ogo orm

- reconstruct ggq a@fefentt 9ipahis a%eﬂaﬂﬂﬁfxﬁﬁlﬁgnﬁnbdfﬂi thdyl Bie smhmtedf it|thedecodére
reconstructed core signal to renpve jnter

| d %-LHIIII
node that sdbe F%Q’%‘VSFH?@“FWJ PRREPRSH aél‘%ﬁ'%ﬂmgﬁ‘b t“'ﬁe Igl I aslépq%lﬁ?gﬁr’]'ﬁ a "

delavs in the encoder in order to minimize the required memory in the decoder.

25 To time-alien the input signal and reconstructed core signal. the input signal is

detayed bv an amount equal to: -

Deiavmput DE!&\' Decimation LPF T Deiav(.urc Encoder Dem}"(;urc Decader T Dela}'!nmmumlmn |.BT-




Delay rrame Buffer = LI€18Y Difference Signai © L/C1AY Extension Encoder ™ &2 Extension Decoder-

signals to forma difference signal, wherein said extensi.on encoder encodes
the difference signal into extension bits and all gcates bits.in said
transition l@aﬂtdwlut%ﬂaﬁh@ﬂ&’@é?ﬁéh?wné&ﬂEﬁﬁ’a_‘-‘{“ﬁéﬂf’?&ﬁfg’égn hr &’Hl‘fg Bf the encoded
si gnal . 26 19 Peeenber. 20088y .4 myLii pehannel, audi o encoder for coding
a digital audio srgnal sanpl Refey P et sanpling rate and having an audio
bandwi dt h, conprising; a coDelappeade ightdPelax txaot BoarmiDelor eenan Bote si gnal
fromthe digital audio si g’_nBI over an ?ﬁ?{ag bandwi dth into core bits, and
said core encoder inciudi ng-aA’ REEEAH T PFEemBaRE What (208) deconposes t he
coregignal into N subbands and N subband coders (206, 210) that generate
the core bits, N subband decoders (212) that reconstruct the N subband
sanples to This gelay Fatlarsdycsei®d core si gnhal, a sunm ng node that fornms a

di fference signat cfiﬁ%ﬁl:lw% r]gggbm truct oo oRRe Slgnal and the digital audio
signal in a translorm or subband gomai n, and an extension encoder that
encodes the difference signaslay me@et‘bﬁsliabmebétiu@,wfsai d extension encoder
mat chi ng the core encoder over its audi o ba<~dwi dth and conprising a two
band filter bank (216) that splits the digital audio signal into | ower and
uppen s bandsif @ shhdngngivéd intfedrdBhis Wil thejintarpblevion LRF isipeopedy desigredder ' s

t hat - deconposes the digital audio signal in the |lower band into N subbands,
said summ ng node existing inside said extension encoder and conprising N
subband nodes that subtract theaQeBosExtiakRd Cbderbband sanples fromthe

digital audio signal's N subbands, respectjvely to formN. differe .
subbands; N sub xapigierod acoden) m%%&ﬁu‘gélfed‘f ﬁ'@s{’l\i‘chbPF'éfléﬁ%‘?é‘ %B‘Bﬂéﬂgg % o
formthe lo t,@nsSi b 1S 028 of ififef bardtafe (dRBD echad
deconposes %Qﬁ[emgﬁggﬁg% lgtr}?i‘{jg@é?g%;w?cnwt he gi%’eﬂrl band fgcto M”S:Jbban%gg; and

M subband cetiex is(228)iatihaseddndsl theanaiot auslithpeaiag SYsETSGURFERHEINIEP SR d
extension hits. - A multi- I | r ' ; FG 4Rl
audi o -si gngq)%ggﬁgfréﬂt éfouﬁn%hoﬁvﬁ?lﬁggﬁaﬁ?ﬁgg(gg? g’ggﬁ‘é"b a%fﬁcg&éﬁ%éﬁd'?g

bandwi dt h, @BDIM MAT deploRtradkforbeomindye The@0Be ahe oodec drig sl presankreh heskeanact s

and codes a core signal fromthe digi.tal -audi o signal_ over.a e

bandwi dt h it gadlyradaped or @ai"BP'EBFEgBH’&BE&f ché’lsﬁgicﬂ‘é“a“ﬁ ‘h‘ @ﬁ%&‘ﬁ%‘r bank
(208) that [ﬂﬁ%%@ﬁrﬁa@@re(&%&ib‘éhw&l into N subbands and N subband coders
(206, 210) that generate the core bits, N subband cod rsrtcgﬂz

I t hat
recodStruct the TResuispsiariersadpn KD is shaw 1A by ddrist MEdiede rség"ék ’dﬁal ‘' a

sumi ng nodeat Aol 15 AnflkS bElCHES ifONupbnll Eadh 5QBARS Liskal ey aar o
signal and X He di gitalaudio signal in a transformor subband donai n; and

an ext ensi aacetedader 4 habarencudests Mewvdi inf keund 82| Jaubband PIEXtEn &GN bits

sai d extensi on encoder tching t caore e r over its audi o bandw dth
and conpri §PH@,“S§HCC]9-€E)%[E el”iplaiﬂgelﬁi %’Erﬁ% e‘(ﬁﬁ?’?? ﬂ?

audio signal into N

at deconposes the digital




signal. Finally, the difference signal is reconstructed by running the synthesis filter bank
| ower subbajpsls »@P%e%é&ﬁﬁctﬁ%@%dq he filter characteristics of said
Pank - nat.c I ng those

L-band filter Dba off said N-band filter bank over its N
| ower subbands, [ssideleshrsubiugd roctelentfigsts hya))rhe cebbamd shrepitscans pogpobider and

conprising N.subband nodes th subtract the.recgnsiructed.N subban

sanpl es fro?r\bf’ in PFaWnaﬁﬁ‘%isﬁﬁﬁ“gssaﬁp &Béﬁ“g’s?‘;?‘é PEREe Uff)cpfoor m N
di fference sipligndse: olfsi pRARE S Giter Soeffidehts. Whidh o dRnidientdeduiihgs eaee
subbands to formthe | ower band extension bits; and M subband coders (Z28)

that code t¥&MVQUBFEREKs This Yesioriiaeized PERdiian OBk ERS AUt £e predict the
i tlipehannehsdlicaP MR UALP RRRIGTdLQ). PRREARA!daHCL! dhihidBd! &' Re farUsh ©

channels froma. stream 1n which each audio channel was sanpled at a
known sanplthqgaraateoihd shbisnd sampids andothatiof @e iprediasiop resdualy If tm poedieitoker f or

reading in and.storing th it streama.fr L '

framee i neidit iscpogitiyBchstony i bay 1 Bu@nbA PP wlonficire B V3SRl S

. BfiVi ng g ZWPédimndo&lﬁd?ﬁistaeﬂﬁ'iméhblbifaossﬁipﬁbdwﬁipg(gkierduexd Ym-ﬁhmza_iﬁhcbfcore
its and detecting said sync word, to extract and separate t ext ensjon

- bits; a cork¥ d’éidc‘fg?'@ﬂ Eretdyefe ShE HESHEHQD HFSL@”‘I o™it Py YranEeRgn 8t d{?{l@fg re

signgh;  ZRhekRisPede HediciA0R sidBal SXIICHES bBAAdSRGOSRY the Rabbadle GRESIEs WiE be

extension bits to forma reconstructed difference signal, said extension
decoder hawnaized anhiprnsfryredallks e @f adantiveirscdietivaipra pubbaed analysishuindawi d
core decoder; | :Q » ] 3 0 core
signal to ﬁlgdggrrcr%% ﬁ%p?%r?%l%?n( lltnﬁ%) e@%%s@ggﬁgﬁ%o ‘éﬁbpesé‘% %gwﬂl;s)%{ssgggfyleﬁf er (
132) that fddptiee spredietiompsiangyrechically oastivatadt evhegeree isi ignablet v agdusniuhee
i nterpol ation aliasing, and a summati on node that adds the reconstructed
di f f er ence I3 IGFESi°YFAl to the reconstructed core audio signal to inprove
the 4d del ity of Ift hedicac@naddeuist eal foome sabdid ambiysial windowext eaid fatwr dsidi o
A mul.ti-channe box audi o decoder for reconstnicting

bandw dt h. : | -
nﬁlnt }Mpl te afﬁg?‘{%a‘%éﬁ‘m%@ ds feitheR gleg%&tq@én‘?’f%ﬂ“aﬁ AhPeds EmRYuCs, @f o‘ﬁ%_ hannel

was sanpl egredicrigh kBQUt S FRP! %r@tﬁcﬁcﬁ{ Qesiiichi @Sndthafsdi 6y baRdWatl Factor. If
conprising: an unpacker (230) for reading in and storing the bit stream a

franme (54)pradicdon mude isansh oof fos & snbbardhesalysie |windayy e cubhang | emgles 569

havi ng corg hi 6 d | | gl ds. 14N &r Wid and
ext ensi on Ebrﬁaps?,gésf{ari Sa%%a%%%rn ‘Sée(%? E}gﬂés?{hﬁ;g @é’%ﬁs‘é‘(ﬁﬁé dgﬁ{ég %n%s%\e&?egt i'Fl sai d
syngiwor d fBitoh resweenacth weanpl Befpaprase ande hightanasif @rsingle sraleNagior & webband

decoders (232) ;that decade the core.bits into N core subband si l.s. N
ext ensi on CLEWHENY “ARLDY e S8 2R EREE %’éé%edéo“f Eleéejesﬂn Eegi“orr{&bipfesc%%tt@e a
| over N ext:gREhOPossbivaBgtifd anptessichl RXbeNGI-AMte Fddbamdordecrdatesiaf2ddy t hat

decode the extension bits into an . _ ) . .
problem. each anaiysis window is divided into up to a number of subwindows in. The

position of the transition is located in the anaiysis window in terms of the analysis




stifdlll. Adlbd vediUa, LIS LUV adlllpibo LD Sabll SubwilliLluwy diLC ailnalizcc 0¥y UCir
upper M ext esspeavine seaddbfaomssi gnal s; N summati on nodes that sumthe N core
subband si gnal s the respective N extension subband.signals t rm N
conposi te su_bbangﬂ)esﬁ %1Ir3§_f°%aﬁ’8 %P’F%eﬁog?rﬂ'h’?,m@ﬁ@mg4%§‘c’?ﬁg 'Igvrﬂt(tﬁgs%es
the N conmposiepeorsUilziganek] 51. 08B skpRrdbt & BPéE&g:ih&IHg SH RSB Elratd. OBRY 8lldwW
reproduce a_nulti-channel audio_signal. 29 19 Decenber 2003 9. The

nul ti - channfr thafiramireEesiing of pudip Hves Branggpk 40 ¢l trejghpise of thequantiagtien M-N

band fil ter%ﬂggis(%fb“éhdéc{\{:‘g}ikﬁ e w*p%éﬁ%@%?q;n [ compatible with the N

core subban ecoders. tn- udi 0 decoder of claim$8 .,
wher d0t he filt erBicalipeatise scrasmalNsbizhadds of aléchimmels, canhiecircomplisirgatsidgle with

the N bband d t hat t | t he, N ' bhand
Si'gnal o an HFoANHE AHCTER BEdle as Yo a5 8 De SRS el e ST Bie
subband si licatioAd) dhé wareh 8k g fail d drigtim lppedsies 2A8he pbadr Fabd sutdEndsh opisisput s

of the N and Mband filter banks to recongtruct the multi-channel audio
signal . 11.01AteAPPHIGAtOnY SUBRRYF HERIRAETE RAING B AR Aoy RRNISE PRYFhBacoustS

first generghige oﬁ%ﬂi&aﬂﬁﬁ\?ﬁg{bﬁig Sithal 0 SrBRPAY (5MR) FGRUSobiis] 4 dfenCOT ©

signal up to an audio ban ( 1- sanpl e reso on and a I'opi ng base
of sbtond desdineahe SvBuwicothd eaertdtEnhaigomifon Atdesgless audirigblechdmtekading
conpri si ng: por.table. hj_ne e dj. I W aid
first and s%o?ghgﬁg@%&%ﬁqﬁ%n&gﬁﬂkggd cgoaeur%ét;?{aﬁﬁg sg%s%%‘gﬂaﬁ’ W E%qufh Sést ream
(40) repr egeattizmipra noisk tis belbansuehe greddeersiigpiathrevholdt ewrh et IS 4GB of dieage

mediumin a cor us extension format,.said bit .stream co I,Sin i
sequence oF°‘§%?ﬁM}ﬁF’?BGS'f ’§n€‘§ 41895“,0"&5%0@‘?’"5 iy tl?%“a?fﬁ%"dgﬁ‘il”ﬁaitﬂﬁ%ﬁ core
field (56) sthé@wi.ng a core sync word (61) inmedi ately proceeding core bits
(20) .and an extension fields §158) havi ng an extension sync word (60)

i i atel y proc88uPhgllesetiemsiieisuipraps spBples of shprsdigienesidyal Eoientets
def i Ni NG Aot fudds 0o RledklfreRERAThLURL B sfaRe S1onal across the audio

bandw dt h sai'd first generation audi o decoders, and said sequence of
ext ensi on bits Paychdaspusiief iepdanay the showvs ghdtl gdpveachboystivthdtzornk: dnpeder' s

audi o bandwy dt h. definin i S or_ f r e r_0 udi o
bandw dt h %Mﬁdﬂ%ﬂeg’g%g]oﬁﬁgsglewn ?rg Fl“%ﬁl Oglj%%% lgggg{&eégl.% on @g[%ﬁcgr‘fggg O‘131003

12. A di gi thalauditdignakihgnah ite renairadinerstractoes: Mhetefora\ae vegnipivitsd mg rmodeequence
of gy~rtchronized franmes, each 91& said fra cqmri;{%ﬁn&]a core field
having cor'®'SROSERlERa tmpraks e axeral] reeppgirustign ddeliny o GeRfing oply 25 UREWPh and
sanpl e resglid h2R fRRdeaR sB¥H888bPA selected number of audio channels. Upon decoding.

these high frequency subbands of the individual channels can be reconstructed by

copying this sum signal and then scaling by their respective scale factors. [f joint

intensity coding is deploved. the sum subband samples are carried in one of the joint




R e gETERE AR R AematEnE SRy fEm s wy madmim e Rt T mh Ry W heRham wEeRs bt
fi el d3havi nfufimasgedandn dis eayndhevsial bip acraallyeissd afenAntrepy Rerodingis kdnto an

) ; o | ; I ! P th
cxt ensi o gl 0,000 LAy B SRR UIRRRPOIELD IO RRGES (e
claim 2, whewer o $idiyd udlize ttel allowhdomakignet bisrpn iisesive rapparadh anldgplops sai d

sequence of nchroni zed franes. 1 e digital dio . si.gnal o | ai m
S whor oi b watRSCR e Bt Firaneialy, Aot Buhe s LuhiE Bomle faliroy o
encodi ng a 4Rdl dntime Redhe BlgheérGintipdll anidbdbitd Goatpi@adpl ed at a known sanpling

rate and having an audi o bandw dth Lhat maintains conpatibility with an
exi sttPng base of first generation audio decoders while providing higher

qual ity sound reproduct i@gcwﬁgtﬁgggﬁmﬁg}g%gﬂﬂgﬁﬁ,ndecoders,

conprising: |ow pass filtering digital au | to renove si gnal
conponent s aboveélm inpianeaatioo df arfdivchtinhel, 86 WHzsrpit LN ddgeddri bpegatiog osi gnal

to extract ' < se sanpling rate natche sanmpl,ng rate;
in a nannerfug‘gm%‘gaéﬁ[mﬁgtgf%p%{ Ef&aggﬁ rlzi{?‘ gﬁqaﬁdﬁ%&rgéggds@fsﬁ lleﬁlgodj ng
the core siggfdabsifg of M&ofOT BloslyTahd nigandlitge cdnskriehdnmobetpatidiat bawachsi gth | ess
t han %hat of said digital aﬁgig ‘s)i ﬂé,bzl aJﬁnto.core Pi.ts Wit hout aliasing. . -
f ol dlback; REEPRRFdain; FrosessereRbABE PoPhuding TRIETHe? 183} OEESIEhH QPEBIEShi t s
to farma reaeRa btk enSics dREEHIAY i td thel MiBces &7 GISIPRUCI1SY TRKkE
signal to an extension sanpling rate; 31 19 Decenber 2003

|
filtering thafigpasiomsilows estams hrdvredrgsde pPangnke cwidee‘a_ﬁ&f%thr:%éﬁg‘gﬂséat i on
abasing; s g@h&%&* J?ﬁg@%hga{ 'Ihtaoigﬁﬂ?.li ?&%@‘tcro%e‘td%?ocﬁﬂ Suiy) 9Bk RN e

au a (0] | e

di gi tal 0 sign orm rence signal; ehcoding the difference
"~ signal at tPhecessot#insihinh imeenfakésmg anateerasdnemomxitSéribiongh andxtermzhpomild6 h

equal, to that of said digi audi o, & gnal.: _a Kin h r &nhi and
t he ¥xt ensiBh CBHMEES; BB %%@t f“&?‘?’%’ahﬁ %mg!hgeoer ngpﬁﬁgmnesﬁ téér{gﬁgﬁgf@ro Eraa%&i n

whi ch the fibosirdgneiasipi satisli pprdaopdelpgradanc extdcadiz, dndiddTDderotifrds cor e
bits to reproduce an audi Q signal and élhe secqn audi o, decoder s

d generati
can ext r acEoh@YcERMEeHings PRIGSOr ne dxt BRsTIHi fEMop Sy B%bd*é % Hislher
qual ity audj@ih@8@hg configuration. The SHARC's on-chip bus arbitration logic allows both

processors to share the common bus.

(3]
[

The digital sream may be available from a DVD piayer or from the DVD
transport mechanism inside a DVD player. A SPDIF receiver is necessary (o receive the
digital stream and convert it to an appropriate formar to feed the Rx serial port 195 of

SHARC P#1. The incoming digital stream is transterred. using DMA. tfrom Rx senal

port to the data buffer in internal memory of SHARC P#1.




A0 UULL CULPUL allvallls,  lidbe 1A obllcd PAVLL LAUYVLSL blidlldivia il Wahad I Hallodheld MMt

16. A3 met hodreahs o diendata buffedsiin clneamed |mangivt efl SBABCOPE] ¢gmaie sppnqirett at a

known sanpling rate and havi. n_audi g ndw dt hat mai nt ak.ns. .

conpat i bi | iwg%?‘tsﬁ”%}d"’ét%i Ffi“’ﬂg"‘%é%“ g? C?%f%‘f%‘é’n%?%ﬁyoﬁo%gﬁc’ghﬁeagaoﬂ(?le’lres

whi | e provishmg thgheers@dTAcCsy sound reproduction with second generation
audi o decoders, con‘ﬁ{gi sing: low pass filtering the dj iH}zaI audi o signal to
remove signal cdmsdirskdingami inHews 8 llusErtss bs RuEpmerfabastregmdion: eng

exhi biting &u}émarg&es&@s@mg%ho%em& ehBEpeeELoral A @shRBINrEH Hiterfl@\Wn
sanpling the filtered sighal to extract a core signal whose sanpling rate
mat chies a amersorg amp |l gegisatre of ibathapreaenserns. ciepeichivice afi date betweerf the gwo
generation audi o decoders,. .encaoding.th of | c I ng
rate and a PEYFEEORUIPE %‘5}‘?8\}6?'8?53‘ L{loeug!s': ?lfegaens ltnﬁsg%l eg? ﬂscglﬁ ?jmé%gpt gﬁ%gﬁﬁlmgksi gnal
into core ki allua&élbmﬂ“caie'r’a?amgditﬁ)l&b:bahk;cuumgb’ﬁisifmgn¢tae trmséermdl e dgfnerh tohan
extension sanpling rate . to forma reconstructed,core signal; filtering the -
F econst r uctiigmabmEmery -+l 19 t?“'&‘?E?\_/‘é‘ 3 élf.BgFléﬁ’F%ﬁmmgg‘?ﬂaw @%H”ﬁl&ﬁr}ng :
sai d filtengdMeahddmdiremINA distid aF PAUdInadgidhcivelchat@isdfaxthéibesace
si gnal ; 32 %9 Decenbér 2003 encodi ng the difference signal at tl}?’ﬁé'

t of

ext elfsi on bambsampiesrizare cument 2 Sefremp SreoHsiRASETIFANIAR HiFaquemoy §
said digit oBresHofial HuBtQ i ' | bBshatddl Sa¥AIGNERGH. R dath @€ NQ
al | ocat ed %%g?g%ﬁgﬁ%?m%%éﬁﬁf%@gﬂ% gb%ve to extend the frequency
range of t leereentpoeDMAIdianneiofREl is weed fppabigitmgsfehe core bits and the
extension bits intp a bit, stream i .cor | Sl o] i ch
the first generéfisgﬁwﬁﬂb%gcﬁggggg% 20@{5:?]% xteflgé?u%%ﬁ%e&cuo ge‘ Eg‘i&g{regh%?ts to
reproduce agorauding sirgitidn dnd frbm yeednd @ditefeniconreaudneedet dien sthaan
extract the core hits plus the extension bitg to reproduce a . higher quality
audidd si gn&Prresponding Ruffersép Bleck §c%fﬁg’taf‘°1§cﬁxi‘ Pt %Wﬁeé?ala”fj%?oc'fy s?lggnal
conpri si ngpyt eARi ¥hdlids SEHE Castirs 8RC adelnd bARRMmoneBletksqiA/BRisdiohs Byres
including a core field having a core sync word i nmedi fa;t&gl y. _procefdifgg core
bits. and aR#bsweahiconuel off 142 reaisies @f PANPRITEIEN SEPHRINIBF g FAMEFSRET y
proceedi ”gkﬁétp%ﬂigh&d?o@o ﬁreﬂ@&se@fsrfﬂuﬁch%a%@fe&l‘@ﬁo&?hé’bﬁﬁerﬂﬂEEI@éktD@ﬂd t hen
nal ;

decode the core bits into a reconstructed core signal;
shared externai memory. to the intermal memory of P#1 using the external port DMA

13 channel of P#1.  The block diagram 201 of figure 20 illustrates this data stream flow.
The scheduling of these transfers and toggling of memory blocks (C/D) is again done by

P#1 through control of I/Q registers of both processors.

Open-Box Codec |
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det ecting téding@albyitdhs spd MRBEJL et Ex t Kapwvingrige inemalsrsnee of e fensi on
bits into a regans - L fer ' |d adver efadowd t h an
audi o bandﬁﬁc@t °geﬁé%“?‘§?%Q%%n‘fss?gﬁe‘g@%%?‘zﬁﬁ?fﬂéfﬁ‘ﬁ%g%ﬁrﬁ%ﬁtgﬂgg rec_onstoruct ed
core si gnabaridovidthee. s.ampl 14nkHz, atzches thdtof thecents cedest & ajierdle tahéiepemal ;

and low pass filtering the ypsanpl ed reconstr d: | tenuate -
i nt er pol at FIgFR! £AF Eifﬁ’g“egi IGH‘E?; aﬂ%ﬁh%?c%a“‘ﬁ ﬁé%%lﬁll %ngrrgﬁeagogl#g%esg%np ed
recons. ., : ¢4 deduedsans hihal: cAhélay ikt the aansdriofcbagumidfser ence signal to
reconstruct the nmulti-channel audio sjgnal. 18. Th | £t iL-.chanpel .audi o
encd@er of cl aikmthe first nwamimc@rﬁ%ﬂ@w@#w&%%fegélwi%r%h%%?‘fmﬁf9’“‘ it h an
existing b ' er AldidR BydbR-Hes AHeES 20Nt RdieOw shindgidti gher

qual ity soﬁ??éﬁédo{i%%ig%r@wﬁdh second géeiﬁer'ation audj o decodgfrﬁs, s%i d 33
~ g DecenbedioR@3XHmnred theociteimaseshnfi4 &Y Adasercofofvos suitng 1a an gEREHE 0N

audi o -decoder s and, sai or | ' ol e B0k T THet

gener at i onﬁg%é%ﬂg?%slgﬁagi fbl':n‘go%% i -%:%g%%?s g@g}}g&gﬁdgﬁ(&% %‘195(_:4 aiml % . :

further CONMMahé ififter BenRAR0K &1 tHehare paoker dehempares tsi dosvasampladesignet ssNon bits

into_a bit streamin a core pl.us exfension for. kN ' | I L. _

gendfat i onsukbnds sk subhaad may Be ERFoer Ualig 2 @ég‘gtetohgda ggkrépﬁh{&go%’g&ﬁéerproduce

an audi o sj | vafft bhenisatanhngeatiopli cotlifg dechnilpeo s [cam eptmuwt t he

core bits plus the extension bits to.reproduce hi gher. qual it dio

P anal . otorBuarion.che siBRGOURKIEEARARE ol T B3 Rk im S Gat reBHe”

encoder Mapnl a5 £ATBAPLlhdo/piuichn @i fuke! T bhageunts diks &4 tgenarat | on
oders |

audi o dec e providing ‘higher quality sound reproduction with
second genmbbdridodecadeli ! 2d BT ortensiTuck srtbapd samales JBk oS P Mg T BHE'8f  sai d

fir generation audio d der. |6k core encoder being conpatible with
36 su%g%deélﬁ'eég% S?%Le

sai dUfi r st GBI BET S UBCoder's: ) mul ti-channel audio encoder, of
clai m 20, furt Hete S6AHY dasipieg iappRERd signhldis delareds? traddhanelediia 3 tembrnthe

extension bits into a bit stre in.a | - ' oraNisWhi ch
Che firat Benp s briossesrs® dut JubHe Rl fybahd «EEAE ORE Mo Bl 1
reproduce aRoRHEHA b itk AnealBaidfiltardanind] jashe an¢ osed dydhocate ergdrrgniean
extract the core bits plus the extension bi t 0. reproduce ' quality
audi 0 si gralsubband srgnaEviEers SRREEIMY S%Wﬁﬁeg&’tﬁal%‘* gf\/ﬁ&?ﬁﬁ(ﬂ“’?%%kﬁgm8mc
OMh,; M JONNOMATMY EMAF uEBM: &MY BdgMera@Mne subband difference signal. The

difference subband signal is encoded by a subband coder 222 and then placed in the

packer 224. The upper band signat from the two-band filter bank is fed to a M-band filter

bunk 226 10 generate M subband signals. They are then encoded by a subband coder 228

and placed in the packer. This subband coder may include a multitude of adaptive
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course!. that the filter ch teristics of Qe-L- and N-band filter banks match each other
even though they work at different sampling frequencies.
, The decoding procedure shown in figure 22(b) is almost the same as that in figure
20 21(b) except that the three synthesis filter banks are replaced with one L-band synthesis
filter bank 232 and that the reconstructed subbands of the core decoder are added to the
corresponding lower N subbands coming out of the L-band filter bank.
While several illustrative embodiments of the invention have been shown and
descriﬁed. numerous variations and alternate embodiments will occur to those skilled in
25 the art. For example. the sampiing rates discussed herein correspond to current standards.

As time passes these sampling rates may change. Such variations and alternate

embodiments are contemplated. and can be made without departing from the spirit and

scope of the invention as defined in the appended ciaims.
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an interpolation LPF (118) that filters the upsampled reconstructed core
signal to remove interpolation aliasing; and
a summing node that subtracts the filtered signal from the digital audio
signal to form a difference signal wherein said extension encoder encodes the difference

signal into extension bits.

2. The multi-channel audio encoder of claim1 , wherein said core bits define
a noise floor for the reconsmructed core signal across its audio bandwidth, said extension

bits further refining the noise floor across the core encoder’s audio bandwidth and

defining a noise floor for the remainder of the extension encoder’s audio bandwidth.
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10- 0! 10%&' ()- !b L! $teeisiafipn idw phRIAFRPY)) (140, 202) that filters the digital audio
signal to remove signal components above the audio bandwidth of the core encoder, said
decimation LPF having a transition bandwidth around the audio bandwidth of the core
encoder;

a decimator (142, 204) that down samples the filtered signal to extract a
core signal whose sampling rate matches the core encoder wherein said core encoder
codes that core signal into core bits;

an interpolator (116} that upsamples the core signal to the extension
encoder sampling rate to form a reconstructed core signal;

an interpolation LPF (118) that filters the reconstructed core signal to
remove interpolation aliasing; and

a summing node that subtracts said filtered signal from the digital audio
signal to form a difference signal, wherein said extension encoder encodes the difference

signal into extension bits and allocates bits in said transition bandwidth and above to

extend the frequency range of the encoded signal.
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an extension encoder that encodes the difference signal into extension bits,
said extension encoder matching the core encoder over its audio bandwidth and
comprising

a two band filter bank (216) that splits the digital audio signal into lower
and upper bands;

a N-band filter bank (218) equivalent to the core encoder’s that
decomposes the digital audio signal in the lower band into N subbands, said summing
node existing inside said extension encoder and comprising N subband nodes that
subtract the reconstructed N subband samples from the digital audio signal’s N subbands,
respectively to form N difference subbands;

N subband coders (222) that code the N difference subbands to form the
lower band extension bits;

a M-band filter bank (226) that decomposes the digital audio signal in the
upper band into M subbands; and .

M subband ceders (228) that code the M subbands to form the upper band

extension bits.

6. A multi-channel audio encoder for coding a digital audio signal sampled at

a known sampling rate and having an audio bandwidth, comprising:
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said extension encoder matching the core encoder over its audio bandwidth and

comprising,

an L-band filter bank (250) that decomposes the digital audio signal into N
lower subbands and M upper subbands, the filter characteristics of said L-band filter bank
matching those of said N-band filter bank over its N lower subbands, said summing node
existing inside said extension coder and comprising N subband nodes that subtract the
reconstructed N subband samples from the digital audio signal’s N subbands, respectively
to form N difference subbands;

N subband coders (222) that code the N difference subbands to form the
lower band extension bits; and '

M subband coders (228) that code the M subbands to form the upper band

extension bits.

7. A multi-channel black-box audio decoder for reconstructing multiple
audio channels from a bit stream, in which each audio channel was sampled at a known
sampling rate and has an audio bandwidth, comprising;

an unpacker for reading in and storing the bit stream a frame at a time,
each of said frames including a core field having core bits and an extension field having a
sync word and extension bits, said unpacker extracting said core bits and detecting said

sync word to extract and separate the extension bits;

a core decoder decodes the core bits to form a reconstructed core signal;
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8. A muin-channel open-box audio decoder for reconstructing multiple audio
channels from a bit stream (40), in which each audio channel was sampled at a known
sampling rate and has an audio bandwidth, comprising:

an unpacker (230} for reading in and storing the bit stream a frame (54) at
a time, each of said frames including a core field (56) having core bits (61) and an
extension fields (58) having a sync word and extension bits, said unpacker extracting said
core bits and detecting said sync word (60) to extract and separate the extension bits;

N core subband decoders (232) that decode the core bits intoc N core
subband signals

N extension subband decoders (240) that decode the extension bits into a
lower N extension subband signals; '

M extension subband decoders (244) that decode the extension bits into an
upper M extension subband signals;

N summation nodes that sum the N core subband signals to the respective
N extension subband signals to form N composite subband signals; and

a filter (242, 246, 248) that synthesizes the N composite subband signals

and the M extension subband signals to reproduce a multi-channel audio signal,
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a 2-band filter bank (248) that combines the outputs of the N and M band

filter banks to reconstruct the multi-channel audio signal.

11. Anarticle of manufacture for use with an existing base of first generation
audio decoders that are capable of reconstructing a core signal up to an audio bandwidth
and sample resolution and a developing base of second generation audio decoders having
a larger audio bandwidth, comprising:

a portable machine readable storage medium for use with said first and
second generation audio decoders; and

a single digital bit stream (40) representing a multi-channel audio signal
written onto said storage medium in a core plus extension format, said bit stream
comprising a sequence of synchronized frames (54), each of said frames including a core
field (56) having a core sync word (61) immediately proceeding core bits (20) and an
extension fields (58) having an extension sync word {60) immediately proceeding
extension bits (38),

said sequence of core bits defining a noise floor for the reconstructed core
signal across the audio bandwidth of said first generation audio decoders, and

said sequence of extension bits further refining the noise floor across the

core encoder’s audio bandwidth and defining a noise floor for the remainder of the audio

bandwidth of the second generation audio decoders.
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15. A method of enceding a multi-channel digital audio signal sampled at a
known sampling rate and having an audio bandwidth that maintains compatibility with an
existing base of first generation audio decoders while providing higher quality sound
reproduction with second generation audio decoders, comprising:

low pass filtering the digital audio signal to remove signal components
above a core audio bandwidth;

down sampling the filtered signal to extract a core signal whose sampling
rate matches a core sampling rate;

in a manner compatible with said first generation audio decoders,
encoding the core signal at the core sampling rate and the core audio bandwidth less than
that of said digital audio signal into core bits without aliasing fold-back;

using a first generation audio decoder to decode the core bits to form a

reconstructed core signal;

upsampling the reconstructed core signal to an extension sampling rate;
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low pass filtering the digital audio signal to remove signal components

above the core audio bandwidth, said filtering exhibiting a transition bandwidth around
the core audio bandwidth;

down sampling the filtered signal to extract a core signal whose sampling
rate matches a core sampling rate;

in a2 manner compatible with said first generation audio decoders,
encoding the core signal at the core sampling rate and a core audio bandwidth less than
that of said digital audio signal into core bits without aliasing fold-back;

upsampling the core signal to an extension sampling rate to form a
reconstructed core signal; _

filtering the reconstructed core signal to remove interpolation aliasing;

subtracting said filtered signal from the digital audio signal to form a

difference signal,
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detecting the extension sync word to extract and then decode the extension
bits into a reconstructed difference signal at a sampling rate and with an audio bandwidth
greater than said core bits;

upsampling the reconstructed core signal to the sampling rate of the
reconstructed difference signal; and

low pass filtering the upsampled reconstructed core signal to attenuate
interpolation aliasing signal; and

summing the filtered and unsampled reconstructed core signal and the
reconstructed difference signal to reconstruct the multi-channel audio signal.

18. The multi-channe] audio encoder of claim 1, in which the encoder

maintains compatibility with an existing base of first generation audio decoders while

providing higher quality sound reproduction with second generation audio decoders, said
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core decoder comprising one of said first generation audio decoders and said core

encoder being compatible with said first generation decoders..

21. The multi-channel audio encoder of claim 20, further comprising a packer
that packs the core bits and the extension bits into a bit stream in a core plus extension
format in which the first generation audio decoders can extract and decode the core bits

to reproduce an audio signal and the second generation audio decoders can extract the

core bits plus the extension bits to reproduce a higher quality audio signal.




